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Preface 
The Proceedings at hand include the papers presented at the 1st International Conference 
and Exhibition on Underwater Acoustics, held in Corfu, Greece from 23 to 28 June, 2013. 

The 1st Underwater Acoustic Conference (UAC) was born out of the merger of the European 
Conference on Underwater Acoustics (ECUA) and the Underwater Acoustic 
Measurements: Technologies and Results (UAM) conference, a merger which was decided 
in a joint meeting of the Scientific Committees of both conferences during the latest ECUA 
in Edinburg last year. 

The 1st ECUA was held in Luxembourg in 1992, with the support of European 
Commission’s MAST Programme, and continued to be held in different European cities 
every two years. The last one was held in Edinburg in 2012. The 1st UAM Conference was 
held in Heraklion, Crete in 2005 and continued to be held in different cities in Greece every 
two years up to 2011. 

These series of Conferences have always attracted a large number of scientists and engineers 
from Europe, the United States, Canada, China, Japan etc, and had become an established 
forum for the presentation of the latest developments in all major areas of Underwater 
Acoustics. It is the ambition of the organizers to continue this tradition in future UAC’s. 
The competition at UAM for an award to the best paper presented by a graduate student is 
also continued this year. 

The success of the conference is due to the joint efforts of many people. We would like to 
thank the Structured Session Organizers and the Scientific Committee for their valuable 
contribution. Our gratefulness also goes to the Office of Naval Research and Office of Naval 
Research Global, Teledyne-Reson and FORTH for their continuous support; without it, the 
conference hardly would ever be possible. Last but not least, we are grateful to all the 
speakers for their great and important work prepared for and presented in this conference. 

We trust that these proceedings represent the state-of-the-art of most areas of Underwater 
Acoustics and will be a valuable reference to future works in this field. 

 

John S. Papadakis and Leif Bjørnø  

Conference Chairmen 
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ACOUSTIC INTERROGATION OF COMPLEX SEABEDS 
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Abstract: High-resolution acoustic seabed surveys and in-situ tests deliver value when the 
seabed is not overly complex. However, this is not the case where past glaciation influences 
remain, e.g. the Eastern North Atlantic seaboard and much of the North Sea, Greenland Sea, 
and Barents Sea, as well as the Baltic Sea, northward from the latitude of southern Denmark 
almost to the Arctic Circle. The Baltic region is an expanding zone for major wind farm 
developments where the seabed acoustic data is characterized by spurious reflectors 
emerging discontinuously. Deciphering the signals scattered from boulders and/or till 
deposits and from discontinuous hardpan structures, along with dealing with the presence of 
gas, remain difficult problems. Undetected boulders in the sub-seabed present risks for 
marine installations such as for the placement of piles. Physical boreholes are also made 
problematic by buried boulders and are of limited values. The questions often posed relate to 
what exactly constitutes the ‘real’ seabed sediment state when dealing with complex sub-
seabed conditions. There is often a complete disconnect in what is recorded in the physical 
sample and what is measured by the in-situ geotechnical tests conducted. Both of these 
sampling techniques do not spatially agree when taken in complex soils, and are mismatched 
with the geophysical sub-bottom profiles. Their spatial and temporal scales are discordant in 
resolutions. This paper is an illustrative description and introduction to a stationary acoustic 
interrogating approach, which delivers a wide volumetric ’acoustic core’ product. This 
pioneering method yields vertical and lateral scales of meters and tens of meters in depth, 
thus producing a large, detailed, volumetric, layer-by-layer footprint, unprecedented in 
physical coring and in acoustic profiling. Densely collected data results in a multi-aspect and 
multi-folded, volumetric answer product which morphs into a coherent summation of the 
backscattered wave-field through focusing into the data, hence the term ‘interrogation’. 

Keywords: volumetric, acoustic, mapping, seabed, boulders, imaging, non-specular 
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1. ARGUMENTS FOR ACOUSTIC INTERROGATIONS OF THE SEABED 

1.1 Requirement for Accurate 3-D Assessments of the Sub-seabed Sediments 
High-resolution sub-seabed acoustic surveys deliver significant value by identifying 

optimum installation locations when the seabed is not overly complex. However, as seen in 
the more northern ocean waters where past glaciation influences remain, uncertainties arise in 
interpreting acoustic data acquired off of these complex seabeds as these geophysical datasets 
manifest themselves as inconsistent and variable in intensity. Typically, acoustic profiles of 
the seabed sediments and of their internal boundaries are characterized by spurious reflectors 
emerging discontinuously and with limited depth of signal penetration into the seabed. Such 
responses present uncertainties and hence a lack of confidence in the site investigation 
database, which in turn becomes a serious problem for those who have to commit to 
engineering assumptions about the seabed. Deciphering the scattering signal forms returning 
off boulders and/or till deposits is a major problem as these have peculiar and irregular lateral 
distributions and placements that mask the coherency in the reflecting acoustic energy. 
Undetected boulders in the sub-seabed present huge risks for the placement of piles, often 
leading to enormous time losses and cost overruns associated with either remedial work 
needed to dislodge a refused pile or its safe abandonment (see Figures 1). 

 

Fig. 1: Typical buried boulders off the East Coast of Canada of similar diameters to the 
standard piles used offshore; from field archive 2010. 

Complementary physical sampling such as boreholes are made problematic by buried 
boulders and often become of limited value while having been collected at great costs. The 
questions often posed relate to what exactly constitutes the “real” state of sub-seabed 
conditions. What is to be believed as being representative for a patch of seabed? Creating a 
volumetric acoustic core through acoustically interrogating the sub-seabed in a stationary 
manner holds value in bridging the confidence valley between these borehole and in situ test 
datasets. In recent years, marine geotechnical site investigations for offshore foundations, for 
dredging operations of harbours and channels, and for sub-seabed installations have had to 
place exacting demands on the delivery of representative information on the true composition 
of the seabed. Details are required on the presence and nature of buried geo-hazards, 
sediment property discontinuities, boulder clusters, presence of gas in the sediments and on 
such sensitive environmental concerns as trapped pollutants that could be released into the 
water during excavation operations.  

Confusion exists about the relationship between data produced by seismic/acoustic 
profilers, by various in situ probes, and by the laboratory methods that provide the tested 
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properties of the soil (i.e., ground truth). Effective correlation between data sets is therefore 
not automatic; quantitative results are directly tied to the level of calibration of the 
instruments and tests used. The basis for agreement between interpretations of acoustic and 
penetrometer data is achievable provided the lateral extent and variability of sediment types 
are known and accounted for when planning the placements of the in situ cone tests. A move 
to multiple echo energy and signal-shaped sonar systems—operated in tandem with 
broadened bandwidths, shorter pulse lengths, customized pulse shapes and beam-widths—
have provided datasets that capture more complete acoustic responses of sub-bottom 
properties. These datasets have proven to be useful in classification-based surficial geology 
distribution maps, although performances are still subject to a range of degradation effects 
when representing complex seabeds. Calibration is not always easy and often remains 
ambiguous. There remains a technology gap for dealing with marine seabed site 
investigations. Geophysical approaches do not hold the fine scales, density, or multiplicity of 
data to capture the distribution of inhomogeneous sediment properties with exactitude. This is 
especially true when the presence of boulders, gas in sediments, lenses and/or pockets of soft 
or hard sediments characterize a seabed. In addition, the limited sampling scales of 
geotechnical probes and corers hold little spatial distribution knowledge on a scale equivalent 
to the features to be mapped.  

1.2  Interrogating the Seabed  
Research and development on a stationary probe that could produce high-energy, deep-

penetrating acoustic signals within a volume illustrates a step towards providing meaningful 
geophysical/geotechnical data from offshore environments. The concept behind the 
instrument and methodology, referred to as an “Acoustic Sub-seabed Interrogator” (ASI) by 
Guigné, is a radical departure from that of conventional geophysical profilers and from 
relying solely on boreholes and cone penetrometer tests [1], [2], [3]. 

The ASI involves 3-dimensional determination of geophysical parameters of the near 
subsurface with much greater accuracy than is currently attainable using conventional seismic 
site survey procedures. Increased accuracy of acoustic parameters allows more refined 
correlations between acoustic and geotechnical properties of sub-seabed soils to be made. 
The strength of the ASI approach centers on its dynamic use of temporal and spatial 
resolution, coherence of emitted signals, and dense receiver spacing and location calibration 
as monitored over a stationary spatial network with horizontal dimensions of greater than 5 
meters and typically 12 meters or greater.  Through such a stationary acoustic platform, 
mathematical coherence between echoes is maintained. Small misalignments (in the order of 
10–20 ms, assuming a velocity in the sediment of 1600 meters per second) between echoes 
destroy the fabric of the signal response. 

The ASI's coherent signals and density provide the necessary precision and data to 
statistically evaluate (in three dimensions) the homogeneity of sedimentary properties and 
their distribution. Basically, the receiver and transmitter arrays of an ASI move in a 
controlled manner in the same plane as the source transmitters for a wide range of possible 
emergent ray angles. Acoustic reception is made through a phased array of hydrophones, 
which capture the time histories of the returns and quantify beam spreading for particular 
reflectors. Focusing on an emergent beam angle of interest is a powerful criterion of an ASI, 
allowing particularly weak or distorted signals to be analysed. 

The interrogation proceeds in being able to first render the data into a volume by 
forming a synthetic aperture whereby a layer-by-layer data analysis can be made to examine 
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both the specular nature of stratigraphic layers and the non-specular responses of 
discontinuous features such as boulders, with an acoustic core product emerging. A 
sequential analysis of the time histories is presented graphically. Bathymetry, layer thickness, 
seismic velocities, attenuation, and other data such as quantifying the extent of seabed 
inhomogeneity or internal scattering are emphasized to allow for a thorough analysis of what 
truly characterizes the influential geotechnical nature of a seabed on the acoustics and thus on 
the reliability of the images produced. 

This ASI concept introduces the notion of a volumetric 3-dimensional acoustic core 
answer product, which holds spatial lateral scales in meters and tens of meters in depth, thus 
producing a large areal footprint unprecedented in physical coring with dense specular and 
non-specular volumetric data collections and visualization imagery as acquired with tens of 
centimeter definition intervals. The strength of the ASI is thus founded on having a stationary 
platform that allows for multiple data acquisitions protocols to be executed in a co-located 
manner, which morphs into coherent summation (i.e. focusing) of the backscattered wave-
field through beam-forming and focusing into the data, hence the term “interrogation.” The 
focusing methodology relies on adaptive, velocity-corrected, layer-by-layer straight-ray 
geometrical approximation to capture and accentuate discrete heterogeneous diffuse 
scattering. 

1.3 The Acoustic Corer Embodiment 
In 2006, a sophisticated ASI engineering development was initiated. This 

development, called the PanGeo Subsea Inc. “Acoustic Corer™”, consisted of engineering 
sonar hardware and data collection scripts, advanced digital data processing, and 
interpretation protocols to acquire both the specular and non-specular responses of the first 30 
meters in complex sub-seabeds. The emphasis in processing the data was to fuse it with other 
available geotechnical and geological datasets. What is important is that there is an extensive 
data interrogation and fusion of various acquisition methods and signal processes in a co-
located manner, which directly stitches a link between the raw data and interpretable datasets. 
The instrumentation platform illustrated in Figure 2 consists of the following: 
 

- a parametric transducer and receiver system, primary frequency 100Hz with a set of 
secondary frequencies at 5,6,10,12 ,and 15 kHz 

- a high frequency chirp source with a range of 4.5-12.5 kHz (7.5 kHz mean)
- a low frequency chirp source with a range of 2.0-6.5 kHz (3.6 kHz mean)  
- a co-located hydrophone array 

This embodiment of the ASI was engineered to acquire multi-aspect and multi-fold 
dense data in a twelve-meter diameter down to a depth of 30 to 40 meters. As mentioned, the 
strength of acoustic sub-seabed interrogations is founded on its capture of coherent 
summation or focusing of the backscattered wavefield. The focusing methodology relies on 
straight-ray geometrical approximation to capture discrete heterogeneity diffuse scattering. 
That is, for each voxel (small computational volume) the total backscattered contribution is 
calculated, where each transducer-receiver pair observes the platform location’s specific total 
travel time to-and-from the scattering volume. 
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Fig. 2: Sonar package on the seabed of the PanGeo Subsea Inc. Acoustic Corer™ 

 
 If an actual scatterer existed, such as a boulder within the small volume under 

investigation, the contribution would be high due to coherent summation. On the other hand, 
if no scatterer (boulder) was present within the specified volume, the total contribution would 
register values that are very low due to incoherent summation. Moreover, because the size of 
the (synthetic) aperture is much larger than the wavelength, the scattering at 30m or less 
would have to occur within the near-field of the source/receiver antennas. The entire volume 
rendering/interrogating process involves successive interrogations of individual resolution 
cells thus providing multiple confirmation of a target’s presence. The answer product derived 
from using such densely collected and beam-formed synthetic aperture sonar (SAS) 
application delivers a volumetric acoustic core product as illustrated in Figure 3. 

 

Fig. 3: Acoustic Core after the SAS rendering - Statoil Ormen Lange in the 
Norwegian Sea; PanGeo Subsea Inc. data archive 2009, reproduced by permission
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2.  SPECULAR AND NON-SPECULAR RESPONSES OF THE SEABED 

2.1  Importance of Multi-fold Data 
Multifold data is acquired to enhance coherent specular reflections from stratigraphic 

layers within the ASI’s data collection region of interest. This is achieved by collecting high 
resolution multifold data along two near orthogonal lines (executed as a data acquisition 
script within the platform hardware of the ASI). Along each line, sources from a specific 
source location are recorded at a number of receiver locations and the process is repeated for 
multiple shot locations. A total of over 6,000 traces are typically collected. The resulting 
“shot gathers” are then processed using advanced seismic analysis techniques [4]. Figure 4 is 
an example of the multifold data from the JYG-Cross data acquisition. 
 

  
 

Fig. 4: Pictorial view of the JYG-Cross configuration and its semblance plot (right) used to 
derive a velocity profile; PRC-02237-1 Acoustic Corer Protocol, March 2011. 

 
In addition to improving the Signal-to-Noise of the dataset, the recorded offsets allow 

for velocity analysis to be performed, and allow the dip and strike of a sloping bed to be 
determined. Along each line, transmissions from a source location are recorded at multiple 
receiver locations and the process is repeated for a number of shot locations. The resulting 
“shot gathers” are then processed using seismic processing techniques, which include F-K 
filtering to remove interference reflections when working alongside structures such as an 
offshore caisson (the radiated acoustic energies reflect off these structural targets and tend to 
superimpose their response onto the seabed returns). The goal is to exploit the multiplicity of 
data through stacking to enhance coherent events and cancel out noise. As an example, JYG-
Cross’s data was acquired at the Dong SIRI site and these data were processed to remove the 
reflective interference of the caisson using pre-stack F-K filtering [4]. Once processed, an 
interpretation was made that revealed a gravel layer at 5m and a sloping stiff clay layer at 
20m below seafloor (see Figure 5). 

 
In the ASI protocols, synthetic aperture data (SAS) is acquired to accentuate the non-

specular targets or anomalies in the strata. This process involves acquiring approximately 
20,000 discrete data points.  These data are used to identify acoustic anomalies consistent 
with buried objects. In the case of the SIRI site investigation there were six non-specular 
features noted. The anomaly shown in Figure 6 left panel (A) was most problematic for the 
client as it was positioned where the support caisson was to be placed. The anomaly is 
suggestive of a boulder of 0.55m in diameter and is located at a depth of 4.25m below 
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seafloor. The anomalies are charted in terms of northing, easting, and depth of burial as 
shown in Figure 5, far right (B). 
 

  
 

Fig. 5: JYG-Cross processed data where interference was present (left) and to the right the 
interpretation stack after pre-stack F-K Filtering to remove caisson reflections; from Guigné 

et al., 2010 
 

 
Fig. 6: SAS High Frequency rendered anomaly at a depth of approx. 4.5 m in the seabed 
(Panel A is a horizontal 12 m dia. plane view at that depth) and geographic plot of the 

different anomalies detected (Panel B); from Guigné et al., 2010. 

2.2 Boulder Identification 
An important objective of interrogating complex sub-seabeds is to image geotechnical 

anomalies and geo-hazards such as discontinuous layers and boulders. Because boulders tend 
to scatter acoustic energy the resulting imagery is a diffused response and in typical sub-
bottom profiling will be noted as part of the background noise. With the ASI approach which 
uses multi-aspects views the returns become coherent and part of the true seismic response 
thus raising these diffuse signals out of the noise background as coherent signal. As an 
example, the following boulder cluster located in a shallow water harbour and buried in a till 
comprising sandy gravel was  detected and rendered into an image at a depth of 2.2m below 
seafloor (see Figure 7). This cluster was subsequently retrieved using archaeological style 
recovery techniques. Another example of boulder detection is noted in Figure 8. The anomaly 
is suggestive of a boulder 0.5m in diameter. It is from a data set collected in the Baltic Sea. 
The boulder was located at 9.05m depth below seafloor in a marine late glacial clay unit. In 
the horizontal slice a series of small boulders are also noted. 
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Fig. 7: SAS rendered plan view horizontal data imagery slice (3m x 3m section) showing the 
boulder target and after excavation the cluster of boulders that were grouped together; from 

PanGeo Subsea Inc. data archive, 2011. 
 

 
Fig. 8: Illustration exhibiting in A a vertical elevation view (10m lateral extent) where a 

distinct anomaly suggestive of a boulder is noted. Data panel B is the corresponding 
horizontal data slice (at 10 m depth), from PanGeo Subsea Inc. data archive, 2011. 

 
The cross-section in Figure 9 shows a 3m thick gravel/cobble layer buried at a depth of 

11.0m sandwiched between clay soil and sandy soil, which are relatively acoustically 
transparent. The gravel is acoustically reverberant so has a pixelated texture as shown in the 
cross-section view of this gravel/cobble layer. Typically, gravels appear as patches, layers, 
and discontinuous rough patterned slices. Gravel/cobble layers appear as regions of highly 
diffuse background of non-specular acoustic intensities within a localized “textured” matrix 
which is indicative of cobble sized particles, higher concentrations of gravel, or small 
boulders. As a further example of the presence of boulder clusters, data was acquired in the 
Baltic Sea, in a region of highly complex geology. A feature of the site was the recurrence of 
boulder clusters and layers. In one site a feature was noted in both the parametric and high 
frequency chirp data, which were interpreted as a mound of boulders and cobbles typical of a 
glacial moraine deposit. Individual boulders merged to form the curved band as noted in 
Figure 10. 
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Fig. 9: Example of a vertical cross-section (3m thick x 12m length) gravel / cobble layer 
buried at a depth of 11.0m, sandwiched between clay soil and sandy soil, from PanGeo 

Subsea Inc. data archive, 2011. 
 

 
 

Fig. 10: Example of two vertical slices (approximately 10 m widths, 15m depths) through 
rendered acoustic core SAS data for both the High Frequency Chirp and for the Parametric 
data; the CPT data shows spikes correlating to the boundaries; from PanGeo Subsea Inc. 

data archive, Baltic Sea site, 2011. 
 

The stability and stationary operation of the ASI permits the analysis of acoustic 
texture as a means of differentiating various types of seabed soils.  Acoustic texture is 
interpreted in conjunction with acquired borehole or CPT data. The most easily recognized 
marine deposits are those containing gravels and cobbles, since they produce a highly 
reverberant acoustic return. A cobble layer located close to the surface of the seafloor acts as 
an extremely strong reflector. Depending on the acoustic impedance contrast with the 
surrounding soil matrix, boulders are identifiable by their dominant target forms. The 
resulting size, shape, and acoustic intensities of these types of anomalies are used to 
determine whether the boulder is isolated or is one of a cluster of boulders as shown in Figure 
11 which presents three spatial cross-sectional slices. Slicing through the data cube in plan 
view permits the individual cobbles to be isolated for further conformation. 

 
Acoustic interrogation of the seabed was used in 2009 to conduct a reconnaissance 

survey at the Statoil Ormen Lange site in the Norwegian Sea in approximately 410m water 
depth. An erosion boundary was imaged at the base of a till layer as illustrated in Figure 12. 
The boundary is an irregular surface ranging in depth between 11m and 13m. The erosion 
boundary divides the till layer from an underlying clay soil, which has a different acoustic 
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texture to that of the till. The till is thought to contain considerable amounts of cobbles and 
gravel owing to the reverberant nature of its acoustic return. The erosion boundary is 
geotechnically significant, given it is associated with the highest magnitudes of unit weight 
and undrained shear strengths as recorded by cone penetrometer tests. The high shear 
strengths are attributed to the increased coarse grain content.   

                    Clay Matrix               Sand Matrix          Sandy Gravel Matrix 
 

 
 

Fig. 11: Three High Frequency Chirp horizontal examples of boulders as detected in a clay 
sediment, in a sand matrix and in a sandy gravel layer; from PanGeo Subsea Inc. data 

archive, Norwegian fjord, 2011. 

 
 

Fig. 12: Acoustic core vertical slice example after the SAS rendering with accompanying 
interpretation and comparison to the geology of the borehole, Statoil Ormen Lange Acoustic 

Corer trials in the Norwegian Sea 2009; released by permission 

Of importance to many wind farm seabed sites is the accurate detection and mapping 
of “gassy sediments”. This is extremely difficult to do as the gas in the sediment acts as a 
strong reflective mirror due to impedance mismatches between the gas and sediment, thus its 
presence creates a masking of the general surrounding sediment character by imposing an 
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acoustic blanking footprint. However, the ASI’s use of SAS multi-aspect views allows for 
coherent sediment returns to be detectable in the presence of gas. Depending on the quantity 
of gas, stratigraphy and anomalies may still be detected below gas layers owing to this multi-
aspect set of views. Both the High Frequency chirp and the Parametric sonar detected the 
spatial distribution and thickness of the gas at a Baltic Sea site. In contrast, gas blanks strata 
in conventional seismics. It was noted that sub-bottom profiling data for this exact site was 
characterized by a “blanking/masking” noisy character, preventing any definition of the 
seabed to be made; its seismic data could not define the extent of the gas in the sediment. 
Figure 13 illustrates an example of the ASI’s interrogation of the gas and demonstrates the 
clarity of its spatial distribution in the sub-seabed. The gas was located at 6.2m depth below 
the seafloor in a marine late glacial clay unit.  

 spatial slices 
 

 
 

Fig. 13: Two spatial slices (top) and two vertical SAS profiles for the High Frequency Chirp 
and for the Parametric Data, highlighting a gas layer; from PanGeo Subsea Inc. RPT-03131-

1 AC Dong Anholt Final Report Dec 2011. 

3.  FILLING IN THE TECHNOLOGY GAP 

Seabeds are not composed only of lateral smoothly varying spatial features but also 
include widely distributed dissimilar compositions. Acoustic scattering and attenuating 
sedimentary and bedrock features translate into back-scattered, diffuse, non-specular acoustic 
responses. Such diffuse reflections are generally interpreted as noise and subsequently 
filtered out of the data by conventional processing techniques. It is desirable to have in 
marine geotechnical site investigations that such sub-bottom texturally induced responses be 
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ultimately captured and visualized in a coherent manner and carried into the interpretations of 
sub-bottom acoustic data. Seabed acoustic imaging techniques known in the art cannot 
deliver imagery of the surrounding sub-seabed inhomogeneous sediment conditions such as 
required by offshore installation engineers especially for pile or drill emplacements. Existing 
sonar techniques cross-reference poorly their data responses because such data are captured 
through continuously moving acoustic data acquisitions with sparse coverage with respect to 
the order of the wavelength of the intended features to be imaged. Acoustic interrogations of 
the seabed can take on various configurations but relies on precise positional control of the 
transducer array on a stationary platform resting on the seabed surface. This allows for the 
array to coherently transmit signals with a signal having been specifically selected and 
programmed in terms of power, center frequency, beam-width, bandwidth, shape, and 
incident angle. A positional receiver array on the platform is equally controlled with precision 
to ensure that the seabed responses are captured coherently both for their reflections and 
backscatter. Sub-surface acoustical properties, at the location of a deployment, are 
identifiable through beam-forming from various directional aspects within the platform 
footprint. Various geotechnical correlations can be predicted from the processed returned 
signals. A calculation of the speed of sound in the sub-bottom, at the site of investigation, is 
introduced through the use of two extra orthogonal data line collections, which apply 
traditional seismic data acquisition routines involving time migration protocols to calibrate 
the specular returns and to acquire velocity information that can be used in the synthetic data 
rendering routines. Subsequently, sub-bottom target positions within a selected volume can 
then be interrogated using well understood digital processing algorithms based on synthetic 
aperture sonar principles, combined with a continuously gathered, successive transmission 
sequence which are reliably acquired along a precise data acquisition track in order to 
increase the azimuth (along-track) resolution. A reliable interpretation can thus be made of 
the acoustical reflected and backscattered properties between locations profiled which leads 
to a geo-statistical distribution model of the specular and diffused properties within a true 
sedimentary volume in the sub-bottom. 
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Abstract: In its simplest form, a wide aperture array consists of three acoustic sensors which 
are widely spaced along a straight line. This sensor configuration forms two adjacent sensor 
pairs with the middle sensor common to both pairs. The instantaneous source position is 
estimated using time delay measurements from the two adjacent pairs of sensors, i.e. the 
source position is localized in range with respect to the middle sensor and relative bearing 
with respect to the array axis. For submarine applications, the single sensors are replaced by 
compact arrays to improve the signal-to-noise ratio with the degree of improvement 
quantified by the array gain. Source localization results are reported here for various wide 
aperture acoustic arrays deployed on land and under water. For instance, on land, a wide 
aperture microphone array senses continuous broadband signals (emitted by a jet aircraft 
engine) and transient broadband signals (generated by small arms gunfire), while under 
water, a wide aperture hydrophone array senses mechanical acoustic transients (hammer 
strikes), active sonar transmissions, and sequences of regularly spaced broadband pulses 
(open circuit scuba divers). Problems associated with passive acoustic broadband source 
localization using wide aperture arrays are addressed including ranging errors arising when 
the sensor positions are not strictly collinear, the sound propagation medium is 
nonstationary, the signals from a moving source when received at the sensors are spatially 
uncorrelated (which is caused by differential time scaling and occurs for certain source-
sensor geometries), or the direct path and multipath arrivals are not resolvable (which 
distorts the cross-correlation function resulting in biased time delay estimates and under 
ranging).  

Keywords: Wide aperture array, acoustic source localization, time delay measurements, 
range bias errors, differential Doppler compensation, nonstationary medium 
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1. INTRODUCTION  

Traditionally, two passive signal processing approaches are used to extract tactical 
information about a target from its radiated sound pressure field, which can be sampled in 
both time and space by distributed sensors. The first approach uses both temporal and spatial 
filtering methods which are based on spectral decomposition of the sensor output time series 
data into narrow frequency bands and array beamforming in the frequency domain. Spectral 
line analysis and acoustic signature databases aid classification (discrimination) of acoustic 
sources, while the array detects weak signals, resolves closely spaced sources, and provides 
source bearing information. However, of interest here is the second approach, which is based 
on broadband cross-correlation of the outputs of a given pair of spatially separated sensors 
and is used for passive ranging (localization) of the source. The latter approach is preferred 
for processing signals emitted by acoustic sources such as jet aircraft and modern submarines, 
which are free of strong spectral line components (narrowband features) that are 
superimposed on a weaker broadband component. For example, Fig. 1 shows the frequency 
wave number power spectrum of a stationary jet engine operating about 310 m from a linear 
array of fifteen equally spaced microphones. The source spectrum is observed to occur along 
a line of constant bearing which has a discontinuity at the point where the wave number is 
equal to the spatial Nyquist frequency. Spatial aliasing results in the line of constant bearing 
becoming discontinuous so the line no longer runs radially outward from the origin. Rather, 
the line is displaced in wave number but remains inclined at the same characteristic angle 
(corresponding to a source bearing estimate of about 27˚). Note that there is an absence of 
any spectral line components in the source spectrum, which appears to have a uniform 
spectral density over the frequency band of interest (50-400 Hz). The result of applying the 
second approach is shown in Fig. 2, which depicts a waterfall display of the variation with 
time of the cross-correlation function for the outputs of two microphones (spaced 9 m apart) 
during a routine ground test of a jet engine. The period when the jet engine was operating 
coincided with cross-correlograms having large peak values, with smaller peak values 
associated with engine run-up and run-down. The time lag at which the cross correlation 
function attains its maximum value corresponds to the difference in the time of arrival (or 
time delay) of the signal at the two sensors. The bearing of the source can be readily 
estimated (26.9˚) using this time delay measurement. The addition of another sensor placed 
so that the three sensors are collinear enables both the instantaneous range (relative to the 
middle sensor) and bearing (relative to the array axis) to be estimated [1]. The ranging 
performance improves dramatically as the intersensor separation increases and degrades as 
the source moves from a broadside direction to an endfire direction [2]. This paper considers 
ranging errors observed when: (a) the sound propagation medium is nonstationary, (b) a 
moving source transits close to the array in a longitudinal direction (along the array axis),   
(c) the sensor positions are not strictly collinear, and (d) multipath distortion biases the time 
delay estimates, which (in turn) biases the range estimates. Examples of the degraded ranging 
performance of wide aperture arrays that occur in practice are presented, along with methods 
for remedying the problems.  

2. NONSTATIONARY SOUND PROPAGATION MEDIUM 

In general, the atmosphere represents an inhomogeneous (spatially varying), nonstationary  
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Fig. 1. Frequency wave number spectrum of a continuous broadband sound source 
(stationary jet engine) using an optimal spatial filter. 

Fig. 2. Variation with time of the cross-correlation function for a fixed continuous broadband 
source (jet engine undergoing a ground test). 
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(temporally varying) medium for the propagation of sound, i.e. the physical parameters that 
affect the speed of sound propagation change in both space and time. This results in 
fluctuations in the estimated position of a fixed acoustic source. For instance, Fig. 3 shows 
the variation with time of the range and bearing estimates of a fixed broadband sound source 
(jet engine operating on the ground). The wide aperture array configuration consisted of three 
microphones with an intersensor spacing of about 100 m. The temporal variability in the 
range and bearing estimates has two components with the randomly-fluctuating short time-
scale (subsecond) variability superimposed on the long time-scale (seconds to tens of 
seconds) variability represented by the slowly-varying solid line. The long time-scale 
variability is a manifestation of another random process, namely sound propagation in a 
turbulent atmospheric medium [2]. The instantaneous range and bearing errors can be large 
when the atmosphere is turbulent. Detrending the range and bearing time series data removes 
the large variations in the source localization estimates caused by atmospheric turbulence, 
leaving smaller random errors attributed to background noise – see Fig. 4. 

Unlike the atmosphere, the underwater sound propagation medium is often considered to 
be stationary. For instance, Fig. 5 shows the instantaneous range and bearing estimates of a 
mechanical source, which generated 200 underwater acoustic transient signals. In this case, 
the wide aperture array, which was deployed on the seabed in shallow water (7 m deep), 
consisted of three hydrophones with an intersensor spacing of about 10 m [3]. The 
underwater sound propagation medium was stationary during this set of measurements and 
the range and bearing estimates are of high precision. The array was also used for the passive 
ranging of an underwater sound projector generating 100 kHz pulsed CW active sonar 
transmissions. The sonar transmission pulse width was 100 μs and the pulse repetition rate 
was 0.3 Hz. Fig. 6 shows the source range and bearing estimates as a function of the sonar 
pulse transmission number. The systematic variation with time of the range and bearing 
estimates (indicated by the black filled circles) indicates that the medium was nonstationary, 
which led to a bias error in the range estimates of -0.6 to 0.7 m. The bias error in the bearing 
estimates (incorrectly) places the source in a direction closer to broadside. The physical cause 
of this nonstationary event was unknown.  

3. PROBLEMATIC  SOURCE-SENSOR GEOMETRIES 

The passive ranging performance of a wide aperture array is optimal when the source is in a 
broadside direction (provided that the signal wavefront is curved rather than straight, i.e. the 
source is not in the far field). If the source is in an endfire direction, then it is not possible to 
estimate the range, but the bearing can be estimated. Even this becomes problematic when the 
sensors are widely-spaced and a moving source transits in a longitudinal direction close to the 
array axis. In this case, the signals received at the sensors are no longer correlated and the 
standard cross-correlator’s output is both minimal and noisy. To overcome this problem, it is 
necessary to implement wideband cross-correlation with differential Doppler compensation 
[4], also known as a “compander” [5]. For example, during the north-south transit of a jet 
aircraft (in level flight at an altitude of 300 m) over a wide aperture microphone array (with 
the array axis oriented in the north-south direction and an intersensor spacing of 100 m), the 
signals received by the sensors during the overhead transit are uncorrelated, preventing 
estimation of the time delay. A standard cross-correlator produces noisy estimates of the time 
delays during the overhead portion of the aircraft transit when the differential Doppler of the 
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received signals is significant. At other times, when the aircraft is further away from the 
closest point of approach to the array, the differential Doppler effect is negligible and the 
time delay estimates are reliable – see Fig. 7(a). The implementation of a compander to 
compensate for the relative scaling of the time bases of the received signals at a pair of 
sensors enables reliable estimation of the time delays during the transit – see Fig. 7(b). 
Implementation of a differential Doppler compensation scheme is also necessary to estimate 
the time delay when an open-circuit scuba diver transits along and close to the array axis of 
widely-spaced hydrophones [6]. 
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Fig. 7. Temporal variation of the time delay 
estimates (a) without, and (b) with, 
differential Doppler compensation. 

  

Fig. 8. Variation with pulse transmission 
number of estimated source range using 
 (a) wavefront curvature method, and 
 (b) spherical intersection method. 

4. RANGE BIAS CAUSED BY NONCOLLINEAR SENSOR POSITIONS AND 
UNDER RANGING DUE TO MULTIPATH DISTORTION 

If the wide aperture array sensor positions are not strictly collinear (i.e. the array is 
bowed), then passive ranging by the wavefront curvature method results in the source range 
estimates being biased [7]. For instance, following a deployment on the sea floor of the  
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underwater wide aperture array, it was found that the three sensor positions were no longer 
collinear. The transverse displacement of the middle sensor was 0.02 m from the array axis 
(which is small compared with the overall 20 m length of the wide aperture array). The array 
was then used for the passive ranging of active sonar transmissions consisting of 150 μs CW 
pulses from a 33 kHz sonar projector. Although the wide aperture array was only slightly 
bowed, passive ranging by wavefront curvature overestimated the actual source range     
(59.2 m) by 1.7 m (or 3%) – see Fig. 8(a). Note that the observations cover 1400 pulse 
transmissions, with the results indicating that the underwater sound propagation medium 
remained stationary throughout the observation time interval of 13 hours. The spherical 
intersection method (with the actual bowed array sensor positions) was also used to estimate 
the source range [3]. This resulted in a range bias error of only 0.15 m, which represented an 
order of magnitude improvement over the wavefront curvature method – see Fig. 8(b). 

Another problem encountered in practice was the passive ranging of small arms gunfire 
using a wide aperture microphone array in an environment where the sensors were located 
close to the ground in irregular uneven terrain so that the direct path and multipath arrivals 
were not resolvable. This led to the time delay estimates being biased which, in turn, caused 
the range estimates to be significantly underestimated. Correction of the bias errors in the 
time delay estimates resulted in a substantial improvement in the accuracy the source range 
estimates. 

5. CONCLUSIONS 

Wide aperture acoustic arrays, whether deployed on land or under water, localize 
broadband sound sources by estimating the instantaneous range and bearing of the source 
position. Problems which occur in practice have been identified; the ranging errors were 
quantified and methods presented which significantly reduce these errors.  
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Abstract: Variations of travel-times (TT), directions-of-arrival (DOA) and directions-of-
departure (DOD) of acoustic waves are characteristics used to recover information on 
local underwater sound speed perturbations. To measure these variations, acoustic waves 
are propagated between a source and a receiver array, in both the unperturbed and 
perturbed states of the propagation medium. Afterwards, the recorded signals undergo a 
two-step processing: 1) the acoustic-arrival separation and 2) the observable extraction, 
where precision is essential.  
We propose contributions for both steps. 
For the acoustic-arrival separation, we propose a version of the double beamforming 
(DBF) method, which we have modified by introducing oscillations along the angle 
dimensions. As suggested by studies done in the field of medical ultrasound imaging, 
lateral oscillations can be obtained in DBF by using specific aperture apodization 
functions. It has been shown that this feature facilitates the observable extraction later on. 
For the observable extraction, we propose two displacement estimators, both working 
with phase information. The first one is based on the Fourier transform of the signal 
intercorrelation function, and can be applied on data processed by either classical DBF 
or DBF with lateral oscillations. The latter takes benefit of specific lateral-oscillation 
models which enable to explicit an analytic relationship between the signal phase and the 
observable variations. 
These estimators have been tested on simulations with a double-array configuration 
(source-receiver), for different waveforms, and propagation mediums with homogenous 
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and inhomogeneous sound-speed. Noise robustness has also been evaluated in the case of 
Gaussian noise. 
Results show that the first estimator (based on intercorrelation) provides precise 
measurements with both classical DBF and DBF with lateral oscillations, but is noise 
sensitive. The second estimator (analytic) has a comparable precision, is more robust to 
noise, but can only be used with the DBF with lateral oscillations. 
 
Keywords: travel-time, direction-of-arrival, direction-of-departure, double beamforming, 
lateral oscillations, apodization, displacement estimation, intercorrelation, analytic 
estimator 
 

1. Introduction 

      The link between underwater sound-speed perturbations and variations of acoustic-
waves travel-times has been classically used in ocean acoustic tomography (OAT) to 
image waveguide sound-speed changes. Recent work has shown that departure and arrival 
angle variations of acoustic waves could also be related with underwater sound-speed 
perturbations and used in the inversion process1, which opens new possibilities for OAT.       
     In order to use travel-times (TT), directions-of-arrival (DOA) and directions-of-
departure (DOD), a very precise estimation of these observables needs to be performed for 
two states of the ocean sound-speed distribution (unperturbed and perturbed one) and for a 
maximum number of acoustic arrivals. The two main challenges are then: (1) to separate 
the acoustic arrivals (2) to estimate the observables very precisely (<1‰ of the signal in 
time and <1‰ of the main lobe size in angle). 
     One method, which has been used in previous works, is to compute the TT, DOA and 
DOD variations by measuring the coordinates of the acoustic-arrival maximums on the 
signal after DBF in the perturbed state with respect to the unperturbed one. This method 
uses successive zooms around the signal maximum to reach the desired precision which is 
greatly time consuming (1.7s to obtain the 3 observables at precisions of 10 ns in time and 
10-5 ° in angle).  
     Our approach consists of two phases. The first one uses DBF in order to separate the 
waves arriving at the receiver array. Here, we propose using the classical DBF or a DBF 
with lateral oscillations. The second phase introduces displacement estimators for the 
actual computation of the variations. Two displacement estimators have been tested in 
comparison with the approach using DBF and successive zooms : one based on the signal 
intercorrelation function, and one called analytic shift estimator2 (ASE), based on the 
phase of analytic signals, which was previously used in medical ultrasound imaging, 
together with the lateral oscillations technique3,4, which allows its implementation. 
 

2. Array Signal Processing: Double Beamforming and Introduction of the Lateral 
Oscillations 

DBF has been recently proposed in OAT for the source/receiver array configurations5,6,7. 
As an extension of the simple beamforming, it provides a better spatial separation of the 
arrivals, by introducing the possibility to determine their DOD. 
Considering a receiver array made of  elements and a source array made of  elements, 
the data on which DBF is performed is the cube ), containing x  time-series (t 
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being the time), recorded at the receiver depth  and the source depth . The resulting 
pressure field after applying DBF at time t, for an arrival angle  and a departure angle , 
is: 
 

 
where i and j  are the apodization coefficients applied respectively in reception and 
emission, zri and zej are the receiver and emitter depths, zr0 and ze0 are the reference 
receiver and source depths, and Tri and Tej are the time-delays corresponding to the 
receiver “i” and the source “j”. For the classical DBF, the apodization functions are Hann 
windows, and the resulting DBF signal does not have oscillations in the angle dimensions 
(Fig. 1.a). 
As stated in Fourier optics8, it is possible to calculate the apodization as the inverse 
Fourier transform of the desired beam profile. This relationship is valid at the focal point 
(in the case of medical ultrasound) or in the far field when considering plane waves (in the 
case of underwater tomography), where the Fraunhoffer approximation can be applied 3,4,8. 
In order to obtain a signal which oscillates in all three directions, i.e. a Gaussian-
modulated sinusoidal pulse in the time dimension and, a main lobe with two pairs of 
prominent lateral lobes in the angle dimensions, we must apply an apodization function 
consisting of two adjacent Hann windows, both in reception and emission (Fig.1.b, Fig. 2). 
 

 
Fig. 1: Normalized DBF pressure field plotted in the  [ s, r] plane at the time of arrival 

t0, with corresponding pressure profiles and apodization functions (a) without lateral 
oscillations (b) with lateral oscillations

 

Fig. 2: Sections in the normalized DBF pressure field (with lateral oscillations)                            
(a) [ s,t] plane, for r= rmax (b) [ r,t] plane, for s= smax 
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3. Post-processing: Displacement Estimation 
 
     In this section, we describe different methods to estimate signal displacements. We 
consider a reference signal  and a displaced signal . 
 
 
3.1. The Correlation Estimator 
 
     The correlation estimator assumes a model where the reference signal x and the 
displaced signal y contain the same information (no signal distortion). The method 
exploits the relationship between the Fourier transform of the intercorrelation function of 
these signals  and the autocorrelation function of x, :  
 

     Because the autocorrelation is a real and even function, its Fourier transform is real, the 
phase of  only includes the information about the displacements. 
The displacements can be easily estimated by extracting the 1D phase corresponding to 
each dimension from the phase cube, then calculating its slope in the high-energy part of 
the signal. Thus, the displacement can be written as: 
 

3.2. The Analytic Shift Estimator (ASE) 

 
     The ASE was previously applied for displacement estimation in the case of 2D 
signals2. We have extended it to a version compatible with 3D signals. The estimator is 
based on a cosine model. We used the same notations for the displacements ,  and : 
 

 
     For each of the two compared signals, we choose 3 analytic signals computed in the 
frequency domain: 
 

 
 
for the  signals, and the  analytic signals, where  is the Fourier 
transform of the signal ,  ,  and .  
     Next, we extract the phases of the time-domain analytic signals: 
 

     Phases are introduced in a linear system of 6 equations which can be reduced to only 3 
equations by computing the phase differences ,  and 

. The displacements are the solutions of the new system: 
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4. Results

4.1. MATLAB-simulated Arrivals 
 
     We simulated an acoustic wave traveling between a receiver-array and a source-array, 
each of them being 22.5-m-long and consisting of 31 elements. The ) data cube 
contains delayed copies of a signal with central frequency Fc=1 kHz and bandwidth 
BW=800 Hz, sampled at Fs=20 kHz. The central elements of each array are chosen as the 
reference source and receiver. Classical DBF and DBF with lateral oscillations were 
applied on the simulated data. The estimator tests were focused on time variations smaller 
than 1.43% of the main lobe size, and angle variations smaller than 6.67% of the main 
lobe size (Fig. 3, Fig. 4). 

 
Fig. 3: Comparative results obtained by applying displacement estimators on simulated 

arrivals, processed by DBF with lateral oscillations. (a) time variations (b) arrival angle 
variations (c) departure angle variations 

 
     The precision is similar for the two estimators, and does not decrease significantly for 
low sampling rates, which is an advantage considering that one of our purposes is to 
reduce data size. However, each method has its particular disadvantages. The correlation 
estimator proved to be unreliable in the presence of Gaussian noise (Fig. 5), due to its 
strong sensitivity to any deviation from the theoretical model. This was also observed 
while testing on beams that are not well isolated from the neighbouring ones. However, 
the correlation estimator is not restricted to signals with lateral oscillations, whereas the 
ASE is (in Fig. 4, we can see that the ASE is not reliable for the dimensions in which the 
signal does not oscillate), and will perform well with signals of any shape, as long as one 
represents the undeformed-displaced version of the other. Thus, the choice of the estimator 
depends on the recorded signal and on the array-processing method applied to separate the 
acoustic arrivals (classical DBF or DBF with lateral oscillations). 

 
Fig. 4: Comparative results obtained by applying displacement estimators on simulated 

arrivals, processed by classical DBF (without lateral oscillations). (a) time variations (b) 
arrival angle variations (c) departure angle variations 
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Fig. 5: Mean estimates and standard deviations, after applying displacement estimators 

on simulated arrivals, processed by DBF with lateral oscillations and corrupted by 
Gaussian noise. Variations are constant in (a) time: 0.01 ms (b) arrival angle: 0.08° (c) 

departure angle: 0.08° 
 
     The efficiency of the correlation estimator depends on the degree of deformation of one 
signal with respect to the other. In the case of a DBF data cube, the deformation affects 
mainly the precision of the time estimation, but its effect can be mitigated by applying the 
1D version of the estimator on minimum-deformation 1D sections extracted from the 
cube. The sections are time-domain signals corresponding to the estimated departure and 
arrival angles (extracted from the coarse-resolution DBF, Fig. 6). After refining the time 
estimation on the simulated data, the mean absolute error decreased from 0.0092 to 4·10-6.  

 

Fig. 6: Schematic of the signal processing chain used to extract the final observables, 
using the correlation estimator 

4.2. A Simulated Oceanic Waveguide

     In order to deal with more realistic signals, a parabolic-equation code9 has been used to 
simulate the acoustic propagation in a Pekeris-oceanic waveguide (Fig. 9). The 20-m-span 
source-receiver arrays made of 41 elements each are placed at a distance of 1500 m from 
each other. The reference receiver and emitter are the central elements of the arrays. The 
recorded signals were processed by DBF with and without lateral oscillations. The two 
displacement estimators were applied on five separated acoustic arrivals.  

 
Fig. 7: One of the observed ray-paths in the (a) unperturbed and (b) perturbed states of 
the simulated oceanic waveguide. The colour map indicates the sound speed in [m/s]. 
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     Considering the measurements from the high-resolution DBF as the ground truth, we 
observe that the estimators do not always work with the same precision (Table 1 – the 
errors have a high variability). It is difficult to quantify the sources of errors but, overall, 
they can be summed up as considerable deviations from the model. The analytic estimator 
is applied on signals that are not perfect cosines, which leads to one type of error. The 
correlation estimator is more sensitive, and any deformation induces a displacement that is 
not constant everywhere. This effect is dampened by applying the correlation on 1D 
signals that show less deformation, but even so the estimation are not perfect (Table 1).  
 

 Correlation 
3D on 

classical DBF 

Correlation 
1D on 

classical DBF 

Correlation 
3D on 

DBF+lateral 
osc. 

Correlation 
1D on 

DBF+lateral 
osc. 

ASE on DBF+ 
lateral osc. 

TT (ms) 0.0022/0.0030 6.4948e-04/ 
9.2723e-04 

0.0018/0.0026 9.2014e-04/ 
0.0013 

3.2792e-04/   
2.6601e-04 

DOA(°) 0.0079/0.0101 - 0.0050/0.0058 - 0.0047/0.0053 
DOD(°) 0.0045/0.0069 - 0.0086/0.0129 - 0.0068/0.0084 

 
Table 1: Mean absolute errors/standard deviation of the errors for the simulated oceanic 

waveguide. Main lobe size is approx. 2 ms., respectively 5° (classical DBF)/3° 
(DBF+lateral oscillations) 

Fig. 8: Comparative results obtained by applying displacement estimators on signals 
travelling through the simulated waveguide and processed by classical DBF. Variations of 

the (a) travel time (b) arrival angle (c) departure angle 

Fig. 9: Comparative results obtained by applying displacement estimators on signals 
travelling through the simulated waveguide and processed by DBF with lateral 

oscillations. Variations of the (a) travel time (b) arrival angle (c) departure angle 
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5. Conclusions and Perspectives 

 
     The combination of advanced array-processing (DBF with/without lateral oscillations) 
and displacement estimators can be an effective alternative method to the time-consuming 
measurements of acoustic-arrival maximums. The estimators presented here provide 3D-
shift measurements with a precision allowing their use in OAT. Also, they operate more 
rapidly and on much more compact data than the classical high-resolution DBF, which is 
crucial when long time-series of underwater-acoustic measurements need to be processed. 
However, each method has its own disadvantages. On one hand, the use of the correlation 
estimator is restricted to well separated arrivals, in low-noise conditions, while the ASE 
does not have these limitations. On the other hand, the analytic estimator (ASE) requires 
the DBF-signal to oscillate in all dimensions, which is not the case of the correlation 
estimator. Oscillations are naturally present only in the time dimension. Hence, in order to 
introduce them in the angle dimensions, a special type of array-apodization function 
(double Hann-window) has to be used during beamforming.  
     In the future, the use of other apodization functions offers perspectives of further 
improvement of the shift-estimation precision and noise or distortion robustness. Testing 
these methods on data recorded in a natural environment will also be necessary. 
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Abstract: Most global seismometer arrays were initially set up to monitor for 
underground nuclear tests. Currently, many of these arrays form part of the International 
Monitoring System being set up to monitor compliance with the Comprehensive Nuclear-
Test-Ban Treaty. Seismometer arrays, like other types of arrays, are used to enhance 
detection capability, improve signal estimates, and measure the direction of arrival of a 
signal. The first seismometer arrays were set up in the 1950s and 1960s, and much of the 
early work on data processing was done by Capon and others, and has propagated into 
other fields. In recent years, there seems to have been less sharing of methods between 
seismology and other array technologies. Here I will review the most recent signal 
detection modern methods being used in seismology, the advantages and disadvantages 
seismology has over other fields, and the potential future developments which might arise 
from inter-disciplinary studies. 

Keywords: Signal detection, F-statistic, seismo-acoustic arrays 

1. INTRODUCTION 

The International Monitoring System, being set up to monitor compliance with the 
Comprehensive Nuclear-Test-Ban Treaty consists of several technologies. The major part 
of the network relies on seismo-acoustic sensors arranged in arrays (Figure 1). 
Seismometer arrays are primarily deployed to detect signals from underground explosions, 
infrasound arrays to detect explosions in the atmosphere, and hydroacoustic arrays to 
detect explosions in the oceans. Detections at multiple arrays are grouped into events 
(sources) and an estimate of the location, depth, and origin time of the source are 
computed. There are several reviews of seismo-acoustic arrays and their uses [1,2,3]. Here 
we describe recently developed methods for signal detection and the estimation of arrival 
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vector slowness (azimuth/bearing and inverse speed), which may have application to other 
array technologies. 
 

  
 
Fig. 1: Seismo-acoustic arrays of the International Monitoring System (IMS). Top Left: 
seismometer arrays; Bottom Left: apertures of seismometer arrays, with indications of the 
wavelengths of some signals of interest. Top Right: Infrasound arrays, red=in operation, 
blue=planned or under construction. Bottom Right: hydroacoustic arrays. 

2. BACKGROUND THEORY – SIGNAL DETECTION 

 
Signal detection at seismo-acoustic arrays is similar in concept regardless of the 
technology being employed. In general here we consider a model where an array records 
K channels of data, which each potentially contain a signal of interest and background 
noise. In the simplest example, we have, 

dk t( ) = s t −τ k( )+ nk t( )  , (1)
where dk t( )  is the observed waveform recorded by sensor k at time t. The signal s t( )  is 
assumed to be identical on each channel other than a channel-dependent delay τ k . The 
noise, nk t( ) , is assume to be independent on each channel. 
 A central concept in seismo-acoustic array processing is that of a beam, or signal
estimate. In our simple example, the signal estimate is merely the average of the delay-
corrected channels, i.e.: 

ŝ t,τ k( ) = 1
K

dk
k=1

K

� t + τ k( ) , (2)

where is the signal estimate or beam for vector slowness (inverse velocity) , such 
that, 
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 , (3)
where xk  is the location of sensor k relative to some reference point.  Equation (2) 
describes what is known as the delay-and-sum beam. The simplest signal detection 
statistic is then, the beam power, , where, 
 

 , (4)

and T is the half-length of some time window. If the noise is white, uncorrelated, and of 
unit variance, then B has a central χ 2 distribution in the absence of a signal. A detection 
threshold can be set using the known distribution to control the false-alarm rate. 
 While commonly used, B can fail when the signal and noise do not follow the 
model described in equation (1). For example, the beam power detector may be triggered 
by a sudden increase in noise power on a single channel. To counter problems of this type, 
a more robust detector based on the F statistic can be used. The F-statistic detector, 

, is given by,  

 . (5)

Using an array the signal and noise power can be measured simultaneously, and F is just 
the ratio of the signal and noise power, multiplied by the ratio of the degrees of freedom so 
that the expected value when no signal is present is unity. The F statistic has been used at 
seismometer [4,5] and infrasound [6] arrays. 
 While F is robust to some data issues that B is not, F has a particular problem in 
dealing with circumstances where the noise is correlated between channels on the array. 
To counter this, Selby [7], based on the historical work of Burg [8], Freiberger [9], Backus 
and others [10], Capon and others [11], and Douglas [12], developed the generalised F 
detection method, given, in the frequency domain, by, 

 , (6)

Where di  is a vector of length K containing the observed values of the recordings at 
frequencyωi , ai is the steering vector at the same frequency, Qi  is the noise correlation 
matrix, R  the resolution matrix, Pi

N  the noise power, 

ζ i
−2 = Pi

N

Pi
S  , (7)

where Pi
S is the signal power, and 

ŝG ωi( ) = ai
TQi

−1ai +ζ i
−2( )−1

ai
TQi

−1di , (8)

is the general least-squares (i.e. Wiener) signal estimate.  
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 Since the signal spectrum is generally not known, the most robust approach for 
detection (i.e. producing the smallest number of false alarms) is to take the large signal 
limit (i.e. ζ i

−2 → 0 ) which results in the minimum power F statistic, 

 , (9)

where, 

ŝMP ωi( ) = ai
TQi

−1ai( )−1
ai

TQi
−1di   (10)

Selby [13] uses this approach to demonstrate a significant improvement to the signal 
detection capabilities of the IMS seismometer array network. 
 The direct frequency-domain approach is not always applicable to arrays where 
the time taken for a signal to transit the array is longer than the duration of the signal. 
Selby [14] developed a time-domain multiple-filter [15,16,17] approach for the calculation 
of F, where, 
 

,  (11)

  
where dk t + τ k,ωn( )is the observed complex analytic data band-pass-filtered around 
frequency ωn , and, 

 , (12)

where,  

Qn = Qjk,n
−1

k=1

K

�
j=1

K

�  . (13)

In general, we find that it is best to use a model of the noise correlation rather than 
adaptively estimating Q from the data. A useful model for noise correlation, based on 
azimuthally isotropic noise propagating at a constant speed, is given by, 

Qjk,n = αδ jk + 1−α( ) J0 Δωn /VN( )exp −γ Δωn

Δmaxωmax

�

�
�

�

�
� , (14)

where α and γ  are array-specific parameters set by the user, VN is the noise speed,  Δ  is 
the distance between elements j and k, and  J0  is a Bessel function. 
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Fig. 2: Example of the use of the generalised F detector at the ARCES array in Norway. 
See the text for an explanation. 

 
 

3. EXAMPLE – DETECTION OF SIGNALS IN A TIME SERIES 

Figure 2 shows an example of the generalised F detector applied to the ARCES 
seismometer array in northern Norway (see Figure 1). ARCES is an array where the noise 
is strongly correlated between elements, and the traditional delay-and-sum F detector 
generates an unacceptable number of false alarms. The top three traces show signal 
estimates (beams) for a particular vector slowness. The top trace is the traditional delay-
and-sum beam (equation 2), the second trace is ŝG (equation 8), and the third trace is the 
detector trace, essentially the square root of the numerator of the generalised F statistic 
given in equation (6). The array is beamed (phased) for the expected vector slowness of 
the signal from the Gulf of Aden earthquake, which arrives at about 220s. A signal with 
similar vector slowness from the Mariana Islands arrives at about 60s. The power of the F 
detector is demonstrated by the arrival of a strong signal at about 75s. This originates close 
to the array and has very different vector slowness. The bottom trace, which shows the 
generalised F statistic, is not triggered by this arrival. A beam power detector would 
produce a very strong peak at this time. 
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Fig. 3: Vector slowness determination of a teleseismic signal at the Eskdalemuir 
seismiometer array (EKA) in Scotland. Top Left: Maps showing the location and the 
geometry of the array. Top right: beam power as a function of vector slowness. Bottom 
Left: Capon power estimate. Bottom Right: F statistic. 

 
4. EXAMPLE - AZIMUTH AND BEARING ESTIMATION 
 
A commonly used method outside the seismo-acoustic field is the Capon beamformer 
[18]. This is defined by, 

 , (15)

 

X i = E didi
T{ }  (16)

where E{} is the expectation. Although the method was invented for application at a 
seismometer array, the method is little used in seismo-acoustic studies. This may be 
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because , for transient, short duration signals, it is difficult to get a stable estimate of X 
which is required because of the requirement to find its inverse, or because the extension 
of C to wideband signals does not seem to be uniquely defined. Figure 3 shows an 
example of determining the arrival slowness vector (i.e., azimuth and inverse speed) of a 
teleseismic signal. 

 Figure 3 shows the application of the three methods C, B and F (delay-and-sum 
version, equation 5) to a teleseismic P signal from the 2009 announced DPRK nuclear test 
explosion, recorded at the Eskdalemuir seismometer array, EKA, in the UK. In this 
instance,  C is calculated for each frequency, and the figure shows the sum over frequency. 
B and F have a natural wideband interpretation. While the apparent improvement of F 
over C in this example may or may not be typical of different methods of constructing C, 
or for different data examples, the ease of calculation of F, which does not require a 
matrix inverse, is to its advantage. The use of F to measure the vector slowness of seismic 
signals is described in [19].  
 
 
5. FURTHER DEVELOPMENTS 
 
After the 1960s there seems to have been little cross-over in the development of signal 
processing methods between seismo-acoustic studies and other technologies such as sonar 
and radar. Seismo-acoustic processing is made difficult by several factors; signals are 
transient and are generally of short duration, so consequently it is difficult to determine 
their statistical distribution, and are unpredictable, especially for infrasound and 
hydroacoustics. The characteristics of background noise vary sufficiently quickly that it is 
difficult to use adaptive methods to reduce the noise. One significant advantage of seismic 
data in particular is that signals can be repeatable, i.e. two events in similar locations may 
produce signals that are similar. This suggests the use of matched filtering to detect signals 
[20]. Data storage and computing power is now sufficiently advanced that it is feasible 
that in the not-too-distant future it may be possible to simultaneously employ every 
(significantly different) seismic signal that has ever been recorded to detect new signals. 
Of course, many signals of interest, underground nuclear tests being a prime example, may 
be new events with no previous template. 
 One remaining question is, what is the optimal signal detector for signals that are 
only partially correlated at an array? Freiberger [9] and Shumway and others [21] suggest 
the use of a power estimate of the form, 
 

  (17)

Where Cn and Cs are the noise and signal covariance matrices respectively, but is this 
optimal? 
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WHY DID APPLICATIONS OF MFP FAIL, OR DID WE
NOT UNDERSTAND HOW TO APPLY MFP?
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Abstract: Matched Field Processing (MFP) was introduced in the 70’s by Bucker.
Two experiments demonstrated localization at impressive ranges with vertical line
arrays (VLA’s). MFP stimulated a plethora of articles in the 90’s and 00’s and a
few experiments and lots of simulations. MFP suggested some enabling capabilities
and was a great research topic; however, it generated a lot of “hype” for performance
well beyond what anyone who really understood the acoustics and signal processing
as well as potential navy concepts of operations (CONOPS) could believe. ONR and
then ONT invested significant amounts of funding. In the 90’s ONT embraced the
High Gain Initiative where MFP was supposed to be the answer to regain the lost
dB for ASW surveillance. MFP did not perform well which led to too may questions
for the Navy surveillance community to support MFP efforts. In retrospect the ap-
plication of MFP in HGI was clearly premature. Many fundamental oceanographic,
acoustic and signal processing issues were not understood and a lot more research
was required then. This remains true.

MFP is well suited for high SNR, well calibrated and low clutter applications,
not the low SNR, uncertain and dense clutter applications typical of ASW surveil-
lance. There were many experiments which clearly demonstrated that MFP could
work. These included the NRL FRAM IV Arctic Experiment at 250 kms, the SAIC
one at 1000 kms in the deep, eastern Pacific, the SPAWAR SWELLEX off San
Diego and the Santa Barbara (SBCX), plus several others in both the US and Eu-
rope. Nevertheless, the performance was not robust. In many others there were
high sidelobes and incorrect localizations and the predictions of simulations simply
were not demonstrated. There was never a clear answer why did MFP fail in these
applications. This leads to the question dod we not understand how to apply MFP?

Keywords: Matched Field Processing, MFP, source localization
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1. INTRODUCTION

1.1 Background

Matched Field Processing (MFP), or full field processing, accelerated into the
literature in the late 80’s. Virtually every edition of the Journal of the Acoustical
Soc. of America and/or the Journal of Oceanic Engineering had at least one and
sometimes several articles on MFP by US or Canadian authors. This was followed
by a similar trajectory in the European literature Work also existed in Russia and
China, sometimes published in western journals but most in theirs. Work continued
into the late 90’s and early 00’s when support declined. My opinion is this can be
blamed on the perception that in spite of significant support, MFP simply did not
demonstrate useful gains for Navy surveillance systems. Now MFP is viwed as the
typical academic playground based upon unrealistic assumptions. The purpose of
this contribution is to enumerate the question of the title and learn from history.
The hypotheses are purposefully confrontational. MFP was supposed to achieve full
signal gain with conventional beamforming (CBF) as well as maximum noise gain
with adaptive beamforming (ABF), so understanding why it failed is important.
The long range premise is that determining why MFP did not work can lead to a
better understandings of full field methods and the realization of some of the gains
suggested by some experiments and many simulations.

We emphasize passive MFP because that is where the action has been. There
have been papers on active MFP, or coherent broadband signals, which is related
to ocean acoustic tomography, but length prohibits a discussion of all the issues
involved. In addition, we cite only some early papers as a full bibliography on MFP
would be too long.

From its inception MFP was much more appropriate for high SNR estimation
(localization) instead of low SNR detection where there is the most interest for
ASW. (A Neyman-Pearson formulation for detection can also be used if the back-
ground noise is Gaussian with a known covariance.) Nevertheless, once experimen-
tally demonstrated MFP attracted a lot of attention. At the narrowband level
MFP promised a lot for ASW since it promised maximum amount of SNR in com-
plicated sonar environments; however, successful implementation of MFP depends
upon both ocean acoustics and adaptive signal processing. Here was a situation
where knowledge of environment and the ocean acoustics really mattered for suc-
cessful signal processing.

3.2 The combination of ocean acoustics and signal processing

The MFP paradigm is that there is an ocean model for the signal and the noise
either from models or measurements. The ocean acoustics determines the signals
at a receiving array and the noise covariances. The dependence upon the environ-
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mental parameters is very nonlinear and covers many spatial scales. The design of
MFP algorithms and their performance requires an understanding of both i) the
assumptions made in propagation codes and their impact replica design and ii) the
noise models and their spatial coherence. Examples include: i) mismatch and scat-
tering effects upon the signal lead to more than a rank 1 representation and signal
gain degradation and ii) mismatch of noise covariances determined either by models
or measurement leads to lower noise gains as well as instabilities. This implies un-
derstanding the spatial scattering function of the signal and the statistical fidelity
of noise models. ABF methods are used to maximize these gains; however, ABF
exploits a priori assumptions about the signal and estimates of the noise covari-
ances. If assumptions are not met and covariances are erroneous, performance can
be worse than not doing anything but CBF. One item important to note is ABF
gains against are achieved by nulling in either the main lobe or side lobes with can-
cellation algorithms , i.e. subtraction at successive and/or different multipaths, are
key modeling parameters. If the signal is degraded or the noise poorly estimated,
the nulling generates huge sidelobes by mismatch.

For the signal processing concepts it is generally understood CBF, which corre-
lates to a computed or measured replica, is optimal only for an uncorrelated sensor
noise and a rank 1 known replica at a single frequency. First, the replica often is not
well known because of environmental or system mismatch. Second, the extension
to fields with distributed noise and/or discrete interference (jammers) and again
the associated need to control sidelobes (ABF). The error is often made that low
beamformer sidelobes in −90.−90.◦ region, or the propagating space with wavenum-
bers less than 2π/λ. One needs to check the virtual space for a complete picture
of the sidelobes since these contribute to the sensitivity. mismatch introduced by
sensor errors such as location, gain and phase matter a lot for high gain algorithms.
An additional source is stochastic mismatch introduced by adaptive estimates of
the noise field and/or signal ooherence. Beating mismatch has led to attempts at
”robust” algorithms and many adhoc methods for ”tweaking” especially for miti-
gating sidelobes or broadening nulls. Finally, extensions to passive broadband, have
ignored signal coherence issues and some fundamental constraints of stationary ran-
dom processes.

1.3 Sources of mismatch

Beyond the acoustics versus signal processing issues the role of mismatch is
fundamental for robust MFP. We have organized them into the three categories:

1. Environmental mismatch: This includes the environmental issues leading to a
signal processing model such as propagation and noise codes as well as their
sensitivity to parameter values either deterministically or stochastically.

2. System mismatch: This includes all the imperfections of an experiment such
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as location of sensors, imprecise gains and phases.

3. Stochastic mismatch: MFP algorithms are often adaptive for sidelobe control
and this requires estimating the sample covariance matrices among array ele-
ments and coherence functions over time delay, frequency and space.

2. HISTORICAL PERSPECTIVE

we note some of the early experiments which led to the rapid emergence of MFP
in the literature. For a more comprehensive review see Baggeroer, et al [1]. MFP
started with Bucker in 1976 where he introduced calculated replicas for beamfom-
ing in the vertical for source localization [2]. It is important to understand just
what done here in terms of both the signal processing and ocean acoustics. In his
abstract he introduces the so called conventional beamformer (CBF) while he goes
onto to describe,and presumably plots, an ad hoc processor to suppress the effects
of an unknown carrier or sensor drift by removing the main diagonal. Next and
very important part was the experiment implemented by Yang (reported by Fizell
and Wales) during the ONR FRAM IV Experiment in the Eastern Arctic. He was
successful at MFP localization using a 1 km, 30 sensor vertical line array (VLA)
and a coherent source at 27 Hz and 240 km distant [3]. Important factors were:
i) the Arctic Ocean propagation some remarkable coherence since the ice insulates
the upper water column; ii) the ice provides a very stable deployment platform
for a VLA; iii) the sound speed profile is upward refracting leading to no bottom
interaction. Shortly afterwards the Single Vertical Line Array (SVLA) experiment
under classified sponsorship demonstrated range and depth localization which far
exceeded conventional resolutions in both dimensions at a megameter ranges in
the eastern Pacific. It is noteworthy that the SVLA experiment there was little
bottom interaction. See [1] for more details. This led to the High Gain Initiative
(HGI) sponsored by the Office of Naval Technology, an office then parallel to ONR
for technology. This increased funding for MFP a lot and importantly a series of
experiments whose results were eventually published in the classified Journal of
Underwater Acoustics. The NATO Undersea Research Center (NURC) sponsored a
workshop on Full Field Inverse Methods. [4] An interesting sidelight was that MFP
efforts, while not reported in the western literature, were then well developed in the
FSU. [5]

In the US the HGI was soon followed by several shallow water experiments. The
Santa Barbara Channel Experiment (SCBX) deployed five volumetric arrays and
SWELLEX off San Diego used both VLA’s and bottomed horizontal arrays (HLA).
Both led much valuable data with very carefully controlled experiments. These
were a resource to test algorithms to address many of the very significant differ-
ences between the theory (simulations) and experiment which were then becoming
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evident for MFP. The most recent large effort to date has been the DARPA Robust
Passive Sonar (RPS). Since there has not been much support for MFP experiments
with the literature containing reanalysis of old data or simulations with alternative
algorithms.

3. IMPLEMENTATION ISSUES

MFP is a complex symbiosis of the environment, ocean acoustics and signal
processing. The environmental models drive the predictions of the acoustic prop-
agation and noise fields which are then used for the signal processing algorithms.
The interaction is nonlinear and stochastic, so assessing performance degradations
is difficult at best.

3.1 Environmental Calibration

Environmental uncertainty, or mismatch, has from the beginning of MFP, been
a problematic issue and is often cited as the primary cause of failure. Direct fixes
have include:d i) dense direct sampling with CTD’s, BT’s and cores; ii) tomographic
adjuncts for water column variability; iii) high resolution bathymetry; iv) geoacous-
tical inversions for the seafloor and seismic strata. Sometimes the MFP localization
and environmental model estimation have been implemented simultaneously in what
has been labeled ”focalization” for passive receptions. Sometimes and active source
has been used for adjunct clibration as a generalization of tomography. Many “side-
lobes” usually appear and variants of genetic algorithms are used for searching the
many local peaks parameter space . One clear hint was the early successful MFP
experiments were at low frequencies and in deep water with little seafloor inter-
action. Alternative approaches were to ”detune” the sensitivity by averaging over
similar ones and robust algorithms. There are two temporal and spatial scales to
the environmental calibration problem. One is at large scales where measurements
have long time constants and spatial scales. Here explicit deterministic parameter
estimation is useful. The other is at fine scales where the dynamics are too fast and
the spatial sampling needed too dense to permit meaningful deterministic specifi-
cation. Here some form of stochastic representation such as going to higher rank
signal models is useful. Another vexing issue is the difficulty of determining ”cause
and effect”, i.e the relative importance of model parameters and their requisite ac-
curacies, for sonars. There have been a lot of simulations with ad hoc algorithms
with little insights concluded.

3.2 Element Location

System uncertainty, or mismatch, is the next most cited cause of failure. MFP
does not require a uniformly spaced, linear array with matched sensors, but these
must be known well. It is the departure from plane wave signals which leads to
localization capability; however, imprecise specification leads to performance degra-
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dations. CBF is more tolerant to ABF especially for fields with strong jammers.
Element gain and/or phase mismatch also leads to this. MFP advantages excel us-
ing VLA’s since it is the vertical coherent multimode/multipath of the signal field
which is exploited. Tracking locations of an array subjected to currents, especially
shear, over large apertures is challenging. Several methods can be used: i) acous-
tic element location (AEL) with an adjunct set of transceivers on the seafloor; ii)
embedded tilt meters; iii) inversion from the data. The AEL technique has been
refined over many years in ocean acoustic tomography (OAT) and is probably the
most accurate. The literature has many algorithms often using Kalman like filters
which incorporate the cable dynamics; nevertheless, quantitative assessments often
used in radar such as the Gilbert-Morgan bounds have not been used. Bounds can
set limits on the MFP performance especially for assessing nulling performance for
adaptive algorithms. Equally important are careful attention to the tensions, drag
and strumming. Experience has demonstrated that siting the location of a single
VLA can be done, but cohering multiple VLA’s over any significant offset distance
is very difficult with the scene when tracked appearing as twisted spagetti strands
drifting in the currents. Lots of simulations AEL, but not many overarching guide-
lines.

3.3 Simulations vs Data

MFP combines ocean acoustics and signal processing and attracted researchers
from both fields. Often this led to problems and a low reputation for MFP. In the
the first experiments both the acoustics and the signal processins were straigth-
forward. Subsequently, frequencies increased and shallow water experiments were
done. Acousticians used processing algorithms often without regard to their fun-
damentals and signal processors perceived MFP to be just another beamforming
method without regard to robust propagation models. Examples include ignoring
phase issues for covariances, sample versus ensemble covariances and the conse-
quences of stationarity of passive signals, not understanding consequences of prop-
agation physics and codes, ignoring dispersion effects, idealizing concepts about
rays and modes. The confrontation came when using experimental data instead of
simulations. Unfortunately, the literature contains too many examples using just
simulations. Success with data requires training and experience not just simula-
tions. The adage that purpose simulations is insight, not numbers needs to prevail.

3.4 Adaptive Beamforming and Statistical Mismatch

Narrowband MFP leads to many of the same problems often encountered in
irregularly spaced arrays. There is no Fourier transform theory which enables pat-
tern control by tapering or windowing. In the absence of method of tapering CBF
was used and the results were high sidelobes appearing at unpredictable locations
in the range/depth ambiguity plane. Numerical methods for deterministic pattern
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control do exist which can be extended to MFP; however, they tend to have limited
bandwidth and high sensitivities. This led to the use of ABF which gave sharp-
ened responses. The global peak was in the same location as CBF, but it was
easier to identify. This introduced the ”law of unintended consequences”. ABF
required covariances which had to estimated from the data. These were easy to
specify in simulations as ensemble quantities, but applications required sample co-
variances. In many early MFP applications the differences between sample and
ensemble covariances were just not understood. The estimation and properties of
sample covariances are the subject of the multivariate analysis not often cited in the
MFP literature. The most popular algorithm was the minimum variance distortion-
less filter (MVDR) which was introduced for seismic arrays and rapidly acquired a
big following for radar. The statistical properties, or the statistical uncertainty of
MFP using MVDR has received scant attention in underwater acoustics. In most
cases the unstable aspects of inverting sample covariance matrices were fixed by
using diagonal loading or subspace methods borrowed from radar but without a
clear understanding of the biases and variances of these algorithms.

3.5 Multipath and Mode Coherence

MFP is enabled by the coherence among the multipaths and/or modes. All
propagation codes, whether based on modal expansions, Green’s functions or ray
paths, implicitly incorporate this rank 1 coherence for generating appropriate repli-
cas. (Coherence for broadband MFP introduces another another set set of issues
for both passive and active MFP.) Almost all MFP algorithms do not include the
loss of coherence because of volume, bottom and surface scattering. In principle
the inhomogeneity of the scattering can incorporated in a range dependent such as
modes and 3D codes; however, the scale of the scattering is simply too fine to know
deterministically even if one had full confidence in the fidelity of these codes. Some
form of incorporating randomness in the signal models are needed. Array signal
gain (ASG) was perceived as a loss of coherence and often confused with coherent
path or mode interaction especially for VLA’s. Reconciling coherence models and
measurements such as needed for ASG is very subtle especially at high frequencies
and this has not received much attention in the MFP literature.

3.6 Aperture Size vs Adaptation

A subtlety of ABF especially for MFP is that coherent processing over the max-
imum horizontal aperture is not always the best choice. The is a consequence of
using sample covariances and the stationarity of ambient noise field. The funda-
mental issue is that the window duration of frequency domain ”snapshots” used
for the estimation must be longer than the time required for a signal to transit
an aperture; otherwise, events could be captured in different windows and the all
important relative phase coupled to the propagation delay among sensors is lost.
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The ambient field typically contains moving ships which act as discrete interferers.
Large apertures lead to narrowbeams. so the time for a ship to cross one of these
beams sets a scale on the stationarity of the field. This in turn limits the number
of available ”snapshots”. The number of these needed for stable adaptation is com-
plicated and depends upon the algorithm used to estimate the covariance. More
snapshots are better, but the combination of time to cross a resolution cell and
signal transit time across an array establishes a limit which tends to push towards
smaller apertures. This issue is not completely understood in the context of large
arrays, however, several applications of ABF to field data have stumbled on this
issue of poorly estimated sample covariances.

3.7 Element space, Beamspace and Dimensionality

The ratio of ”snapshots” to sensors is an important parameter for ABF. The
higher the better and leads to sample covariances with stable eigenvalues and sub-
spaces. Sensors need not literally be a transducer especially when the wavenumber-
aperture product of an array is small, an analog to an oversampled time series.
This is often the case for VLA’s in ocean acoustics where propagation confined to
± 20◦, or 1/3 of the propagating wavenumber domain as well as sensor spacing
less than λ/2. This leads to using methods of spatial preprocessing to reduce the
dimensionality of useful observations. The most direct is to use preformed beams,
modal beams and more generally singular value decompositions. Modal beams are
attractive because they can remove bottom interacting components which are often
confusing for computing replicas because of seafloor uncertainties. Alternatively,
one can use the eigenvalues of the sample covariance to implement subspace meth-
ods. This is roughly parallel to the use of “empirical orthogonal functions” in some
literatures.

3.8 Computational capabilities

MFP is computationally intensive because of the replicas are a product of sen-
sors, nummber of range/depth (and azimuth?) cells and the frequency bins. This
also leads to large memory needs. In addition, ABF adds accumulating and invert-
ing potentially large sample covariance matrices across the frequency bins. This
need was recognized early for MFP and was a significant concern for the RPS pro-
gram. Any successful MFP program beyond academia must still must address the
computational demands. Replica calculations readily fit into a parallel processing
paradigm as well as more efficient wave equation solvers.

3.9 Lack of understanding re signal processing and/or ocean acoustics

Unfortunately, there has been a plethora of signal processors who have ended up
in ocean acoustics with a minimal knowledge of ocean acoustics as well as acousti-
cians with a like knowledge of signal processing. In fairness, both topics typically
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involve a curriculum usually three or four subjects deep at the upper level under-
graduate and graduate level. More often this learning has been done by on the job
training which can leave significant knowledge gaps. MFP simulations attracted
a lot of adherents as the solution to obtaining large spatial gains and these failed
upon the test of expirimental data. Often these were not subtle failures, but a real
lack of understanding of the ocean acoustics and/or the signal processing. From
another perspective there has been a lot of MFP literature starting with ”we tried
this which led to these results” without physical understanding, counting the dB’s
or trying to understand performance. The ABF literature also has had a lot of this
flavor with ”supergain” algorithms of the academic literature. We have the belief
this literature contributed a lot of the subsequent demise of MFP for applications
to Navy sonars.

4. SUMMARY

We have posed the question ”Why did MFP fail”? We have listed several rea-
sons where ”’we’ did not understand how to apply MFP”. We have the contention
that when used appropriately such as for shallow water at low to mid frequencies
or deep water at low frequencies MFP can be very successfully exploited when the
acoustics and signal processing are implemented correctly.
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Abstract: Military sonars must detect, localize, classify, and track submarine threats from 
distances safely outside their circle of attack.  However, conventional pulsed active sonars 
(PAS) have duty cycles on the order of one percent which means that 99% of the time, the 
track is out of date.   In contrast, continuous active sonars (CAS) have a 100% duty cycle 
which enables continuous updates to the track.  If one can overcome technical challenges 
such as the high dynamic range required by the receiver, then CAS should significantly 
improve tracking performance in the free-field environment which one encounters 
(approximately) in the deep ocean; however, improvements in tracking performance in 
shallow water are not assured since both targets and clutter will be tracked continuously 
and CAS may increase false tracks to an unacceptably high level – essentially 
continuously tracking the clutter.  Theoretical predictions of performance are challenging 
since the reverberation background for shallow water CAS has not been accurately 
modeled.  To compare performance of CAS with conventional PAS in the littorals, a set of 
experiments are being conducted as part of the Target and Reverberation Experiment 
(TREX) in May 2013.  The trial occurs after the submission deadline for this conference 
which prevents any experimental results from the trial being included in this Proceedings.  
Rather, a unique experiment designed to compare performance of CAS with conventional 
pulsed sonar is presented in the paper, and preliminary results from the field trial will be 
presented at the conference. 

Keywords: Continuous Active Sonar, Sonar Performance 
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1. INTRODUCTION

During the past few years, Continuous Active Sonar (CAS) has been promoted as a 
potentially powerful Anti-Submarine Warfare (ASW) technique that could substantially 
improve performance over traditional Pulsed Active Sonar (PAS) systems.  Continuous 
Active Sonar (CAS), sometimes referred to as Continuous Transmission FM (CTFM) 
Sonar1, is best understood by contrasting with a conventional Pulsed Active Sonar (PAS).  
PAS sonar typically transmits a short CW or FM pulse during which the receiver is 
disabled, followed by a relatively long dwell period during which the receive array is 
enabled to listen for echoes.  Typical values for transmit time and pulse repetition are on 
the order of one second and tens of seconds, respectively.  A typical CAS system on the 
other hand, transmits continuously, sweeping across several hundred Hertz in tens of 
seconds, after which time it would immediately begin the next transmit cycle, with its 
receiver enabled the entire time. Although CAS has recently become a hot topic, it is by 
no means a new technique; the initial research and development of CAS is nearly four 
decades old [1-5] but as is often the case, the technology has only recently matured 
enough to generate renewed interest [6, 7] and allow exploitation [8].  

2. PROS AND CONS OF CAS 

There are several potential advantages to the CAS system: 
 

1. There is no “blind” time during which the receiver is disabled for pulse transmission. 

2. During a single transmission cycle, the system can have multiple updates on target 
location, should the user choose to process sub-bands of the FM transmission. 

3. CAS systems typically use relatively high bandwidth transmit signals which could 
be used to improve classification, in addition to improved detection and tracking.  

4. Since the total energy transmitted by a sonar is proportional to transmit power times 
pulse duration, CAS can have a source level 10-20 dB lower than a PAS system yet 
still transmit the same total energy. This has several inherent advantages: (i) reduced 
power requirements allows for reduced system size (amplifiers, array cables, etc.); 
(ii) reduced risk of transducer cavitation especially at shallow depth, and a reduction 
in transmit non-linearities; (iii) lowering source level would substantially decrease 
the cost of wide bandwidth transmitters; (iv) a reduced physiological impact on 
marine life. 

These advantages notwithstanding, there are several issues that need careful 
consideration before one can fully endorse the CAS solution: 

1. CAS requires a very high dynamic range receiver to (i) prevent receiver overload, 
shutdown and/or signal distortion (clipping) by its source during continuous 
transmission, and (ii) permit detection of low signal-to-noise ratio (SNR) targets 
during continuous transmission.  A consequence of this is that CAS is incompatible 
with older, low-dynamic-range receivers that are still in service. 

                                                           
1 CAS can also refer to continuous transmission of a CW wave but this application is not addressed here. 
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2. Processing gains for very wideband FM pulses are more sensitive to Doppler 
mismatch than that predicted using narrow band assumptions. 

3. Although reduced source level will reduce physiological impact on marine 
mammals, CAS may induce significant behavioural response in marine mammals 
with unknown consequences. 

4. CAS may negatively impact human performance due to its constant presence. High 
levels of annoyance and/or distraction, and sleep deprivation could have serious 
impact on ship crew performance, especially in combat situations. 

5. CAS was originally conceived to allow continuous detection and tracking in a deep 
water convergence zone environment to prevent barrier penetration.  For example, 
ASW combatants escorting high value assets across an ocean basin could use CAS 
to clear a radius around high value assets.  Once that area was clear, the continuous 
transmission would prevent an enemy submarine from penetrating the barrier; but 
this Cold War concept of operation assumes low clutter (and therefore a low false 
alarm rate) and very favourable transmission conditions with no bottom or surface 
interactions.  There is no evidence that the system performs well in littoral 
environments and this is a critical issue that must be addressed scientifically and 
operationally, not anecdotally. There is a fundamental issue for high clutter 
scenarios that must be addressed; that is, slow moving targets are lost in clutter and 
whether or not continuous echoes provide sufficient information to reject clutter 
must be substantiated. Additionally, there are no surface or seabed reverberation 
models developed and validated for wideband, long duration waveforms in the 
littorals. (Reverberation gain is extremely difficult to estimate in the littorals 
because complex boundary interaction models are required for the sea surface and 
the seabed, and PAS experiments in littoral waters have shown that simple models 
that employ Gaussian statistics for reverberation are incorrect [cf. 9 and references 
therein].) 

To examine some of these issues and compare the performance of CAS with 
conventional PAS in the littorals, a set of experiments are being conducted as part of the 
Target and Reverberation Experiment (TREX) in May 2013.  Unfortunately, the trial 
occurs after the submission deadline for this conference which prevents any experimental 
results from the trial being included in this Proceedings.  Instead, the  experiment designed 
to compare CAS and PAS performance is presented in the paper, and preliminary results 
from the field trial will be presented at the conference. 

3. PROS AND CONS OF CAS 

The TREX trial is being conducted in shallow water just off the coast of Panama City, FL 
in about 20 m of water. (See trial site, Fig. 1.)  Although this depth is unusually shallow in 
terms of ASW, it has several advantages: lower source levels can be used which reduces the 
environmental impact of the experiment, shorter ranges are needed to include multiple 
surface-bottom interactions, and the shallow depth allows for substantial diver support – 
most notably this allows for the source and receiver to be easily fixed in the water column so 
that the effect of the water channel on propagation and reverberation of CAS and PAS 
signals can be isolated from sonar motion.  
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Figure 1: Site location and CAS and PAS tracks. 
Clutter objects are shown as black dots. 

Figure 2: Sample reverberation at TREX 
site collected in 2012. See text for details.

The CAS and PAS components of TREX will involved R/V SHARP which will be fixed 
in a four-point mooring and CFAV QUEST which will tow SmartER a “smart” echo-
repeater (ER); “smart’ in this context means that the echo-repeater is configured to convolve 
incoming pulses with a simulated-target impulse response, rather than a simple retransmit of 
the incoming signal (a plane-wave reflector impulse response). An ITC 2015 transducer and 
the FORA (Five Octave Research Array) will be fixed in the water and cabled about 100 m 
to SHARP for the CAS and PAS experiments.  FORA's broadside beam will be steered 
along the (average) direction of the 20 m contour and QUEST will run a 10 km track (track 
1) opening from SHARP in the SE direction along FORA’s broadside beam.  Partway 
through the field trial, FORA will be reoriented so that it’s broadside beam is directed 
offshore toward a clutter field consisting of several man-made reefs and naturally occurring 
cobble, and QUEST will run a 10 km track (track 2) opening from SHARP in an offshore 
direction.  Both tracks will be done multiple times using a variety of echo-repeater 
configurations which will be outlined in the following section.  The sonar pulses will be 
designed so that equal energy is contained in both CAS and PAS transmissions. The source 
level (SL) used in the PAS experiments will be approximately 203 dB re 1μPa@1m and the 
CAS SL will be lowered by 10log(Tr) where Tr is the ratio of the CAS-to-PAS pulse 
duration. This will ensure that any performance advantages in detection, classification, 
localization, and/or tracking (DCLT) from either approach should result directly from the 
CAS/PAS methodology (in actual experimental conditions).  The metrics used to quantify 
performance will include probability of detection, false alarm/false track rates, and track 
latency. 

4. EXPERIMENTAL CONSIDERATIONS 

One of the more interesting aspects of CAS and PAS is to compare performance in both 
reverberation-limited and ambient-noise limited conditions.  The range at which this 
transition occurs can be controlled by judicious selection of SL, bandwidth (BW), and pulse 
duration (Td). The nominal pulse proposed for the experiments will be a 1 octave linear FM 
pulse (LFM) from 1800-3600 Hz and Td = 500 ms but these parameters will be adjusted 
based on experimental conditions measured at the time of the trial.  PAS reverberation data 
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previously collected at the site [10] are shown in Figure 2.  The curve corresponds to the 
match-filtered output of the FORA receiver for a 100 ms,  linear FM (2500-3500 Hz) with 
SL = 203 dB re 1μPa@1m. The range at which reverberation decays into the ambient noise 
background occurs at approximately 5 km, or about the halfway point in the tracks; 
however, if one were to increase Td to 1s the reverberation would increase by approximately 
10 dB; conversely increasing the BW to 2 kHz would raise the ambient noise by 
approximately 3 dB.  Just prior to the CAS-PAS experiment a series of reverberation 
measurements will be made at the site with bandwidths varied from 200 to 1800 Hz and 
pulse duration varied from 0.1 to 1 s.  The results from these measurements will be used to 
set the experimental parameters to ensure that the transition from reverberation-limited to 
ambient-noise-limited conditions occur within 1-2 km of the midpoint of the track. 

5. CAS AND PAS PERFORMANCE COMPARISON METHODOLOGY 

A primary challenge of this experiment is that conventional ER experiments usually 
introduce a time-delay in the re-transmission from the echo-repeater.  This prevents its 
acoustic output from feeding back into the echo-repeater receiver during pulse reception and 
causing a feedback loop; however, introducing a simple time delay is not possible for a CAS 
pulse since by definition, CAS is always transmitting.  A secondary but still significant 
challenge is to test both CAS and PAS as closely in space and time to one another as is 
possible to provide the most accurate comparison.  The approach to be taken is to employ 
several techniques of increasing complexity; the simplest ensuring a basic comparison 
between CAS and PAS, and the most complex providing the most realistic comparison (in 
the absence of a real target) but at the cost of higher technical risk.  A description of the four 
techniques is provided below: 
 
Technique 1: PAS and half-CAS run consecutively: In this simplest approach, a complete 
PAS run will be done, followed by a CAS run repeated a few hours later along the same 
track.  To simplify echo-repeater operation, the CAS pulse will be programmed to record-
only on even-numbered pulses and transmit-only on odd-numbered pulses.  This does 
means that the target echo arrives back at RV Sharp (the source ship) with reverberation 
from the succeeding pulse; but more importantly it allows the target echo to arrive co-
temporally with reverberation from the same range at the target rather than some greater 
range associated with the time-delay that is usually introduced to reduce feedback, as 
discussed earlier.  This approach means that coverage is limit to 50% of the track rather 
than full CAS coverage; but it does provide a realistic comparison of PAS to CAS as long 
as the duration of the PAS pulse is much shorter. For a pulse repetition rate (prf) of 1 ping 
each 20 s, and a PAS duration of 0.5 s, the CAS pulse would be 40 times longer than the 
PAS, resulting in a valid comparison. 
 
Technique 2: PAS half-CAS run concurrently: In this approach a down-swept PAS linear 
FM is embedded in an up-swept CAS  linear FM.  The CAS pulse would be reduced to a 
duty cycle of 50% with the ER transmitting immediately after completion of the incoming 
pulse.  This allows a co-temporal comparison of both sonar methods because using an up-
sweep for one and a down-sweep for the other virtually eliminates correlation between 
their respective replica correlation filters.  Simulations indicate that replica correlation of 
the CAS pulse with the PAS replica (and the PAS pulse with the CAS replica) provides 
greater than 40 dB of rejection of the alternate pulse type. 
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CAS     PAS 
Figure 3: PAS and half-CAS run consecutively. The solid FM pulses in the top half of the 
panels are recorded, delayed and echo-repeated to provide target echo. Dashed FM 
pulses provide reverberation background. PAS and half-CAS run concurrently is 
achieved by simultaneously transmitting the CAS and PAS pulses. 

Technique 3: Dual-band Frequency Mapping: In this approach, the CAS FM bandwidth 
is reduced to 900 Hz and a second “sacrificial” CAS is transmitted simultaneously as 
follows: The first waveform, linear FM1, is 1800-2700 Hz; the second waveform, linear 
FM2, begins transmitting at the same time as linear FM1, but is scaled by a factor of 1.667 
in frequency and 1/1.667 in duration. (Eg., linear FM1 BW = 1800-2700 Hz, linear FM2 
BW = 3000-4500 Hz. In this technique, the low-frequency FM pulse is only used to 
provide the reverberation background received at FORA.  The signal received by SmartER 
is high-pass filtered to pass only FM2, which is digitized, frequency and duration shifted 
by the 1.667 scaling factor, convolved with the target impulse response, and re-transmitted 
by SmartER as a linear FM pulse from 1800-2700 Hz.  (See Figure 4.) This approach 
sacrifices the top half of the CAS bandwidth (2700-3600 Hz) but enables nearly full CAS 
processing; that is a CAS duty cycle  90%.  It also assumes that the differences in 
propagation in the two sub-bands FM1 and FM2 will have minimal effect on performance 
since the reverberation has two-way propagation in band FM1 whereas the target echo has 
one-way propagation in each of the two frequency bands.  In any case, propagation will 
affect CAS and PAS equally so relative performance should be unaffected. 

 

Figure 4: Dual-band frequency mapping.  
The lower frequency FM pulse (solid line) 
provides the reverberation background. The 
higher frequency FM pulse (dotted line) is 
frequency and time shifted, and echo-
repeated to provide the target echo. 

Figure 5: CAS using a frequency-tracking 
bandpass filter on the SmartER receiver 
in conjunction with a frequency offset 
(time delay) in the SmartER transmitter. 
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Technique 4: Frequency-tracking CAS filter: In this approach a narrow-band frequency-
tracking filter on the echo-repeat receiver is used in conjunction with a frequency offset 
(time delay) in the echo-repeat transmitter to enable nearly full CAS processing; that is a 
CAS duty cycle  90%.  The time-delay on the echo-repeat transmitter ensures the echoed 
signal is slightly retarded in frequency from the incoming signal, and the narrow-band 
tracking filter prevents the signal transmitted from the echo-repeater from feeding back 
into the echo-repeat receiver and corrupting the incoming pulse.  The technique is depicted 
schematically in Figure 5. 

6. SUMMARY

There is no doubt that CAS offers some exciting possibilities in ASW but its 
performance in high clutter (eg. littoral) environments has not been experimentally 
verified, and is by no means assured.  The experiments planned and data collected during 
the TREX 2013 trial should help to answer some of the questions surrounding its 
performance in the littorals, and identify other questions that need to be explored.  
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Abstract: The advances in Low Frequency Multistatic Target Tracking (LFMTT) in the 
last years suggest focusing on the natural follow-on development step: Cooperative Target 
Tracking for LF sonars (LFCTT). LFMTT is, in this paper, defined as the task to filter 
target movements from given measurements. Sensor management already extends the 
LFMTT by a predefined procedure how to derive an optimal response in terms of signal 
settings and platform movements. Part of this procedure is the optimization of a given 
objective function within the parameter space described by the specific sensor and 
movement constraints. The optimization becomes computational infeasible when multi-
platform tasking and path planning have to be performed for long time periods ahead 
which are especially necessary for low frequency sonar operations. Furthermore, during 
these longer time periods the validity of the underlying model parameters which have led 
to the definition of the sensor management procedure cannot be granted. Hence, for 
LFCTT various coordination methods for the multistatic platforms have to be evaluated in 
the light of this uncertainty. In this paper, techniques for cooperative target tracking in 
use in the robotics community are checked for their applicability to LFCTT. 

Keywords: Low Frequency Active Sonar, Multistatic Sonar,Cooperative Target Tracking
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INTRODUCTION

By using low frequency active sonar the detection of submarines at large distances 
becomes possible. However, modern submarines have a stealth design. Trained 
commanders will utilize this stealth design to avoid detections as much as possible. For 
geometrical reasons the spatial distribution of a low number of acoustic low frequency 
sources leads to a decreased amount of degrees-of-freedom the submarine commander has 
available to make his short-term and long-terms plans. Information theoretic metrics (e.g. 
Renyi entropy [1]) can be used to calculate the information added by using multiple 
sources and receivers. Further added-value of multi-bistatic and multistatic low frequency 
sonar operations are listed as [2]: short latency (due to effective Doppler processing), high 
precision (due to triangulation), less false alarms and anti-stealth, which all has been 
clearly demonstrated in scientific experiments. 

Acoustic sources are rather large and heavy and have a high demand on energy for a 
persistent operation. For logistical and maintenance reasons they probably have to have a 
surface expression. Allowing a precise Doppler analysis of echoes they should go at a 
rather lower speed. A reasonable design for the acoustic sources is being deployed as 
stand-off sources, i.e. far away from the area where targets are expected.  

This target area is then in the field of view of several receiving platforms, which can be 
designed to be small and of low weight. Persistence, even as unmanned vehicles without 
surface expression, can be implemented through a proper logistic of assets exchange and 
refuelling. A sketch of this scenario is given in Fig. 1. These covert and low cost receivers 
are of huge interest when a persistent and scalable solution for large area surveillance has 
to be implemented [3]. 

In this paper, we discuss a potential concept for Cooperative Target Tracking in 
particular for the implementation with low cost autonomous vehicles which are deployed 
to perform surveillance in a predefined large area covered by several stand-off sources. 
This implementation can be described as a sensor network consisting of distributed mobile 
sensors with limited inter-platform communication. With regard to communication, we 
assume that the stand-off sources can be used to continuously distribute a small amount of 
coordination information via the acoustic underwater channel. The receivers should be 
kept as much as possible covert (in order to deny the stealth target to adapt to the source-

Figure 1 Scenario consisting of a surveillance area (right), areas for autonomous receivers (middle) and stand-off
acoustic sources (left). For low frequency active sonar, the actual distances between the boxes can be large,
especially for the sources (black dots) which are operating as stand-off illuminators of the surveillance area. The
goal of the target (red dot) is to reach the left side of the surveillance area. It can hide at clutter points (black
lines). The coordination necessary in this LFCTT game is for the receivers (blue arrows) which have to have a
simultaneous good view on a specific patch in the surveillance area to make optimal use of the multi-source and
multi-receiver setup. Since the discrimination of clutter and target detections is difficult because of
nonstationary fluctuations, we assume that the best data for such discrimination is generated if the sound
transmitted from all three source is hitting the same patch to which the receivers are focussing.
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receiver geometry), but having the capability to transmit over the low-frequency acoustic 
channel information on specific confirmed tracks. This information can be encapsulated 
into a few hundred bytes every minute. For this scenario, we develop a coordination 
scheme and outline how to evaluate its parametric settings. Cooperative target tracking  is 
a very active research field in the robotics community, and we are transferring techniques 
and results to the Cooperative Target Tracking for Low Frequency sonars (LFCTT). 

PROBLEM FORMULATION AND APPROACH 

We start with a description of the theatre: 
The scenario described in the introduction can be formally described as a decentralized 

partially observable Markov decision process (DEC-POMDP). Following the notation in 
[4], we further have to specify: 

I is a finite set of indexed agents: 2 AUVs and 3 acoustic sources, plus one 
target.  
S is a finite set of states: Possible positions and velocities, plus ping schedule 
for the sources. 
A_i is a finite set of actions available to agent i and A is the set of joint actions, 
a, whereby the target is not cooperatively acting to generate joint actions. 
A Markov transition function denotes the probability that after taking joint 
action a in state s a transition to state s' occurs. 
A finite set of observations available to agent I and a set of joint observations. 
An observation function denotes the probability of observing a joint observation 
o given that joint action a was taken and led to state s'. 
A reward function denotes the reward obtained after joint action a was taken 
and a state transition from s to s’ occurred. 
If the DEC-POMDP has a finite horizon, that horizon is represented by a 
positive integer. 

The local policy for agent I is a mapping from local history of observations at agent I to 
an action. To program the autonomy in the autonomous receivers, this local policy has 
to be found. 

Before filling this template for a decentralized mobile sensor network, we have to look 
more closely to the scenario it has to be applied to. There are two major issues: 

(i) Environmental conditions for LFCTT: 

highly variable environmental conditions lead to the necessity for an adaptive 
decision making process; 
large surveillance areas lead to a large finite set of states; 
persistent operations lead to a large finite horizon for which the DEC-POMDP 
has to be valid. 

Under the conditions just described, it is computationally intractable to find solutions for 
the local policy by standard methods. We need to apply heuristics which allow us to 
decrease the computational load to a feasible level. The art is to make simplifications, 
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stemming from the heuristics, which still have to lead to a realistic modeling of the 
scenario. 
 

(ii) Tactical scenario dealing with smart adversaries: 
It is reasonable to differentiate between three extreme scenarios:  

In a scenario with a very capable (e.g. very fast and clever) target within an area 
characterized by a high false alarm rate, e.g. due to diffuse clutter, it is obvious 
that not even the best sensor network (and therein the best coordination scheme) 
can help to detect, avoid or catch the target.  
On the other extreme, a scenario might be envisioned in which the sensor and 
sensing platform capabilities are much advanced compared to the capabilities of 
the target. In a scenario of this kind, the probability that the surveillance team 
can successfully detect, avoid or catch the target is equal to 1 for all possible 
paths the target can take. Even if the target takes within its capabilities the best 
policy to calculate from his knowledge of the world the best action, it will fail 
to achieve its mission goal. 
In between these two extremes there are scenarios in which the capabilities of 
the target and the surveillance team are more or less equal. Game theory has to 
be applied to analyze such scenarios. 

In the general LFCTT case, neither party (target or surveillance team) can in general 
afford to have equipment available for persistent and large area superiority; hence 
applying game theoretic approaches seems to be a logical design decision. 

We are taking explicitly into account that LFMTT can suffer from clutter which are 
more or less stochastically occurring false contacts stemming from sound reflections on 
underwater structures. Because these structures are known to have a nonstationary 
character, we assume that different aspects to clutter detections help to distinguish them 
from target detections, especially if the sound generating the different aspects is arriving at 
the same time at the patch where the clutter is occurring. 

The nonstationary fluctuation of clutter is another reason for an environmentally 
adaptation at execution time. Furthermore, clutter is a place to hide for a submarine, hence 
clutter is playing a major role in the game. 

Instead of applying the DEC-POMDP formulation to LFCTT, a possible approach from 
control theory is to model the target as a worst-case target, meaning that in every time step 
of the game, the target is reacting maximally non-cooperatively, trying to avoid any 
detection as much as possible. This approach finds the target policy by minimize the 
reward of the surveillance team by its action immediately following an action of the 
surveillance team [5]. It can be shown that inserting the resulting target policy to the 
control equations of the surveillance leads into a set of equations dealing separately with 
the controller and with the observer design for the surveillance team. At least in the linear-
quadratic control case this leads to closed-form equations for how to handle the 
observations and how to react after analyzing them.  

The disadvantage of this worst-case design is that it is making the most pessimistic 
assumptions which actually might occur rarely in a real world scenario, but result in a high 
demand on quality of sensors and number of assets in the surveillance team. The resulting 
design of the surveillance team is probably close to the scenario where all possible target 
tracks lead to detection of the target (independently of its strategy) because rethinking the 
worst-case setup means that the target might guess that the surveillance team is preparing 
for its most clever move, hence it is taking a (from the perspective of the surveillance 
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team) less clever, but (with the surveillance team having expected a different move) at the 
end successful move. As a result, the surveillance has to be prepared for everything, which 
means organizing itself to detect targets under all circumstances which is one of the 
extreme scenarios previously deemed to be unaffordable.  
Instead, we are looking for a more realistic target behavior and therefore realistic demand 
on the surveillance team. To further analyze this game of cooperative target tracking in a 
more realistic way, in this paper we choose a heuristic generally used for the analysis of 
complex adaptive systems: “Avoid interdependencies, strengthen interconnectivity”. Via 
this heuristic the resulting network becomes more traceable (i.e. phase transitions are less 
complex) [6]. Complex phase transitions lead to an unpredictable chaotic behavior of the 
entire system. 
The interconnectivity is maintained in LFCTT by the usage of multiple acoustic sources 
and receivers, given the diversity of aspects on the target resulting in increased detection 
probabilities and increased traceability of the target [7]. 
For the avoidance of interdependencies we infer: Since neither target nor the surveillance 
team want to invest in an unpredictable adventure, in which the own capacities do not play 
a role, we deem that this heuristic is valid for the LFCTT scenario. We will show in the 
following how this heuristic can be used to reduce the complexity of the game-theoretic 
analysis. 

AVOIDING INTERDEPENDENCIES

We are assuming that the LFCTT scenario has to two different phases: Phase 1 is where 
the target’s position is unknown to the surveillance team, called search phase. Phase 2 is 
the phase in which the surveillance team has made a definitive decision on the target’s 
position and tries to hold the track as long as necessary to initiate an appropriate action. In 
the following of this paper we focus on Phase 1, the search phase. Phase 2 is implemented 
by the sensor management approaches dealing with the rather short term observability of 
the target [1].  
In the search phase, if the surveillance team is acting such that the target cannot predict its 
behaviour over a longer time frame, an appropriate strategy for the target is to act 
optimally on the current situation, but to avoid situations in the near future in which it 
might not have alternative decisions. The target tries to act as much as possible 
independently from the surveillance team. In this case, the target behaviour can be 
described by a POMDP, which is no longer connected to the DEC-POMDP specified 
earlier. The target is deciding on its own on the actual situation. It can also be modelled as 
a Cellular Automaton (CA) on the grid [8]. We further assume that the CA consists of a 
small number of “mental states” (e.g. reckless, offensive, defensive, cautious, 
conservative) which influence how the actual path planning of the target is executed. We 
define that each action possible in a “mental state“ leads to independence from the 
surveillance team in the near future. Changing the “mental state“ is only possible for the 
target when 

the target certainly knows that it is undetected or already again undetected for a 
longer period of time 
the target has reached a point to hide, which can be made available by the 
environment via clutter fields with a probability of occurrence (fuzzy clutter) or 
already known clutter points 
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the target has reached a safe point far enough away to be not affected by the 
surveillance team to which it returns e.g. in case a “mental state“ tried before 
has failed 
the target has reached a point in which there are still many “mental states” (and 
therefore actions) available to be finally successful and the surveillance team is 
still acting randomly and independently of the target actions. 

An example of a scenario for the target deciding how to act next is given in Figure 2. 

We summarize the simplification approach developed via the independence heuristic: 
The target is now modelled as a CA with a limited number of “mental states”.  
We further simplify our model of the LFCTT game that for each “mental state” only one 
or two actions are possible. The surveillance team does not know which action belongs to 
which “mental state”, but by minimizing the probability for the target to move in a specific 
direction without being detected, it minimizes simultaneously the cardinality of “mental 
states” available for the target. 

RESULTING SURVEILLANCE BEHAVIOR 

To simplify the calculations for a realistic implementation of a surveillance behaviour, 
we model the sensor performance in a very coarse grained manner, taking only grid cells 
into account which are under best surveillance conditions. This approach is similar to the 
“winner-takes-all” methodology in artificial neural networks. Therefore, we call these grid 
cells the WTAs of the surveillance team.  

We explicitly model the existence of clutter which can consist of database knowledge 
prior to the measurements or of results from an in-situ clutter analysis during the execution 
of LFCTT. As we have pointed out, the clutter plays a major role in the LFCTT game: It is 
influencing the measurement performance of the surveillance team and it is influencing 
the target movements. Therefore, the resulting surveillance behaviour has to be 
incorporated the available information on clutter at execution time. 

Figure 2: An example for the decision making process inside the target (red dot). Modelled as a Cellular
Automaton, (CA) it is deciding depending on its “mental state” on how the path for the near future actions is
calculated. Since clutter points are generally a place to hide, in this example we depict a one-to-one mapping of
“mental state” (reckless, offensive conservative, defensive, cautious) and actual path. The reality in LFCTT is
much more “stochastic” in the sense that uncertainty about positions, resolutions and performance of tracking
processes by the surveillance team have to be taken into account. But these effects are understood in the sense
that they can be adequately modelled to extend this simplified CA model. 
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We repeat the assumption that classification is best when three sources ping together at 
one target, i.e. when the time-difference of arrival of the sound at a specific patch of the 
surveillance area is zero. The simplification for sensor performances by WTAs helps to 
infer that the best performance is generated if crossing beams of the receivers are located 
in the area defined by the sound sources. This leads to a coordination scheme in which the 
sources are also coordinating the movement of the AUVs. 
The scan of the surveillance area can have a preplanned part or it can be environmentally 
adaptive with regard to the choice of signal parameters by the sound sources. The scan 
sequence should be pseudo random. Given the geometry of the source positions relative to 
the surveillance area, the scan of the surveillance area should cover it with best overlap 
and less interference. This is somehow similar how a Costas Code [9] is covering the time- 
frequency plane.  
It is important to note that this procedure allows quick changes in where the best 
surveillance is taking place. The changes are therefore unpredictable for the target, which 
is in line with the application of the heuristic and the gaming scenario in the previous 
section. The resulting surveillance behavior is depicted in Figure 3. 
The Phase 1 of the game is finished if either the target makes it though (reaches its goal) 
or the surveillance team wins if it correctly passes the cooperative target tracking to Phase 
2 and is able to hold the track in this phase 2 for a sufficiently long period in time. 

Remark on the covertness of receivers: The target does not know which actions the 
receivers are taking. However, it is reasonable for the target to assume their existence 
(otherwise the game-theoretic setting would not apply). The receiver positions are only 
unknown until they participate actively in long range communications. Hence the target’s 
planning horizon should include an evasive reaction on this detected communication 
event. 
Remark on bio-inspired approach: Sometimes a look into the biological world helps to 
reason about an engineering approach. Here the developed solution has similarity with the 
saccades, i.e. movements of (human) eyes in surveillance mode, where the two eyes 
coordinate their focal point quickly within the scene [10]. 
Remark on scalability of the approach, e.g. adding more receivers: The coordination via 
their pre-planned positions is possible, and they simply share the workload with the 
existing receivers. Their presence can be e.g. announced through a special signal by the 
stand-off source. 

Figure 3 Scenario with coordination scheme: The three sources coordinate their ping transmission scheme in
such a way that a patch in the surveillance area is hit by the sound simultaneously. For example, if the two
sources S1 and S2 are pinging at the same time, the area filled with blue dots is specified. The source S3 can
arrange a further focus with its ping timing (e.g. the black curve crossing the area filled with blue dots).
Regardless on their own position, the receivers (blue arrows) can quickly change heading to point with their
broadside beam to this patch. I.e. by the coordination between the sources, the receiver movement is also
specified without any further communication between the sources and the receivers being necessary. If the
receivers are AUVs equipped with towed arrays, the changes in heading can be performed within a short time
frame.

 
S1

S2

S3
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CONCLUSIONS 

Cooperative underwater target tracking for low frequency sonar systems (LFCTT) is an 
important task because the persistence, coverage and environmentally adaptability which 
single sensor single platform systems are able to provide is not sufficient. 

Solving LFCTT as a decentralized partially observable Markov decision process is 
computationally infeasible. By exploiting prior knowledge and heuristics it is possible to 
decrease the computational load to a realistic level for operationally applicable 
implementations. 

In this paper we are using prior knowledge on previous data analysis and 
experimentations at sea to point to the important effect that clutter has for LFCTT. We 
combine this knowledge with the heuristic “avoid interdependence” to derive a solution 
for the realistic LFCTT scenario in which game-theoretic approaches are necessary. This 
results in an environmentally adaptive surveillance plan for a coordinated surveillance 
team.  

The analytic evaluation and quantitative comparison of different coordination schemes 
is a subject open to further research. An important contribution to this is the adversarial 
target motion model developed in this paper. 
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Abstract:  We address the problem of track classification on board autonomous underwater 
vehicles (AUVs) in the bistatic sonar framework.  

Towed array measurements obtained on AUVs result in tracks caused both by echo 
repeater returns and by bottom clutter. Insufficient knowledge of different environmental 
clutter characteristics motivates the use of a feature, recently developed, that aggregates 
the responses of non-target-like clutter for the discrimination of target responses under 
realistic environmental conditions.  

In the recently developed feature (Sildam and Ehlers, UAM 2011), we used the entropy 
of a statistical similarity test, conducted both along- and across the beams of detections 
associated with a track, to construct two supervised classes. Here we extend the approach 
to unsupervised estimation of an unknown number of clusters estimated from field data 
using an infinite Hidden Markov Model (iHMM). The result of the iHMM clustering, 
formulated in terms of a finite number of mixture models, is used to classify tracks through 
differences in the entropy distribution of detections associated with the respective tracks.  

Comparing the classified tracks to the ground truth information collected from both the 
summer training set used for training, and a winter data set subsequently collected in 2012, 
we show that the feature is robust yielding a single class of tracks corresponded to the 
echo-repeater target for both data sets.  

Keywords: clustering, tracking, infinite HMM 
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1. INTRODUCTION
 
The problem of target detection inherently involves the decision making about the 

presence or the absence of a target of interest (TOI) using data acquired by one or more 
sensor systems. Therefore target detection assumes data partitioning into two parts, one 
corresponding to the target and other to the non-target partitions respectively. Such a 
division requires a definition of at least one out of two statistical models describing 
respectively either data partitions. In a noisy environment even when the assumptions 
about the model generating data are valid but when a number of parameters M governing 
the statistical model is comparable to a number of measurements N collected by sensors, 
reliable estimation of the model parameters is not possible.  

The situation described above explains a high number of false target tracks created by 
an active multi-static sonar system, which includes an active source, one or more 
autonomous underwater vehicles towing a linear array of hydrophones, and the data 
preprocessing and the tracking algorithms.  

A possible solution to this problem, using track classification, is presented in [1,2]. In 
the present work we present this solution in a general context of consecutive data 
discriminative-aggregative mappings or simply discriminative aggregation (DA), followed 
by grouping of the obtained multinomial feature. That is, first, data is aggregated via a 
series of consecutive mappings. Second, the multinomial feature obtained from 
aggregation is grouped into sets. Third, a statistical model, defining the feature generating 
model is learned from data in an unsupervised manner.  

By constructing a multinomial discriminative-aggregative feature that can be grouped, 
it is appropriate to use a statistical feature generative model based on Dirichlet processes. 
In our case, an inference of such a model is readily available and is presented by an 
infinite hidden Markov Model (iHMM).  

The paper is organized as follows. In the second section, a background motivating the 
track classification is given. Section three introduces a concept of discriminative 
aggregation used for the feature construction, which is based on estimation of the entropy 
difference of the similarity test (DEST) distribution.  Section four, describes the 
framework required for the modeling of generative processes of the DEST, followed by 
the DEST grouping and inference of the DEST posterior distribution. Finally, the section 
seven presents the results, followed by the discussion and the summary. 
 

 
2. BACKGROUND

 
The existing active sonar systems make assumptions about probability distributions of 

match-filtered envelope of noise and clutter [e.g. 3].  In this case, the pre-processed data 
can be used to estimate the parameters of the underlying distributions, followed by a 
declaration of target detection at a pre-defined false-alarm rate. In practice, often a fixed 
detector threshold is used to declare the target detections. 

At this point a set },,{ TOI
im

UO
il

FD
iki SSSS  of LMKJ  target detections of a ping i  

includes the FD
ikS  ( Kk ,...,1 ) detections due to the reverberation and the uniform 

scattering of the K cells obtained at a fixed false-alarm rate, the UO
ilS ( Ll ,...,1 ) 

reflections from the L spatially compact unknown objects, and finally the TOI
imS  
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( Mm ,...,1 ) reflections of the M TOIs. Further discrimination of members of the set 

LiSS ,...,1  is possible via grouping of detections respective to the reflecting object using 

some grouping (e.g. tracking) mechanism. As long as the }{ ,...,1
FD

Ii
FD SS estimated over 

the consecutive I  pings are spatially uniformly distributed, most of the tracking 
algorithms easily reject FDS  detections. As a result, the tracks are mostly associated with 

either the UOS  or with the TIOS  detections. The discrimination of these two track types 
requires comparison of the respective distributions based on data collected along tracks. 
The problem here is that even when the UOS or the TIOS  sets are generated from some 
known underlying parametric (e.g. K) distribution, the parameters defining the respective 
distributions are likely to change from a ping to a ping. The values of these parameters 
depend on a target response, on a bi-static target aspect of target response, and on the 
errors of parameter estimation.  

The problem of target detection involves partitioning all measured data into a discrete 
unknown number of classes so that ...~ diiS Label  can be seen as a valid approximation. The 
number of classes depends on the granularity of data partitioning into subclasses and 
therefore, in principal, can be infinite. 

In practice having a finite number of data samples N, the number of classes M is also 
finite since NM . Common knowledge dictates that to improve confidence in the 
statistical estimates one should have NM . A procedure to achieve the 
condition NM , implicitly incorporated into many data processing approaches, lies in 
data aggregation via a single or via a set of consecutive mappings, which reduces the 
degrees of freedom of data while remaining discriminative with the respect of TOI. 
 
 
3. DATA DISCRIMINATIVE AGGREGATION 

3.1. DATA PREPROCESSING 

Data preprocessing, consisting from the base-banding, the filtering, the beam-forming, 
the match-filtering, and the normalization implemented in CMRE, can be seen as the 
consecutive data discriminative aggregation that results in the reduction of degrees of 
freedom of the target detection model. 

That is, the beam-forming aggregates recorded data in respect to time-and space 
coherence of the signal measured by a set of hydrophones i.e. the coherent signals are 
aggregated as opposed to the non-coherent signals and the noise, and discriminated in 
terms of the directions of signal arrival. 

 The matched-filtering performs discriminative aggregation of the reflected signals with 
respect to their correlation with a known incident signal. Finally, the normalization tries to 
remove the range dependence of amplitude envelope.  

3.2 THE DEST FEATURE CONSTRUCTION 

Frequent presence of the false tracks in the existing target tracking systems motivated 
us to construct a new DA feature, based on the beam-formed, the match-filtered, and the 
normalized data [1, 2]. As described in [1-3], the new feature called the entropy difference 
of Maximum Mean Discrepancy [3] (MMD or simply similarity) tests DEST was 
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constructed in three steps (see the Appendix for the details). The first step conducted a 
series of MMD tests in the beam-number bi-static-travel time space in the vicinity of each 
of the detections, the second step calculated for each detection two histograms: one, 
estimated along- and other, estimated across beams, followed by the entropy difference 
estimation. This way the DEST performed a triple aggregation of relative changes around 
each of the detections.    

More formally, the first step carried out the embedding probability distributions of the 
couples of time-series snippets in a reproducing kernel Hilbert space, and estimated the 
MMD distance between them [3].  The MMD distance between the embedded probability 
distributions of dimension N live in a lower-dimensional manifold of dimension M<<N. In 
this way we aggregated possibly different probability distributions respective to their 
MMD distance. The second aggregation took place when the probability mass functions of 
the MMD distance distributions were aggregated with respect to their entropies. The final 
aggregative mapping was carried out by estimating the difference of entropies, the 
distribution of which served as a final discriminative feature of detections.   

 
4. MODELING THE DEST GENERATIVE PROCESSES 

 
The field experiments show that the target tracks frequently exhibit an intermittent 

pattern due to the track breakage. Since the shorter tracks have only a limited set of 
detections associated with them, we are motivated to infer the latent variables by sharing 
the sets that have common probability distributions.  

Assuming that physical (e.g. scattering) properties of any target do not change over 
time scales of interest, the extracted features of target response have stationary 
distribution. Dependence of the target response function on the bi-static angle of arrival 
can be captured by a mixture of less complex elements of the DEST probability 
distributions. 

We assume that the elements of the stationary mixtures, labeled as virtual reflecting 
objects (VRO) [2], form the mixture components with the unknown weights. Since a 
number and the associated distributions of VRO are unknown, the respective variables 
should be treated as the latent parameters that should be inferred from data.   

A statistical framework appropriate for the inference of multinomial variables that 
shares the multinomial priors is given by the hierarchical Dirichlet Processes (HDP, [4]). 
Generally, under the exchangeability assumption, the order of detections can be ignored. 
We model the distribution of DEST as a mixture, where each VRO component specifies a 
multinomial distribution over the feature, which is shared among different tracks. We wish 
to find a probabilistic model that places significant probability not only over the observed 
but also over future unobserved tracks if they are “similar” to the tracks already observed.  
 
 
5. THE DEST GROUPING 
 

In our application, a statistical aim of the DEST grouping is formation of the DEST sets 
associated with a target such that ...~)( diiSg Label , where g is a feature aggregative 
operator,  is valid. An empirical verification of this assumption is usually complicated. We 
assume that it can be achieved by a proper discriminative aggregation.  

More generally, the required DEST grouping can be carried out by a tracking approach, 
or by some other processing e.g. a sorting algorithm forming sequences of the detections 
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associated with a target. For other sensors it can be spectral processing and extraction of 
the spectral lines associated with a target or some other approaches.  While tracking 
applications form explicitly such groups then using the series of contacts, the required 
groups can be discovered from an unsupervised analysis of the respective sequences of 
detections. 

When a number of target types is unknown, most of the tracks cannot be labeled in a 
supervised manner. The unsupervised track labeling requires construction of a track 
clustering approach. On the other hand, presence of the statistically homogenous groups 
can be learned from the ordered sequences of detections that include the subsequences 
associated with the targets.  

Preliminary analysis of field data have shown that frequently a target can be associated 
with the second or with the third detection sorted by its signal-to-noise ratio (SNR) value 
relative to the first detection with the highest SNR of the direct blast. Such an order 
usually persists over a number of consecutive pings. This observation was used in our 
work where the first twenty highest detections of each ping of all pings of the GLINT11 
experiment were sorted and concatenated into a single sequence so that the first part of 
this sequence was formed from the detections corresponding to the highest SNR of each 
ping, followed by the detections corresponding to the second highest SNR of each ping, 
etc.   
 
 
6. AN INFERENCE OF THE DEST SEQUENCE POSTERIOR DISTRIBUTION

VIA INFINITE HIDDEN MARKOV MODEL 

In our application, the DEST grouping can be seen as a doubly stochastic process 
where first a probability distribution of probability distributions is sampled, and then given 
a probability distribution, the DEST value is sampled.   

A statistical framework appropriate for inference of the DEST multinomial variables 
sharing the multinomial priors is given by a hierarchical Dirichlet Processes (HDP).  

A DP mixture can be used to learn a mixture model with a countably infinite number of 
mixture components. To accommodate a countably infinite number of mixture models one 
needs a mechanism to couple the respective DP models [4]. Such a mechanism is the 
hierarchical DP and the resulting HMM model is called HDP-HMM or infinite HMM. 
 Coupling across transitions can be obtained using hierarchical Bayesian formalism by 
introducing the Dirichlet priors with the shared parameters, and a higher level prior, and a 
base measure [4]).  
 Inference of the HDP-HMM can be carried out by a Gibbs sampler, which converges to 
the true posterior. The implementation of Gibbs sampler suffers from slow mixing 
“behavior” when applied to strongly correlated time series. An approach, coined by the 
authors the beam sampler [5], overcomes the problem of slow mixing. 
 The beam sampler introduces an auxiliary variable u such that conditioned on u the 
number of trajectories in the HMM is finite. As a result, such an approach adaptively 
truncates (i.e. only the paths that have large than u transition matrix values are used) the 
infinitely large transition matrix, and makes possible to use dynamic programming in the 
forward calculation.  In the backward calculation the whole sequence is re-sampled. 

Finally, tracks are classified assuming that all detections associated with any given 
track can be classified using one of the finite mixture models defined by the IHMM. If 
none of the models provide a fit better than 0.95, then the respective track remains 
unclassified. 
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7. RESULTS 

 
The tracking classification results for the OEX AUVs Groucho and Harpo are shown in 

the figures 1 and 2 respectively. The tracks not classified (i.e. rejected by the classifier) are 
not shown. The tracks with a probability of classification exceeding 0.95 are numbered 
and indicated by thick colored lines. The colors span linearly on red-green-blue light scale, 
scaled by a number of classes i.e. the IHMM states. Black thick line corresponds to the 
echo-repeater (ER) track. The starting and the end points of the tracks are shown by the 
filled circles and filled triangles respectively. The AUV tracks are shown by the thick blue 
lines, one of the origins of which being close to the beginning of the ER track. The yellow 
filled diamond corresponds to the position of the static source. In these figures, one can 
see that obviously the track colored in light brown corresponds to the ER. A number of 
brown tracks that are far from the ER are the ambiguous tracks. 

 

 
Fig.1: Sea trial 202-02-19, OEX Groucho. Output of tracker and classifier. Legend: AUV trajectory 

(blue), ER trajectory (black), classified tracks (thick colored lines). 
 

 
 

8. SUMMARY
 
In this work we presented a general framework of track classification. The main 

components of this framework consisted from data aggregation via series of consecutive 
mappings, from construction of the multinomial feature DEST obtained from aggregation, 
grouping the DEST into the sets, and finally from learning the underlying statistical model 
in an unsupervised manner. 
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Fig2: Sea trial 202-02-19, OEX Harpo. Output of tracker and classifier. Legend: AUV trajectory (blue), ER 
trajectory (black), classified tracks (thick colored lines). 

We demonstrated the track classification results based on a iHMM model learned from 
GLINT 11 data, which was collected in summer 2011, and applied for testing using data 
collected in winter 2012 by two AUVs. The overall improvement of tracking over the 
initial non-classified tracking has been demonstrated in [2].  

The general framework presented in this work makes possible to extend this approach 
to the fusion of acoustic and the other sensors providing the target contextual information. 
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A1. DEST FEATURE CONSTRUCTION 

 We apply the Maximum Mean Discrepancy [] test on a pair of interleaved bearing-
time cells in a time-bearing (TB) window (TBW) with a predefined non-dimensional 
range )2/(ˆ cRfN s , (where sf  is the normalised data sampling frequency, R is the 
expected length of target, and c is sound speed) and number of beams (M=3) support. An 
empirical biased estimate of MMD defined for the pair of TB cells Ẑ  and Z~  in the TBW 
can be written as  

 
N

os os
NM

os os
M

os os zzkNzzkMNzzkMZZd
,

2,

,,
2 ~,ˆ/1~,ˆ)/(2~,ˆ/1~,ˆ  

 
where  os zzk ~,ˆ  is a kernel function, sẑ  and  oz~  are vectors of the TBW cells, and N and 
M correspond to the numbers of vectors in the respective two adjacent cells of the TB 
window. We used the Gaussian radial basis function 22 /~ˆ~,ˆ osos zzzzk , where 

2  is a scaling parameter. Normalization of  sẑ  data cells is given by 
N

j ji
M

iss zzz ,/ˆ , where M and N are the number of data points in the TBW in the 

range and bearing direction respectively. Note that 321 ˆ,ˆ,ˆˆ zzzZ , and 321
~,~,~~ zzzZ   

overlap so that 13 ˆ~ zz . Thus the difference in signal spread required for the classification 
is estimated using only three grid points in each bearing and range direction. That is by 
moving the TB window relatively to jiz ,ˆ  in range space at a constant bearing jb  and in 
bearing space at a constant range jr , we obtain two sets of dissimilarity indexes 

,,, ,1,,1 jijiji dddd  and ,,, 1,,1, jijijib dddd . Each of the sets of the dissimilarity 
indexes of a single contact can be used to estimate a three-bin histogram MWdp rr /  
where Wr is the number of dr values (counted either in {di-1,j, di,j, di+1,j} or in {di,j-1, di,j, 
di,+1j}) falling within the r-th bin, and M=3 is the overall number of values used in the 
histogram estimation. A probability mass function in the range and the bearing directions 
can be estimated from the respective normalised histograms such that M

r rdp
1

1,  
M

r rb dp
1

1. The entropy at constant bearing can be then estimated as 

rr
M

r
dpdph log

1
. Similarly the entropy at constant range can be then 

estimated as rbr
M

r bb dpdph log
1

. Finally, the entropy difference, which is the 

final feature used below for clustering and classification, is given as bhhh . 
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BANDWIDTH DEPENDENCE OF THE
STATISTICS OF ACTIVE-SONAR ECHOES

Douglas A. Abraham

CausaSci LLC, P.O. Box 627, Ellicott City, MD 21041, USA, abrahad@ieee.org

Abstract: Broadband active sonar systems are typically employed to reduce the effect of re-
verberation on detection performance, but are also exploited in sonar classification for the
increased information they convey with a single pulse. A statistical analysis of active sonar
echoes from six contacts including a model-data comparison is presented as a function of trans-
mit waveform bandwidth. While a frequency-dependence of the statistics was observed, it pri-
marily impacted lower bandwidths. Signal-to-noise ratio (SNR) was seen to have the greatest
impact on echo statistics, followed by the number of independent samples available for esti-
mation (i.e., the time-bandwidth product). In both cases a reduction led to more Rayleigh-like
statistics. Models representing both the SNR and time-bandwidth-product effects compared fa-
vorably with the measured data, enabling prediction of sonar classification performance when
using the K-distribution shape parameter.

Keywords: active sonar, echo statistics, bandwidth, non-Rayleigh, K distribution
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1. INTRODUCTION AND BACKGROUND

Under the expectation that increasing bandwidth increases information content, active sonar

classification performance is expected to improve with transmit waveform bandwidth. A statis-

tical analysis of active sonar echoes is presented in this paper in an effort to better understand

the benefits and hindrances to broadband active sonar classification. The effects of center fre-

quency, signal-to-noise ratio (SNR), and bandwidth are considered with models for the latter

two presented and compared with measured data. Echoes from six contacts measured during

the NATO Undersea Research Centre (NURC) Clutter 2009 experiment (P. Nielsen, Scientist

in Charge; see Sect. 5 for full acknowledgement) provide a variety of conditions for the evalua-

tion. The echo statistics are quantified and modeled here through a moment ratio (T ) related to

the K-distribution shape parameter (α), which describes how disparate the envelope statistics

are from the Rayleigh distribution.

The K distribution has been shown to adequately represent a wide variety of observed sonar

data, ranging from slightly non-Rayleigh to very heavy tailed [1–4]. The probability density

function (PDF) of the matched filter envelope is

fX(x) =
4√

λΓ (α)

(
x√
λ

)α

Kα−1

(
2x√
λ

)
(1)

where λ is a scale parameter and α the shape parameter. The method of moments estimator for

α described in [5] involves forming the moment ratio

T =
X̄2

σ̂2
=

[
1
n

∑n
i=1 Xi

]2
1
n

∑n
i=1

(
Xi − X̄

)2 (2)

where X̄ and σ̂2 are, respectively, the sample mean and variance applied to the envelope sam-

ples X1,. . . ,Xn. When T < dmax = π/(4− π), the estimate of α is obtained by approximating

the ratio of the expected moments

D =
E[X]2

Var[X]
=

[
4αΓ2(α)

πΓ2 (α + 0.5)
− 1

]−1

(3)

by the one formed from the sample moments (T ) and inverting the non-linear function.

2. ESTIMATION PERFORMANCE

In [6], formulae were presented approximating the mean and variance of T for values of

n ∈ [50, 1000] and α ∈ [0.25, 100] where n is the number of independent samples available

for estimation. The approximations, as shown below, have been expanded to cover the range

n ∈ [5, 1000] and α ∈ [0.1, 100] where D is obtained from α through (3).

μT ≈ D − 3.489

√
D

(n− 2)
+

2.329

n
+ 8.746

D

(n− 2)2
+ 7.450

D

n
− 0.9092

D2

n
(4)

log
(
nσ2

T

)
≈ −0.7378D +

34.51

n2
+ 0.7640 log(D) + 3.163

√
D + 10.16

√
D

n

−4.925

n
− 22.19

D

n2
+ 195.6

√
D

n3
+ 0.0305 log(n)− 1.248 (5)
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The approximations were derived empirically by evaluating a variety of functions of D and n
and minimizing the squared-error between the model and sample mean and variance estimates

obtained through simulation. The resulting coefficients were truncated to four-decimal accu-

racy. The average absolute relative error over the cases evaluated was 0.2% for the mean and

2.0% for the variance.

3. DATA ANALYSIS AND MODEL COMPARISON

Data acquired during the NURC Clutter 2009 experiment are used to examine the depen-

dence of the echo statistics on bandwidth through the moment ratio D and its estimate T . P.

Nielsen (NURC) was the Clutter 2009 Scientist in Charge and P. Hines (DRDC) designed the

experiment from which these data were obtained; please see the full acknowledgement in Sect.

5.

Echoes from six contacts in the Malta Plateau are considered: the Campo Vega oil rig (CV

Rig), a single-point mooring (SPM) near the oil rig, two different echo-repeater signals (ER-1

and ER-4), and two different air-filled hoses (AH-1 and AH-2). The data analyzed were ob-

tained on May 7, 2009 over the course of almost four hours. Two sources were used in concert

to produce a linear-frequency-modulated waveform from 500 Hz to 3500 Hz. As described in

Sect. 5, various members of the Clutter JRP team acquired and processed the data in the fol-

lowing manner. The echoes were received on NURC’s triplet towed array, beamformed and

match-filtered prior to normalization and detection processing, association of the detections

with the contacts of interest, and collation of echo time-series segments by contact.

3.1. Band alignment

A small physical separation between the two sources induced a noticeable time lag between

the low and high bands when a contact was not broadside to the array. The delay appeared to

partially limit the variance reduction expected at the highest bandwidths. Therefore, the delay

was estimated for each echo and the bands aligned in the frequency domain through a phase

shift prior to statistical analysis.

3.2. Processing for statistical data analysis

Given the matched-filtered echo time-series segment, statistical analysis was performed by

forming the complex envelope (i.e., base banding), filtering to the desired analysis bandwidth

and taking as a data sample a 30-ms window about the peak of the envelope time series. T
was then formed from the signal envelope within this window via (2). Twenty bandwidths

ranging from 100 Hz to 3 kHz were evaluated by using varying size discrete Fourier transforms

(DFTs) with a Hamming window and a 25% overlap to filter the data. A common set of center

frequencies was used for all bandwidths, spaced so as to oversample by a factor of three at the

lowest bandwidth. Note that the bands extending beyond the transmit bandwidth exhibit lower

SNR; in particular, lower SNR values than might otherwise be evaluated when predicated on

detection processing.

The Hamming window helps limit the effect of out-of-band signals, but has the effect of

increasing the analysis bandwidth from that expected by a uniform window. While this will

contribute to the diversity of SNR in the data near the transmit band edges, it primarily impacts

the number of independent samples in the analysis window. When the model from Sect. 2
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was evaluated, the number of independent samples used in (4) and (5) was increased from the

time-bandwidth product according to

n = γneWTa (6)

where W is the transmit bandwidth being analyzed, Ta is the analysis window extent and γne =
1.36 is noise-effective bandwidth for the Hamming window from [7].

3.3. Variation with center frequency

The median value of T measured at the smallest bandwidth (100 Hz) over all pings for each

of the contacts is shown in Fig. 1 as a function of center frequency (fc). With the exception of

AH-2, the median values are larger at the upper and lower edges of the band as well as near

1810 Hz (the vertical dashed line), which was the cross-over point between the two sources.

Higher values of T are indicative of statistics closer to Rayleigh and would arise from the

lower SNR expected in these regions as long as the background noise or reverberation follows

a Rayleigh-distributed envelope. The ER-4 signal exhibited some additional variation across

the band owing to the structure of the impulse response used within the echo repeater. Several

of the contacts appear to be slightly heavier-tailed (i.e., smaller value of T ) in the higher band

than the lower band, most obviously in the CV SPM. This most likely arises from the larger

SNR expected from a line array as frequency increases, which was observed in the measured

SNR but is not shown.

Fig. 1: Median of T over all pings for the lowest bandwidth as a function of center frequency.

3.4. Variation with SNR

A correlation between SNR and the K-distribution shape parameter has been previously

observed [8] where the relationship was exploited to form an estimate of the shape parameter

of the underlying scatterer when it is measured in the presence of noise. Another method
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through which SNR can affect T (and therefore α) arises when the analysis window contains

some noise-only samples in addition to the signal-plus-noise samples of primary interest. For

example, this occurs when the analysis window, which is centered on the echo envelope peak,

extends beyond the echo extent. In both situations a higher SNR leads to a smaller value of T ,

which is clear from the plots found in Fig. 2 of the average T taken over three bandwidths near

1 kHz, all center frequencies and all pings as a function of peak-to-background SNR. Other

bandwidths exhibited similar results; in particular, the change in slope clearly visible in the

ER-4 results was often observed for at least one of the six contacts.

A simple model assuming a signal with constant SNR S consumes a fraction p of the anal-

ysis window results in expecting

D ≈
[

pDs

1 + (1− p)D−1
s

] ⎡
⎢⎣
(√

S + p−1
)2

S

⎤
⎥⎦ (7)

where Ds is the theoretical moment ratio for the noise-free signal. For small SNR, the denom-

inator of the second term in brackets dominates with an inverse proportionality between D and

S whereas the numerator and denominator cancel each other out at high SNR. The value of p
dictates at which SNR the flattening begins.

In reality, the signal does not necessarily have constant SNR throughout its duration and in

situ estimation of p is beyond the scope of this paper, making a more detailed analysis a subject

for future research. As an example, however, consider fitting the measured data to the SNR

dependence of (7) through

E[T ] ≈ C

(
1 +

1

p
√
S

)2

(8)

as shown in Fig. 2. The coefficient C was estimated from the data via least-squared error on

a log scale and p was taken as 0.05 (i.e., 1.5 ms of the 30 ms window or a scattering length of

slightly more than one meter), although the value of p should clearly not be fixed across all

contacts. The small size of this value is most likely an artificial depression owing to the use of

the peak-to-background SNR as opposed to an average over the signal’s duration. While this

discussion clearly indicates further effort is necessary in evaluating the model, the initial results

are promising in that the model appears capable of representing the effect of SNR on T both

before and after the change in slope (e.g., see the ER-4 and CV SPM results).

The variance formula of (5) was applied to predict the variability of T as a function of SNR.

The value of D was obtained by using the results of (8) with C estimated from the data as μT

in (4) and then inverting (4) for D using the average n from the three bandwidths shown in Fig.

2. As can be seen in Fig. 2, the fit of the variance model is quite good.

The model described by (7) could be used to infer Ds and therefore a K-distribution shape

parameter for the signal statistics; however, further research is necessary to determine how best

to evaluate p and SNR for use in the model.

3.5. Variation with bandwidth

Sonar-equation-level analysis clearly indicates the improvement increasing bandwidth brings

to active sonar detection in reverberation-limited environments. The finer spatial resolution is

also expected to improve sonar classification performance where increasing bandwidth leads to

an increase in information content within a fixed analysis window. For a fixed analysis window,
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Fig. 2: Measured and modeled mean and standard deviation of T as a function of SNR.

comparing the measured echo statistics (i.e., the mean and standard deviation of T ) as a func-

tion of bandwidth to that of the model presented in Sect. 2 can validate the model and reveal

any bandwidth dependence to the scattering.

The average and standard deviation of T over all pings and center frequencies is shown in

Fig. 3 as a function of bandwidth. All of the contacts exhibit decreasing values as bandwidth is

increased, with the ER-4 signal exhibiting the largest variance, to the point where the standard

deviation exceeds the mean at most of the lower bandwidths. The decreasing mean represents a

trend toward heavier-tailed envelope statistics as bandwidth is increased, but could arise from a

variety of mechanisms. These include the effect of incorporating new frequencies with varying

statistics as bandwidth is increased (i.e., a frequency-dependence in the scattering), the effect of

over- or under-resolving scattering structures (i.e., a bandwidth dependence in the scattering),

and the change in the total information available within a fixed analysis window for estimation

(i.e., the number of independent samples or time-bandwidth dependence). The analysis of Sect.

3.3 indicates that the high variance in the ER-4 signal at lower bandwidths most likely comes

from the frequency dependence of the echo statistics.

The effect of changing the number of independent samples (n) in forming T has been

modeled for K-distributed data through empirically derived formulae for the mean and variance

of T in [6] as a function of α and n and extended in Sect. 2 to the smaller values encountered

in this analysis. The model results are shown in Fig. 3 (blue and red lines) where only the

mean value of T from the highest bandwidth (the large circle on the right edge of each plot) is

used to obtain an estimate of α. The equations from Sect. 2 are then used to predict what the

variance should be for that bandwidth and how the mean and variance change with bandwidth

when the scattering statistics have no frequency or bandwidth dependence. The model clearly

indicates a decrease in both the mean and standard deviation as bandwidth increases with the

mean and sometimes the standard deviation providing a very good match to the data. The

remaining disparities in the mean likely arise from minor frequency or bandwidth dependence

of the scattering statistics or the effect of combining estimates from echoes with varying SNR.

The measured standard deviation (circles) was quite close to the model for several contacts
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(AH-2, CV Rig, CV SPM and ER-1), but often higher than predicted for stationary statistics.

For the lowest bandwidths, the difference (e.g., ER-4 and possibly ER-1) is expected from

the frequency dependence noted in Sect. 3.3. Another cause of the disparity lies in temporal

variations over the acquisition time of the experiment (approximately 4 hours). For example

the varying range to AH-1 throughout the data acquisition led to a temporally varying SNR and

results in an increased standard deviation. When the temporal variation is taken into account

(+ marks) by estimating the variance over shorter periods of time (5-ping segments) and then

averaging the variance estimates, the measurements are closer to the predictions. Noting the

significant impact of SNR on T , grouping by SNR similarly removes most of the additional

variability for the aforementioned cases.

Fig. 3: Measured and modeled mean and standard deviation of T as a function of bandwidth.

4. CONCLUSIONS

The bandwidth dependence of the statistics of active sonar echoes from a variety of con-

tacts was examined where the statistics were quantified by a moment ratio related to the K-

distribution shape parameter. Of the six contacts evaluated, the majority of center-frequency

dependence was attributed to corresponding variations in SNR. The impact, however, was only

significant at lower bandwidths, with larger bandwidths smoothing out the effect. SNR vari-

ations were seen to be the dominant factor in predicting the statistical variation, with lower

SNR biasing the statistics toward more Rayleigh-like distributions. The mechanism through

which SNR impacted the statistics appeared to be non-stationarity within the analysis window,

with the signal not completely filling the window. A simple model of this effect illustrated

how the mismatch in window size affects estimation of the underlying scattering statistics;

however, further research is necessary to determine how detrimental it is. After SNR, the num-

ber of independent samples available for estimation, which is directly related to bandwidth

for a fixed analysis window, had the most impact. Lower bandwidth made the echoes appear

more Rayleigh-like and reduced estimation performance with a higher bias and variance. A

model representing the estimation performance was corroborated by the data when there was
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no frequency-dependent scattering and should be useful in predicting sonar classification per-

formance when using the K-distribution shape parameter to partition targets from clutter. The

majority of the bandwidth dependence of the echo statistics was explained by the changing

number of independent samples or for the one exception, frequency-dependence of an echo-

repeater signal.

5. ACKNOWLEDGEMENTS

This work was sponsored by the Office of Naval Research under contract number N00014-

09-C-0318. The data presented in Sect. 3 were made possible by the CLUTTER Joint Research

Project, including as participants the NATO Undersea Research Centre (NURC), Pennsylvania

State Univ., Defence Research and Development Canada, and the Naval Research Laboratory.

The author wishes to thank and acknowledge the efforts of all the participants in the Clut-

ter 2009 experiment, especially P. Nielsen for his efforts as Scientist in Charge, P. Hines for

designing the auralization experiments, L. Troiano and P. Boni for handling the sonar, data ac-

quisition and processing, R. Menis and C. Gaumond for the echo-repeat design and operation,

and P. Hines and S. Murphy for formation and collation of the time-series by contact.

REFERENCES

[1] D. A. Abraham and A. P. Lyons, Novel physical interpretations of K-distributed rever-

beration, IEEE Jnl. of Oc. Eng., 27(4):800–813, Oct. 2002.

[2] J. R. Preston and D. A. Abraham, Non-Rayleigh reverberation characteristics near

400 Hz observed on the New Jersey Shelf, IEEE Jnl. of Oc. Eng., 29(2):215–235, Apr.

2004.

[3] C. W. Holland, J. R. Preston, and D. A. Abraham, Long-range acoustic scattering from a

shallow-water mud-volcano cluster, The Jnl. of the Acoust. Soc. of Am., 122(4):1946–1958,

Oct. 2007.

[4] J. R. Preston, Statistical characterization of bistatic echoes of a shipwreck from the Clut-

ter‘07 experiments, In Proc. of Intl. Symp. on Underwater Reverberation and Clutter,

P. Nielsen, C. Harrison, and J.-C. Le Gac, editors, pp. 225–232, Lerici, Italy, 2008.

[5] I. R. Joughin, D. B. Percival, and D. P. Winebrenner, Maximum likelihood estimation of

K distribution parameters for SAR data, IEEE Trans. on Geos. and Rem. Sens., 31(5):989–

999, Sept. 1993.

[6] D. A. Abraham, Predicting sonar classification performance from K-distribution shape-

parameter estimator statistics, In Proc. of 11th European Conf. on Underwater Acoustics,

Edinburgh, Scotland, Jul. 2012.

[7] F. J. Harris, On the use of windows for harmonic analysis with the discrete Fourier trans-

form, Proc. of the IEEE, 66(1):51–83, 1978.

[8] D. A. Abraham and J. R. Preston, Statistical analysis of monostatic and bistatic echoes

from shipwreck clutter, In Proc. of 4th Underwater Acoustic Measurements Conf., pp. 629–

636, Jun. 2011.

1st International Conference and Exhibition on Underwater Acoustics

82



Session 2 
Synthetic Aperture Sonar: State-of-the-art 

Organizers: Roy Edgar Hansen and Daniel Brown 

1st International Conference and Exhibition on Underwater Acoustics

83



1st International Conference and Exhibition on Underwater Acoustics

84



 

THE INFLUENCE OF SOUND SPEED ON SYNTHETIC APERTURE 
SONAR IMAGERY  

Stefan Leiera, Johannes Groenb, Abdelhak M. Zoubira, Ursula Hölscherb, Ian Campbellc 

aSignal Processing Group, Technische Universität Darmstadt, Merckstr. 25, 64283 
Darmstadt, Germany, Email: {leier, zoubir}@spg.tu-darmstadt.de 
 
bATLAS ELEKTRONIK GmbH  
 
cATLAS ELEKTRONIK UK  

Abstract: Synthetic aperture sonar (SAS), usually borne by an autonomous underwater 
vehicle (AUV), is a imaging technique to produce high-resolution imagery of the sea floor 
by constructing an aperture whose length automatically adjusts itself for a given focusing 
range. The synthetic aperture is constructed by collecting echo signals from multiple 
consecutive transmission times and coherently combining them during the image 
reconstruction process. This process requires very accurate transmitter and receiver 
position information for each transmission and reception time. Moreover, to obtain well-
focused imagery, a precise knowledge of the sound speed is needed along the entire 
acoustic path. However, measurements of the sound speed are only locally available using 
for example a sound speed sensor on-board the AUV. As a result, SAS images are often 
slightly defocused although data-driven position estimation techniques, e.g. the Displaced 
Phase Center Antenna (DPCA) algorithm, have been applied a priori to the image 
reconstruction technique.
In this paper we present a sensitivity study with synthetic data and real sonar 
measurements recorded by the VISION 1200 system during a sea trial using the SeaOtter 
MK IID AUV from ATLAS ELEKTRONIK GmbH. We first demonstrate the importance of 
precise knowledge of the sound speed for the image focusing process using synthetic data 
of isolated point scatterers. For the real sonar measurements, we reconstruct an SAS 
image containing a resolution target for the locally measured sound speed. Then, we vary 
the sound speed within typical occurring variation limits and repeat the SAS processing. 
We show that an optimum sound speed value exists, which yields an improvement in the 
focusing of the SAS image.

Keywords: synthetic aperture sonar, optimum sound speed, on-board calibration
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1. INTRODUCTION 

Knowledge about the sound speed is essential for high quality sonar imaging, 
especially in the context of synthetic aperture sonar (SAS) imaging [1], where a coherent 
processing of multiple consecutive pings is used to form a large synthetic array. In the 
presence of an inaccurate sound speed, quadratic phase errors [2] are induced along the 
synthetic aperture. This yields a severe degradation in the SAS image quality in 
consequence of the along-track blurring of individual point scatterer. Given the dynamic 
adjustment of the synthetic aperture length for a certain focus range, the effect of sound 
speed errors increases with range. In addition, widebeam systems strongly affect the image 
degradation [1] due to an extension of the synthetic aperture length for a fixed focus range. 
Moreover, the inhomogeneity of water as the wave propagation medium causes the sound 
speed to change with depth and range [3]. However, measurements of the sound speed are 
only locally available using, e.g., a sound speed sensor on-board of an autonomous 
underwater vehicle (AUV). Therefore, the combination of range sensitivity and increase in 
the measuring inaccuracy of the sound speed poses a major challenge to any long-distance 
imaging application. Current SAS systems typically consist of a multi-receiver 
configuration, which allows exploiting the redundant phase center principle using the 
Displaced Phase Center Antenna (DPCA) algorithm [4] in order to estimate path 
deviations of the imaging platform from its rectilinear trajectory. The lateral displacements 
are obtained by scaling the estimated time-delay difference between two redundant phase 
center signals via the sound speed. Thus, the DPCA itself is limited in its capability of 
compensating sound speed errors. 

In this paper we perform a sensitivity study on the influence of sound speed variations 
on the SAS reconstruction process using synthetic and real sonar measurements. The latter 
have been collected by ATLAS ELEKTRONIK GmbH with their VISION 1200 system 
mounted on a SeaOtter MK IID AUV during a sea trial. We show image quality 
degradation on synthetic data and real sonar data using different metrics and demonstrate 
that an optimum sound speed can be estimated based on the proposed metrics. In addition, 
we illustrate that the DPCA algorithm is incapable to compensate the induced sound speed 
errors.  

The paper is organized as follows: Chapter 2 briefly discusses the synthetic data 
generation process and illustrates the importance of precise sound speed knowledge to 
obtain a well focused SAS image in the case of synthetic data. Chapter 3 describes the 
proposed metrics to assess the SAS image quality in order to estimate an optimum sound 
speed for the image reconstruction process. Chapter 4 shows real sonar data examples 
provided by ATLAS ELEKTRONIK GmbH.  

2. SYNTHETIC DATA GENERATION 

Let the ideal scene of interest  with  stationary point targets be given by  

where each target has a reflectivity  and is located at the position  with 
range coordinate, , and along-track positions, . Then, the echo signals recorded by the 
receiver-array consisting of  elements at transmission time index can be expressed as  

 (1)
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 (2)

In (2) the transmitted pulse signal is denoted by  and the round-trip delay  
describes the travel-time of the transmitted signal between the transmitter at position 

 and the  target and back to the  receiver element at position 
. Here,  represents the spacing between individual receiver elements. The 

round-trip delay can then be denoted as  

, (3)

where  is the true sound speed in the medium. Note that we assume a homogenous 
medium in the data model. Assuming perfect motion information for the synthetic data, 
and consequently, superseding the necessity of micronavigation in form of the DPCA 
algorithm, the SAS image  can be directly reconstructed using, e.g., the 
backprojection algorithm [5]. Given the grid points  with  and 

 as well as a focusing delay  the reconstruction is as follows 

 (4)

where  is the carrier frequency,  denotes the range focused echo signals and 
 is an indicator function. The latter describes whether a grid point  is seen by the 

transmitter and receiver. Note that the focusing delay  of the reconstruction in (4) 
is identical to the round-trip delay of (3) except for grid inaccuracies for a correct sound 
speed. 

In the sequel we apply the phase center approximation [4] to illustrate the impact of an 
erroneous sound speed on SAS imagery. The phase center approximation substitutes a 
transmitter receiver pair by a virtual transceiver, which is located in the geometric center 
between them. We denote the phase center position by . Then the round-trip 
delay to the  target simplifies to 

 . (5)

The phase error due to an erroneous sound speed  can be expressed using a 
first order Taylor series approximation of the range expression  as follows  

 (6)

In (6) two effects become apparent. First the error of the sound speed causes a linear 
shift in range direction of the target scene, and second, the quadratic along-track term 
provokes the blurring of the SAS image. An example of an SAS image for generated 
synthetic data is shown in Fig. 1. Note that the parameter values are identical to the mid-
frequency (MF) settings of the VISION 1200 system and that the dynamic range of the 
image has a linear scale. While the SAS image in Fig. 1(a) uses the correct sound speed 

, and is therefore well focused, an error of  25 m/s has been induced during the 
reconstruction process of the SAS image shown in Fig. 1(b). Although the error has 
intentionally chosen to be large in order to illustrate its effect, the value is still within the 
percentage limit of feasible sound speed variations in the ocean [6]. The quality of the 
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SAS image depicted in Fig. 1(b) suffers severely from the erroneous sound speed. As 
stated in (6), the quadratic phase error term stretches the point spread function (PSF) of the 
individual scatterers in along-track direction. Moreover, the PSF is bent such that a small 
curvature occurs towards smaller range values. The direction of the bend depends on 
whether the erroneous sound speed  is below or exceeds the true sound speed . 
 

 
 

 

Fig. 1 SAS image using synthetic data: The correct sound speed  is used in (a). The
image in (b) is defocused due to an incorrect sound speed measurement .

3. IMAGE QUALITY METRICS

Subsequently, we outline the metrics to measure the image quality of the reconstructed 
SAS image. We distinguish PSF based metrics, such as the 3 dB beamwidth and the height 
of the PSF, from metrics, which can be applied to the entire image, e.g., contrast measures. 
The latter metrics are advantageous since they do not rely on the occurrence and extraction 
of point scatterers. A common measure for the contrast can be defined by the ratio 
between the sample standard deviation, , and sample mean, , of the vectorized image 
matrix , with  for  and , as follows 

 (7)

Typically, the properties of the PSF are used to measure image quality. Although 
necessitating the presence of point scatterers as well as an automatic selection process in 
practice, for this study, we determine the PSF based metrics by manually extracting a 
range bin slice of the image that contains an isolated point scatterer. In order to cope with 
the deformations of the PSF due to sound speed errors, we fit a parabolic function [7] 

 (8)
to the peak of the PSF. Then, we estimate the corresponding parameters  with 

and determine the 3 dB beamwidth of the PSF as  

 (9)

Next, the peak value of the PSF can be found as follows 

(a) Correct sound speed of 1485 m/s (b) Incorrect sound speed of 1460 m/s
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 (10)

The metric evaluation for a sound speed variation in the interval [1460, 1510] m/s is 
shown in Fig. 2. Note that the illustrated metrics have been normalized in order to display 
them together in one plot. The synthetic echo signals have been generated using a sound 
speed of  1485 m/s. While the contrast and peak height metric curves feature a distinct 
extreme value at the true sound speed , the 3 dB beamwidth curve is rather flat in the 
vicinity of . However, the symmetry of the curve allows determining the true sound 
speed. Nevertheless, a combination of the introduced metrics has to be considered to get a 
reliable estimation result for an optimum sound speed. Note that in order to obtain the PSF 
based metrics, we have manually selected 5 range bins and averaged the 
corresponding results. 

As a consequence, we conclude that an optimum sound speed value can be estimated 
for real sonar measurements by applying the introduced metrics to a set of SAS images, 
which have been reconstructed using varying sound speed values. Thus, this procedure has 
the potential to be the core of an in-situ calibration method to estimate an optimum sound 
speed value, and thus, supporting or even substituting the on-board measurement device.

4. REAL SAS IMAGE RESULTS 

In this section, we analyze real sonar measurements collected by the VISION 1200 
system shown in Fig. 3(a) and apply the introduced metrics to a set of SAS images, which 
has been generated by varying the sound speed during the reconstruction process. As an 
initial value, we take the sound speed obtained by the on-board measurement device and 
vary it within the bounds of  [6]. Fig. 4(a) and Fig. 4(b) illustrate two SAS images 
with a dynamic range of 40 dB for an erroneous sound speed  and the estimated sound 
speed , respectively. The images show a resolution object inside an image patch of an 
approximate size of 20 m  20 m that consists of multiple parallel bars to measure the 
resolvability of an imaging system as shown in Fig. 3(b). While the erroneous sound speed 

 yields a defocus in Fig. 4(a), the optimum sound speed estimate  clearly improves the 
quality of the SAS image as can be seen in Fig. 4(b). For example, the parallel bars at the 
right hand section of the object can be better distinguished using the optimum sound 
speed. In general all line objects seem to be slightly better focused in Fig. 4(b), while the 
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Fig. 2 Metric evaluation with varying sound speed values within the reconstruction 
process using a synthetic data example 
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bars in Fig. 4(a) look more smeared out. Moreover, the erroneous sound speed value leads 
to a spreading of the PSF of the individual scatters in the top right corner of the SAS 
image in Fig. 4(a) and although marginal, an overall loss in the contours of shadow areas 
occurs. The latter is observable in the upper part of the object, which is akin to rotor 
blades of a windmill. As for the synthetic data the optimum sound speed has been 
estimated using the proposed metrics. The corresponding curves are shown in Fig. 5(a). 
Although the metric values are noisier compared to the synthetic data results, all curves 
have their extreme value close to the sound speed 1479 m/s that has been obtained 
by the on-board measurement device and is used as a reference.  

 In order to judge on the capability of the DPCA to compensate a sound speed error, we 
distinguish between two different processing schemes. First, we only vary the sound speed 
value within the image reconstruction while keeping the measured one to estimate the 
trajectory deviations due to motion errors. In the second process scheme, we also adapt the 
sound speed for the DPCA algorithm. If DPCA is able to compensate the variations in the 
sound speed, we expect the metric curves to differ significantly. Moreover, the metric 
curves should be constant over a larger range of different sound speed values, therefore, 
indicating that a varying sound speed is rather compensated than affecting the image 
quality. A comparison of the metric characteristics for both processing schemes is

 
(a) “Defocused” SAS image 1510 m/s           (b) Focused SAS image  1475 m/s

 
Fig. 4 SAS images of MF VISION 1200 data set 

 
depicted in Fig. 5. While Fig. 5 (a) depicts the metric outcome for the second 

processing scheme, Fig. 5 (b) illustrates the result for varying the sound speed only in the 

(a) SeaOtter MK IID (b) Resolution object (c) Metal cross

Fig. 3 Vision system on SeaOtter MK IID AUV (a) and resolution target in (b) and (c). 
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image reconstruction process. Both plots only differ marginally and mainly in the  
metric. However, the general trend is identical. Furthermore, both plots clearly have the 
same location in their extreme values, and therefore, the same optimum sound speed. 
Thus, the DPCA seems to be inadequate as a correction technique for the sound speed.  

Another SAS image example is depicted in Fig.  6 using Vision HF data. It shows the 
target in Fig. 3(c), which consists of two metal blades forming a cross. To test the 
resolution, small plastic balls are attached to the cross. The optimum sound speed has been 
estimated using the metric curves as shown in Fig. 6(d). Compared to the MF results, the 
metric curves have broader peaks. The optimum sound speed is given by 1482 m/s, 
which is 3 m/s more than the sound speed measured by the on-board device. A comparison 
of the resulting SAS images is depicted in Fig. 6(a) to Fig. 6(c). While a defocus becomes 
apparent for an erroneous sound speed 1497 m/s, which makes it difficult to resolve 
the plastic balls on the blade, there is hardly a difference recognizable between the 
estimated optimum sound speed and the sound speed measured by the on-board device.  
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(a) DPCA and image reconstruction 
use the same sound speed value 

(b) DPCA uses the measured sound 
speed for motion estimation. 

Fig. 5 Metric comparison of the two processing schemes: (a) includes the variation of 
sound speed in the DPCA for motion error estimation, while (b) uses the measured one.
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(a) 1497 m/s (b) 1482 m/s (c) 1479 m/s (d) Metric evaluation

Fig. 6 An SAS image from a HF VISION 1200 data set containing a second resolution target.
An erroneous sound speed  in (a), the optimum sound speed  in (b) as obtained by the
metric evaluation shown in (d) are used. The measured sound speed is used in (c). 
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5. CONCLUSIONS 

We have demonstrated the influence of sound speed errors on SAS imagery using 
synthetic data and real sonar measurements provided by the ATLAS ELEKTRONIK 
GmbH VISION 1200 system. Using a contrast measure and PSF based metrics, we have 
evaluated the degradation in image quality with respect to sound speed variations. 
Furthermore, we have shown that the obtained metric curves are characterized by an 
extreme value, which indicates an optimum value for the sound speed in terms of image 
quality. In the case of synthetic data, we have illustrated that this optimum value is 
identical to the sound speed, which has been used to generate the synthetic echo signals. 
For the real sonar measurements, we have demonstrated that the estimated optimum sound 
speed is almost identical to the sound speed of the on-board measurement device.  

Thus, the combination of iteratively reconstructing a small image patch for varying 
sound speed values and employing adequate image quality metrics is an alternative 
method to estimate the sound speed in-situ. We show that it is possible to detect when the 
sound speed profile dictates the optimal value for the processing to differ considerably 
from the sound speed measured in the AUV. The sound speed error can be compensated 
for using the SAS data itself without knowledge of the sound speed profile.  
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Abstract: In October 2012, the Centre for Maritime Research and Experimentation 
(CMRE) conducted the ARISE’12 trials from the NATO research vessel Alliance, off of 
Elba island, Italy. During this trial, data was collected by the Norwegian Research 
Defence Establishment (FFI) using a HUGIN AUV with interferometric SAS. Large visible 
structures in the SAS images and in the SAS bathymetries were caused by features in the 
water column that formed after breaking internal wave events. A bolus can be formed 
after a breaking internal wave captures a relatively compact volume of cold, dense water 
from below the thermocline which then moves slowly up slope along the seabed 
surrounded by warmer water. Changes observed in acoustic intensity and phase seen in 
the SAS data were caused by refraction effects as the acoustic field interacted with the 
lower sound speed structure of the bolus. Our interpretation of this phenomenon is based 
on the simple idea that the variation in backscattered intensity from the seabed is caused 
by a focusing of sound by the bolus and errors in bathymetry by the changes in phase as 
the acoustic energy moves through the lower sound speed bolus. A 3D parabolic equation 
(PE) model was used to simulate the effects of the bolus on the acoustic field incident on 
the bottom and compared favourably to SAS data. Models for the change in bolus size and 
speed as it propagates upslope also gave reasonable comparison to estimates obtained 
from SAS intensity images. 

Keywords: synthetic aperture sonar, internal waves 
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1. INTRODUCTION

Synthetic aperture sonar (SAS) in general requires estimates of the time delay of the 
scattered return with range from the seafloor which in turn requires accurate knowledge of 
the propagation velocity (sound speed) as a function of space and time. During the initial 
development of SAS, it was assumed that fluctuations in sound speed would severely limit 
high-frequency SAS imaging. Although strong variability in the ocean such as internal 
waves and turbulence is known to limit the temporal and spatial coherence of acoustic 
signals in sonar [1], experiments showed that the problem in many cases was not large 
enough to be restrictive [2,3].  At present, typical SAS processing algorithms also use data 
from the sonar itself to correct the estimated path [4], thus minimizing even further the 
effects of variability in the index of refraction so that good images can be formed even 
with the common assumption of a constant sound speed. Callow et al. [5] have shown that 
the assumption of a constant sound speed is not always appropriate and that in general the 
full vertical sound speed profile should be used to avoid errors both in image quality and 
in interferometric estimates of bathymetry. This paper is closely related to the work in [5] 
and will also show examples of image and bathymetry errors caused by uncompensated 
refractive effects. In this paper, we further suggest that the state of art is sufficiently 
advanced to allow data collected with modern SAS systems to be used for making detailed 
measurements of the oceanographic processes underlying the variations in water column 
properties. 

In October 2012, the Centre for Maritime Research and Experimentation conducted an 
experiment from the NATO research vessel Alliance, off of Elba Island, Italy. During this 
trial, data was collected by the Norwegian Research Defence Establishment (FFI) using a 
HUGIN AUV with interferometric SAS over the same area of the seafloor at different 
times. Figure 1 displays an example of two SAS images of an area taken with a time 
separation of 27 hours. Evident in the top half of the left image is a very large, linear 
ripple-like feature approximately 2-3 m wide and at least 60 m long. In the right image of 
Fig. 1, which was taken later, this large feature is absent. Bathymetry estimated for the left 
image in Fig. 1 with the interferometric capabilities of the SAS system is shown in Fig. 2 
and reveals a “height” for the ripple-like feature of approximately 30 cm. It is important to 
point out that the SAS image quality for both images was very good and interferometric 
coherence was high (indicating little or no multipath interference). We also want to 
emphasize that both images in Fig. 1 appear exactly as one would expect for an 
undistorted SAS image of the seafloor and that the bathymetry is also consistent with what 
one would expect given the observed imagery. The anomalous structure in the SAS 
images and in the SAS bathymetry was caused not by seafloor topography but by a bolus, 
a water column feature that results from breaking internal waves.  The anomaly seen in the 
SAS image is simply a result of the lower sound speed water in the compact bolus causing 
a localized focusing of the transmitted acoustic energy onto the seafloor. The bathymetry 
estimated through the bolus is in error as well due to the phase delays caused by the bolus.  
Effects similar to those shown in the SAS images of Fig. 1 have been discussed in relation 
to the impact of atmospheric refraction on synthetic aperture radar [6,7]. 

In the following section we present a brief background on boluses. In Section 3 we 
present a 3D parabolic equation model which we use to understand and simulate the 
effects of the bolus on the acoustic field transmitted onto the seafloor. Model predictions 
of changes in the speed and size of the bolus are discussed and compared to estimates 
derived from SAS intensity images in Section 4 with conclusions following.  
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Fig.1: SAS images of an area of the seafloor obtained 27 hours apart (the left image was 

taken before the right image). 
 

 
Fig.2: High-resolution bathymetry for the left image in Fig. 1. 

2. OCEANOGRAPHIC BACKGROUND 

It is not uncommon in the ocean for a layer of warmer water to lie over a layer of colder 
water causing a strong gradient in density. In thermally stratified waters internal waves 
may be observed propagating as groups of solitary waves or solitons along the thermocline 
where the difference in density is greatest. The existence and propagation of solitons relies 
on a balance between the non-linearity in the medium which tends to steepen the wave and 
dispersion which tends to broaden the wave [8].  The result is a wave of permanent shape 
that propagates at a speed dependent on its amplitude, , the upper and lower layer depths, 
h1 and h2, and the density contrast, , among other factors. The scales of internal waves 
tend to be larger than surface waves, with typical horizontal scales, , for continental shelf 
solitons on the order of 100’s of meters and amplitudes on the order of 10 meters or 
greater [9]. They are generated at depths of 10s to 100s of metres when tidal currents flow 
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over areas with variable bathymetry, such as a shelf break. For a two-layer system the 
Korteweg - de Vries (KdV) equation yields a long-wave speed, 21

2121 / hhhhgc  
where g is the ‘reduced’ gravity, g /  and an amplitude, 212 .  The dispersion 
parameter, , is equal to ch1h2/6 and the nonlinear parameter, , is given by 3c(h1-
h2)/(2h1h2).  The speed, amplitude and horizontal scale of the internal wave soliton will be 
required for the models used in section 4. 

As with surface waves, internal waves can reflect or break upon interacting with a 
sloping seafloor.  Helfrich [10] and Wallace and Wilkinson [11] performed two-layer tank 
experiments in which internal waves shoaled onto a gentle slope and quantified the 
dominant elements of the run-up and breaking process. They observed that the internal 
wave crest steepened and overturned (i.e. the internal wave ‘broke’). A discrete vortex or 
bolus of dense fluid developed after the breaking event which then travelled up the slope 
slowly losing speed and size. Wallace and Wilkinson also noted that the breaking event 
and subsequent bolus formation and propagation produced high velocities close to the bed 
and that sediment entrained into the vortex could be transported considerable distances up 
the slope. Venayagamoorthy [12] has performed experiments similar to the tank 
experiments mentioned above but in the form of 2D and 3D numerical simulations. The 
simulations duplicated many of the observations discussed in [10] and [11] and also found 
that boluses essentially propagate in a fashion similar to gravity (density driven) currents.  
Although field observations of internal-wave breaking due to shoaling are relatively 
sparse, Bourgault et al. [13], show data that agrees with the laboratory results of [10] and 
[11] and the numerical simulations of [12]. The oceanographic conditions and bathymetric 
slopes in [13] were very similar to those of found at the October, 2012, Elba Island 
experiment and the scales of the boluses they observed and measured using normal 
incidence echosounders are of sizes comparable to those which would cause the effects 
seen in Fig. 1. As will be shown later, the variation in speed and size as the bolus 
propagated up slope that we predict are also very close to those seen in [13]. 

3. ACOUSTIC MODELING 

To simulate the effect of a bolus on the acoustic field we make use of a three-dimensional 
parabolic equation model based on Hawkes [14].  The model uses a split-step algorithm to 
yield a solution for the acoustic field in range, cross-range and altitude.  As we are 
interested initially in effects on the acoustic field caused by sound speed differences in the 
water column and because concomitant density differences are small, the model only takes 
into account 3D spatial changes in the index of refraction and not density (in contrast to 
most underwater acoustic applications of the parabolic equation). Fourier Split-Step 
methods for obtaining the marching solutions in range usually divide the problem into 
free-space propagation and a subsequent refraction-induced correction term.  Split steps in 
this case are  

kkkkyjkkD zxzx
222exp),( , 

(1) 

which gives the free-space propagation term and  
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the refraction correction. F  and 1F  are the split-step forward and backward 2D 
Fourier transforms. Thus the field at the next step point is given by 

,),,(),(),,(),,( 11 yzxuFkkDFzyxRyyzxu zx  (3) 

Grid sizes for simulations were /2 and step sizes are .  The step size is required to be 
small where gradients in the index of refraction are large to help mitigate this effect, 
sound-speed transitions were smoothed over the space of 4 . Free-field propagation was 
used in the homogeneous media. 

For simulations the bolus was modelled as a 60 m long, 4 m diameter half cylinder 
sitting on the plane of the seafloor convex side up.  The cylinder was positioned at 85 m 
range and the acoustic source height at 10 m so that the geometry for the simulations was 
similar to the geometry that existed during the collection of data used to generate Figs. 1 
and 2. Bolus sound-speed for modelling was 1490 m/s in a homogeneous medium of 
sound-speed 1500 m/s. An example simulation result is shown in Fig. 3.  In this figure, the 
focusing of the transmitted acoustic energy by the simulated bolus is apparent and in 
qualitative agreement with experimental observation based on the intensity image in Fig. 
1. It is interesting to note that the focusing appears some distance behind the location 
where the sound speed anomaly actually resides.  Although we intend to invert simulation 
results to obtain the exact sizes of the boluses at some point in the future, in this paper we 
only extract qualitative information on the relationship of the size of “highlight” (focus) 
and “shadow” (defocus) in an image to the approximate true height of the bolus.  
Interestingly, the horizontal scale of the combined highlight/shadow seen in Fig. 3 is 
approximately the diameter of the bolus which causes the highlight and shadow.  We will 
use this relationship to get a very rough estimate of the true size of the boluses seen in the 
SAS images taken at Elba Island which will be compared to models described in the 
following section. 

 
 

 

Fig.3: Predicted acoustic field at the seafloor. 
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4. ESTIMATING BOLUS PROPERTIES WITH SAS IMAGERY 

Internal wave breaking is an active area of research and the formation, propagation and 
dynamics of boluses is not completely understood at present. Current models of bolus 
characteristics such as the location of internal wave breaking, the size and speed of a bolus 
at the breaking point and the size and speed of the bolus as a function of propagation 
distance up slope are a mix of empirical results from tank and numerical experiments and 
simplified analytical models based on fluid mechanics. In what follows, we make use of 
the work on shoaling of internal waves on a gentle uniform slope described in [10] and 
[11] and will apply their results to our experimental situation.  Wallace and Wilkinson 
[11] derived a simple analytical model in which the change in bolus momentum was 
balanced by down-slope buoyancy and bottom friction to arrive at an expression for the 
speed and height of a bolus as a function of distance up slope and height: 00 xxccb

and 00 xxHH .  In these expressions x is measured from the point of bolus formation, 
x0, cb is the bolus propagation speed, c0 is the initial bolus speed which, following the 
results of [11], is approximately equal to 0.6*c, where c is the internal long-wave speed. 
After the bolus is formed, it decreases linearly in size and slows down almost linearly as it 
shoals. The 'almost' part of the linear slowdown is controlled by the constant  which is 
itself a function of several parameters including slope, Richardson number, added mass as 
the bolus pushes through the water, and drag coefficient. (see Eq. (11) in [11]).  Based on 
tank and numerical experiments, the location of bolus formation was found to happen at 
the point where the internal wave amplitude is approximately a third of the undisturbed 
lower layer depth [10, 15].   

Not being designed for measurement of bolus dynamics, the repeat pass times used 
during the October, 2012, Elba Island experiment (usually a day or longer) were too long 
to capture the motion of an individual bolus to compare to the models of bolus height and 
speed discussed in the previous paragraph. It was possible to obtain one instance of a 
shorter repeat-pass time by forming a second image during a turn such that two images 
(Fig. 4) could be compared which had a considerably shorter time-separation of 42 
minutes.  In the images, deeper water is toward the top with the feature at about 47 m 
depth and moving toward the bottom of the figure.  If the feature outlined in red on the 
two images in Fig. 4 is the same, we can estimate the size and speed of the bolus. The 
general size relationship based on the simulations of the previous section give a rough idea 
of the height of the bolus in the two images and is approximately 3 m in the left image and 
after moving upslope has diminished to less than 2 m in the right image.  The speed of the 
bolus can be obtained by observing that the bolus has moved approximately 50 - 60 m in 
the 42 minutes between passes which gives a value of approximately 2 cm/s.   

We can compare the observations based on Fig. 4 with the models of [11]. For our case, 
 = 2 kg/m3, h1 = 47 m, h2 = 86 m, and the seafloor slope was 0.05.  The relation for the 

internal wave amplitude requires knowledge of  or the wave period of the internal wave, 
neither of which was available to us. In the results that follow we will treat  as a free 
parameter to yield the correct initial observation in 47 m water depth (at 110 meter across-
track distance in the SAS images), allowing us to estimate the size further up the slope as 
well as the average speed of the bolus.  A horizontal scale of 250 m, which is well within 
the range found for internal waves on the continental shelf, was found to satisfy our 
observed initial bolus height of 3 m at 47 m water depth. The parameters required to 
estimate  are also not available to us. We note that values of  > 0.6 have been shown in 

1st International Conference and Exhibition on Underwater Acoustics

98



 

laboratory measurements [10, 11, 15] to fit data with the same seafloor slope as Elba 
Island and present results with  = 0.6, 0.8 and 0.9.  The 3 m amplitude of the bolus at 110 
m across-track distance in the images (47 m water depth) indicates the bolus was actually 
formed approximately 400 meters further out in about 67 m water depth.  Results of the 
simple models for speed and size as a function of range are presented in Fig. 5.  Note that 
to make it easier to compare results to observations we are using the same across-track 
distance scale as used in the SAS images. The figure shows that a bolus that was 
approximately 3 m at 110 meters range in the image would have reduced in size to about 
1.5 m at 50 m range consistent with our rough observations from Fig. 4.  The slowest 
bolus speeds predicted are about 4 -5 cm/s, about twice the average speed of 2 cm/s 
estimated from Fig. 4.  The average speed of 2 cm/s is either a result of unknown effects 
causing a much slower propagation speed or more likely, the two features were not the 
same. The size decrease seen in the SAS images is reasonable and would still be valid 
even if the features in the left and right images of Fig. 4 are not the same if we make the 
reasonable assumption that both internal waves broke at the same spot (water depth).   

 
 

  
 
Fig.4: SAS images of an area of the seafloor obtained 42 minutes apart. Areas outlined in 

red indicate features which may be the same.

 

Fig.5: Bolus height (left) and speed (right) versus across-track distance. 
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5. CONCLUSIONS 

We have shown that sound speed variations associated with oceanographic 
perturbations such as internal waves and boluses can have profound effects on SAS 
images of the seafloor, as well as interferometric bathymetry estimates, and therefore need 
to be accounted for.  Conversely, we believe that important characteristics of internal 
waves and boluses on the inner shelf can be extracted from SAS data precisely because of 
the sensitivity of the sonar to changes in the refractive index associated with these 
features. The October, 2012, Elba Island experiment was never intended as a study of 
boluses and so the data is not exactly what one would wish for comparisons with models.  
Nevertheless, the work presented here hints at what is possible with this entirely novel 
way of looking at the oceanography of the inner shelf and gives an idea of the kinds of 
quantitative oceanographic measurements that can be made with SAS systems. In addition 
to providing a new tool for the study of the oceanography of the inner shelf, advancing our 
basic understanding of the effects of oceanographic phenomena on seafloor imaging 
sonars will also allow for development of techniques to mitigate such effects on naval 
sonar systems. 
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Abstract: Monostatic synthetic aperture sonar (SAS) data sets for the scattering from a 
target in a waveguide can be simulated via a fast model that combines an acoustic ray 
approximation for propagation in the waveguide with far-field scattering from a target in 
free-space.  With the assumption that acoustic rays arise from the source and receiver and 
their images, the problem of wave propagation and scattering from a target within the 
waveguide is replaced by a superposition of a set of free-field scattering problems.  Under 
normal operating conditions, the separation distance between a SAS platform and a target 
is large compared to the carrier wavelength of the transmitted signal, and hence, the free-
field scattered signal can be reduced to a far-field approximation where a spherically 
diverging wave is weighted by a scattering amplitude.  The scattering amplitude contains 
all of the information about the scatterer (e.g., its material properties) and the 
directionality of the scattered field.  A scattering amplitude can be obtained from a direct 
measurement or a finite-element analysis of a target.  The fast ray model allows one, who 
is interested in SAS processing algorithms, to generate data sets with variations in the 
environment or source-receiver-target geometry without incurring the expense associated 
with the collection of actual SAS data.  Results from the fast ray model will be compared 
to data and finite-element results for several targets in shallow water.  The horizontal 
range to the targets and time gating permit the air-water interface to be ignored. 

Keywords:  Acoustic Ray Model, Synthetic Aperture Sonar, Scattering amplitude. 
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1. INTRODUCTION

The use of synthetic aperture sonar (SAS) has become a standard modality for the 
detection of targets in marine environments [1-3].  In particular, SAS platforms that 
operate at frequencies below 50 kHz and with a wide bandwidth have several advantages 
over other sonar technologies (such as side-scan sonar, which can be limited in range and 
range resolution).  Low-frequency, broad-bandwidth SAS platforms can provide longer 
detection ranges, the possibility of coupling into elastic modes of vibration of a target, and 
deeper penetration into sediments.  Longer detection ranges are possible due to the lower 
attenuation of low-frequency sound in water.  This then permits rapid wide-area surveys.  
In addition, the range resolution of a SAS platform is related to the bandwidth of the 
transmitted signal and is independent of the range to the target.  Excitation of the elastic 
modes of vibration of a target offers a mechanism that may be exploited by classification 
algorithms to differentiate a target from clutter.  With greater penetration depths into 
sediments, the detection of partially and completely buried targets becomes feasible.  
Kargl et al [2] recently presented a model to investigate the response of buried targets to a 
sonar signal.  That model combined first-order perturbation theory for scattering from a 
rough surface and an approximation based on free-field scattering.  This paper reports on a 
model that combines an acoustic ray model and free-field scattering for targets within the 
water column. 

In the development and validation of automatic target recognition (ATR) algorithms, 
access to a large collection of SAS data sets for a given target in various environments and 
various targets in the same environment is desirable [4].   However, the in-situ collection 
of data in a marine environment can be time consuming, cost prohibitive, infeasible due to 
limited access to a particular environment, and subject to either changes to the 
environment during the collection period or a lack of measurement of environmental 
conditions.  The model presented below allows one to fabricate SAS data for a target in a 
marine environment with the caveat that passive noise and reverberation must be obtained 
from an additional model (such as the model described in [2]).  The generated SAS data 
sets can supplement other SAS data sets and aid in the development and validation of 
ATR algorithms. 

2. ACOUSTIC RAY MODEL FOR TARGET SCATTERING 

When the wavelength of sound is much smaller than the depth of a waveguide, the 
scattering of sound from a target within a homogeneous waveguide can be approximated 
by an acoustic ray model.  The waveguide of interest here is a homogeneous layer of water 
between an upper semi-infinite half-space of air and a lower semi-infinite half-space of a 
homogenous sediment.  Figure 1(a) depicts the scattering problem, and displays the direct 
path arrival as well as the ray paths that interact once with the upper and/or lower 
boundaries.  By considering image sources and receivers reflected about the boundaries, 
one can associate acoustic ray paths with these images.  Figure 1(b) depicts the image 
sources and receivers and their associated acoustic rays.  Figure 1 also demonstrates the 
reduction of the waveguide scattering problem to an equivalent superposition of (possibly 
infinitely many) free-field scattering problems.  In the model discussed here, the 
homogeneous sediment has been modeled as either an attenuating fluid with a frequency-
independent loss parameter or as a fluid described by an effective density fluid model [5]. 
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(a) 
 

(b) 

Fig. 1:  (a) Acoustic ray diagram showing the direct path arrival and the ray paths 
associated with a single interaction with the upper and/or lower boundaries of the 
waveguide.  (b) Image sources (S1, S2, …) and receivers (R1, R2, …) reduce the scattering 
from a target in a waveguide into a series of free-field scattering problems. 

For an image source, an image receiver, and a target located at ri, rj, and rt, the 
horizontal distances are Rti = |Rt – Ri | and Rjt = |Rj – Rt |, and the total separation distances 
are dti = |rt – ri | and djt = |rj – rt |, respectively.  In the enumeration of image sources and 
receivers, i = 0 and  j = 0 correspond to the actual source and receiver.  The contribution of 
the ith source and the jth receiver to the frequency spectrum of the total scattered signal can 
be written as 
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where  is the angular frequency and Psrc( ) is the frequency spectrum of the transmitted 
wave packet.  The reflection coefficients at the upper and lower boundaries are U( ) and 
L( ).  Here,  denotes a local grazing angle at the boundary, and is given by cos( i) = Rti / 
dti or cos( j) = Rjt / djt.  The m and n exponents indicate the number of interactions a ray 
has with a given interface.  The time delay for propagation from the source to the target is 
tti = dti / c and the time delay from the target to the receiver is tjt = djt / c.  The speed of 
sound in the water is c.  In (1), the sources and receivers are assumed to be point-like with 
omni-directional directivity patterns.  The scattering process is a convolution of a free-
field scattering amplitude f ( ij ij ) with the incident pressure spectrum Psrc( ).  Here, ij 
and ij are target-centered angles, which are related to the i and/or j and may also depend 
on the orientation of the target within the waveguide. 

The free-field scattered pressure in the far-field of a target is psrc  p0 f ( , ) exp(ikr) / r, 
where the wavenumber is k =  / c, f ( , ) is a scattering amplitude with spherical 
coordinate polar and azimuthal angles  and  [2], and p0 is a constant carrying the units 
of pressure.  For a finite target, the scattering amplitude is often related to the scattering 
form function by f ( , ) = aF ( , ) / 2 with a being a characteristic dimension of the target.  
Inspection of psrc shows that the target is point-like, where the directionality of the 
scattered field is contained within f ( , ) along with information about the material 
properties of the target.  Finally, f ( ij ij ) can be obtained from an analytic solution to a 
scattering problem (e.g., scattering from a spherical target), direct measurement from an 
actual target, or numerical simulation (e.g., finite-element analysis). 
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3. APPLICATION OF THE MODEL TO CIRCULAR SAS. 

As an example, the waveguide model in (1) is applied to a monostatic circular SAS 
(CSAS) scenario where the duration of the generated time signals is such that arrivals 
from the air-water interface are excluded.  This then yields four rays paths where i = 0,1 
and j = 0,1.  For simplicity, we use d0 = dt0 = d0t and d1 = dt1 = d1t.  The total frequency 
spectrum is then given by  
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with t1 = 2d0/c, t2 = (d0 + d1)/c, and t3 = 2d1/c, and the grazing angle is g.  The scattering 
amplitudes, fk = fk( ij ij ), depend on the locations of the sources, receivers, and target, 
and target orientation (in the Fraunhoffer region, and equivalent expression with some 
useful angle definitions can be found in [6]. Eq. 3).  An inverse Fouier transform of P( ) 
then gives a generated sonar signal that includes the four primary acoustics paths for a 
target near an interface. The first term in the bracket of (2) is the direct path.  The second 
term includes the two paths that interact with the bottom once.  These paths are reciprocal 
and are associated with a bistatic scattering direction.  The last term is a backscattering 
path with two bottom interactions. 

For the results presented here, the target is placed at the center of the CSAS path.  It is 
a machined aluminum replica of a solid steel artillery shell, which was deployed during 
Pond Experiment 2010 (PondEx10).  In (2), we use a free-field scattering amplitude 
derived from a hybrid 2D/3D model.  The hybrid 2D/3D model implemented a 2D finite-
element model (FEM) prediction of the target response on a surface near the target, and 
then propagates the target response to some specified range using a discrete form of the 
3D Helmholtz integral with a free-field Green function [7-9].  The hybrid 2D/3D model 
can be applied to targets with a cylindrical symmetry.  A target drawing and the FEM 
mesh is depicted in Fig. 2.  This scattered pressure is converted to a scattering amplitude 

Fig. 2:  Engineering rendering of the 
aluminium replica of a solid steel artillery 
shell and the FEM mesh.  The nodes of the 
mesh are concentrated near the fine-scale 
structures of the target. The diameter is 4 
inches and the length is 16. 

and placed in a table, fijk, with i = i , j = j , and k = k .  Given the source and 
receiver locations along the circular path and the local grazing for the target location, 
values of  and  are determined.  Linear interpolation was then employed to extract 
scattering amplitude values from the table. 

Two simulations were performed with the radii of the CSAS path of 5 and 10 m,  and 
adjacent signals were recorded at  = 1° along the circular path.  The source and receiver 
were co-located 3.8 m above the sediment and were assumed to be omni-directional.  The 
sound speed and density of the water are c = 1500 m/s and  = 1000 kg/m3.  The sediment 
was an attenuating fluid with cs = 1775 m/s, s = 2000 kg/m3, and  = 0.008 for the loss 
parameter.  The source emitted a 6 ms chirp with a carrier frequency of 16 kHz and 
bandwidth of 30 kHz.  These parameters roughly correspond to experimental conditions 
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during PondEx10.  Figure 3 shows the acoustics color templates obtained from PondEx10 
data, FEM simulations, and the ray model.  Acoustic color templates depict the target 
strength as a function of frequency and a target-centered aspect angle projected onto the 
water-sediment interface [6].  

Inspection of Fig. 3 shows that both the FEM and ray model results capture much of 
the structure observed in the PondEx10 data.  This structure includes both geometrically 
reflected acoustic energy and acoustic energy that couples into the elastic response of the 
target.  Comparison of Figure 3(b) and (c), particularly in the 10 to 17 dB range, reveals 
that the ray model result has a slight smoothing.  This is a consequence of the discrete 
representation of fijk and the linear interpolation.  The good agreement may be anticipated 
because a free-field FEM and Helmholtz integral result for a target at a 10 m range was 
used in the tabulation of the fijk. 

 
Fig 3:  Acoustic color templates for the aluminum replica at a 10 m range.  (a) PondEx10 
measurement.  (b) FEM and Helmholtz integral result.  (c) Ray model using the tabulated 
form function.  The tail of the target is pointing at the source/receiver location at 90°; 
while the nose points at the source/receiver at 270°.
 

 
Fig. 4:  Acoustic color templates for an aluminum replica at a 5 m range.  (a) PondEx10 
data.  (b) FEM model and Helmholtz integral result.  (c) Ray model using the tabulated 
form function. 

Figure 4 shows the PondEx10 data for the aluminum replica, FEM and Kirchoff-
Helmholtz integral simulation, and the ray model given in (2) for the target at a 5 m range.  
An important aspect of the ray model simulation is that it used the table fijk that was 
derived from a free-field FEM and Helmholtz integral simulation for a target at a 10 m 
range.  This is possible because the scattering amplitude is range independent and contains 
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only information about the directionality of the scattering and material properties of the 
target.  The construction of the model in Eq. (2) explicitly accounts for interactions with 
the water-sediment interface.  Thus, only a single free-field measurement from a target or 
a single free-field FEM and Helmholtz integral simulation is sufficient to provide a 
scattering  amplitude that can be used to rapidly predict the scattering from a target near a 
bound at any range (provided the range meets the far field requirement). 

4. CONCLUSIONS 

Section 2 presented a model that combines a ray-based description of wave propagation 
in a waveguide with a far-field approximation for the free-field scattering from a target.  In 
Sec. 3, the model given in Sec. 2 was applied to a circular SAS example for a proud target 
where interactions with the upper boundary could be ignored (e.g., due to time gating).  
Figures 3 and 4 demonstrate that the ray model captures the structure observed in both 
experimental data and an alternate simulation that used the hybrid 2D/3D model.  At the 
time that Fig. 3(b) and 4(b) were computed, a hybrid 2D/3D model result took 2 to 3 days 
to complete.  The ray model results depicted in Fig. 3(c) and 4(c) took on the order of 30 
CPU seconds.  Thus, the ray model retains most of the high fidelity of the hybrid 2D/3D 
model at a fraction of the computational resources. 

5. ACKNOWLEDGEMENTS  

Work supported by the Strategic Environmental Research and Development Program 
(SERDP) and the Office of Naval Research (ONR). 

REFERENCES 

[1] JE Piper, R Lim, EI Thorsos, KL Williams, Buried sphere detection using synthetic 
aperture sonar, J. Ocean. Eng., volume 34, pp. 485-494, 2009. 

[2] SG Kargl, KL Williams, EI Thorsos, Synthetic aperture sonar imaging of simple 
finite targets, J. Ocean. Eng., volume 37, pp. 516-532, 2012. 

[3] JA Bucaro, BH Houston, M Saniga, LR Dragonette, T Yoder, S Dey, L Kraus, L 
Carin, Broadband acoustic scattering measurements of underwater unexploded 
ordnance (UXO), J. Acoust. Soc. Am., volume 123, pp. 738-746, 2008. 

[4] J Stack, Automation for Underwater Mine Recognition: Current Trends & Future 
Strategy, in Detection and Sensing of Mines, Explosive Targets, and Obscured Targets 
XVI, ed. by RS Harmon, JH Holloway Jr., JT Broach, Proc. of SPIE, vol. 8017, 2011 
DOI: 10.1117/12.884475. 

[5] KL Williams, An effective density fluid model for acoustic propagation in sediments 
derived from Biot theory, J. Acoust. Soc. Am., volume 110, pp. 2276-2281, 2001. 

[6] KL Williams, SG Kargl, EI Thorsos, DS Burnett, JL Lopes, M Zampolli, PL 
Marston, Acoustic scattering from an aluminum cylinder in contact with a sand 
sediment: Measurements, modeling, and interpretation, J. Acoust. Soc. Am., volume 
127, pp. 3356-3371 (2010). 

1st International Conference and Exhibition on Underwater Acoustics

108



 

[7] M Zampolli, AL Espana, KL Williams, SG Kargl, EI Thorsos, JL Lopes, JL 
Kennedy, PL Marston, Low- to mid-frequency scattering from elastic objects on a 
sand sea floor: simulation of frequency and aspect dependent structural echoes, J. 
Comput. Acoust.,  volume 20, pp. 1240007 (14 pp.), 2012. 

[8] M Zampolli, A Tesei, G Canepa, OA Godin, Computing the far field scattered or 
radiated by objects inside layered fluid media using approximate Green’s functions, J.
Acoust. Soc. Am., volume 123, pp. 4051-4058, 2008. 

[9] M Zampolli, A Tesei, FB Jensen, N Malm, JB Blottman III, A computatuionally 
efficient finite element model with perfectly matched layers applied to scattering from 
axially symmetric objects, J. Acoust. Soc. Am., volume 122, pp. 1472-1485, 2007. 

1st International Conference and Exhibition on Underwater Acoustics

109



1st International Conference and Exhibition on Underwater Acoustics

110



 

ULTRA WIDEBAND SAS IMAGING 

Stig Asle Vaksvik Synnesa,   Roy Edgar Hansena 

aNorwegian Defence Research Establishment, PO Box 25 – N 2027 Kjeller, Norway 

Contact author: Stig Asle Vaksvik Synnes, Norwegian Defence Research Establishment, 
PO Box 25 – N 2027 Kjeller, Norway, e-mail: Stig-Asle.Synnes@ffi.no, fax: +47 
63807509. 

Abstract: In synthetic aperture sonar (SAS) processing we coherently combine data from 
multiple pings in order to synthesize an aperture that is significantly longer than the 
physical array. The resulting images have a high along-track resolution that is 
independent of range and frequency. We believe that concurrent high resolution imaging 
at high frequencies (HF) and low frequencies (LF) will significantly improve the target 
classification ability. However, for successful SAS processing on ultra wideband low 
frequency signals, several challenges must be met.

In October 2012, the NATO Centre for Maritime Research and Experimentation (CMRE) 
facilitated the ARISE'12 trials from the research vessel Alliance, off of Elba island, Italy. 
During this trial, the Norwegian Defence Research Establishment (FFI) recorded 
concurrent HF and LF data using the HISAS1030 SAS with added prototype LF-capability 
on a HUGIN autonomous underwater vehicle (AUV). The HF and LF bands studied here 
have a bandwidth of 25 kHz, centred on 72.5 kHz and 25 kHz.

In this article we compare different SAS image processing schemes for ultra wideband 
signals. We suggest a processing scheme adopting the best features from both time 
domain back projection (TDBP) and wavenumber domain (WD) imaging; the general 
track from TDBP and the wavenumber filtering from WD. The performance of the 
different processing schemes is validated through both simulations and measurements.

Keywords: Synthetic Aperture Sonar, Ultra Wideband, Widebeam, Low Frequency 
Imaging
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1. INTRODUCTION

We investigate synthetic aperture sonar (SAS) ultra wideband (UWB) imaging using a 
12-38 kHz chirp signal. The sonar system consists of a HISAS1030 SAS with a prototype 
low frequency (LF) transmitter add-on on a HUGIN autonomous underwater vehicle 
(AUV), shown in Fig. 1. The UWB-LF data can be recorded alone or concurrently with a 
high frequency (HF) band of 25 kHz bandwidth centred on 72.5 kHz. For concurrent 
recording, the range is reduced by a factor two, in order not to increase the data rate.  

 

 
Fig. 1: Norwegian Defence Research Establishment’s HUGIN AUV equipped with a 

HISAS 1030 SAS system (60-115 kHz) and an added prototype low frequency transmitter 
(12-38 kHz) 

The main advantage of SAS imaging is range-independent high resolution imagery 
with a large area coverage rate. Its applications comprise areas such as military and 
civilian mapping and recognisance, underwater archaeology, pipeline inspection and mine 
hunting.  

Low frequency sonar systems have the potential of penetrating into both sediment and 
objects. Wideband and dual band SAS systems also can reveal the frequency dependency 
of the acoustic scattering, and thereby indicate the physical properties of the scene. Multi-
chromatic anomaly detection has been used with success on optical hyperspectral images, 
and is also a candidate to operate directly on high-resolution multi-band sonar images. 
Research has also been done into identification by comparing LF angular-frequency 
response of image to those of known targets.[1]  

In this paper we consider how to obtain good LF SAS image formation by adapting the 
HF SAS processing scheme.  

2. WIDEBAND VERSUS NARROWBAND SAS 

In synthetic aperture sonar processing we coherently combine data from multiple pings 
in order to synthesize an aperture that is significantly longer than the physical array. To a 
first order (narrowband) approximation the range resolution is given by the signal 
bandwidth (to give 2r c B ) and the along track resolution by the angular wavenumber 
coverage (to give 2x d ).[2]  
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The maximum along track resolution is half that of the element size, d , and results 
from combining the signals from all pings ensonifying the scene. With a fixed element 
size the narrowbeam approximation of the 3dB beamwidth is d , where  is the 
wavelength. The required aperture length therefore rapidly increases with decreasing 
frequency. The resulting aperture length is illustrated for HF- and LF-bands in Fig. 2.  

 

 
 

 
Fig. 2: Left: A 20 m x 20 m are for later SAS imaging, here indicated in HF sidescan 

images. The 3dB beamwidth and required ping interval is shown for our HF band at the 
top and for our LF band at the bottom. The HF band spans 60-85 kHz, and the LF band 
spans 12-38 kHz. The different lines addresses the lowest (-), centre (…) and highest (--) 

frequency of each band. Right: Optical details of the SAS imaging scene, showing a 
pipeline and a concrete cube. 

There are two main methods of SAS image formation: Time Domain Back Projection 
(TDBP) and Wavenumber Domain (WD) imaging. In TDBP the recorded time series are 
back propagated to each pixel of the scene. In WD the time series are converted into the 
frequency domain and added to the image spectrum applying the Stolt migration. For the 
case of narrowband and narrowbeam, the major difference has been that the WD method 
is much faster, though the TDBP method is slightly more robust to track 
inlinearities.[3][4]  

For a wideband and low frequency case, with around 90 degrees 3dB beamwidth, 
several synthetic aperture processing issues arise.[5] Both of the above mentioned 
methods are expected to have reduced performance; the WD method because the track 
linearity limitation are more difficult to circumvent with this wide beams, and the TDBP 
method because an optimal ping selection cannot be chosen for the beamwidth of more 
than one of the involved frequencies (c.f. Fig. 2).  

We suggest a wideband processing scheme adopting the best features of both methods, 
i.e. the general track from TDBP and the wavenumber filtering from WD. The processing 
speed is not really an issue with fast computers and access to running code on graphical 
processing units (GPU). We will use TDBP as a starting point and compare the traditional 
narrowband processing with a multiband processing scheme and our wideband processing 
scheme. In the remaining of this article, we address each of these methods and illustrate 
their performance on both a simulation and measurements.  
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3. SAS IMAGING SCHEMES 

The application of TDBP is based on the narrowband assumption that the required 
angular coverage (or ping interval) is the same for all involved frequencies. The number of 
pings to be included is then chosen according to the angular coverage required for the 
desired resolution, and a tapering is applied on the pings to reduce edge effects. This 
narrowband assumption is valid for the HF band, but that not for the LF band, as 
illustrated by the frequency dependency of the angular coverage in Fig. 2.  

In this chapter we use the wavenumber coverage to consider the applicability to UWB 
LF signals of the narrowband method, a multiband approach to wideband signals, and our 
dedicated wideband method. Along with the wavenumber coverage, we also plot the 
theoretical 3 dB coverage after applying a Kaizer tapering on the range axis and a 
Hamming window within a processing beamwidth of 3/4 on the along track axis is 
indicated by red lines. The lines should correspond to the theoretical resolution of the 
resulting image of 2x xk . However, this depends on the same wavenumber coverage 
on all frequencies, rounding off smoothly beyond the 3 dB lines.  

The resulting images on both simulation and measurements follow in chapter 4.  

3.1. Narrowband 

The ping interval required to meet a specified along track resolution, is frequency 
dependent. If the ping interval is chosen based on the highest frequency, only valid data is 
included for all frequencies, though not all the valid data for the lower frequencies. This 
would result in a reduced azimuth resolution. If the ping interval is chosen based on the 
lowest frequency, all the valid data is included, but also excess echoes that is not related to 
the scene for the higher frequencies. This will result in an addition of aliased energy in to 
the image in the image and loss of contrast. Choosing the ping interval corresponding to 
the centre frequency of band could be a reasonable trade off between resolution and signal 
to noise ratio [6]. Here we choose this latter option, and the resulting wavenumber 
coverage is shown in Fig. 3. 

 

 
Fig. 3: Narrowband processing on simulated data from a single point scatterer:  
Angle-frequency coverage (left) and scattering wavenumber (right) 
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3.2. Multiband 

Because the narrowband processing performs better with decreasing bandwidth, a 
candidate processing scheme is therefore to split the total band into subbands before 
applying the narrowband processing on each band, as suggested in e.g. [6][7]. This 
reduces the effect of added noise and degraded resolution. The resulting wavenumber 
coverage is shown in Fig. 4.  

 
Fig. 4: Multiband processing on simulated data from a single point scatterer:  
Angle-frequency coverage (left) and scattering wavenumber (right) 

3.3. Wideband

Ideally UWB LF imaging should apply the same maximum along track wavenumber 
coverage for all frequencies, rather than processing a fixed interval of pings for all 
frequencies or a group of frequencies. One solution would be to process each frequency 
independently, as in WD processing.  

Here we suggest another two-step approach based on both TDBP and WD imaging:  

1. Choose the angular coverage of TDBP based on the lowest frequency. This 
includes all the valid data, but also excess echoes in the higher frequencies that 
is not related to the scene. The image must be processed on a higher resolution 
grid in order to assure that the excess frequencies do not fold onto the image 
information.  

2. Apply windowing in wavenumber domain in order to select the desired data 
coverage for all frequencies. Then down-sample the image to the desired 
resolution.  

With this approach, we obtain full data coverage also for UWB LF signals, taking 
benefit of the advantages of both the TDBP and the WD method. The extra cost versus the 
narrowband approach is the higher resolution required and the extra filtering step. The 
resulting wavenumber coverage is shown in Fig. 5. 
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Fig. 5: Wideband processing on simulated data from a single point scatterer:  
Angle-frequency coverage (left) and scattering wavenumber (right) 

4. RESULTS AND DISCUSSION 

In Fig. 3, Fig. 4 and Fig. 5, the wavenumber coverage was shown for each of the 
imaging schemes applied on the LF band. In Fig. 6 we show the corresponding point 
spread functions.  

In Fig. 7 we show an example image of the three processing schemes applied on both 
HF and LF bands of the real scene depicted in Fig. 1. We observe that in the LF band the 
details on the cube in particular are sharpest in the wideband processed image, slightly 
defocused in the multiband processed image and quite blurred in the narrowband 
processed image. In the HF band, only the multiband processed image is slightly 
defocused. When analyzing the results, note that we did observe a lower intensity around 
25 kHz, corresponding to a local dip in the receiver array. There is also a strong multipath 
for the upper part of the LF band, and this could reduce the change in the contrast estimate 
over the methods.  

In Table 1 we also present the estimated contrast on both the HF and the LF images, 
and these results support our qualitative assessment. 

             
Fig. 6: Narrowband (left), multiband (centre) and wideband (right) point spread 

functions. The images are 2 m x2 m, and the dynamic range shown is 70 dB. 
 
Image processing scheme Contrast of HF image Contrast of LF image 
Narrowband 6.3 4.3 
Multiband 5.9 4.5 
Wideband 6.5 5.3 

Table 1: Contrast of the HF and LF images processed with the different schemes.
The corresponding images are shown in Fig. 7.  
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Fig. 7: SAS images from HF 65-80 kHz (left) and LF 12-38 kHz (right) using the three 
processing schemes; Narrowband processing (top), Multiband processing (centre) and 

Wideband processing (bottom). All images have been normalized to their maximum value. 
The images are 20m x 20m. The intensity span [-50, -5] dB for HF and [-45, -5] for LF.  
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5. CONCLUSION 

We have suggested a new wideband SAS imaging method where we adopted the most 
desired features from both time domain back projection (TDBP) and wavenumber domain 
(WD) imaging. The new wideband SAS processing scheme has been tested on both 
recorded data and simulated data from a point scatterer. The method outperforms both the 
narrowband TDBP and a multiband adaptation for SAS imaging on ultra wideband low 
frequency (UWB LF) signal, while performing equally well as the narrowband method on 
high frequency signals.  
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Abstract: Synthetic aperture sonar (SAS) has proven its immense practical value by 
robustly delivering high-resolution sonar imagery for example in mine warfare and 
hydrographic surveying. The sonar performance of a SAS system is less dependent on 
range than other sonars and the area coverage achieved is unrivaled by any other sensor. 
A component essential to SAS is motion estimation, which is often performed with both 
sonar and inertial navigation system due to the stringent accuracy requirements. The 
feasibility of this approach referred to as micronavigation has been shown theoretically 
and in practice if coherence exists between sonar pings. However, strong bathymetric 
variations, multipath, low bottom backscatter and acoustic shadows may cause reduced 
ping-to-ping coherence resulting in a reduced feasibility for motion estimation. In this 
paper the added value of dual-sided micronavigation is investigated, where motion 
estimates from port side are employed in the processing on starboard side, or vice versa. 
It is expected that given the sensitivity of SAS to micronavigation accuracy, robustness 
benefits from fusion of the two sides. The results are obtained with data collected at sea 
with an autonomous underwater vehicle equipped with a dual-sided interferometric SAS. 
First the sonar tracks estimated with single-sided micronavigation are analysed in order 
to identify whether fusion is at all possible given the typical uncertainties in geometry. 
Next examples of SAS images after fusion of the micronavigation are shown and compared 
to the SAS images based on single-sided micronavigation. 

Keywords:  SAS, motion estimation, micronavigation, data fusion 
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1. INTRODUCTION

The resolution improvement of synthetic aperture sonar (SAS) is based on coherent 
processing of multiple pings. The sonar motion has to be determined at an accuracy that is 
significantly better than the signal wavelength, in order for the coherent processing to 
achieve a resolution improvement. The sonar motion is generally determined at adequate 
accuracy using an inertial navigation system (INS) for pitch, roll and yaw, aided by the 
displaced phase centre antenna (DPCA) method [1] for surge, sway and heave. Using the 
DPCA method means knowledge on the altitude of the sonar with respect to the patch of 
sea floor observed is required. The motion is typically estimated several times per ping to 
be able to correctly account for motion and bathymetry variations in time and range. 

The primary reason why motion estimation has been the hardest challenge is the 
cumulative motion estimation error underwater. The DPCA method estimates surge, sway 
and heave ping to ping, viz. the position is the previous ping position plus the 
displacement estimated by correlating both ping’s sonar signals. The desire is to extend 
the aperture as much as possible to achieve higher resolution, but overall motion 
estimation accuracy will decrease, and on top of that motion accuracy requirements 
become more stringent for wider apertures.  

Although SAS has been successfully employed experimentally and operationally, our 
claim is that SAS image quality (focus) is not always optimal. Varying bathymetry, 
moving targets, multipath, low backscatter and shadows may cause image degradation. 
Even if image degradation occurs only at for a small percentage of the images, it yields a 
large operational problem due to it causing holidays in the survey leading to difficult 
target detection. When resurveyed, these gaps significantly increase survey time. 
Therefore it is desired to improve robustness, reducing image degradation to a minimum. 

Research on increasing robustness of SAS has been of interest for years. Success has 
been predominantly found in better motion estimation and autofocus methods. The latter 
refocuses the SAS image using optimisation criteria (e.g. contrast), which pose 
fundamental limitations. Enhancement of motion estimation techniques has been achieved 
by data fusion, e.g. from INS and DPCA using a Kalman filter [2], [3]. For this type of 
data fusion it is necessary to transform the estimates to the same coordinate system. The 
requirements for adequate transformation are more stringent for high sonar frequencies. 
Transformation from time delay to sway and heave means that the sound speed and angle 
of incidence have to be known. In this paper we present a novel fusion method where not 
the INS and DPCA are fused, but the DPCA estimates from two receiving arrays. The 
coordinate transform is also a crucial part here. 

After the conventional motion estimation method is discussed in Section 3, a novel 
approach for motion estimation is proposed and described in Section 4, which is based on 
data acquired with two SAS antennas mounted on the port and starboard side of an 
autonomous underwater vehicle (AUV). Both approaches are applied to real data followed 
by a comparative analysis in Section 5. A conclusion is given in Section 6.

2. MOTION ESTIMATION  

The motion estimation is based on the displaced phase centre antenna (DPCA) 
technique [1]. The motion is estimated for each antenna of the AUV individually for the 
conventional approach.  
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Algorithm description. Although a variety of approaches exist, motion estimation and 
compensation for SAS is always based on the same fundamental principles, using both 
sonar and navigation sensors. The synthetic aperture is sampled such that redundant sonar 
information is available. In practice this means so-called overlapping phase centres are 
created. Those are elements that receive the same signal at successive pings in the ideal 
situation of perfect coherence and positioning. In practice the situation is never ideal, but 
with adequate near field corrections and sufficient coherence, it is possible to estimate 
motion. For example, when the overlapping phase centres of the second ping are displaced 
in range with respect to the first ping, we can estimate that displacement with the 
correlation peak position of overlapping phase centres. This leads to motion estimates that 
can be directly fused with the navigation data, after an adequate coordinate transformation. 

The DPCA algorithm that was employed for this analysis estimates ping-to-ping surge 
by determining which phase centres correlate best. As a second step sonar signal cross-
correlation provides a time delay estimate for each range bin and each overlapping phase 
centre. Assuming a sound speed, correcting for near field effects and combining the time 
delays leads to the ping-to-ping sway estimates of the sonar for each range bin. The 
estimates are unwrapped using the output of a non-linear least square fit [4]. The sonar 
altitude is measured on board the AUV, which makes a conversion from slant range to 
ground range possible estimating sway (horizontal) and heave (vertical). The ping-to-ping 
estimates are integrated and merged with the yaw and pitch measurements to compute 3D 
position estimates of each source-hydrophone combination for each range bin.  

Assumptions. The approach functions well, but awareness of the underlying 
assumptions and their consequences is essential for robustness. There are three important 
assumptions in the DPCA approach that is implemented. 

First the sound arriving at the hydrophones (in the processing block) is assumed to 
come from one direction, viz. from broadside with a fixed angle looking downward to the 
seafloor. The assumption is valid for a small patch of seafloor with a lot of stationary 
scatterers that are strong enough to generate a reverberation limited case. If the patch is 
too large in range the incidence angle varies. Also in the case of one dominant scatterer, 
the sonar will see that scatterer long before it is positioned at broadside. The time delay 
estimate then corresponds to displacement at an unknown angle rather than pure sway.  

Second, accurate sound speed measurements are required for motion estimation. They 
are needed for conversion of time delay estimates to sway, which is combined with the 
navigation data. In addition, sound speed variations in the water column cause refraction, 
which changes the incidence angle needed for the slant-range to ground-range 
transformation.  

Third, the sea floor is assumed flat. However, the incidence angle varies for varying 
bathymetry. A solution for this is to incorporate bathymetry estimates from interferometry 
within the DPCA. However, that solves only part of the problem. Even if bathymetry is 
estimated for each range bin, the effective incidence angle may vary within that range bin. 

Fundamentally, when motion estimation fails, it is either caused by lack of ping-to-
ping coherence or by invalidity of any of the assumptions above. For lack of coherence the 
deterioration is twofold, i.e. both motion estimation and imaging will suffer. Invalid 
assumptions leading to erroneous motion estimates however can potentially be fixed 
entirely, if another reliable source of motion estimates is available. In the following 
section we discuss how independent motion estimates from an array fitted on the other 
side of the AUV may fix the issues described above. Note that the approach presented next 
aims at improved motion estimation, and not at improved motion compensation, which 
means unknown bathymetry is only expected to be improved in part.  
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3. DUAL-SIDED PROCESSING 

This section presents the required processing steps for fusing the motion estimates of 
different antennas. The data fusion is applied for surge, sway and heave individually after 
correction of the antenna alignments with respect to the vehicle forward axis. In the 
following only results for the sway component are presented.

3.1. Antenna alignment

Figure 1(a) shows an estimated sway for starboard and port side. Similarity of the two 
curves is obvious, but some significant differences are also present, e.g. a constant offset 
and spurious jumps. Fusing these mismatched sway estimates would immediately lead to 
blurred SAS images. The difference in the sway estimates is caused by the orientation of 
the antennas. The sway estimates would fit only under the assumption that the antennas 
are aligned perfectly in parallel with the AUV forward direction. If there is a small offset 
this is not the case anymore. For example, a small positive shift in yaw of the antenna on 
starboard side leads to an additional contribution for the estimated sway for each ping. 
During single-sided SAS imaging this effect does not affect the image quality as long as 
the processing is done with respect to the centre of the antenna.  
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Fig.1: (a) original ping-to-ping sway estimates for starboard (green) and port side 
(red).  (b) ping-to-ping sway estimates after applying the antenna alignment correction.    
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The ping-to-ping difference in the sway estimates from starboard and port side depend 
on the angular misalignment and on surge, because the middle positions of the displaced 
phase centre antennas are coupled with surge.  

For SAS imaging the misalignments of the starboard and port side antennas must only 
be known relatively. They have to be known absolutely in case navigation data is included 
into the data fusion algorithms. Here, the absolute misalignments have been estimated 
using the integrated sway of two successive legs for which the AUV was travelling in 
opposite directions. The misalignment of the antennas in yaw with respect to the AUV 
forward axis is determined such that the difference of the sway estimates from starboard 
side and port side are minimized skipping the outliers.  

In figure 1(b) the compensated sway estimates are shown. The green and red curves 
now match very well in the most cases, but also some outliers can be observed. These are 
mainly caused by schools of fish and shadow regions within the sonar ranges. Because 
such influences lead to low correlation values in the DPCA processing, the motion 
estimates are not reliable in these cases. 

For heave the alignment has been checked in the same way. Here, primarily a pitch 
misalignment was found to lead to a difference for the heave estimates. This has been 
compensated in the same way as the yaw difference for sway. 

3.2. Transformation to INS position 

Because each motion estimate belonging to an antenna is determined with respect to 
the centre position of the associated antenna, the micronavigation results are antenna 
dependent due to the change in yaw, pitch and roll. Thus, the estimated motions of the 
antennas have to be calculated for a reference point in the AUV. In our case the position of 
the INS is used. After applying the transformation taking the leverarms as well as the 
angular changes into account we get the micronavigation results from the sonar data of 
each antenna with respect to the INS position. 

3.3. Data fusion 

The data fusion is done for surge, sway and heave individually. For fusion a simple 
Kalman-filter [5] is applied. The motion estimates of the different antennas are used as 
measurement inputs. Therefore, the measurement update is applied individually using the 
estimates of the different antennas before a time update is executed. The measurement 
covariance for the data of each antenna is determined using the results of the non-linear 
least square fit mentioned in section 2 [4]. The covariance n  is set to one if for less than 
half of the DPCA range bins the correlation values are above 0.5. Otherwise the 
covariance for sway n is set to   
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where (n) is the fit error of the non-linear least square fit mentioned in section 3,  N(n) is 
the number of DPCA range bin with correlation values above 0.5, (n,i) is the correlation 
value of the i-th DPCA range bin, (i) is the middle range of the i-th DPCA range bin and 
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h(n,i) the altitude of the antenna at (i) for the n-th ping. The value of q(n) is above 0 and 
below 1. It is can be seen as a quality measure for the sway estimation of the fit. 
 

The covariance of the system noise for sway is set to  
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 belongs to the wavelength of the sonar signal and T to the pulse repetition period. 

4. RESULTS 

The dual-sided processing has been applied to MUSCLE AUV sonar data of the of 
CMRE for validation. The MUSCLE AUV is equipped with an interferometric  
SAS on port and starboard side. The micronavigation has been applied for the data of each 
side independently. Subsequently, the dual-sided processing described in section 4 has 
been executed. Figure 2 shows the motion estimates for sway corresponding to the INS 
position. The results of the single-sided processing are presented in figure 1. The dual-
sided processing of the “single-sided” ping-to-ping sway estimates result in a relatively 
smooth curve in which outliers are not present anymore. 

 

Fig.2: Result of the ping-to-ping sway estimates after data fusion of the port and 
starboard side sway estimates. 

Figure 3 shows the SAS images of a wreck, plotted on a logarithmic scale with a 
dynamic range of 60dB. The top image is calculated based on the dual-sided processing 
technique using the port side data of the ping numbers from 2000 up to 2347. For these 
ping numbers several outliers can be observed in the sway estimates if using port side data 
(see figure 1).  These outliers are caused by schools of fish and the shadow of the wreck. 
The second and third row of figure 3 show two image zooms to highlight the difference 
between single- and dual-sided motion estimation. The images on the left are calculated 
using the motion estimates of port side data and the images on the right are based on dual-
sided micronavigation. In both cases the side panel of the wreck is better focused on the 
right images. The improvement for the snippet at longer range is more obvious. This is 
expected due to the higher number of pings needed. Therefore, the blurring increases with 
range if there are errors in the motion estimates, and the potential improvement higher. 
Finally, these images show that dual-sided processing may lead to a more robust motion 
estimation compared to the standard DPCA processing technique.  
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Fig.3: (top) SAS image based on dual-sided micronavigation. Negative range values 
are due to the sonar data being collected on port side of the AUV. (middle, bottom) Zooms 
in the SAS image based on standard micronavigation (left) and using the results of dual-

sided micronavigation (right). 
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5. CONCLUSION 

In this paper it has been shown that SAS imagery may gain from the use of dual-sided 
micronavigation compared to ordinary single-sided micronavigation. The required 
processing steps for this technique have been presented together with an example which 
reveals the advantage of this technique. In future work we will integrate the navigation 
data into the data fusion to further improve the SAS output and investigate whether 
differences in mean sound speed for port and starboard side data i.e. caused by different 
bathymetry will limit the dual-sided processing. 
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Abstract: The spatial and radiometric resolutions of synthetic aperture sonar (SAS) images 
are limited by granular multiplicative noise known as speckle. The presence of speckle noise 
degrades the appearance of images and diminishes the performances of for instant automatic 
segmentation algorithms. A large number of approaches for speckle noise reduction exist 
including multi-look processing in range and frequency, image domain filtering, adaptive 
filtering and wavelet-domain filtering.
In this work we propose a speckle reduction approach based on the Thomson’s multitaper 
approach to power spectrum estimation. The tapers used, the discrete prolate spheroidal 
sequences (DPSS), are known to give the best possible spectral concentration of the energy 
within a certain frequency interval relative to that of the entire spectrum. The approach is 
applied in the spatial frequency (or wavenumber) domain in the same way as in power 
spectrum estimation.  
We demonstrate the speckle reduction technique on real data from the HISAS interferometric 
SAS collected by a HUGIN autonomous underwater vehicle. We apply two dimensional DPSS 
tapers constructed from products of 1D DPSS tapers. We also test circular 2D DPSS tapers 
and show that these have superior performance on bias reduction or shadow depth contrast. 
We compare the multitaper approach to standard multilook speckle reduction and anisotropy 
despeckling algorithms. 

Keywords: Synthetic aperture sonar, speckle reduction, image quality 
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INTRODUCTION

Synthetic aperture sonar (SAS) has become a well suited tool for high resolution imaging 
applicable for detecting small targets on the seafloor. The principle is based on moving along 
track and gathering data to increase the resolution in the image. Due to the coherent 
combination of data, speckle is formed. Speckle is random granular multiplicative noise that 
gives variance to the intensity of each pixel and thereby reducing the spatial and radiometric 
resolution in the image [1][2][1]. It origins due to random interference between the coherent 
returns issued from the numerous scatterers present within the resolution cell of the system, 
i.e. it inherently exist in all coherent imaging systems. 

Speckle is in many situations considered a distortion factor, and therefore unwanted. This 
is especially true for automatic post-processing applications like segmentation, classification, 
and feature extraction [3], where random variability severely degrades performance. Speckle-
reduction is well established as a standard processing technique in the Synthetic Aperture 
Radar (SAR) community [1]. The myriad of speckle-reduction techniques may be classified 
into two types: reduction of variance by averaging, often referred to as multilooking [2]; and 
post-processing or image processing techniques that includes all sorts of local filters and 
transformations. In multilooking, several (independent) acquisitions of the same imaged area 
are added incoherently causing the speckle variance to be reduced while retaining stationary 
signals. The multiple acquisitions can be obtained by dividing the wavenumber spectrum of 
the image into non-overlapping parts of equal size. The approach degrades spatial resolution 
where more acquisitions (looks) lead to more averaging but inherently poorer resolution. 

In Thomson’s multitaper approach to power spectrum estimation [4], a certain set of 
orthogonal tapers (or window functions), known as the discrete prolate spheroidal sequences 
(DPSS) are applied. These tapers are such that when applied, both bias and variance is 
reduced while resolution loss is kept low. The DPSS are known to give the best possible 
spectral concentration of the energy within a certain frequency interval relative to that of the 
entire spectrum. In this work, we propose to use Thomson’s multitapers in speckle reduction 
in SAS. Classical Thomson’s multitapers are only one-dimensional. We study two variants: 
two-dimensional DPSS tapers formed from the one-dimensional DPSS [5] (referred to as 
rectangular multitapers), and circular symmetric Thomson multitapers [6] (referred to as 
circular multitapers). We describe the techniques and apply both rectangular and circular 
multitaper speckle reduction on SAS images collected by a HISAS interferometric SAS on a 
HUGIN autonomous underwater vehicle (AUV) [7]. We compare the techniques with 
traditional multilook speckle reduction. We also compare with the anisotropic diffusion 
speckle reduction filter [8][9]. This is an image based technique in the class of adaptive edge-
preserving smoothing filters.  

THOMSON MULTITAPERS 

Thomson [4] formulated the multitaper method for non-parametric power spectral 
estimation. It is based on estimating weighted periodograms using a set of orthogonal tapers, 
and form the final output as their weighted average. The DPSS, or Slepian sequences, are the 
one-dimensional (1D) tapers used in the multitaper method. These tapers are known to be 
orthogonal and maximize the spectral concentration within the mainlobe of the total averaged 
response. The concentration, or the width of the mainlobe, is controlled by a user specified 
half-bandwidth , and it is directly linked to the number of tapers used. 
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Fig.1: Eight circular (left) and nine rectangular (right) 2D DPSS tapers. 

 
Two-dimensional (2D) rectangular tapers can be constructed from products of 1D taper 

elements [5]. As for the 1D DPSS sequences, the set of 2D tapers are also orthogonal and 
known to maximize the spectral concentration. Fig. 1 shows nine rectangular multitapers 
formed from combining three 1D DPSS sequences designed with  pixels.  

In [6], Wieczorek and Simons proposed a set of circular 2D DPSS tapers. Compared to the 
rectangular multitapers, these tapers have a more circular footprint resulting in a frequency, 
or wavenumber, response that are more circular symmetric. This is especially true for the 
sidelobe region which will have almost uniform intensity. A set of eight such tapers with 
approximately the same spectral concentration as the rectangular set is shown in Fig. 1.  

MULTITAPER DESPECKLING 

Speckle can be described as multiplicative noise. It causes the estimated intensity of each 
pixel in speckle to have a variance . Sonar speckle statistics are described by the K 
distribution [6], and its mean-to-standard-deviation ratio is for a given imaging geometry 
known to be constant. The ratio is a measure for the signal-to-noise ratio (SNR), and reducing 
the noise variance  or noise standard deviation  will improve it. A standard speckle 
reduction method commonly used in SAR imaging and formerly proposed for SAS is 
standard multilook [10], where several acquisitions of the same imaged scene are constructed 
by cutting the images full spatial frequency (or wavenumber) spectrum into non-overlapping 
parts of equal size and forming reduced resolution images of these. The acquisitions are then 
incoherently averaged to form an image with reduced speckle and resolution. The reduction 
of speckle depends on the degree of orthogonality between the individual acquisitions.  

As an alternative to standard multilook, we propose to form new acquisitions by tapering 
the wavenumber spectrum using Thomson’s multitaper approach. The 2D Thomson tapers 
are orthogonal, and the incoherent combination of these is known to have the best possible 
spectral concentration. New acquisitions can be constructed using both the rectangular and 
the circular multitapers. 
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Fig.2: Point spread function for the different techniques 

 
Fig. 2 shows the results of applying standard multilook, rectangular multitaper and circular 

multitaper approaches to a scene consisting of one single infinitely small target and no noise. 
For the multilook approach, the wavenumber spectrum is divided into nine equal size regions. 
The tapers used for the multitaper approach are given in Fig 1. The results show that all three 
approaches has comparable mainlobe width of approximately 3 pixels, and that the multitaper 
approaches has lower slidelobe energy than the multilook despeckling approach, the circular 
multitaper being the best. 

The different approaches ability to reduce the speckle variance needs to be estimated. To 
measure this we have chosen to use the speckle SNR defined as the ratio between the 
produced image amplitude mean value  and its standard deviation in homogeneous 
regions; . This measure is related to the ENL (Equivalent Number of Looks) 
often used in SAR [1]. For N independent realizations of speckle, the speckle SNR will 
increase by a factor of . In practice, the speckle reduction of the various methods will 
attend a value somewhat lower than this.

EXPERIMENTAL RESULTS 

In this section, we apply the two variants of multitaper techniques on real data collected 
with a HUGIN AUV equipped with a HISAS 1030 interferometric SAS [7]. The data was 
gathered June 16, 2012, outside Horten, Norway at approximately 70 m of water depth. Fig. 3 
shows a SAS image of a rock formation at the seabed. The SAS system was operated at 100 
kHz center frequency with 30% relative bandwidth, and approximately 17 degrees processed 
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beamwidth, giving a theoretical resolution of 3.7 x 3.2 cm in the original image. The vehicle 
moved at an altitude of 25 m, with a speed of approximately 2 m/s. The y-axis in the figure 
shows cross-track in ground range (negative for port side), and the x-axis shows the along-
track axis. The low intensity at near range is due to the nadir gap of the sonar. Before any of 
the speckle reduction techniques were applied, we performed wavenumber flattening in two 
dimensions. This was done to ensure that the coverage in wavenumber domain was well 
behaved, and to ensure that the pixels in image domain were statistically independent. Note 
that the multilook and multitaper methods require complex SAS images (magnitude and 
phase), while the anisotropic diffusion method only requires magnitude images. 

The white box in Fig. 3 indicates a fairly homogeneous area with close to fully developed 
speckle (no apparent texture). We used this area to estimate the statistics in Table 1. The 
anisotropic diffusion has the largest loss of variance, but also the largest loss of resolution.  

The two red boxes indicates an area of standard seabed echo (upper), and shadow (lower) 
with little visible echo. The shadow depth calculated in the right column of Table 1, is based 
on the ratio of the average intensities in those two boxes. The circular multitaper has clearly 
better shadow depth due to its superior ability to reduce bias.  

 
Fig.3: SAS image of a rock formation on the seabed. Left: original image. Right:Speckle 

reduced image using the circular Thomson multitaper approach.  
 

 Mean/std Shadow Seafloor Difference 
Original image 1.78 -23.72 dB -1.91 dB 21.81 dB 
Standard multilook 4.50 -24.34 dB -1.70 dB 22.63 dB 
Anisotropic diffusion 5.83 -23.65 dB -1.91 dB 21.74 dB 
Rectangular multitaper 4.42 -24.10 dB -1.79 dB 22.31 dB 
Circular multitaper 4.31 -27.57 dB -1.21 dB 26.36 dB 

Table 1: Statistics from the SAS image shown in Fig. 3. 
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The yellow boxes indicate two features of interest. The upper contains a very small rock, 
and the lower contains a decimeter sized rock in a shadow region. Each of the speckle 
reduction techniques are applied to the two regions in Fig. 4 and 5. We see that all the 
speckle reduction techniques loose resolution compared to the original image. The circular 
multitaper technique has, however, clearly better shadow depth than the other techniques 
(upper right panel in Fig. 4). 

 

Fig.4: Zoom of a small rock in a shadow region at 62 m range. The image is 2 x 2 m large, 
and the dynamic range is 40 dB. The yellow markers indicate the slices. 

Fig 5: Zoom of a very small rock at 79 m range. The image is 1.2 x 1 m large, and the 
dynamic range is 30 dB. The yellow markers indicate the slices. 
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Figure 6 shows a SAS image of another scene from the same mission. The image is taken in 
an area with lots of small objects and debris. At 99 m and 127 m range, there are barrels of 
size 60 x 90 cm. In Fig. 7 the different speckle reduction techniques are applied on these two 
barrels. We see that the multilook and both multitaper techniques have similar loss of 
resolution, and that the circular multitaper gives slightly better shadow depth. Note that the 
barrels are probably in poor condition, such that the objects become semi-transparent for 
acoustic waves.  

Fig 6: SAS image of an area with lots of small objects. Left: original image before speckle 
reduction. Right: speckle reduction by circular multitapering.

Fig 7: Zoom around barrels at 99 m range (upper row) and 127 m range (lower row). 
Each of the zoomed images are 5 x 5 m in size, and 40 dB dynamic range is used. 
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CONCLUSIONS 

Speckle is random variability caused by constructive and destructive interference from 
individual scatterers within a resolution cell. All coherent imaging systems including 
synthetic aperture sonar (SAS) suffer from speckle. In this paper, we have described a 
technique to reduce speckle in SAS images by applying Thomson multitapers in 
wavenumber-frequency domain in two different variants: rectangular multitapers and circular 
multitapers. We have compared the techniques with standard multilooking and anistropic 
diffusion. We have tested the techniques on data collected with a HISAS 1030 
interferometric SAS. The results show that all the speckle reduction techniques trade variance 
reduction to resolution loss. The circular multitaper approach has superior performance on 
bias reduction or shadow depth contrast. 
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Abstract: Previous work at CMRE has focused on the development of methods to extract 
contextual image parameters such as anisotropy and complexity from high frequency 
synthetic aperture sonar images. These characteristics are calculated with a novel 
algorithm based on Haar-like features and the integral image; the features, rotated over a 
full range of directions, provide sufficient information to discriminate between cluttered, 
rippled and feature-less areas in quasi real-time. Image registration involves spatially 
aligning images viewed from different perspectives into a single coordinate system. The 
feedback from the registration can be used for a number of purposes including: 
navigation, change detection, multi-view automatic target recognition and super-
resolution. Registration algorithms can be classified mainly into two groups: intensity-
based and feature-based. This paper proposes the potential use of anisotropy and 
complexity features to provide key points for automatic large scale (global) synthetic 
aperture sonar image registration. In particular, this paper will consider the use of these 
features with a log-polar correlation approach, and examine the uncertainty of the 
resulting image registration.  Two examples of global image registration using this 
approach on synthetic aperture sonar imagery will be shown; the data were collected by 
the MUSCLE AUV (CMRE). 

Keywords: Synthetic aperture sonar (SAS), Image registration, Complexity, Anisotropy, 
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1. INTRODUCTION

The Centre for Maritime Research and Experimentation (CMRE) has a mission to 
research and enable autonomous mine hunting using high frequency synthetic aperture 
sonar (SAS). Within this programme of work Automatic Target Recognition (ATR) [1] 
plays an essential role in enabling remote mine hunting combined with autonomous route 
planning and reacquisition [2]. However, single view ATR techniques are reaching the 
limits of their performance, particularly in more challenging environments such as rippled 
and cluttered seabeds. In the first instance, bottom characterisation techniques [3] have 
been investigated at CMRE in order to (1) evaluate ATR performance as a function of 
environment [4] and, (2) to utilise background information to improve ATR detection 
performance whilst decreasing false alarm rates [4]. The use of background information 
does provide an increase in ATR performance, but further improvements can still be 
achieved using multiple view information. CMRE therefore has initiated a programme of 
work in Automatic Image Registration (AIR) which will feed into multi-view ATR 
development [5], change detection, improved navigation, large scale mosaicking and 
super-resolution algorithms. This paper presents the preliminary results of a first stage 
global image registration approach. This first stage starts from a global image navigational 
registration using the estimated latitude and longitude of each SAS tile. The developed 
technique then utilises the correlation of a log-polar transform of the segmented seabed in 
order to estimate refined rotation, followed by a correlation of the rotated segmentations to 
estimate refined translation. It is anticipated that this technique will not be sufficient in 
itself to achieve robust and highly accurate image registration, but is a first step in a series 
of refinements as shown in Fig. 1. Results in this paper are shown using CMRE MUSCLE 
AUV-acquired SAS data. Each SAS image tile is calculated over a 50m along track 
distance and slant ranges varying from 40 m to 150 m. Images have been processed in 
order to obtain 2.5x2.5 cm pixel resolution. 

The SAS system also includes an interferometric capability which is not currently 
exploited for global image registration but is being investigated for small detection snippet 
registration. Superfine registration of detection snippets could enable the three-
dimensional reconstruction of objects from multiple views and support the development of  
3-dimensional ATR and/or multiview ATR.  

 

 
 

Fig.1: Image registration programme. 
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2. GLOBAL IMAGE REGISTRATION  

A global image registration approach has been adopted which consists of several 
simple stages as shown in Fig. 2. In the first instance, navigational information related to 
each tile is employed to overlay tiles and to extract overlapping data. A seabed 
segmentation technique is applied to each tile and it is these segmentations which are 
consequently used to estimate rotation with a log-polar transform approach, and a 
translation estimation is achieved with a correlation stage applied to the overlapping 
segmented image. Finally, rotation and translation are applied to the original SAS tiles and 
overlaid to show co-registered images. The approach taken is based on a series of simple 
steps in order to reduce run-time. It is anticipated that in the future automatic image 
registration could be implemented on board to enable increased AUV situational 
awareness and aide autonomous reacquisition. 

 
Fig.2: Stage 1 global image registration process. 

2.1. Overlapping data extraction 

The navigation information recorded during data acquisition is processed and attached 
to each SAS tile; this enables a first stage navigational image registration as shown in 
Fig.3, an example of two overlapping SAS tiles acquired during the COLOSSUS 2 cruise.  

Fig.3: SAS tile overlap estimated from navigation information. 
 
Accuracy of navigation information depends on the accuracy of the systems used 

(either inertial navigation systems or baseline systems) and the travel distance of the 
system; operational deployment of environmental monitoring vehicles after a standard 
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mission have shown that the errors in navigation can readily be as high as 9-10 m [6]. This 
information is nevertheless the best initial estimate available for an iterated image 
registration process. From the overlap, the image data is extracted from the SAS tiles as 
shown in Fig. 4; this mask is also applied to the segmented image for translation 
estimation. 

Fig.4: SAS tile overlap image data extraction estimated from navigation information. 

2.2. Seabed segmentation based on acoustic complexity and anisotropy 
features 

Seabed segmentation is achieved using a method previously developed at CMRE based 
on acoustic anisotropy and complexity features [3]. The method employs an integral 
image approach to enable fast segmentation results. In brief, a set of filters s,k  (in this 
case rotated Haar-like features) formed from the convolution of a 1-dimensional periodic 
function oriented along direction k with period 2s convolved with a 2-dimensional 
windowing function are defined with an angular resolution  and an index k such that the 
angle  = k x . The Anisotropy As at scale s is then defined as the square of the standard 
deviation ( ) to average ( ) ratio of filter responses over the set of k directions: 

 
2

, yxAs                   (1)  

 
Anisotropy will be invariant to different sonar setups or gains; ripple areas will have 

high anisotropy values due to the high variation of filter responses over the k directions, 
whilst the opposite will occur in flat sand areas.  

The Complexity Cs at scale s is defined by the square average ( ) to the standard 
deviation ( )  ratio of the filter responses over the set of directions k: 

., yxCs                (2)                        
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The average to standard deviation ratio is often used as a Signal to Noise Ratio (SNR) 
metric in image analysis [7]. Therefore, the expression (2) can be interpreted as the level 
of noise that the filter energy values have around an expected value ( ) over k directions.  
Multiplying SNR by the average filter responses ensures that of the “noisy” areas only 
those with high filter responses (high contrasts) will be enhanced. In the context of image 
registration, a composite segmentation is obtained defining 3 types of zones: flat sand, 
ripples and clutter. Such an example is given in Fig. 5; the top image is the original SAS 
tile, and the bottom image is the composite seabed segmentation. Four targets are clearly 
visible within the ripple field (circled in red) and it is to be noted that targets are 
segmented as clutter with respect to their background.  

Fig.5: Seabed segmentation based on acoustic complexity and anisotropy features. 

2.3. Estimation of rotation based on the log-polar transform 

The log-polar transform maps an image projected in a Cartesian coordinate system into 
a log-polar coordinate system using the following equations: 
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where cc yx ,  are the centre coordinates of the image window. Image rotation in the 
Cartesian system manifests itself as a circular shift in the polar coordinate system.  
This shift is estimated by correlating the log-polar transform as shown in Fig. 6. The two 
top images are the log-polar transforms of the segmentation images of SAS tiles 1 and 2. 
These log-polar images are correlated using a Fast Fourier Transform (FFT) to estimate 
the circular shift. It is assumed that no scaling differences are present and that any 
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displacement in correlation function peak is due solely to rotation. The peak of the 
correlation function (image second row from top) is taken and the required shift for 
rotation is estimated from the peak position, the log-polar transform of segmented tile 2 is 
shifted accordingly (image third row from top), re-mapped to a Cartesian coordinate 
system and overlapping data is masked thereby providing an overlapping extracted data 
rotated tile 2. 

Fig.6: Log-polar transform based rotation estimation. 

2.4. Estimation of translation using correlation 

Translation between rotated images is again estimated using again the peak of a two-
dimensional correlation function as shown in Fig. 7. The tile 1 segmentation and the 
rotated tile 2 segmentation are correlated using a FFT. The peak of the correlation 
provides the translation shift required to align the rotated SAS tile 2 with SAS tile 1. 

3. RESULTS

Initial results demonstrate that the rotation estimation using correlation of log-polar 
transforms provides excellent results. This is particularly visible when ripples are present. 
However, whilst translation estimation results improve on navigational registration, these 
results remain disappointing and further work is required to improve this step in the 
process. In Fig. 8, the automatic global realignment of the two SAS tiles at approximately 
45° angle shows a good alignment of the sand ripples, but a translation in the image 
corresponding to a ripple width (in this case a distance of approximately 3m compared to 
an error of 5m in the case of navigational registration only). A rotation of 180° is correctly 
estimated in Fig. 9, but again the translation estimation has an error corresponding to a 
ripple width. There may be multiple explanations for the error in translation estimation: 
(1) it is a high possibility that the segmentation accuracy is insufficient, (2) the viewing 
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angle introduces a displacement in segmented zones and (3) a global correlation is 
insufficiently accurate. This is, however, a first step in a series of refinements and 
improvements to this approach which will now be progressively introduced. 

 

Fig.7: Correlation based translation estimation. 
 

4. CONCLUSIONS AND FURTHER WORK 

The method presented in this paper relies upon simple processes to co-register 
segmented SAS tiles and thereby enables co-registration of SAS images. The initial results 
given in this paper show a slight improvement on navigational registration. A two-fold 
approach is taken: (1) rotation estimation, (2) translation estimation. Rotation estimates 
between tiles using a log-polar transform correlation are encouraging and a full analysis of 
these estimates and performance will be completed over a large set of data. Translations 
estimates are however disappointing. In the first instance, a thorough investigation of the 
issues will be undertaken over a large set of data to understand how segmented zones vary 
with viewing angle and to fully qualify the resolution of the segmentation. Secondly, 
improvements can readily be made to this approach: (1) the use and emphasis of stronger 
waypoints and features (such as target detection points and ripple directionality), (2) the 
introduction of boundary uncertainty, and (3) the introduction of alternative correlation 
techniques such as kernel canonical correlation. 
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Fig.8: Global image registration of two SAS tiles, example 1. 

Fig.9: Global image registration of two SAS tiles, example 2. 
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Abstract: The performance of real and synthetic aperture sonar systems is typically 
specified using metrics such as resolution, maximum range, and area coverage rate.  The 
utility of a sonar system can be specified with these attributes; however, they are 
insufficient to adequately describe the achievable image quality.  When objects are 
illuminated by a sidescan sonar system, the imaging geometry typically produces shadow 
regions that can be larger than the target itself.  A target’s shadow often carries as much, 
if not more, information than its direct return. This effort represents an attempt to develop 
a quantitative shadow contrast model to predict this key image metric given a set of 
system parameters and environmental conditions.  This deeper analysis of image quality 
has significant implications for system design, deployment, and data processing.  For 
example, multipath interference can obliterate shadows at ranges much shorter than the 
maximum range of the sensor.  Also, certain sediment types such as silt and mud have low 
backscatter coefficient that can limit the signal-to-noise ratio at long ranges.  Such 
knowledge could be used to develop more effective sonar systems, but perhaps more 
interesting is the potential for adaptive mission planning. 

Keywords:  contrast, image quality, shadow, sidescan, sonar, synthetic aperture 
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1. INTRODUCTION

Imaging sonar performance is typically discussed in terms of metrics such as 
resolution, maximum range, and area coverage rate.  However, these attributes are not 
sufficient for adequately describing the image quality achievable in practice.  Target 
shadows are often just as useful for image interpretation, and sometimes more so, than the 
direct returns.  Image contrast is therefore a key system performance metric, yet it is often 
overlooked.  This paper continues the development began in [1] of a quantitative model to 
predict shadow contrast given a set of system parameters and environmental conditions. 
This deeper analysis of image quality has significant implications for system design, 
deployment, and data processing. For example, multipath interference can obliterate 
shadows at ranges much shorter than the maximum theoretical free-space range of the 
sensor. Also, certain sediment types such as silt and mud have low backscatter coefficient 
that can limit the signal-to-noise ratio at long ranges. These effects and others serve to 
illustrate why image contrast should be considered at all stages of sonar system design and 
deployment.  One particularly attractive avenue for future research is the use of image 
quality prediction for adaptive mission planning. 

2. SIGNAL-TO-NOISE EQUATION 

The signal to noise ratio for a synthetic aperture sonar (SAS) image of the sea floor can 
be derived from the standard sonar equation for a single target with a given backscatter 
cross section (BCS).  This result is then modified by including the effect of the coherent 
integration associated with SAS processing and modelling the sea floor as having a 
backscatter coefficient that has an effective BCS per unit area of terrain.  The result is (1), 
and the constituent terms are defined in Table 1. 

 
0 2

tx tx r cr rx
ab r cr2 2

grz n,add

1SNR
4 4 cos( ) 4
G P G N N

r r P
  (1) 

The final two terms of (1) represent the use of extended waveforms to achieve gain via 
pulse compression and by integrating over the set of pings associated with the synthetic 
aperture.  The amount of waveform gain is given by the number of independent samples 

rN  used in the pulse compression.  This number is equal to the length of the transmitted 
signal times its bandwidth, or its time-bandwidth product pp B .  The number rN  is 
independent of the temporal sampling rate because the noise bandwidth is restricted to B  
by the matched filtering operation as well as any analog filtering that may occur prior to 
sampling.  Therefore, an oversampled signal contains no additional independent noise 
samples. 

Further gain comes from the fact that a SAS image is created by coherently integrating 
a sequence of crN  pings as the sensor passes though the synthetic aperture.  Each ping has 
a different realization of the uncorrelated additive noise; so unlike temporal sampling, 
oversampling in the along-track dimension does improve the SNR.  The number of pings 
can be written in several ways, for example: 
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where effL  is the effective transducer length implied by the -3dB azimuth beamwidth (if 
the transmit and receive beamwidths are not the same, the narrower one determines the 
integration angle), x  is the distance between spatial samples, pf  is the PRF, chN  is the 
number of channels in the Vernier receive array, and v  is the platform speed. 

Our development is expressed in terms of the peak power, which is the RMS power 
over the time of the transmitted signal.  The peak power can be obtained directly from the 
more commonly specified sonar source level pressure, rmsp .  According to Equation 
(3.1.12) of [2], this relationship is: 

 
1/2

TX
rms 2

04
,P cp

R
  (3) 

where 0R  is the reference distance for the RMS pressure measurement.  Lastly, we point 
out that the quantity analogous to (1) in the radar community is usually called the clutter-
to-noise ratio (CNR) to indicate that the ground is the object of concern, as opposed to a 
discrete target in free space. 

 
Table 1: Variables used to compute the sidescan imaging signal-to-noise ratio. 

 

3. TERRAIN TO SHADOW CONTRAST RATIO 

The figure of merit considered here is the contrast ratio, which is the ratio of the bottom 
backscatter plus noise divided by the noise alone.  Carrara et al. [3] describe the 
distributed target contrast ratio (DTCR) to quantify the ability to visually distinguish 
between two adjacent types of terrain, one having high backscatter and the other having 
low.  For example, one might wish to ensure that a SAR image has sufficient contrast to 
distinguish two different kinds of crops.  For sidescan sonar the low (i.e., zero) backscatter 
regions of interest are shadows.  This leads to the quantity sought, the terrain to shadow 
contrast ratio, or more simply, the contrast ratio (CR) of the image: 
 

 0 n,add n,mult

n,add n,mult

CR .  (4) 
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The value of 0  is understood to represent the lowest backscatter in the scene which is 
to be distinguished from a shadow.  In the absence of other requirements, the average sea 
floor backscatter for a given bottom type provides a reasonable value for 0 .   

Certain values of the contrast ratio are of particular interest.  First, we see that CR 
approaches 1 (0 dB) as the backscatter coefficient goes to zero.  Depending on the bottom 
type, the CR can approach this case for grazing angles typical of long-range SAS imagery.  
A second useful case occurs when the total noise contribution is equal to the bottom 
scattering, resulting in CR = 2 (3 dB).  This is a possible starting point for determining 
minimum contrast requirements, although CR = 10 (10 dB) is probably a better indication 
of what would be considered good quality imagery for visual inspection.  The following 
sections describe the constituent sources of additive and multiplicative noise relevant to 
SAS. 

4. ADDITIVE NOISE 

Additive noise is that form of noise that would be present in the recorded signal even 
with the transmitter deactivated.  The two most significant contributions are system 
electronic noise and ambient sea noise: 
 n,add self ambient .   (5) 

At high frequencies the ambient noise is driven by thermal agitation of the water 
molecules, while at lower frequencies the ambient noise might be dominated by other 
natural or anthropogenic phenomena such as biologics, sea state, or shipping noise.  For a 
well-designed synthetic aperture sonar the system’s self-noise is below the noise floor 
established by the ambient noise. 

The SNR given by (1) is used to derive the backscatter coefficient implied by the noise 
floor of the sonar.  This quantity is commonly used in the SAR literature, and it is called 
the noise equivalent 0 , or n .  It is also referred to as the noise equivalent sigma zero, in 
which case the acronym NESZ is often used.  The value of n  is found by setting the SNR 
equal to 1 and solving for the implied backscatter coefficient: 
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This development parallels that used by the radar community.  More information can be 
found in the literature, for example [3-5]. 

Other sources of additive noise, such as turbulent flow near the hydrophones, can be 
accounted for in the same way.  Ross [6] describes these and many other sources of noise.  
When computing n  in (6) we have discarded the two-way attenuation due to absorption, 

ab , since we are concerned with noise power measurements made at or very close to the 
hydrophone array.  The absorption term would be retained when considering noise sources 
whose radiating power is known at some location far removed from the array. 

5. MULTIPLICATIVE NOISE 

Multiplicative noise is so named because it rises and falls in proportion to the strength 
of the backscattered signal.  Its effect is independent of the transmitted signal power in the 
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sense that doubling the transmitted power would double the multiplicative noise power 
resulting in no benefit to SNR.  Surface reverberation is a good example of a 
multiplicative noise source:  Increasing the transmitted power increases both the sea floor 
and sea surface backscatter by the same fraction.  Other examples of multiplicative noise 
are range and along-track ambiguities, the sidelobes of the image impulse response, 
quantization noise, volume reverberation, and multipath.  Among these sources of noise, 
multipath is by far the most complicated to model accurately. 

According to [3], the multiplicative noise ratio (MNR) may be approximated by 
combining the primary sources of multiplicative noise, which are the range and along-
track ambiguity-to-signal ratio (ASR), the integrated sidelobe ratio (ISLR) of the image 
impulse response, and the quantization noise to signal ratio (QNSR).  Application to sonar 
adds volume reverberation from the water column volR , the sea surface surfR , and 
multipath mpathR .  Surface reverberation and multipath must be considered for accurate 
estimation of the contrast for operation in littoral waters [7].  Because they are considered 
to be statistically independent, the multiplicative noise terms are combined as follows: 

 
 n,mult 0 surf vol mpath(ASR ISLR) QNSR ,RR RR RR   (7) 
 
where ASR and ISLR are modelled as being proportional to the average sea floor 
backscatter.  If precise knowledge of the sea floor backscatter is available, this can be 
accounted for since the physical locations corresponding to the ambiguous regions is 
deterministic.  If surface and volume reverberation and multipath are negligible, then 
QNSR is also proportional to 0 .  Otherwise, it depends on the total backscattered power. 

1.1. Ambiguity-to-Signal Ratio 

The ambiguity to signal ratio (ASR) represents the superposition of along-track 
ambiguities (also called azimuth or Doppler ambiguities) and range ambiguities within the 
imaged scene.  The ambiguities are assumed to be uncorrelated, allowing their total 
contribution to be represented by a summation.  Range ambiguities are reflections from 
previous pings that are received at the same time as the current ping.  Thus, the return at 
range r  would be superposed with returns from ranges / 2ncT r , where T  is the ping 
repetition period, c  is the sound speed, and n  is a positive integer.   

Along-track ambiguities arise from the fact that the array elements are not spaced 
closely enough to avoid aliasing all spatial frequencies.  A uniform linear array (ULA) 
consisting of omnidirectional elements must possess spacing finer than or equal to one-
half wavelength in order to avoid spatial aliasing.  SAS bypasses this constraint because 
the physical receivers are not omnidirectional.  The transmit and receive beampatterns 
limit the range of spatial frequencies that can impinge upon the array.  The central portion 
of the mainlobe therefore acts as a bandpass filter and the remaining beampattern 
determines the aliasing that occurs.  Viewed in this light the spatial aliasing behavior is 
significant since the sinc function is generally considered to be a poor bandpass filter, yet 
it is typical of sonar beampatterns. 

The total ASR is given by the integral in (8), where TX RXG G G  is the composite two-
way transmit receive gain for a particular spatial frequency yk , 0  is the backscatter 
coefficient of the terrain, pB  is the processed spatial bandwidth, syk  is the spatial sampling 
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frequency in rad/m ( s 2 /yk du ), du is the distance between along track samples (i.e., 
the phase center spacing), and pf  is the ping rate in Hz.  The ASR is expressed as a 
function of time  (or equivalently, range / 2R c ).  The spatial frequencies used in (8) 
correspond to a single temporal frequency from the transmitted spectrum.  For wideband 
sonars this equation would need to be integrated over the transmitted acoustic bandwidth 
with respect to temporal wavenumber k . 
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The processed bandwidth pB  is the extent of the spectral region of support of the 
wavenumber yk  used for imaging.  It is bounded above by the composite transmit-receive 
beamwidth, and it may be intentionally reduced in order to achieve better ASR 
performance.  The cost of reducing pB  is a coarsening of the cross-range resolution of the 
image since narrowing the effective beamwidth shortens the synthetic aperture length.  
The resulting along-track resolution is given by p2 /y B . 

The radar literature frequently describes the along-track ambiguities in terms of 
Doppler frequency, rather than spatial frequency, as is done here.  For broadside imaging, 
the two are related by D yf vk , where v  is the forward speed of the sensor.  For a fixed 
temporal frequency, the spatial frequency is proportional to the angle of incidence across 
the array : 2 sinyk k . 

1.2. Integrated Sidelobe Ratio 

The integrated sidelobe ratio (ISLR) is the ratio of the energy in the sidelobes of the 
image impulse response to the energy in the mainlobe of the impulse response.  Here, the 
quantity of interest is the two-dimensional ISLR.  Like the ASR, it is a scale factor and has 
no reference quantity associated with its decibel representation. 

Under ideal conditions, the ISLR of the image impulse response is a function of the 
spectral support and weighting associated with the image reconstruction.  However, errors 
due to miscalibration or motion can corrupt the impulse response causing the ISLR to 
deviate from the values given in Table 2.  The impact of phase errors on the impulse 
response is described in Chapter 5 of [3] and in [8]. 
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Table 2: Properties of common 2D spectral weighting functions. The mainlobe 
broadening  factor is relative to the mainlobe width of the uniform window impulse 

response, which is the 2D sinc in the image domain. 

 

1.3. Quantization Noise to Signal Ratio 

There are a number of models that can be used to describe quantization noise 
introduced by the analog-to-digital converter (ADC).  The QNSR of an ideal converter is 

(6.02 1.76)N  dB, where N  is the number of bits; but it is rare in practice to achieve 
this level of performance [9].  A conservative rule of thumb found in [3] states that QNSR 
is given by -5 dB per bit used in the ADC.  Like ASR and ISLR, the QNSR is a scale 
factor and has no reference quantity associated with its decibel representation. 

1.4. Reverberation

The total scattered field of sound waves propagating in the ocean environment is 
known as reverberation, and it is generally categorized as being associated with the sea 
floor, the sea surface, or a volume within the water column.  In imaging applications the 
primary-reflection bottom reverberation is the signal of interest, and all other reflections 
are sources of multiplicative noise.  In this presentation, we ignore volume reverberation 
and combine unwanted surface and bottom reflections into a single multipath model such 
that mpath surf bottomRR RR RR . 

 
Figure 1: Multipath rays paths through second order considered by this model. 

A simple model has been developed [10] to predict the influence of individual 
multipath rays.  This model uses an isovelocity propagation environment with planar 
surface and bottom boundaries. This model considers rays up to second order, with a 
single diffuse reflection. The reasoning is that rays containing more than 2 specular 
reflections, or more than one diffuse reflection, are sufficiently attenuated so as to be 
inconsequential compared to the direct bottom backscatter.  Each of the possible ray paths, 
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shown in Figure 1, is identified using a naming convention that indicates the order of 
boundary interactions as well as the type of interaction [6]. The perturbation 
approximation is used to model the loss associated with scattering from both the sea 
surface and the sea floor. Sea-floor roughness is assumed to have a power law spectrum, 
and sea surface roughness is based on a Pierson-Moskowitz spectrum. 

6. CONCLUSION AND FUTURE WORK

A model has been developed to estimate the shadow depth formed by a SAS 
accounting for the impact of sonar hardware design, image formation algorithm 
implementation and environment.  This model is applicable to a range of problems 
including sonar system design, sonar performance prediction, and environmentally 
adaptive mission planning.  Our current focus is on the validation of this model using data 
collected during sea trials. 
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Abstract: More than 1800 wind turbines are planned to be constructed in the German 
North Sea within the next years. Today the installation of foundations is usually performed 
by driving piles into the sea floor with high-energy hammers. In order to fulfil the German 
regulation not to exceed a sound exposure level of 160 dB re 1 μPa in 750 m distance 
noise mitigation methods are required. But despite of noise mitigation methods like e.g. 
bubble curtains or screens/jackets these sounds contribute to the underwater soundscape 
significantly. Such intense noise may harm marine mammals like harbour porpoises which 
depend on their hearing for orientation, communication and prey catching. Thus 
construction noise and its mitigation is one of the main environmental concerns connected 
with wind power installation offshore.

To get a long term picture of the underwater noise scope in July 2009 the research 
platform FINO1 was extended by an underwater acoustic monitoring station. Two 
different hydrophones were installed in order to be able to record underwater noise in a 
wide range. Within the last four years the station recorded high-resolution acoustic data 
dependably without greater gaps. 
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We will present examples of pile driving noise from different distances and foundations 
and how anthropogenic wind farm construction noise influences the underwater sound 
level.  A long term analysis of the obtained noise data as well as the presence of other 
environmental acoustic sources like ship or weather induced noise is considered within 
the study. 
For further observation another underwater acoustic monitoring station will be installed 
in the North of the German Bight. Amongst other purposes the data is used as input for the 
research project “Hyprowind”, which aims to develop a prognosis tool for the future 
noise emission from offshore wind farm deployment.

Keywords: underwater,acoustics, noise,wind farm, monitoring 

Introduction 

Intense underwater noise may harm the marine fauna. One current source for such intense 
underwater noise is the installation of offshore wind farms. The foundations of more than 
2000 wind turbines are planned to be erected until 2020 in the German North Sea. In order 
to protect marine life, the German government introduced a maximum limit of the sound 
exposure level (SEL) of 160 dB re 1 μPa in a distance of 750 m for wind farm 
constructions. To fulfill this limit the application of noise mitigation methods like bubble 
curtains or screens is needed. Furthermore in order to ensure marine life protection the use 
of seal scarers, soft starts at the beginning of pile driving and mammal observations are 
considered and applied.  
In order to get more knowledge of the actual underwater soundscape and the influence of 
pile driving noise on it the research project “Hyprowind” is funded by the German Federal 
Ministry for the Environment, Nature Conservation and Nuclear Safety. Topics of this 
project are the development of realistic hydrosound scenarios during the installation of 
offshore wind farms in the German Bight. Model results should be visualized as noise 
maps and validated by measurements. These measurements are obtained at two long term 
monitoring stations in the German Bight and one autonomous station. Here, results of one 
monitoring station located in the southern German Bight, are presented. 
 
 
Conception of the monitoring station  
 
The underwater acoustic monitoring station is part of the research platform FINO1 (Error!
Reference source not found. left), which was set up in 2003 in order to measure 
meteorological and oceanographic parameters of the marine environment and to 
investigate possible effects of offshore wind farms on the marine flora and fauna.  
The underwater acoustic monitoring station (UMS) was installed at FINO1 in July 2009. 
The station consists of a three-legged frame (Error! Reference source not found. middle), 
where two hydrophones are mounted. The hydrophones are about 2 m above the sea floor. 
The triad is located in a distance of about 80 m from FINO1. The UMS is equipped with 
two different hydrophones to be able to detect a wide dynamical range of underwater 
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noise. Thus the station can detect near intensive pile driving noise as well as background 
noise or pile driving noise from far distant sources. A data cable connects the hydrophones 
with the FINO1 platform (Figure 1 rightError! Reference source not found.). There a 
computer saves the detected noise data. The system samples at a resolution of 24 Bit and a 
frequency of 48 kHz. High-resolution data is saved on external hard discs in WAV file 
format. 

 
 

Fig. 1 FINO1 (left), frame with hydrophones (middle) and sketch of the underwater 
acoustic monitoring station (right) 

 
 
 
Results
 
Until now three years of data have been obtained.  
In Chapter 0 and 0 two examples of pile driving noise from two different wind farms in 
different distances are presented. Furthermore analyses of the underwater acoustic noise 
long term distribution are shown in chapter 0. 
 
 
Nearby pile driving noise 
 
Figure 2 presents an example of nearby pile driving noise obtained on August 9 2009, 
when a foundation of the Alpha Ventus wind farm was installed. The distance between the 
turbine and the UMS is about 1200 m. The blue curve in Fig.  shows data from the low 
gain hydrophone: a 30-s-sound pressure level up to about 170 dB re 1μPa can be 
observed. But within the pile driving breaks the sensor is saturated at its lower limit at 
about 130 dB re 1 μPa. Realistic background noise cannot be detected. The black curve in 
Fig.  displays data obtained by the sensitive hydrophone and the background noise at 
about 122 dB re 1 μPa becomes obvious. This hydrophone is saturated at its upper limit at 
the beginning of pile driving. No larger sound pressure levels than 165 dB re 1 μPa can be 
measured. 
As shown in the sketch (Fig.  2 right) this noise regards to the installation of one pile of a 
jacket construction, which disappears into the sea floor with the time of hammering. The 
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sound producing surface of the pile is thus getting smaller and therefore the sound 
pressure level decreases. It decreases from 170 db re 1 μPa at the beginning to about 
160 dB re 1 μPa 1.5 hours later. 
 

    
 

Fig. 2 Example of nearby pile driving noise on August, 9, 2009, and sketch of type of 
foundation (www.alphaventus.de) 

 
 
 
Far distant pile driving noise 
 
Figure 3 presents the sound pressure level obtained during the installation of three piles of 
a tripile foundation. The data was obtained on December 22 2010. The distance between 
the UMS and the wind farm is almost 60 km. The 30-s-sound pressure level is much 
smaller than observed during the installation of the wind farm Alpha Ventus due to larger 
distance (see chapter 0). It shows a mean of approximately 132 dB re 1 μPa. During the 
whole time the sound pressure level remains constant due to the kind of installed piles. 
Parts of these piles are still above the sea surface after hammering, meaning that the sound 
producing surface of the pile in the water column does not change significantly during the 
time of installation (Figure 3 right). 
 

 
    
Fig. 3 Example of far distant pile driving noise on December 22, 2010, and photo of type 

of foundation (www.renewableenergyworld.com) 
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Sound pressure level distribution 
 
To get an impression of the overall soundscape situation of the German Bight Figure 4 
presents the summation of 30-s-sound pressure levels for specific time periods. The upper 
graph shows seven weeks from July 7, to August 26 2009, when six wind turbines of 
Alpha Ventus were installed. On the lower graph data from one month, 1 to 31 May 2010, 
can be seen. In this time four wind turbines of the far distant wind farm were constructed. 
In both plots the main peak regards to the background noise. For the distribution of 
summer 2009 the peak of background noise is extended by smaller peaks between about 
130 and 150 dB re 1 μPa, which come from ship and working noise. Pile driving noise can 
be found between 150 and nearly 180 dB re 1 μPa. In these seven weeks six wind turbines 
were installed during 21 hours. Ship and working noise regarding the installation of the 
wind farm cannot be detected during May 2010. These sounds disappear in the 
background noise. Pile driving noise itself can be found above 128 dB re 1 μPa. The 
foundation of those four wind turbines installed in May 2010 capture a total time of 
approximately 22 hours. 
 

 
 

Fig. 4 Summation of 30-s-mean sound pressure level for period of nearby pile driving 
(left, July to August 26, 2009) and far distant pile driving (right, 1 to 31 May 2010) 

  
 
 
Identification of different wind farms 
 
Already in 2011 and 2012 the foundations of multiple wind farms were installed in 
parallel. For analysis of the great amount of data obtained at the UMS an automatic pile 
driving noise detection algorithm was developed. Figure 5 shows exemplarily results from 
this algorihm presenting the distribution of occurring sound pressure level versus pile 
driving period for the period August 2011 to July 2012. Two clusters can be identified, 
which can be related to two different wind farms: one with a lower pile driving period (1.4 
s) and a varying LE between 138 and 153 dB re 1μPa (red) and one with a higher pile 
driving period around 2.6-2.9 s and a lower LE (132-137 dB re 1μPa). The latter one is 
marked in green. 
Thus the installation noise of different wind farms can be identified and allocated. 
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Fig. 5 Sound pressure level versus pile driving period 

 
 
Conclusions
 
The Underwater acoustic monitoring station has been recording hydrosound data reliably 
for more three years until now. The station was designed for the detection of underwater 
acoustics in a high dynamical range. Thus intensive noise like e.g. nearby pile driving can 
be measured as well as low level sounds like background noise. Examples of nearby and 
far distant pile driving detected at the UMS show the acoustic characteristics of such 
events. The latter one illustrates the physical mechanisms of underwater sound 
propagation over large distances. 
In the overall soundscape distribution influences of the installation of wind farms can be 
seen significantly.  
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Abstract: Environmental Impact Assessment (EIA) is required to assess and 
monitor all interactions that may occur between a marine renewable energy 
(MRE) device and its surrounding environment. Underwater noise is one of these 
interactions that must be considered as part of an EIA. The result of the potential 
threat may range from no measurable impacts on marine life to behavioural 
response, migration or even death. 
Acoustic monitoring at marine renewable energy sites is a real challenge due to 
the extreme conditions in which MRE devices operate. The movement of water in 
close proximity to hydrophones themselves is likely to induce noise that affects 
the acoustic recordings, such as flow noise or cable strum. Other unwanted noise 
originates from mechanical/electrical interferences coming from the survey 
equipment.
This paper highlights the issues associated with acoustic monitoring in a high 
energy flow area: Ramsey Sound, Wales. The paper describes the experimentally-
dependent noise associated with hydrophone monitoring. Based on 5 years of 
underwater background noise monitoring surveys, the erroneous noise associated 
with the type of experimental hydrophone technique used to monitor underwater 
noise has been identified and analysed. Using times series, spectra and 
spectrograms, noise sources have been identified and classified. This work allows 
to improvement in monitoring techniques and methodologies used to monitor 
underwater background noise. 
This paper suggests guidance on the mitigation of experimental noise when 
monitoring in high energy flow environments.

Keywords: underwater acoustic monitoring, mechanical noise, methodology, 
ambient noise, marine renewable energy 
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1. INTRODUCTION

Underwater ambient noise sources originate from biological, natural and/or 
anthropogenic sources. However, background noise excludes noise sources 
associated with the monitoring itself such as the survey boat noise, transducer 
noise, flow noise or cable strumming [1].  

Conducting underwater acoustic monitoring at the proposed marine renewable 
energy (MRE) site is a real challenge [2] due to the rough condition in which the 
sensor must operate. The monitoring equipment is likely to create a wide range of 
mechanical self noise. 

Richardson et al.[1] define ambient noise as the "environmental background 
noise not from direct interest during a measurement (...), but excludes sounds 
produced by measurement equipment such as cable flutter". These "mechanical 
self noises" are here studied in this contribution. 

Since 2010, the LCRI marine [3] has undertaken research into the monitoring 
of underwater acoustic background and anthropogenic noise and 
protocol/technique used to monitor sound in high energy flow environment. A 
part of this work focused on the erroneous noise associated with the equipment 
used. 

2. EXPERIMENTS 

a. Location and equipment 

Underwater ambient noise recording has been carried out, within the LCRI 
marine project, since 2010. All measurements have been undertaken throughout 
the year and at various locations in Wales. The nature of the sites were various, 
from high tidal flow environment in open/ closed channel to open sea. This wide 
range of sites allowed the study to cover a wide range of issues regarding 
experimentally-dependent noise. 

Underwater recordings were carried out during calm weather (Beaufort scale 2 
or less) and calm sea (sea state 2 or less) due to health and safety guidance. 

Two sets of equipment were used to monitor underwater noise. From 2010 to 
2012, underwater recordings were undertaken with a C54XRS hydrophone, on a 
16 bit and 44,100 Hz sampling rate wired on a laptop. Since 2012, the LCRI 
marine has used a submersible data logger RTsys and a High Tech Inc (HTI) 99-
HF. This notably allows the recording of underwater acoustic noise on a wider 
frequency range, up to 120 kHz on a 24 bit. In addition, this allowed more 
flexibility regarding the distance between the survey boat and the acoustic 
recording equipment. 

b. General methodology 

Underwater noise monitoring is carried out using a hydrophone which detects 
underwater sound pressures. 
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Two main methodologies are generally used when undertaking underwater 
noise measurement: "Over the board" or "drifting buoy". In most case the 
hydrophone was deployed over the board and wired to a laptop positioned on 
board. This offers a relatively quick and economic way to operate and monitor 
underwater sound. The majority of the equipment is located onboard the survey 
vessel. However, care must focus on the equipment waterproofing. The laptop, 
the digitizer, the filter and the connections must be protected from water. The 
connections and cable must be able to absorb stress (current, waves). Additional a 
power supply (if not available from the vessel) might be required. With such a 
configuration, the distance between the vessel and the hydrophone is limited by 
the cable length and noise interaction between the boat and the hydrophone might 
happen. 

The second possible methodology regards self or autonomous equipment. This 
technique consists of a hydrophone plugged into a submersible data logger. The 
data logger is then fixed to a drifting buoy allowing the recorder to drift freely 
with the current. This technique avoids all issues of waterproofing or cabling. The 
battery, signal processing and storage are fitted in one submersible container. In a 
more expensive variation of this technique, the equipment is generally fixed to a 
frame and deployed on the seabed. However, underwater acoustic deployment at 
a fix position and in high current flow is extremely challenging due to the forces 
occurring in these environments. In addition, the hydrophone is subject to 
pseudo-sound or flow-noise [4,5]. 
Thus, it was chosen to fix the autonomous recorder to a buoy (linked or not to the 
boat) and allow the buoy to drift freely with the flow. This technique is named the 
"drifting buoy methodology" and is displayed on Figure 1. 
 

 

Figure 1: Drifting Buoy 

The equipment used for the acoustic monitoring includes an autonomous 
acoustic recorder RTsys EA-SDA and a HTI-99-HF hydrophone  

A hydrophone at a static position in high current flow is subject to unwanted 
noise sources such as flow noise, swell noise, cable flutter. In order to reduce 
and/or cancel these equipment noises, the team has adopted the "drifting buoy 
methodology" as shown on Figure 2. However, this method is not perfect and 
suffers from different sources of equipment noise that needed corrections. These 
improvements are discussed in section 4. 
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The drifting methodology consists of positioning the survey boat upstream at a 
specific location and switching off the engine. Then, the buoys are deployed in 
the sea, released from the boat which allows the equipment to drift freely and 
move approximately at the same speed as the current. An example of drifting map 
is displayed on Figure 3. Thanks to this technique, the hydrophone and the cable 
are less subject to vortex shedding noise and cable strum (see section Noise 
sources). 

A handled GPS was also fixed to the drifting buoy allowing its tracking and 
this recorded the position of the buoy every 10 seconds. The drifting tracks are 
displayed on Figure 3. 

 

Figure 3: Acoustic drifting buoy in Ramsey Sound, Wales, UK 

6/12 m 

Data logger + GPS

Sea surface rope buoy 

Figure 2: Configuration of the drifting buoy 
methodology

Hydrophone (+ weight) 
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3. NOISE SOURCES 

a. Survey boat noise 

This section is concerned with the survey vessel itself. The boat use for the 
acoustic monitoring may produce different ranges of noise that may be 
monitored. 

Acoustic emissions from survey vessel are highly transmissible to the water 
and are considered as a main issue when using the hydrophone close to from the 
survey boat. The hull, the engine and all electrical appliances on board are likely 
to emit noise. These noise emissions depend on the size, the characteristic of the 
vessel, the appliances present on board but also on the weather and sea state. 

Wave splash boat noise (clapping boat noise) 

In the case of a hydrophone deployment from the surface and in the vicinity of 
the research vessel (over the board deployment), the recordings are likely to 
monitor noise coming from the wave splashing against the hull of the survey 
vessel. 

Hull clapping noise depends on the nature of the wave (period, intensity), the 
boat characteristics and the proximity of the boat from the sensor. Experience 
taught that a survey boats with a shallow Vee hull type (wide hull angle) such as a 
RIB will produce more hull clapping noise than bigger vessels with a deep Vee 
hull shape. 

A Rigid Hulled Inflatable Boat (RHIB) has a high noise resonance because of 
the tubes filled with air. The air contained in the rubber tube induces resonance 
which is transmitted to the water column. 

Figure 4 displays the spectrum resulting from waves splashing noise against a 
hull recorded at 5 m from the boat.  

 

Figure 4: Spectrum resulting of a wave splashing on the hull of a boat 
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It appears that "clapping boat" noise impacts the ambient noise below 300 Hz, 
inducing a low frequency amplitude increase of up to 35 dB re 1 Parms above the 
ambient noise. 

Other source of noise such as electrical noise (sonar, cooling pump) or voice 
noise may also be recorded. Caution must be taken to ensure that all electrical 
appliances are switched off on board. 

b. Equipment noise 

Acoustic perturbations coming from the survey equipment itself are common 
noise source when operating at tidal stream sites. This noise appears when water 
flows around the equipment and makes the gear wobbling or flickering. 

Squeaking noise 

Squeaking noise is here defined as the friction between two elements, 
specifically between two metallic parts. Figure 5 and Figure 6 below highlight the 
impact of squeaking noise on the background noise spectrum. 

On each graph, the red dotted curve represents the background noise without 
squeaking noise and the green curves include the spectrum resulting of 
"squeaking noise". 

On Figure 5, squeaking noise appears to impact the sound recorded below 
1 kHz, inducing amplitude increase up to 20 dB re 1 Parms above the background 
noise. 

In contradiction with Figure 5, Figure 6 shows another squeaking noise 
impacting the acoustic spectrum recorded on a narrower frequency range. In this 
specific case, the metallic-squeaking noise emits at respectively 350 Hz, 650 Hz 
and 1 kHz. 

 

Figure 5: Metallic squeaking spectrum 
coming from the torpedo weight (1) 

Figure 6: Metallic squeaking spectrum 
coming from the torpedo weight (2) 

After investigation, the source of metallic squeak noise has been identified. 
Figure 7 below shows the weight used during the acoustic monitoring. It has been 
found that the friction between the shackle and the weight is the origin of the 
squeaking noise. 
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Figure 7: Picture of the weight and the shackle used to weight the hydrophone 
during the acoustic monitoring 

Cable Strumming 

Cable strumming noise is here defined has the noise coming from cable 
vibration positioned in a flowing environment. It results of vortices formed when 
the water flows around the cable. This effect makes the cable flicker by pressure 
variation around cable as illustrated on Figure 8.  

 

Figure 8:Illustration of vortex shedding (green: high pressure, mauve: low 
pressure), source:wikipedia 

This source of noise and the frequency emission will depend on the speed of 
the flow surrounding the cable, the length of the cable and its diameter. 

Bong-Chae Kim et al [6] studied cable strum noise effect and found that for 
their specific experiments the cable strum seems "to be added in the 20-Hz noise 
level measured by the cabled hydrophone". 
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Figure 9: Result of cable strumming on background noise spectrum 

Figure 9:  shows the spectrum results of cable strum noise (blue). The red 
dotted curve corresponds to the ambient noise. From Figure 9, it appears that 
cable strumming noise impacts the background noise spectrum below 1 kHz 
increasing the sound pressure level (SPL) up to 30 dB re 1 Parms above the 
ambient noise. 

c. Interaction Sensor-Environment 

Flow Noise 

Flow noise effect is the results of noise coming from water flowing around the 
sensor. The fluid dynamic noise occurs when the current passes around the 
sensor, causing turbulence around the hydrophone [7]. This source of mechanical 
self noise particularly masks the signal when monitoring ambient noise at tidal 
stream sites. 

Figure 10 displays the results of flow noise effects on the ambient noise. The 
graph represents the flow noise spectrum at two different water speeds: 2 m/s 
(blue line) and 4 m/s (black line). The dotted curve represents the ambient noise 
without flow noise. 
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Figure 10: Result of flow noise effect on background noise monitoring 

It appears that the flow noise impacts the monitoring below 2 kHz. Within this 
frequency range, the SPL increases up to 40 dB at 4 m/s. Logically, it can be 
noticed that ambient noise is more affected by the flow noise at 4 m/s than at 
2 m/s. Flow noise at 4 m/s affect a wider range of frequency (10 Hz to 2 Hz) than 
at 2 m/s (10 to 200 Hz). 

Swell noise 

Similar to flow noise, the swell effect is the results of vertical motion of the 
hydrophone caused by the swell [7]. The continuous up and down movements of 
the hydrophone produce a vertical water flow around the sensor which results in 
turbulence noise. This effect has similar results than flow noise effect. 

4. GUIDANCE FOR NOISE MEASUREMENT 

All this mechanical self noise coming from the survey equipment must be 
attenuated or cancelled at the source in order to increase the quality of the 
recordings but also to reduce the time to filter and post process the files. Swansea 
University's growing experience through the LCRI Marine program in underwater 
acoustic has allowed the analysis of the issues encountered. It has also constituted 
a base to set up a methodology regarding underwater acoustic monitoring at 
marine renewable energy sites. This section focuses on the "from the surface 
deployment", particularly useful for high tidal flow environment. 

a. Boat characteristics 

The first issue analysed in this paper concerns the survey vessel chosen for the 
monitoring. The survey team will generally required a deep V hull shape boat 
filled with solid materials such as foam, rather than a RIB for the reason 
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explained in the section on Wave splash boat noise (clapping boat noise). The 
engine response must be short for quick equipment retrieval and must be as small 
as possible to allow operation in shallow water. All electric appliances on board 
must be under controlled and switched off during the monitoring except safety 
appliances such as GPS positioning and VHS. These pieces of equipment are 
unlikely to interact with the monitoring equipment. 

b. Minimise mechanical self noise from the surface 

Noise from the sea surface such as boat clapping noise can be reduced using a 
20/30 cm diameter Plexiglas plate positioned around the cable at 1/1.5 m from the 
hydrophone. This plate act as a "acoustic wave reflector" . However, this 
technique appeared to be useless in strong current flow and high swell 
environment. When the plate is subjected to the current and swell it will flicker, 
inducing more self mechanical noise. 

Another solution consists in the immersing the hydrophone in deeper water to 
reduce the influence of surface boat noise. However, immersing the hydrophone 
at deeper water will increase the risk of cable strumming. Compromise will then 
have to be made between depth and cable strumming. 

In the case of using a drifting buoy, the survey boat characteristic might be less 
of a constraint because the buoy will freely drift at a good distance from the 
survey boat. In addition, the drifting buoy deployed at the sea surface will drift 
with the current. 

c. Underwater equipment 

The configuration of the equipment used underwater must be intensively 
studied to reduce all eventual noise sources. Underwater equipment is subject to 
intense stress. It is crucial to secure all equipment and ensure that the equipment 
will not squeak, avoiding metallic connection when possible and break at any 
part. 

Cable strumming 

The drifting methodology is a good solution to considerably reduce cable 
strumming. However, due to the heterogeneity of the flow over the water column, 
cable strumming still may happened. 

An easy, cheap and efficient way to reduce this noise effect consist in fixing a 
small piece of rope all along the cable as shown on Figure 11 (blue rope). This 
technique will break the vortices formed on the back of the cable. 

Flow Noise 

Hydrophones in high tidal stream sites are subject to flow noise, even in the 
case of a drifting buoy as shown page 8. 

As for outdoor microphone, hydrophone can be shielded using different 
materials such as natural sponge or polymer foam. Caution must be taken 
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regarding the presence of air bubbles in the foam. These bubbles may inhibit 
sound transmission due to density mismatch and concomitant reflection and 
absorption of sound waves [8]. 

The presence of foam around the hydrophone may mask a part of the ambient 
noise and may influence the results. Test must be then undertaken to ensure that 
the noise level is not affected by the foam. 

Another method to reduce flow noise effect and cable strumming is to force 
the system to drift at the same speed as the current using a drogue. This technique 
will be only possible if the monitoring system can be released from the boat and 
if the monitored area consists of lamuinar flows. 

Swell effect 

The swell noise effect is reduced using swell absorption techniques. The 
weighted hydrophone can be supported by a range of small net buoys in order to 
absorb the swell as shown on Figure 2: Configuration of the drifting buoy 
methodologyFigure 2. 

Another and complementary technique consists on supporting the weighted 
hydrophone with an elastic rope as shown on Figure 11. The swell at the surface 
is absorbed by the elastic positioned above the hydrophone. 

5. CONCLUSION 

Monitoring underwater noise in high tidal flow may include a full range of 
erroneous noise coming from the equipment itself. This paper considered these 
experimentally-dependant noises. 

Some experimentally-dependent noise has been identified throughout 4 years 
of acoustic monitoring at tidal stream sites. Boat survey noise, flow noise, cable 
strumming or swell noise all affect the acoustic monitoring. 

 

Figure 11: Picture showing cable 
fairing and swell absorption elastic 

Figure 12: shielded hydrophone to 
reduce flow noise using 10 pores per 

inch 
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The results have shown a SPL ambient noise increase up to 40 dB re 1 Parms 
due to this equipment noise. It has also been found that through the diversity of 
erroneous noise analysed, mechanical erroneous noise is likely to impact the 
ambient noise below 2 kHz. Higher frequencies do not seem to be impacted by 
the experimental noise. However, electrical noise has been here excluded. 

This paper suggests technical solution to attenuate or cancel equipment noise: 
boat specifications, fairing cable, drogue, bungee rope, shielded hydrophone have 
all demonstrate good efficiency to reduce this erroneous noise coming from the 
survey equipment. Further research in a controlled environment may be useful to 
demonstrate the value of the suggested solutions. 
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Abstract: The rapid expansion of UK wind farms to meet the 2020 energy targets will see a 
large increase in the number of piling operations in UK waters.  It is widely recognised that 
the piling process generates high levels of noise that can propagate to large distances.  
However, the sound generation mechanism has yet to be fully elucidated; although finite-
element models have provided insight to the conical wavefront produced in the water column, 
little attention has been applied to the exact nature of the pile interaction with the sediment. 
This work considers a pile modelled in situ using a Wave Equation Analysis of Piles (WEAP) 
program.  WEAP programs are commonly used in the design process to determine the 
driveability of a pile.  The model comprises a finite-difference code that calculates the stress 
wave as it propagates through the pile.  This allows the radial velocity to be calculated as a 
function of time and position along the pile.  The radial velocity then provides a source 
function that may be weakly-coupled to an acoustic model. The advantage of modelling the 
pile using this technique is that the pile-sediment interface is more accurately treated than in 
many finite-element based approaches.  Additionally, the theory has been well established 
and used as a standard approach in the industry for many years.  The acoustic model 
comprises an axially-symmetric ring-source model such that both ingoing and outgoing 
acoustic waves are considered. The results show wavefronts emanating from the pile at the 
expected angles due to the relative sound speeds of the pile and the water.  As the model 
includes the energy lost in penetration, the attenuation of the travelling pulse on reflection 
stems from the sediment properties. Additionally, the received pressure at a point can be 
modelled much more rapidly than using typical finite-element techniques. 

Keywords: Marine piling acoustics, underwater noise, Wave-equation analysis for piles 
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1. Introduction 
 
The UK is currently the world leader in energy produced from offshore wind with an 

installed capacity of 2.9 GW[1]. It is envisaged that the UK could generate 18 GW by 2020, 
with the possibility of deploying over 40 GW by 2030[2]. The majority of this power is due 
to be generated from The Crown Estate’s Round 3 programme, which comprises the 
development of nine offshore wind farms around the UK[3,4]. The typical capacity of a 
single wind turbine is 5-7 MW, with larger capacity turbines being developed[3]. Therefore it 
is likely that many thousands of wind turbines will be installed in UK waters in the coming 
years to meet these targets. 

Marine piling is commonly used in the construction of offshore wind farms[5]. This 
involves using a ram, with a mass in the region of 100 tonnes, repeatedly impacted against 
the top of a steel tubular cylindrical pile that may be up to 6 m in diameter and many tens of 
metres in length[5]. This impacting process has been found to generate high-level acoustic 
disturbances (greater than 210 dB (re 1 Pa) peak-to-peak at 57 m) that may then propagate 
to large distances[6]. There is increasing concern that this noise may adversely affect marine 
life[7]. Consequently there is interest in being able to predict the operational noise generated. 

A variety of methods have been used to model the pile acoustics in recent years[8-12]. 
Typically the pile has been modelled in situ, most often comprising a linear elastic pile 
situated in a homogeneous fluid sediment. The energy input into the pile is used to overcome 
side shaft friction and plastically deforming the soil such that the pile is driven into the 
sediment. Frictional losses between the pile and the sediment have been included in some 
models by use of a complex sound speed in the sections of pile in contact with the soil[8,9]. 
An alternative is to use an empirically-derived reflection coefficient to represent energy 
losses at each end of the pile[13]. 

The analysis and modelling of wave propagation down the driven pile is not new; methods 
have been developed over many years that model the stress wave down the pile taking 
measurable soil properties into account. The most frequent method of predicting the ultimate 
capacity of piles involves using dynamic formulae relating it to pile set (vertical displacement 
of the pile per hammer blow)[14]; this approach is known as Wave Equation Analysis of 
Piles (WEAP). This paper presents work based on this method to determine the pile motion 
that is then used as an input to an acoustic model. 

Section 2 introduces a typical WEAP program, with an overview of the inputs and outputs 
of such a model, and a comparison against a standard finite-element approach. Section 3 
presents a simple acoustic model and the results of coupling the two models. The results and 
findings are discussed in Section 4, with avenues of future work outlined in Section 5. 

2. Wave Equation Analysis of Piles 

2.1. Motivation for using WEAP models 
 
During the planning stages of the pile installation, studies are undertaken to ensure the 

drivability of a pile[14]. This process allows the engineer to determine the most appropriate 
hammer configuration, and ensures that the pile will not be subject to excessive stresses that 
may cause damage. These studies typically involve the use of a WEAP program. The analysis 
involved is based on solving the one-dimensional wave equation taking the internal forces 
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and motions of the pile elements into consideration[15]. The primary outcome of this 
approach is to determine the relationship between the ultimate pile load or capacity and the 
pile set. However, as part of the process, a time history of the motion of the pile is also 
calculated; this is of more interest to the acoustical engineer. 

It is proposed that the pile compression calculated from the one-dimensional problem 
could be used, along with Poisson's ratio, to calculate the radial expansion of the pile. The 
radial expansion of the pile may then be used as an input to an acoustical model to generate 
the sound field. Furthermore, the axial motion of the sediment directly adjacent to the pile 
may be used as an input to model the outgoing shear waves. The advantage in taking this 
approach is that the pile-sediment interface is more realistically modelled, and that this 
technique has been refined and used in the civil industry for many years. 

2.2. WEAP model overview 
 
The problem is defined by the one-dimensional wave equation of the form 
 

 (1) 

 
where  is the axial displacement of a point in the pile from its original position,  is the 

Young’s modulus of the pile,  is the density of the pile,  is time,  is position along the 
vertical axis and  comprises all soil resistance terms. The use of this form of the equation 
implies that displacements are restricted to the axial direction only and consequently only 
axisymmetric solutions are possible. 

 

 
 

Fig. 1. The pile is decomposed into masses, springs and dampers. The soil is represented by 
systems comprising a spring, a damper, and a plastic slider. 

 
Due to the nature of the soil resistance terms, a solution typically cannot be found by 

analytical methods. Instead, a finite-difference model is created involving splitting the pile 
into a one-dimensional series of masses, springs, and dampers. Where the pile is in contact 

z

Point resistance

Side friction
resistance
(inc. plastic slider)

Pile segments

Ram
Capblock
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with the sediment, the system is coupled to a separate mechanical system comprising a 
spring, damper, and plastic slider. The idealised system is shown in Fig. 1. The ram is 
included in the idealisation as a mass with an initial downward velocity determined by the 
hammer energy rating, mass, and efficiency[15]. The force of the hammer is transmitted to 
the pile through a capblock represented by a spring; this spring allows no tensile forces to be 
transmitted representing the possible separation of the ram and the capblock.  

Although the problem in Equation 1 could be solved numerically, it has been shown that 
the problem can be defined by a series of five simpler equations. These equations may be 
solved iteratively for each element and for each time step[15]. This form of the problem is the 
most commonly adopted method in pile-driving analysis[15]. A program based on these five 
equations has been written in MATLAB and has been used to generate the results for this 
paper. 

2.3. Model inputs and outputs 
 
The analysis was performed for a 50 m long pile, 6 m outer diameter with a wall thickness 

of 65 mm. The pile was embedded 20 m into the sediment prior to the modelled strike, and 
the water depth was 20 m. The energy rating for the hammer was 2300 kJ, and the ram mass 
was 115000 kg; assuming 100% efficiency, this gave an impact velocity of 6.32 ms-1. The 
sediment has been modelled as ‘dense sand’ with skin friction value of 75 kPa and an end 
bearing value of 12 MPa. These friction values along with the soil quake (allowable soil 
deformation before it reaches the elastic limit) provide values for the stiffnesses of the soil 
springs of 2.78×108 Nm-1 for the side springs and 5.73×109 Nm-1 for the point spring. The pile 
itself is made of steel with a density of 7850 kgm-3, a Young’s modulus of 205.8 GPa, and a 
Poisson’s ratio of 0.28. The WEAP program was run with a time step of 40 s (effective 
sampling frequency of 25 kHz) up to a maximum time of 0.14 s. Considering a maximum 
frequency of 1000 Hz, and a ‘rod’ wavespeed in the pile of 5120 ms-1, the minimum 
wavelength would be 5.12 m. To provide at least ten points per wavelength the length of each 
pile element was set at 0.5 m; no benefit was seen for increasing the axial resolution beyond 
this value. On an Intel quad-core i7 processor machine running at 3.40 GHz the run took 
4.35 seconds to complete. 

The WEAP model calculates the element displacement, compression, force between 
elements, soil resistance, and the resulting element velocity for each point in time. The radial 
expansion of the pile as a function of time can be inferred from the local compression of the 
pile. The radial expansion, , is given by 

 

 (2) 

 
where  is Poisson’s ratio,  is the diameter of the pile,  is the compression, and  is 

the length of a single pile element. 

2.4. Comparison with other models 
 
The equivalent run was performed using IHCWAVE Stress Wave Program[17], and in 

COMSOL multiphysics finite-element program for both fluid and solid sediments; all 
parameters were kept the same where possible. In the case of the COMSOL models the force 
input at the top of the pile was generated using an analytical solution for the hammer[11]. 
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The sediment had a density of 1900 kgm-3, and a compressional sound speed of 1625 ms-1. 
Additionally, in the solid sediment model, the sediment shear wave speed was 110 ms-1 
which is consistent for sand at 1 m depth[16]. In IHCWAVE, the driving mode was set to 
‘Redrive after full setup’, with all other parameters as for the WEAP model. 

Fig. 2 shows the pile toe displacement as a function of time for the discussed WEAP 
model, the IHCWAVE Stress Wave Program, and the two COMSOL finite-element models. 
This highlights the pile motion differences between the approaches. The plastic deformation 
allowed in the WEAP model and IHCWAVE dissipates system energy and consequently both 
settle rapidly at a defined pile set. However, the solid-sediment finite-element model simply 
oscillates close to its initial value due to being held in place by the sediment, whilst the fluid-
sediment model shows the pile descending step-wise with each reflection of the pulse; this 
step-wise motion reaches 20 cm by 0.1 s. 

 
 
Figure 2. The modelled pile toe displacement for the four models. The WEAP model and 

IHCWAVE results are characteristically similar. The FE model results show the pile 
continuing in motion long after the WEAP models have settled. 

3. Coupled Results 
 
From the WEAP model, one may determine the radial velocities of each point of the pile 

as a function of time. To provide an illustration of the possible acoustic field emanating from 
the pile, this has been coupled to a ring-source model. This model assumes that each point on 
the pile wall can be treated as an ideal dipole-source with no other pile-boundary interactions.  

Each axial element of the pile is assumed to represent an individual continuous ring of 
dipole sources. The sound pressure at any point in the field due to a single element is simply 
the sum of the contributions from all dipole sources on the ring. The Fourier transform of the 
radial velocity of each element in the pile is calculated to provide an amplitude and phase for 
all frequencies. The ring source field is generated for each frequency; each one is then 
convolved in space with the pile velocities to provide a complete field at the single frequency. 
An image-source model is used in order to provide results from the reflection from the water. 
Implicitly, the medium at all points below the water surface is assumed to be water; the air-
water interface is modelled as a perfect pressure-release boundary. An inverse Fourier 
transform then provides the time domain representation of the field.  

Fig. 3 shows the wave-field produced using this method at 0.02 s after impact. The 
wavefront caused by the first down-going pulse is clearly seen, closely followed by the 
contribution from the opposite side. Further wavefronts, however, have much reduced 
amplitudes due to the loss of energy into the sediment. The angles of the conical waves are as 
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expected, and agree well with previous work[12]. These angles are due to the relative 
wavespeeds of the pulse down the pile and in the water. 

The received pressure as a function of time at a single point is shown in Fig. 4. The point 
is taken close to the pile such that there is little acoustic influence from the sediment. The 
wavefronts from the first down-going pulse are most prominent; two peaks are seen due to 
the contribution from the near-side and the far-side of the pile wall. Beyond this, initially the 
pressure exhibits a rapid attenuation but is then followed by a longer decay.  

 
 

Fig. 3. Radial slice of the wave-field calculated using the WEAP model coupled with the ring-
source model. The wave generated by the first down-going pulse is clearly visible. 

Subsequent wavefronts are significantly reduced in amplitude. 
 

 
 

Fig. 4. The received pressure at a point 5.29 m from the pile wall at mid-depth in the water 
column. The first pulse from both walls dominate the signal, with initial rapid attenuation 

followed by a longer decay. 
 
This is a very simple model designed to picture the possible results of incorporating the 

WEAP results into an acoustic model. There is no special consideration of the sediment, and 
in this case it is treated exactly the same as water. This leads to the pressures to be greater in 
the sediment than one would otherwise expect due to no loss from reflections at the water-
sediment interface and there being no attenuation in the sediment. Another shortcoming of 
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the model is that each dipole is based on the free-field greens function rather than include any 
influence from the pile itself. Despite the limitations, however, the coupling provides useful 
insight into the wave generation process and supports the argument for using WEAP models 
for pile-driving acoustics. 

4. Discussion 
 
This paper demonstrates the use of a WEAP program being incorporated in an acoustic 

model of pile-driving noise. The WEAP model provides a more realistic representation of the 
pile motion following striking than the finite-element model examples due to the treatment of 
the sediment interface. Unless specifically taken into account, the effect of the sediment in 
finite-element models may provide misleading results; it has been shown that the pile toe 
displacement is greatly affected by how the sediment is treated. The advantages of the WEAP 
model are that the approach has been honed over many years of use in industry, and is also 
typically quick to run making it suitable for parametric studies. 

A simple acoustic model that demonstrates how the outputs from the WEAP program can 
be used has also been presented. This provides a qualitative example that is in agreement with 
what is known about noise from pile driving. A more sophisticated model could also take into 
account proper treatment of the sediment with reflections at the interface and allow for shear 
wave propagation.  

It is documented that the most significant portion of the noise produced by piling is 
contained in the first wavefront[13]. This is generated before the pulse down the pile reaches 
the sediment, and thus is not affected by the sediment model. However, there is concern that 
the contribution from the subterranean portion is significant particularly when considering 
mitigation methods that comprise a barrier in the water column. It is for this reason that the 
pile motion below the sediment-sea interface needs to be realistically modelled, especially for 
greater driving depths where a significant proportion of the sound will have been generated in 
this region. 

5. Future Work 
 
As discussed, there are significant areas of development for this model. With regards to 

the WEAP model itself, the current sediment mechanical subsystem provides no distinction 
between the radiation damping and the viscous damping provided by the soil. A more 
sophisticated model has been suggested that takes each into account separately14. 
Additionally, the radiation damping from the water in this case has been omitted; this should 
be included as there is a small effect on the pile wave due to the slight change in impedance. 

Currently the acoustic model exists only to illustrate aspects of the WEAP model and its 
applicability to pile acoustics. It is envisaged that the results from this model be used as an 
input to a finite-element model in order to model the acoustic aspect. This would allow for a 
quantitative comparison against other models and against recorded results. 
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GROUND ROLL WAVEFORMS IN SATURATED SEDIMENTS –
GENERATION BY PILING OR BY EXPLOSION  

Dick Hazelwood, Guildford UK,   Patrick Macey, Pacsys Nottingham UK 

Dr R A Hazelwood , R&V Hazelwood Associates LLP ,  
14 Ash Grove, Guildford GU2  8UT  Dick@r-vhazelwood.co.uk 
 

Abstract: Seabed vibrations have been studied both experimentally and theoretically with 
concern over the environmental impact of offshore piling. Previous published work was 
more concerned with military propagation modelling using explosions. Ground roll waves 
with frequencies around 20 Hz have been measured and modelled using transient finite 
element analysis. Use of Hamilton’s metadata for seabed properties predicts very simple 
wavelets with excellent cohesion, despite regular metamorphosis between two forms. 
These properties are analogous to wavelets in other media described as solitons.

Keywords: Ground roll soliton wavelets, offshore piling environmental impact.  

1. GROUND ROLL WAVES 

Concerns over the environmental impact of seabed vibrations have been raised at a 
variety of venues, and Hazelwood[1] discussed the “rolling” motion exhibited by some 
types. These are the waves confined to the interface between the sediments and the water. 
This general descriptive term can be used to cover subsets including Rayleigh, Stoneley 
and Scholte waves, all of which exhibit this motion. 

 
Unlike a plane wave travelling through a bulk medium, where particle motions are 

linear, the vertical (out of plane) motion is phase shifted from the motion along the line of 
travel across the interface (sagittal motion). Earthquakes display this motion, as do the 
well known surface water waves. Seismologists take precautions to avoid their data being 
corrupted by the all pervasive ground roll, in order to study plane waves from the depths. 
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2. EARLIER MEASUREMENTS 
 
Data recorded by commercial seismology is often considered as unwanted noise, and 

unavailable. However, Jensen et al [2] refer to measurements by Schmalfeldt & Rauch [3] 
 

Fig 1: Propagation of seabed wavelets generated by explosions
 
They report waves excited by small TNT charges (multiples of 180g) detonated near 

the Mediterranean seabed, showing slow propagation speeds, some less than 100m/s.  
 
Each record is from a 

different trial, with some 
variability in the sediments 
excited. To extend the range 
multiple charges were used 
when the distance was 
larger.   

3. MODELLING 
 
Fig 2:Modelling work by Schmidt [2] used a shear speed (cs) gradient within the 

sediment varying from only 60m/s at the seabed (20m depth) rising to 300m/s . 
The values cs shown are similar to measurements reviewed by Hamilton[4]. However, 

the data for the attenuation ( s) profile were generated to replicate the propagation data. 
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This modelling result (vertical component only shown) provides a good fit to the modal 
propagation speeds, and for frequencies 2 - 6Hz, with similar wavelet shapes 

 
Fig 3: A synthetic seismogram was made to match the measurements. 

 Two additional lines (fine dots) have here been overlayed, showing speeds for the 
wavelet onset and maximum amplitude. This indicates a delay after the detonation for the 
propagating energy to develop its maximum amplitude. Note that the wavelet length 
increases with time. Horizontal component data (not shown), both real and modelled, 
includes other modes, but those without vertical motion are not ground roll.  

 
   4. RECENT MEASUREMENTS 

 
Fig 4 &5: The test pile at Kinderdijk - a boat was used to position the seismometer at 

two positions, to give “near” and “far” field measurements. 
Work on offshore piling and dredging run by the National Physical Laboratory (NPL), 

Teddington led to the development of a simple 3 axis seismometer [1] which was then 
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used for a trial in the Rhine delta run by TNO, Delft. This measured waves generated by a 
test pile driven by a 90kJ hammer at the Kinderdijk site of Hydrohammer BV. 

 
Fig 6: Near field data from the Kinderdijk trial shows 3 axis motion. The early high 

frequency signals are due to the water pressure waves (uncalibrated geophone response).  

 
Fig 7: Far field data shows the delay before the onset of the ~20Hz ground roll . 
  
The two plots show the effects of range, with a drop in the peak horizontal motion from 

8 to 3 mm/s. Whilst the dominant ~ 20Hz energy is clear, the waveforms are less defined 
than those seen in the Schmidt simulation, or indeed in the finite element analysis (FEA) 
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presented below. The complex environment, seen above, will contribute to this. The dock 
wall and piles will create reflections, whilst the sediment is not level.  

 
5. THE SIMPLE WAVELETS FOUND IN FEA SIMULATIONS 
 

 
Fig 8: A snapshot for time 0.33s from a transient FE analysis sequence shows a hump. 
 

 
Fig 9: By the time the wavelet has reached radius 64m it has become a dip. 
 
The use of transient finite element analysis allows the nature of the excitation impulse 

to be chosen. Here a smooth vertical pressure pulse was found to give a simple wavelet. 
Although not as yet supported by measurement, this single hump shows remarkable 
stability, given the considerable dispersion (frequency dependent velocity) caused by the 
depth cs profile used (also using data from Hamilton [4])  
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The model assumes axisymmetry, for the effects of a monopile suitable for mounting 
an offshore wind turbine, where great care is taken to achieve a vertical attitude. The cross 
section (axis on left) shows a 16m depth of water mostly green, indicating a low acoustic 
pressure, with positive and negative excursions in the localised evanescent wave close to 
the wavelet in the solid. The solid is shown mostly blue, with small displacements from 
the static position. The peak vector magnitude exceeds 0.2mm, for an arbitrary 1MN 
excitation force at the origin (left side, node 400). A white gap separates the displacement 
field from the pressure field for clarity, but nodes 600 & 900 are collocated in the model. 

 
The animations show how this short wavelet metamorphoses as it propagates, changing 

from a dominant hump (at 32m) to dominant dip (at 64m) and back again. The nearby 
evanescent wave colour changes from blue to red, but energy is conserved in the wavelet 
(after correction for the cylindrical spreading). This cohesive structure thus has some 
properties of a soliton, although there is no absorption term, and the conversion of energy 
to heat due to shear losses is not represented.   

 
This retention of energy will reduce propagation loss, as measured by peak particle 

velocity. This contrasts with the tendency seen in the Saclant data for wavelet duration to 
increase, dissipating energy. These differences may be due to the very different excitation. 
The Kinderdijk data show a clear preponderance of energy in the 10-20 Hz band, without 
filtration other than that provided by the geophones, whereas the Saclant data was post 
filtered including a 10Hz low pass filter, to reduce “noise”. Their wavelets are lower in 
frequency, about 4 Hz, with their frequency analysis plots only extended to 6Hz.  

 
6. CONCLUSIONS 

Whilst similar frequencies and speeds to the Kinderdijk trial results were simulated, 
confirmation of the remarkable wavelets predicted for the Hamilton sediment data will 
require a larger field trial. 

7. ACKNOWLEDGEMENTS 

Steve Robinson (NPL, Teddington) initiated the seismometer development and gave 
much assistance in analysing the data.  

Christ de Jong (TNO, Delft) and colleagues ran the Kinderdijk trial and provided data. 
Andrew Holden kindly provided the SACLANT report 
 
REFERENCES 

1. Hazelwood R “Ground roll waves as a potential influence on fish” in “The Effects 
of Noise on Aquatic Life” Popper & Hawkins Eds, 449-452, Springer 2012 

2. Jensen F, Kuperman W, Porter M, Schmidt H, “Computational Ocean Acoustics” 
Springer Verlag 2000.  

3. Schmalfeldt B, Rauch D “Explosion generated seismic interface waves in shallow 
water” Saclantcen report SR-71, 1983. 

4. Hamilton “Vp/Vs and Poisson ratio in marine sediments and rocks” J Acoust. Soc. 
Am 66 (4) 1979. 

1st International Conference and Exhibition on Underwater Acoustics

184



 

NOISE EMITTED FROM A SUBSEA RAILWAY TUNNEL 
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Abstract: Underwater noise and sea floor vibration caused by railway traffic in an 
immersed subsea tunnel was measured. Sound levels observed at a position above the 
tunnel were typically 135 to 140 dB re 1 μPa and comparable to noise from shipping in 
the navigational channel at some 500 m distance, while 450 m beside the tunnel line, 
train-induced noise was about 20 dB lower. 

Keywords: Subsea tunnel, traffic noise 

1st International Conference and Exhibition on Underwater Acoustics

185



 

INTRODUCTION

The Fehmarnbelt fixed link between Denmark and Germany will be built as a 15 km 
long tunnel between the islands Fehmarn and Lolland. In the environmental impact 
assessment for this project, the question was raised whether not only the construction 
might cause significant underwater noise, but also the the railway and car traffic in the 
tunnel. Since no appropriate literature data was found, a small study was made on an 
existing tunnel, the Drogden tunnel, which is a part of the Øresund strait fixed link 
between Denmark and Sweden. Although there are differences between the two locations, 
in particular the water depth at Drogden is lower than in Fehmarnbelt, the Drogden tunnel 
is constructed from immersed concrete elements (Fig. 1), as it is planned with similar 
elements for Fehmarnbelt. Hence it was expected to get some clues from the measurement 
about possible tunnel noise in the Fehmarnbelt. 

 

Fig. 1: Left: Cross section of the Drogden tunnel. The construction is covered with an 
additional protective layer of rocks and sand not shown here. Right: Display of a 

ship's depth sounder when approaching the tunnel. 

METHOD

The Measurement was made in July 2011. A Brüel & Kjær 8106 hydrophone was 
deployed exactly above the tunnel, and a second one at 450 m distance beside the tunnel 
route. These positions are labelled MP1 and MP2 in Fig. 2. The water depth at this 
location is 7 to 8 m, the hydrophones were kept about 1.5 m above the sea floor by means 
of floats. The recording devices were contained in steel tubes that were placed on the sea 
bottom. 

The system at MP1 was fitted with an SM-6 geophone (Sensor Nederland) and with 
two steel rods of 1 m length as additional ballast and to ensure an approximately vertical 
orientation of the single-axis sensor (Fig. 3). The recording bandwidth was 10 Hz to 
20 kHz for the hydrophones. For the geophone, the upper limiting frequency was about 
1 kHz. The recordings were evaluated later with software written in MATLAB.  

The working vessel JHC Miljø was anchored with main engines off 400 m north of 
MP2. Ship traffic was monitored with an Icom MXA-5000 AIS receiver. 
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Fig. 2: Measurement positions 

 
 

 
Fig. 3: Recording system at position MP1 before deployment 

RESULTS

Fig. 4 shows an example for broadband sound pressure levels (RMS levels with 1 s 
averaging time) observed at MP1. Distinct level increases of 20 to 30 dB correlate with 
train passages. The trains could be easily identified by ear from both the sound and the 
vibration signal, and also visually by watching the western end of the Øresund bridge, 
which continues the route in eastern direction. The level record in Fig. 4 includes noise 
from two vessels, a gas tanker and a cargo ship, passing by in the nearby navigation 
channel (depicted in Fig. 2 as white lane bounded by red and green light buoys). 
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Some of the level peaks are shown expanded in Fig. 5. Most trains were passenger 
trains that passed by within less than ten seconds. Corresponding third octave spectra are 
shown in Fig. 6. Cars did not produce a measurable level increase, although in some cases, 
trucks appeared to be weakly audible in the hydrophone signal from MP1. 

 
Fig. 4: Broadband sound pressure level at MP1. Peaks marked by circles were identified 

as train passages. Two larger vessels passed by around 07:35 and 08:30. 
 
 

 
Fig. 5: Broadband SPL of some of the train passages in Fig. 7 on a shorter time scale. 
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The vibration signal at MP1 has a spectral maximum at 300 to 400 Hz (Fig. 7), which 
appears a rather high frequency compared to the sound spectra. However, there is a level 
increase below 100 Hz towards lower frequencies. This might be an artefact caused by 
insufficient mechanical decoupling of the recovery float from the measurement system, 
and could have masked low-frequency components of traffic-induced vibrations. 

At MP2, the broadband sound level caused by trains was about 120 dB re 1 μPa, 
compared to 135 to 140 dB at MP1 above the tunnel. A typical third-octave spectrum is 
shown in Fig. 8. The "Minimum background" curve indicates the minimum third-octave 
levels in the 105 minute observation period shown in Fig. 4. 

 
Fig. 5: Third octave spectra at MP1 

 
 

  
Fig. 7: Sea floor vibration spectra recorded with geophone the at MP1 
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Fig. 8: Comparison of a typical train spectrum at MP1 and MP2 

CONCLUSIONS  

Fig 8 includes a hearing threshold of a harbour porpoise [1]. Although for a direct 
comparison with the threshold, the measured third-octave levels must be corrected by a 
few dB to match the critical bandwidths of the animal's auditory system (in the order of 
100 Hz in the range 0.5 to 10 kHz), it can be seen that the tunnel noise is likely to be 
audible by a harbour porpoise. However it is not known whether tunnel noise cases 
avoidance reactions. In a case study on the Great Belt fixed link, which also includes a 
railway tunnel, no barrier effects were found [2]. 
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Abstract: Wave and tidal stream energy devices are now being increasing deployed, and 
there are plans for extensive further deployment of arrays of such devices, for example at 
various locations around the UK and internationally. Assessment of the environmental 
impact requires an improved understanding of the nature and likely consequences of the 
associated changes in underwater noise. This paper provides a review of noise sources 
from these devices. 
There are a variety of designs of wave and tidal energy technologies, each of which will 
have sources of noise, some of which will be unique to specific designs. Therefore, the 
potential impacts from the radiated noise are likely to differ between different designs. The 
noise associated with wave and tidal energy devices includes construction noise, which 
may involve some modest piling or drilling to fix the device (or its moorings) to the 
seabed. This is usually short term, occurring during installation. In addition, there is 
operational noise. This is long-term noise generated during operation, which depends on 
the design of the device, and includes some or all of: flow noise and noise generated by 
turbulence and vortex shedding; noise from hydraulics, pumps and hinges; noise from 
moorings; impact of surface waves. 
Moreover, there are a number of challenges with regard to measuring the radiated noise 
from wave and tidal energy devices, and these influence the quality of the available data. 
These include: harsh environments (such as fast currents), high background noise, the 
wide variety of designs to be measured (placing considerable challenges on the 
measurement methodology), and the lack of standardised methods. 

Keywords: wave energy devices, tidal stream energy devices, noise. 

1 INTRODUCTION
 
With the increasing deployment of wave and tidal stream energy devices, and the plans for 
deployment of arrays of such devices, an improved understanding is required of the nature 
and likely environmental consequences of the associated changes in underwater noise. To 
date, there has been limited deployment of the actual devices. The variety of device 
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designs will have a range of associated noise spectra, and this paper is aimed at reviewing 
the existing noise data, drawing conclusions about its usefulness in assessing the impact 
on marine receptors. 
 
2 NOISE SOURCES
 
There are a variety of designs of wave and tidal energy technologies, each of which has 
sources of noise, some of which will be unique to specific designs. Therefore, the radiated 
noise is likely to differ between different designs [1-7]. The noise associated with wave 
and tidal energy devices may be categorised as:  
 
(i) Construction noise 
This may involve some or all of:  
• piling or drilling to fix the device (or its moorings) to the seabed; 
• shipping and machinery noise; 
• Site preparation (blasting, aggregate offloading)  
• dredging;  
• cable burial, which may requires the use of trenching or jetting machinery in soft 

sediments, rock cutting machinery in hard sea-beds. 
This is likely to be relatively short term, occurring during the installation phase. 
 
(ii)  Operational noise 
Long-term noise generated during operation. This will depend on the design of the device, 
and could include some or all of:  
• noise generated by turbulence and vortex shedding;  
• noise from hydraulics, joints and hinges;  
• noise from moorings;  
• impact of surface waves; 
• rotating machinery; 
• movement of air or water; 
One point worth mentioning is that some of the above noise generation mechanisms are 
not well characterized, with very little data available describing their spectral content and 
likely source level. 
 
3 MEASUREMENT METHODOLOGIES 
 
3.1 Measurement Challenges 
 
There are challenges with regard to measuring the radiated noise from wave and tidal 
energy devices, and these will influence the quality of the available data. These include: 
 
Harsh environments 
These include severe wave action, mooring noise, self-noise of the deployment platform, 
electrical pick-up, and cable strum. Perhaps the most difficult to deal with is fast currents 
which can be destructive to acoustic measurement equipment, and which can generate 
substantial flow noise at the hydrophone (a form of sensor self-noise caused by pressure 
fluctuations in the turbulent boundary layer around the hydrophone). Drifting deployments 
can minimise flow noise and offer a solution to a number of the problems, but introduce 
other issues that require addressing.  
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High background noise 
The background noise in the vicinity is often relatively high, for example due to 
substantial surface agitation (wave action). Since radiated noise is at least partially 
generated by moving parts within the energy device, and since the device motion increases 
with increased wave action or current flow, the radiated noise and the background noise 
are likely to be correlated (as happens for operational noise for offshore wind turbines). 
This makes accurate measurement of radiated noise more difficult (although this does 
mean that the high background noise may tend to mitigate the noise impact by masking 
the noise generated by the renewable energy device). 
 
Variety of designs to be measured 
The large variety of designs of wave and tidal energy devices place considerable 
challenges on the measurement methodology. These include [3]: 
 
Wave Energy Converters 
Attenuator 
Point absorber 
Oscillating water column 
Overtopping device 
Oscillating wave surge converter 
Pressure differential device 

Tidal Stream Energy Converters 
Horizontal axis turbine 
Vertical axis turbine 
Oscillating hydrofoil 

 
Some devices are on the water surface, some on the seabed, and some span the water 
column. Some devices are physically very large with a number of potentially uncorrelated 
noise sources spatially distributed along the device. The acoustic output of such a device is 
difficult to characterise in terms of a simple monopole source level. There may also be 
significant acoustic near-field effects, or the individual noise sources may require 
individual characterisation [8,9]. Figure 1 shows an example of potential near-field effects 
from a complex surface distributed attenuator wave energy system. If the receiver system 
is within this near-field sound sources may appear to come from different arrival angles  
and be at different ranges resulting in a spatial complex sound field pattern. Similarly  
water column distributed systems such as an oscillating wave surge converter will result in 
sound arrivals at any receiver both as direct paths and with surface and seabed interactions 
[8]. Care again should be taken in interpretation to simple mono-pole source levels.   
 
Complex acoustic propagation 
In deep water, the variations in depth due to tides are not significant. However, in inshore 
waters the effect is much more pronounced and can significantly alter noise fields through 
the tidal cycle. Bathymetric changes that are a significant fraction of the water column 
have a significant effect on propagation. Sand banks that dry at low water can block 
acoustic paths so a receiver hearing a noise source across a sand bank at high tide may not 
receive it at all at low tide. In the calculation of source level, or source level spectra, a 
propagation model is required. Ideally this should be capable of accounting for all the key 
propagation phenomena, including: (i) interaction with the seabed; (ii) interaction with the 
sea surface; (iii) dependence on acoustic frequency (for example, for absorption in the 
water and seabed); (iv) dependence on bathymetry. Many studies use a simple spreading 
model to propagate the acoustic signals, with the value of the spreading constant derived 
from a fit to empirical data. Such a model can have sufficient accuracy for propagating 
between two points in far-field in conditions of flat bathymetry, but does not account for 
the interactions noted above, and cannot be used to derive a true monopole source level 
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[10,11]. An argument put forward in mitigation is that if the same model is used to 
propagate outward to calculate the impact zones for the purposes of an EIA, the error is 
minimized, but this is not true if the source level is to be used to predict the acoustic field 
when the source is in another location. The use of simple models is tempting for a number 
of reasons, but it is necessary to know what the limitations are of any technique. 
 

Figure 1: Potential near-field effects due to multiple- arrival angles and source ranges at a 
receiver from a large surface distributed system [8]. 
 
Calibration and system performance 
Many commercial recorder systems and hydrophones are not supplied with a calibration. 
For the studies reviewed here, a number of the studies described problems with calibration 
issues. A calibration is essential and should consist of a full system calibration (including 
hydrophones, amplifiers, and digitisation system). Ideally, a traceable calibration should 
be obtained from an accredited source, rather than simply relying on nominal figures from 
manufacturer’s data. For a hydrophone/system which is required to work over a wide 
frequency range (at frequencies approaching the hydrophone resonance), the calibration 
should cover the full frequency range of interest (the sensitivity will not be invariant with 
frequency when close to resonance). Self-noise can originate from poor choice of 
hydrophone and amplifiers, or from pick-up of electrical noise generated by the 
electronics and data storage system. Some commercial systems suffer from relatively poor 
dynamic range so that the large amplitude signals that can be detected at low frequencies 
can sometimes saturate the recorders. This is challenging; some systems will not achieve 
the dynamic range in combination with the self-noise requirements, but in any case the 
actual dynamic range should be known so that the maximum undistorted signal level can 
be estimated, and any saturated signals eliminated during analysis of the data [12]. 
 
Data analysis 

Source range r1 

r3 

r2 

rn-1 

rn 

Recorder system 

Mooring 

Floating attenuator  
WEC  
system 

Pelamis P2 at the EMEC wave 
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When analysing noise data, it is necessary to average the results. A simple metric such as 
Sound Pressure Level (SPL) is defined as an average quantity. When reporting the SPL, 
the averaging time must be stated. For analysis of long-term deployments, it will be 
necessary to break down the data into segments for analysis and averaging. Again, the 
duty cycle and averaging time (or “snapshot” time) should be stated with the results. The 
only metric that does not depend for its final value on the snapshot or averaging time (in 
other words how the data is broken up) is the arithmetic mean. This requires that the 
average be calculated in linear units (pascals) and only converted to decibels at the end for 
display purposes. For this reason, the best choice as a metric if compatibility with results if 
data analysis from other researchers is required. However, when comparing noise data, it 
is necessary to establish the statistical significance of a difference in the observed data. 
This requires the distribution in the form of percentiles (probability density function). The 
50th percentile is also called the “median”. For the establishment of the statistical 
significance of the difference in two values for the noise level computed from different 
data sets, the distribution in the form of percentiles is required. The difference between the 
arithmetic mean and median is a measure of variability of received levels [13,14]. 
 
3.2 The use of drifting systems  
 
Drifting systems have the potential to solve (or at least alleviate) a number problems 
caused by the fast flowing environments. In particular, they can reduce flow noise 
dramatically and also reduce other sources of parasitic signals such as cable strum (worse 
when the mooring ropes/cables are in tension, as is the case if the mooring is fixed in a 
tidal flow). However, care must be taken to eliminate mooring noise due to chafing and 
rubbing on the drifting system itself. Drifting systems (including boat based deployments 
and autonomous drifters) have proven popular for use in the measurement of tidal stream 
energy converters for these reasons [14,15] . However, there are some disadvantages. The 
drifting systems are not suitable for long-term deployments – they tend to drift out of the 
region of interest and must be picked up and re-deployed repeatedly. A long-term 
deployment of an autonomous recorder is not possible with a drifting system. In addition, 
there is less control over where the hydrophone is located, since the system is at the mercy 
of the tide and this can lead to collisions with debris, or the shoreline. Therefore a GPS 
tracker is a beneficial feature, so that there is a record of where the system is at any time.  
 
Drifting systems make measurement of source level more difficult when undertaking 
radiated noise measurements. Ideally, a fixed system is also needed so that any temporal 
changes in the source output are captured (otherwise it is difficult to know whether the 
change in signal is because of the changed receiver position or because the source output 
has changed. Also, a drifting system may not drift in transect directly away from the 
source, requiring that the correction for propagation loss be made over different bearings. 
This latter issue is more difficult than for usual static receivers, but it is not impossible to 
solve – the situation is rather like ship noise ranging but here the receiver is moving and 
not the source. Having said this, drifting systems nevertheless have a great deal to offer 
when measuring both wave and tidal energy systems because the difficulties with the 
harsh environment for static systems can be very severe. Deployment of static boat-
deployed systems or bottom-mounted systems is much more difficult in these harsh 
environments than typical. A bottom-mounted system will reduce many of the problems 
encountered by boat-deployments, but it must avoid being moved by tides and storms. 
Flow noise can be significant even close to the seabed, and it is difficult to moor in high 
tidal flow. There may also be sediment noise if system is on bottom in a strong tidal flow. 
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The logistics of deployment and retrieval are also difficult and should not be 
underestimated. Ideally, the system needs communication to shore via cabled system or 
telemetry (mobile phone or satellite or wi-fi). A fixed system does provide a check on the 
temporal stability of the source, but range-dependent data is needed if an empirical check 
of propagation loss is desired. Therefore, several systems must be deployed, or used in 
combination with vessel-deployed or drifting systems. If more than one fixed system can 
record simultaneously, the data can be used to localise the position of noise source on a 
large device. 
 
4 KNOWLEDGE GAPS 
 
There are still a number of knowledge gaps which may be identified: 
Source levels  
In underwater acoustics, the concept of source level is used instead of acoustic power or 
energy, but it often causes confusion. Most of the studies reviewed here calculated what is 
sometimes called an “effective source level” by use of a simple spreading formula applied 
to the measured data. Such a metric does not just depend on the acoustic output of the 
source, but also the environment in which the source is placed. The resulting quantity is 
not “portable” and in general cannot be used to predict the noise field if the source were 
moved to a new location. The objective when characterising an acoustic source is to 
calculate a quantity that represents the acoustic output independent of the environment, 
and this requires the use of a propagation model that accounts for the effect of the 
environment sufficiently to derive a source level that represents the source output alone. A 
more sophisticated model requires more input parameters with regard to the local 
environment (seabed, etc). An alternative would be to “calibrate” the environment with a 
calibrated source.  
Measurement methodology 
The measured methodologies have evolved to adapt to the harsh environments 
surrounding the wave and tidal energy devices. For example, the use of drifting recorders 
has proved very effective. However, these can have difficulties of their own when trying 
to determine source level, and the methodology would be more effective if the drifting 
systems were augmented by static recording systems, which can measure the temporal 
stability of the source output. Some standardization in the methodology would be 
desirable, to increase the comparability of noise surveys by different researchers (for 
example, in terms of the use of range-dependent and static recorders/hydrophones and 
their relative positioning).  
Source characterisation 
Not all individual sources present in the devices have been sufficiently well characterised 
yet in terms of their amplitude and frequency content. The same is true of some of the 
construction activities (cable trenching, etc). If such sources are low amplitude, then they 
may not be a significant omission, but until they are measured they will remain an 
unknown. With such a variety of different designs, any new design should be measured 
quickly to provide the necessary acoustic characteristion. 
Scaling up to full arrays 
Scaling up the measured data for one device to simulate arrays of devices is challenging. 
Firstly, the total acoustic output of the array must be calculated, a calculation which will 
require validation by measurement when the array is deployed. But, new issues begin to 
emerge, such as the problem of producing a barrier effect in a narrow channel if the 
overall noise form the array is high enough to deter the animals. The opposite effect would 
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occur if the array devices are too quiet so that the animals cannot detect them and avoid 
them, leading to animals swimming into the array and increasing the risk of collision. 
The acoustics of collision avoidance – should the devices be noisier? 
In order to avoid collision, an animal must be able to detect the device, and this will be 
easier if the devices are audible. Just how “loud” do they need to be audible enough to 
deter animals from swimming into the array is an exciting question [Wilson et al 2007]. 
When trying to answer this question, a crucial factor will be the ability to accurately 
measure the device source level. In the case of collision avoidance for a relatively “quiet” 
device, the interesting region might actually be the acoustic near-field close to the device. 
In addition, the directional properties of the source may become important [16]. 
Background or ambient noise 
The background noise at the test site and at the deployment site is important for 
determining audibility ranges, and collision mitigation by deterrent through acoustic 
radiation. Rarely is the background noise sampled over a sufficient timescale to represent 
the variation of ambient noise at the site. With the advent of commercial-off-the-shelf 
recorders that can be programmed with an appropriate duty cycle, longer-term 
deployments are more viable, and the recorders themselves are gradually improving in 
quality, so deployments for weeks (if not months) are now achievable. 
Uncertainties 
Rarely are uncertainties quoted for the measurements made. Impact assessments 
sometimes consist of drawing lines on the ocean for impact zones without any indication 
of the likely uncertainty. Partly, the uncertainty comes from the transmission loss, but also 
it originates with the source level estimate. When measurements are taken of the radiated 
noise (or ambient noise) the dispersion of measured values should be indicated (eg by use 
of percentiles) so that the probabilistic nature of the noise is understood. 
 
5 CONCLUSION 

Wave and tidal stream energy devices are now being increasing deployed, and assessment 
of the environmental impact requires an improved understanding of the nature and likely 
consequences of the associated changes in underwater noise. This paper  has provided a 
review of noise sources from these devices, and the challenges with regard to measuring 
the radiated noise from wave and tidal energy devices, which influence the quality of the 
available data. These include: harsh environments (such as fast currents), high background 
noise, and the wide variety of designs to be measured (placing considerable challenges on 
the measurement methodology), and the lack of standardised methods. 
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Abstract: Field measurements of the hydroacoustic noise from Wave Energy Converters (WECs) in the 
Lysekil project at Uppsala University and the Project WESA (joint effort between Uppsala University 
(Lead Partner), Ålands Teknikkluster r.f. and University of Turku) are presented. Anthropogenic noise 
is increasing in the oceans world wide and wave energy conversion may contribute to this noise, but to 
what extent? The main objective in this study is to examine the noise from full scale operating WECs in 
the Lysekil and project WESA. Acoustic measurements were made in order to be able to estimate 
potential environmental impact. Submersible recording devices (SRD) were deployed at 1 m from WECs 
at a depth of approximately 24 meters. Both WECs are a full scale point absorber with a directly driven 
linear generator, placed on gravitation foundations at the seabed with a connected buoy at the surface 
that absorbs energy from the heaving waves.The SRDs used to measure the noise from the WECs, 
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consists of a SM2-recorder from Wildlife Acoustics and hydrophones from High Tech Inc. (HTI 96 MIN 
and HTI 99 HF). Measurements at in the Lysekil project were carried out in the spring of 2013 and in 
the project WESA in Jan-Feb of 2012.Preliminary results show that the main operating noise radiated 
from the WEC are short transients with instant rise time when the translator moves past the stator and 
when the stator hits the end stop springs of the generator. Most of the power in the noise is between 20 
– 1000 Hz.  

Keywords: Wave Energy Converter, Underwater noise, renewable energy. 

1. INTRODUCTION

Underwater noise levels in the oceans have been rising considerably during the last century. 
Several studies conclude that most of the noise derives from shipping activity [1, 2, 3], but all 
anthropogenic activities (recreational boats, pile driving, vibration from bridges, oil drilling, 
wind power etc.) in the ocean contribute to ambient noise levels in some degree. Little is known 
of the effects of different anthropogenic sounds in the ocean, and the concern about the effects 
on marine life is increasing [4, 5, 6].  

The idea of wave energy conversion has existed for many years, but only recently have
concepts such as Pelamis, Archimedes Wave Swing, Wave Dragon and the Lysekil Project, 
actually been tested in real offshore environment [7, 8, 9, 10], and are closing in on full scale 
commercial wave energy parks. Wave energy parks may become an additional source of 
underwater noise. While individual devices are not expected to radiate a high level of noise, 
the deployment of a large-scale park may have an effect on the fauna [11]. The marine 
environment is a sensitive environment and it is important to early identify potential 
environmental impacts (negative and positive) and the source of the disturbance. This may lead 
to changes in WEC design to minimize the impact on the environment. Few environmental 
studies that concerns WECs and refer to field data are available, but there are studies 
concerning WECs and artificial reef effect. An increase in biomass and biodiversity was shown 
locally around the WEC. Both fouling and motile species contributed to this increase [12, 13]. 
This increase can be explained by the addition of species associated with hard bottoms to a soft 
bottom area.  
   The characteristics of the noise radiated by an operating WEC will surely differ between 
different WEC concepts. The deployment of two full scale WECs in the Lysekil (L12) and 
WESA (WESA) projects offers the possibility to study the noise from WECs of this particular 
concept: direct driven linear generators with a surface point absorber. This study presents 
preliminary results of the noise radiated from these two WECs which have some design 
differences between them. The main purpose of this study is to identify the source and 
characteristics (spectral level, sound pressure level (SPL), sound duration and repetition rate) 
of the operational noise from the L12 and WESA.  

1.1. Wave Energy Converter Description 
 

The L12 and WESA are based on a point absorber system with a directly driven longitudinal 
permanent magnet linear generator, placed on a concrete foundation at the seabed with a 
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connected buoy at the sea surface that absorbs energy from the heaving waves (Fig 1.1) [10, 
14]. Through a steel wire and a guiding system this energy is transmitted to the translator inside 
the generator. The translator is equipped with permanent magnets between aluminium spacers, 
these induce voltage as they pass the windings in the stator of the generator, thereby converting 
some of the energy from the waves into electric energy. At the top and bottom on the inside of 
the generator  end stop springs are placed as dampers, in order to handle mechanical overload 
and translator stroke length in sea states that are higher than design conditions. The varying 
speed and direction of the translator causes variation in both frequency and amplitude of the 
output current and voltage. Clusters of WECs has to be interconnected through an underwater 
substation to manage this [15, 16]. There is a difference in the end stop design between the 
WECs; in the WESA the end stop springs are plate springs (Fig. 1.2a) and in the L12 they are 
mechanical springs (Fig. 1.2b). Also, the translator area facing the stator is greater in the L12 
giving it higher power (L12 = 30 kW and WESA = 15 kW). A detailed description of the 
Lysekil project and direct driven WECs are found in [10, 14]. 
 

 

       Figure 1.1: Representation of a direct driven linear WEC 
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Figure 1.2: Representation of the end stop springs in the WECs. a) Plate spring, used in WESA. b) 
Mechanical spring, used in L12. 

2. MATERIAL AND METHODS 
 

2.1. Field sampling 

Underwater noise was recorded from two WECs in this study. Digital measurements were 
made with a  submersible recording device (SRD). Measurements in the Lysekil project were 
performed during Mar-May 2013, and in the project WESA during Jan-Feb 2012. In both 
projects there was one operating WEC in the area during the measuring periods.  

 
 
2.1.1. The Lysekil Project 

 
The SRD was deployed at a depth of 24m, on the concrete foundation at 1 m from the WEC in the 

Lysekil research site, which is located at the Swedish west coast 1 nm offshore (58° 11' 44.12" 
N, 11° 22' 22.50" E. The depth in the area ranges between 24 and 26 meters, and the seabed 
consist of sand and silt [18].  

The SRD consisted of a Song Meter 2 (SM2) recording platform (Wildlife Acoustics Inc.) 
with 16-bit recording technology and hydrophones from High Tech Inc. (HTI). Two different 
hydrophones (tab. 1) functioned as the sensors of the SRD.  

 

Hydrophone 
Frequency range (flat) 

(Hz) 
Sensitivity 

(dB re 1V/ μPa) 
HTI-96-min 2 - 30000 -165 
HTI-99-HF 2 - 125000 -181 

Table 1: Specifications of the hydrophones used. 
 

A gain of +12 dB was set to the left channel (HTI 96-min), which gave this channel a 
sensitivity of -153 dB re 1 μPa. No gain was set the right channel (HTI-99-HF). The total 
dynamic range of the SRD was -63 to -181 dB re 1 μPa. The SRD was programmed to record 
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5 min in the beginning of every hour, sampling rate was 48 kHz. The measurements on the 
radiated noise from the L12 in this study are from 4 different 5 min measurements between 
14th and 24th April 2013. The digitized sound was stored in WAV-format on SDHC memory 
cards in the SM2.  An error in +/- 1dB is estimated to occur in the SM2 digital conversion 
process. The recording device was calibrated with the HTI-96-min by the supplier (Wildlife 
Acoustics). An underwater housing was made for the SM2 platform and the hydrophone was 
suspended outside of the underwater housing.  

In the Lysekil research site, in close vicinity (approx. 120m) to the L12, a wave measuring 
buoy (Waverider Fl) from Datawell BV Oceanographic Instruments was located. The wave 
measuring buoy continuously measured the wave height, and the significant wave height 
(SWH) was calculated for every 30 min.   

2.1.2. The project WESA
 

the WESA research site, is located approx. 0.4 nm offshore, west from Hammarudda on 
the main island of Åland at 60  06' 19.68” N, 19  43' 45.78” E. The depth where the WESA 
is located is 25m, and the seabed consist of sand and till [19]. 

The SDR was deployed the concrete foundation at a distance of 1m from the WESA, at a 
depth of 24 m. The SDR was of the same type that the one on the L12 (SM2, underwater 
housing and HTI hydrophone), with the difference that the SDR only had one hydrophone: 
HTI-99-HF (see Tab. 1). No gain was set to the hydrophone so the dynamic range of the SRD 
was -91 to -181 dB re 1 μPa. The SRD was programmed to record 5 min in the beginning of 
every half hour min and sampling rate was 48 kHz. The digitized sound was stored in WAV-
format on SDHC memory cards in the SM2.  An error in +/- 1dB is estimated to occur in the 
SM2 digital conversion process. The SRD was calibrated with a HTI-96-min prior the 
measurements by the supplier (Wildlife Acoustics). 

During the period of the measurements there was no wave measuring buoy in the vicinity 
of the WESA. It had been retrieved prior to the noise measurements due to the risk of ice in the 
area. Wave data during the measuring period was provided by the Finnish Meteorological 
Institute, from a wave measuring buoy at a distance of approx. 12 km from WESA. The data 
gave wind speed, wind direction and SWH per half hour. This data together with ambient noise 
levels(ANLs) and noise emitted from the WESA, was used to do a rough estimation of the 
SWH during the measurements in this study: Low = SWH of 1.5 ± 0.15 m and High = SWH 
of 2.5 ± 0.5 m. 
 
2.2.  Acoustical analysis 
 

The sounds from the WECs were categorized depending of the SWH. Two different SWHs 
(0.5 and 1.5 m) were chosen in the Lysekil measurements and two SWHs (Low and High) were 
roughly estimated for the WESA measurements. 

The frequency analysis was performed with FFT (Fast Fourier Transform) and is presented 
in 1/3 octave levels (dB re 1 μPa) which has been suggested when comparing noise spectrums 
with pure tone audiograms of marine species [20]. The frequency analysis was made in 
frequencies between 20 Hz – 20 kHz. All WEC noise sound pressure levels (SPL) are at 1m 
(source level (SL)) and are given in dB re 1 μPa. Noise range, the distance it takes for the 
overall noise SPL to reach ANLs was roughly estimated by using the equation for practical 
spreading law, where transmission loss (TL) was stated as the difference between SL and ANL: 
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RANLSLTL log15   (1) 

 

   (2) 

       

where R is the distance and the factor 15 represents an intermediate spreading condition 
between spherical spreading (a factor of 20) and cylindrical spreading (a factor of 10) [21, 
22]. 

3. RESULTS 
Preliminary results shows that there are two main noises emitted from the WECs, both 

transient noises, but with different characteristics. One noise originates from when the 
translator moves up and down past the stator and the other originates when the translator hits 
the end stop springs (upper or lower). The noise from the moving translator (MT) occurs in all 
analysed measurements, but the end stop hit (ESH) only occurs if waves >2.0m p-p pass the 
surface buoy of WEC (which may start to occur in SWH > 1.0m). Then the full stroke length 
of the WEC is utilised and the end stop springs damp the motion of the translator. In this 
preliminary study only one MT noise per 5 min recording was analysed (the one with highest 
power). The ESH noise only occurred once in the SWH 1.5m and Low. In the SWH High, 
ESHs were repeated 53 times in 5 min. 39 of the 53 ESHs exceeded the maximum signal level 
of the recording devices (181 dB re 1 μPa). When this happened the signal was clipped and the 
signal was distorted. No such signals were analysed further. The ESH analysed in the SWH 
High, was the one was the highest undistorted signal during that recording. The ambient noise 
was measured directly after an analysed MT or ESH when there was no noise from the WEC. 

The rise time (time required for the signal to reach full power) of the MT was between 0.5-
0.65 s, and the total duration of the noise was between 1.3 - 1.5 s. There was a difference in 
both amplitude and spectrum levels between the MT noise of L12 and the WESA. In the L12 
the MT noise was measurable above the ANL over the entire analysed frequency range (20 
Hz–20 kHz), with highest amplitudes in frequencies < 1000Hz, with peak amplitude at 100 Hz 
(SWH: 0.5 m) (Fig. 3.1a) and 31.5 Hz (SWH: 1.5 m) and (Fig. 3.1b). The WESA MT noise 
was only measurable over ANL below 100 Hz (Low) (Fig. 3.1c) and 300 Hz (High) (Fig 3.1d). 
There was a difference in amplitude, with considerably higher amplitudes from the L12, both 
spectral and overall noise (Tab. 2). 
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Fig. 3.1: Spectrums of the MT noise from the L12 and WESA. Frequency (Hz) on the x-axis 
and sound pressure level root mean square (dB re 1 μPa) on the y-axis. a) L12 MT noise in 
SWH 0.5m (blue line) and ambient noise in 0.5m SWH (green line). b) L12:  MT noise in 
SWH 1.5m (brown line) and ambient noise in 1.5m SWH (green line). c) WESA MT noise in 
Low (SWH 1.5 ± 0.15m) (blue line) and ambient noise in Low (green line). d) WESA MT 
noise in High (SWH 2.5 ± 0.5m) (brown line) and ambient noise in High (green line).  
 
The ESH noise has an instant rise time and then the amplitude rapidly decreases. The 

duration of the ESH noise was between 0.2 – 0.3 s. The ESH noise was clearly measurable 
above ANLs over the entire analysed frequency range in all cases (1.5m, Low and High). In 
the ESH of SWH 1.5 m and Low most of the energy was in frequencies < 500 Hz, with peak 
amplitudes at 100, 400 and 500 Hz (1.5 m) (Fig. 3.2a) and at 125 Hz (Low) (Fig. 3.2b). In the 
WESA the amplitudes in all frequencies above 200 Hz were higher in SWH High compared 
with SWH Low. In SWH High peak amplitudes were at 315 and 1250 Hz (Fig. 3.2c). This 
indicates that wave height alters the ESH noise from the WESA considerably. In SWH High 
the ESH noise always came in two: first when the end stop spring was decompressed, followed 
by a second with lower amplitude when it elongates. The spectrum levels were the same for 
both transients. This was not observed in the ESH of Low or L12. A comparison between the 
different ESH are found in Fig 3.2d. There was also a difference in amplitude, with higher 
amplitude with increasing wave height (WESA), but also between the WECs, with higher 
amplitude in the L12 (Tab.2).  
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Fig. 3.2. Spectrums of the ESH noise from the L12 and WESA. Frequency (Hz) on the x-axis 
and sound pressure level root mean square (dB re 1 μPa) on the y-axis. a) L12 ESH noise 
in SWH 1.5m (blue line) and ANLs in SWH 1.5m (green line). b) WESA ESH noise in Low 
(SWH 1.5 ± 0.15m) (yellow line) and ANLs in Low (green line). c) WESA ESH noise in High 
(SWH 2.5 ± 0.5m) (red line) and ANLs in High (green line). d) Comparison between all 
ESH: L12: SWH 1.5 (blue line), WESA: Low (yellow line) and WESA: High (red line). 
 

 

 

WEC Noise Type 

SWH

(m)

Overall SPL 

(dB re 1 μParms)

duration 

(s)

ANL 

(dB re 1 μParms)

Estimated Range  

(m)

L12  MT 0.5 144 1.3 89 5400 

L12 MT 1.5 155 1.3 101 4000 

WESA MT Low 118 1.5 104 10 

WESA MT High 131 1.3 116 10 

L12 ESH 1.5 160 0.2 101 8600 

WESA ESH Low 149 0.3 104 1000 

WESA ESH High 159 0.2 116 735 

Table 2. Summary of WEC and ambient noise measurements. Shown are noise type: Moving Translator (MT) 

and End Stop Hit (ESH), Significant Wave Height (SWH), overall sound pressure level (SPL), noise duration, 

ambient noise level (ANL), estimated range for the noise to reach ambient noise levels. 
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4. DISCUSSION 
 

The underwater noise from the WECs had two main operational noises (both transient); 1) 
when the translator moved past the stator in the generator (MT) and 2) when the translator hit 
the end stop springs in top or bottom in the generator. The MT noise was measurable above the 
ambient noise at 1m from the WECs in all analyzed wave heights. L12 MT noise levels ranged 
between 144 and 155 dB re 1 μParms (54 – 55 dB re 1 μParms above ANL).  WESA MT noise 
levels ranged between 118 and 131 dB re 1 μParms (14 – 15 dB re 1 μParms above ANL) 
   The ESH noise only occurred in the measurements with SWH  1.5m. This was expected 
since the translator has a free stroke length of 2.0m, and waves > 2.0mp-p are not expected in 
SWHs < 1.0m. The ESH noise was clearly measurable over the ambient noise in all analysed 
frequencies. The ESH noise from the High measurement has significantly higher amplitudes in 
all frequencies > 1000 Hz, also the amplitude is higher. The later statement was expected due 
to the higher kinetic energy that has to be dampened in periods with higher waves. L12 ESH 
noise level was 160 dB re 1 μParms (59 dB re 1 μParms above ANL). WESA ESH noise levels 
ranged from 149 – 159 dB re 1 μParms (43 – 45 dB re 1 μParms above ANL) 

The higher amplitudes in both MT and ESH of the L12 were not expected. The framework 
of the two WECs are very similar, the translator is equipped with wheels that roll upon a frame, 
this enables a smooth motion up and down for the translator. In the WESA this seems to work 
properly and the only noise measured was identified as the noise from when the magnets of the 
translator pass the windings of the stator and electricity is induced. In the L12 the MT noise 
level was much higher and covered the entire analysed frequency band. There seems to be 
something that scrapes either the translator or the stator when the translator moves up and 
down. Potential reasons for this is that one or more parts of the construction has become skew 
or that something (wielding sparks, magnet dust etc.) is stuck between the air gap of stator and 
translator. If the construction is unflawed the noise levels should the same as from the WESA. 

The ESH noise was expected to be lower in the L12 since the mechanical springs were 
thought to dampen the translator more smoothly, however the noise level was higher. 
Examining a WEC (same design as the L12) under construction,  it was revealed that design of 
how the springs were attached to the generator gave a gap between spring and generator, in 
which the spring could move. This might have been a contributing factor to increased noise. 

The spectrum levels and transient number of the WESA ESH noise changed with increasing 
wave height (higher amplitudes in frequencies > 1000Hz and two transients each time the 
translator hit the springs), if this also is the case with the ESH noise from the L12 is still not 
known.      
   These are preliminary results of the characteristics of the noise radiated from WECs in the 
Lysekil project and project WESA. The maximum SPL from the different noises are not yet 
determined, but it seems that the MT noise will not be more than approx. 15 dB re 1 μPa above 
ANL at 1m from the WEC and have been reduced to ANLs at 10 m from the generator (if the 
translator can pass the stator without any contact). The maximum SPL of the ESH noise was 
not determined, in measurements on the L12 the SWH did not surpass 1.5m and in the WESA 
the measuring equipment which had a maximum signal level of 181 dB re 1 μPa was 
overloaded in the measurement with the highest SWH. At a SWH of 1.5 ± 0.15 m the ESH 
noise will not reach ANLs until 1000 – 8600 m from the WEC.  
   In the design of both analysed WECs there was metal to metal contact when the translator hit 
the end stop. Noise levels would probably be reduced if the damping of the translator could be 
smoother or if direct metal to metal contact could be eliminated. These measurements have led 
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to alterations in the design of the WEC L12b. Softer materials will be used as insulation 
between translator and stator. Also the issue with gap between the end stop spring and generator 
will be considered. 

Future work includes measurements at different distances to examine how the noise 
propagates in the wave power sites. 
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  THE INTERFERENCE CHARACTERISTICS OF PLATFORM 

AND TOWED BODY NOISE IN SHALLOW WATER FOR 
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Abstract:  The interference characteristics of towed platform noise resulted from 
propeller and towed body  for active/passive towed array is analyzed. It is shown 
that, in shallow water environment, the direct wave and bottom/sea surface reflected 
wave will seriously affect the performance of sonar system. The formula for 
calculating the direction of arrival (DOA) of interference in terms of various 
parameters, such as array depth,  length of tow cable, is derived. The effect of 
interference noise for the detection performance of   sonar system is described. The 
results of system simulation provide the method for reducing  the effect of these kind 
of interferences. 

Key Words:  active/passive towed line array, acoustic environment of shallow water, 
interference noise 
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1. INTRODUCTION
The research work in active/passive towed array sonar have attracted many 

interests recently in the field of sonar design 1-4 . The detection range of passive sonar 
is considerable reduced since the appear of quiet submarine. It is reported that the 
response  time for submarine threat is reduced from the magnitude of hours to 
several minutes. Therefore the research work in active sonar attract many interests.  
One believe that by using active towed array sonar we can gain back the lost time [2]. 
Therefore the high power active/passive towed array sonar become a research hot 
topics.  

The detection ability of towed array sonar is affected by the interference of 
platform. There are many sources of interference which can affect the sonar 
performance. For example, the interference from platform propeller, flow noise from 
towed cable etc. 

In this paper, the interference resulted by propeller noise of platform and the 
interference resulted by towed body ( tow fish) are discussed. In the shallow water 
environment these two kinds of interferences will seriously affect the detection 
performance of passive receiver. Besides the direct wave of interference in the head 
direction of platform, the sea surface and sea bottom reflected wave will considerable 
reduce the detection range and target resolution ability. The incidental angle of 
various interferences resulted by direct wave and sea bottom reflected wave (in the 
ideal mirror reflect condition) will be analyzed. The relationship between interference 
and various parameters, such as depth of receiving module, the depth of tow body, the 
depth of sea water, length of  tow cable and the length of receiving module etc. are 
illustrated. The method derived here can also  be used in the analysis of interferences 
from sea surface.  

The effect of interferences for the system performance are checked in system 
simulation. It is shown that how to adjust the parameters to reduce the effect of 
interferences.     

2. ANALYSIS OF INTERFERENCE RESULTED FROM TOW BODY 
Fig.1 illustrate an active/passive towed array operated in shallow water. A is the 

tow body the direct distance from A to, passive receiving array is 0r .  The length 

of passive receiving array BC is 0l . General speaking A  and BC are located in 

same depth of 1h . The distance from BC to sea bottom is 2h . 
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Fig.1 Interference resulted from tow body 
  

In the towing process, the flow noise of dome will be one of the  main noise 
source of system. The interference can be roughly divided in two part : the direct 
wave and reflected wave from sea surface and sea bottom. In this paper we only 
calculate the reflected wave from sea bottom. 

Suppose we choose the normal line of BC as 0º direction then the direct wave is 
in the direction of -90º that’s the endfire direction. Since the width of main lobe of 
beam pattern in endfire direction is quite wide, therefore the interference of direct 
wave will result a blind area in target detection. The reflected wave from sea bottom 
is another source of interference. Seriously speaking, if the sea bottom is flat,  then 
the incidental angle in receiving array B and C of reflected wave resulted by tow body 

A will be   and . But in practice, the sea bottom is not flat so that the reflected 

wave will extend to out side  of the  region  [ ]. If there  exist some objects 

in sea bottom, the size of which can be compared with the wave length of  tow body 

noise, then the reflected wave can also appear in the direction other than  and .  

This will make the situation more complicated. Of cause, the strength of reflected 
wave depends on the bottom material and also depends on the sound velocity profile 
and sound propagation path. 

In the assumption of equal sound velocity profile, it is proved that the incidental 

angle of  can be given as 

]/2[/2 002
1

02
1 lrhtgrhtg                1  

For the cable length 0r 400 m length of receiving array 0l 60 m  if 2h

75 m then 5.20 º 18º 
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3. ANALYSIS OF PROPELLER NOISE OF TOWED PLATFORM 

Fig.2 Interference  resulted  from propeller of towed platform 

Fig.2 illustrate the interference resulted from propeller of towed platform. Denote 

the length of receiving array as 0l the distance between propeller A to receiving 

array BC is 0r . The angle between direct wave of propeller noise and the horizontal 

line is . The incidental angle of reflected wave of propeller noise from sea bottom 

is shown as and . It can be shown that the expression for calculating 

 are as follows : 

01
1 r/hgt                                         2  

]/)2[( 012
1 rhhtg                                   3  

)]/()2[( 0012
1 lrhhtg                                (4) 

The equations 2 - 4  have a slight difference with equation 1 this is because 
the propeller of towed platform and receiving array are not in same horizontal plane, 

the perpendicular distance 1h  is shown in equations 2 - 4 . 

For example, if 1h 25 m 0r 400 m then 3.5º if 2h 75 m 0l 60 m

then 23.6º 20.8º. 

Comparing with the interference of tow body,  the incidental angle of 
interference which is  resulted from propeller of platform,  are much closer to the 
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normal line. Therefore it will have more serious effect in signal detection. Of cause, 
the strength and distribution of  signal spectrum of interference must be considered.    

4. SYSTEM SIMULATION  
In order to verify the effect of various interferences, a large amount of system 

simulation have been carried out. The scenario of simulation environment are : 

Perpendicular distance between propeller and receiving array : 1h 25 m  

Distance between receiving array BC to sea bottom 2h 75 m  

Length of receiving array 0l 100 m  

Tow body A and receiving array BC are in same horizontal plane  

Length of tow cable 0r 400-800 m  

Target signal narrow band signal centered in 800 Hz band width Hzf 200  

Propeller interference noise broadband noise of 500-1000 Hz each octave band  

decreasing 6 dB  

Tow body interference noise broadband noise of 400-800 Hz each octave band 

decreasing 6 dB  

Signal to direct wave of propeller noise ratio dBSNR pd 17)(  

Signal to reflected wave of propeller noise ratio dBSNR pr 3.9)(  

Signal to direct wave of tow body noise ratio dBSNR td 3.15)(  

Signal to reflected wave of tow body noise ratio dBSNR tr 3.7)(  

Here is a summary of system simulation  
1) The effect of existence of interference of tow body is in the signal detection with 

incidental angle of  10-22º. When the length of tow cable become longer the 
incidental angle of interference will become smaller and the effect region become 
smaller, too (See Fig.3). 

2) The interference resulted from propeller of towed platform are concentrated in 
two region: the direct wave interference is in the neighbour of 0º the area is about  
±5º The reflect wave interference  is in the region of 10-27º . When the tow 
cable become longer, the incidental angle of interference will become smaller and 
the effect region become smaller, too ( See Fig.4). This phenomena is similar to 
the tow body. 
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Fig.3.Incidental angle of interference of towed body 

 
Fig.4. Incidental angle of interference of propeller 

                                              

a DOA = 0°               (b) DOA = -60° 
Fig.5 Directivity of line array 
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a DOA = 0°                           (b) DOA = -60° 

Fig.6 The effect of interference for signal detection 

 
Fig.7 The improvement  detection performance by using longer tow cable 

 
3) The interferences resulted from tow body and propeller of platform will generate 

the blind are in signal detection. The region of blind area is roughly located in the 
±30º of platform head direction. Fig.5 is the directivity function of line array 
without interferences, two target signal appear in 0º and  -60º . In Fig.6, the 
interference added and the target signal in 0º can be identified, but the signal in  
-60º is hard to distinguish. But,  in the same situation, if the length of cable 
become 800 m the signal can be identified again See Fig.7 . 

5. CONCLUSION 
In the practical operation , the active/passive towed array sonar will have 

interference from tow body and propeller noise of platform. These interferences will 
generate blind area in the observation region of sonar, therefore the detection 
performance will be decreased. The system simulation show the effect of these 
interferences and the relationship of the interference with various parameters, the 
results provide some important principle of sonar design   
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Abstract:  It is proved that the vector hydrophone is one kind of sensor for ambient 
noise measurement in underwater acoustics.  Since the frequency response of vector 
sensor can extend to very low band and have almost frequency-independent 
directivity, so we can find many application areas, including ambient noise 
measurement, low frequency signal beamforming of relative short array, left/right 
ambiguity resolution of towed array sonar etc.  The traditional vector sensor usually 
is consists of one pressure sensor and two (X and Y axis) velocity sensors. The 
information of Z axis are neglect when they are used in deep water environment. A 
new type of  4 – D vector sensor is described in this paper, which is consists of one 
pressure hydrophone and three (X,Y and Z axis) velocity sensors. The combined 
application of the data received from these four sensors show some advantage 
comparing to single hydrophone. A 24 meter’s long experimental array with four 
vector sensors and some auxiliary sensors is designed. Some research results of at sea 
and lake experiment in the field of ambient noise measurement and underwater 
acoustic channel modeling  are illustrated in this paper. The experimental   results 
are also compared with two 32- element horizontal and vertical arrays. Some 
problems in using vector sensors are also presented.  

1.1. Key words: 4-D Vector Sensor, Ambient Noise Measurement, Channel 
Modeling
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1. INTRODUCTION
It is well known that there is a duality characteristics of acoustic field, that is the 

sound pressure field and vibration velocity field. Both of them carry the information 
of sound field, including background noise of ocean environment and natural/man 
made signal in ocean. The basic wave equations are as follows: 
      
 

                                             (1) 
       
                                                                          
(2) 
 
where 
       
 
                                                                            
(3) 
is sound pressure and is the density, 
 
                                                                  (4) 
Is the vibration velocity of particles. 

The information of particle velocity has attracted many interests since 1990’s of 
last century. American scientist Nehorai presented a series paper about vector sensor 

and associate signal processing technique ]4,2,1[ . Actually, Russian (Pre Soviet Union) 

expert Shchurov[3] Gordienko ]7[  studied vector sensor and its application since 

1980’s. The Chinese scientists present huge interests in vector sensor and its 

applications ]65[ . For example, in 2004, in national underwater acoustic conference, 

there are 12 papers are vector sensor related among total 116 papers. This is unusual 
in the year for foreign countries. 

The specific feature of vector sensor is the directivity function of a single sensor, 
which is almost independent to the frequency and it has good response in low 
frequency. 

In this paper we will briefly introduce the design of vector sensor and its 
application in measuring background noise of ocean environment. Some experimental 
results will be presented to show the potential application field, such as towed line 
array.  

2. DESIGN PRINCIPLE OF VECTOR SENSOR 
The early prototypes used in our research work were introduced from Russia and 
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Ukraine, but various new type of vector sensor are developed by our self quickly.  
There are two kinds of vector sensor: co-vibration type and single-point type vector 
sensor; It can Synchronize one point directly measure all orthogonal components of 
pressure and velocity in sound field. The space gain is about: 5 6dB, see Fig.1 

 
 
 
 
 
 
 
 
 
        Fig.1 Principle of space gain in vector sensor. 
 
 
 
 
 
 
 
 
              Fig.2 Some prototypes of vector sensor  
Fig.2 Shows a prototype of vector sensor of vibration type, the directivity of this 

kind of sensor is shown in Fig.3.  
 
 
 
 
 
 
 
 
 
 Fig.3 Example of directivity function of vector sensor in low frequency (200Hz) 
 

3. A NEW TYPE OF VECTOR SENSOR 
The traditional vector sensor is two dimensions due to some difficulties in 

manufacture, i.e. it only can sense the vibration velocity from X and Y direction in 
horizontal plane. In 2007, a new type of 3D vector sensor developed by Harbin 
Engineering Univ. of China and the integrated vertical array by Institute of 
Acoustics ]8[ , See Fig.4. This is actually a four components integration system, which 
has three vibration velocity sensor for X,Y, and Z direction, and also a sound pressure 
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hydrophone. The four components are almost in same point. 
 

 
 
 
 
 
 
 
  

 
         Fig.4 3D vector sensor and its integrated vertical array 

 
    
 
 
 
 
 
 
 
 

        X axis              Y axis                     P                              
        Fig.5 Directivity function of 3D vector sensor (500Hz) 

 
Fig.5 shows the directivity function of this vector sensor, the frequency is 500Hz. 
 

4. RESULTS OF EXPERIMENT AT LAKE AND SEA 
Many experiments are carried out at lake and at sea. As a matter of fact, from 

signal detection point of view, when the self noise of sensor is much lower than ocean 
background noise, the sensor can be used to extract weak signal, whichever it is 
acoustic or non-acoustic. But there is an obvious advantage of vector sensor 
comparing with the traditional hydrophone, that is the directivity pattern of vector 
sensor. We can see in Fig.5, in the horizontal plane the vector sensor has the 
directivity like a dipole. This characteristics is useful in some cases, for example 
towed array. 
  Fig.6 shows the results of frequency analysis of vector sensor and hydrophone. 
Fig.7 is a record of background noise of X,Y and Z axis. We can see that the record of 
X and Y axis has some similarity, but in Z axis, the result is quite different. 
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     Fig.6 Ocean noise record of hydrophone (left) and vector sensor (right) 
 

 
        X axis               Y axis                  Z axis 

          Fig.7 Results of at sea experiment, 2006 South China sea 
              (The vertical line array is shown at Fig. 4) 

   The vibration velocity signals received by vector sensor are illustrated in Fig. 7. 
The vector sensor can used to analysis time coherence of underwater acoustic signal, 
Fig.8 is an example. The frequencies to be tested are 100,200,400 and 800 Hz. As we 
can see that the coherence time strongly depends on signal frequency. Fig.9 presents 
the results of UAC (Underwater Acoustic Channel) estimation and Fig.10 is a 
comparison of the signal processing of four components output. 
 
 
 
 
 
 
 
 
 
 
 
                

           Fig.8 Time coherence of signal measured by vector sensor 
From top: 100,200,400,800Hz
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         Results of GPS                   Estimation by Vector sensor 
          Fig.9 Underwater acoustic channel estimation 

(South China Sea, Feb. of  2007) 
                          

                                              
      6P               6X             6Y              6Z 
 
                                                                                    

Fig.10 Comparison of four components UAC 
(South China Sea, Feb. of  2007) 
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Abstract 

The single hydrophone time reversal localization method for underwater acoustic pulse signal is 
studied. Since the parameters of underwater acoustic pulse signal is unknown to the receiver in passive 
localization, the frequency of underwater acoustic pulse signals is firstly estimated by means of STFT 
(Short Time Fourier Transform)-Hough transform. And then the ocean channel impulse can be 
calculated from a normal mode acoustic propagation model. The received signal is then sent to a 
processor named virtual time reversal mirror, which has a channel impulse calculated before and can 
match the real acoustic channel automatically and leads to an adaptive spatial focusing and temporal 
compressing as the conventional time reversal mirror. Simulation results demonstrate the effectiveness 
of the proposed method. 

 
Keywords: Passive Time Reversal Localization, Hough-STFT, Pulse Signal 

 
1. Introduction 

 
Time reversal (TR) can be thought of as a method that uses backward propagation of waves to focus 

wave energy onto a specific location in space and time [1]. The concept as applied to waves dates back 
a number of years. The first demonstration of TR can be traced back to the “matched signal technique” 
studied by Parvulescu and Clay in 19652 [2]. 

Acoustic source localization is an important application of TR. Albert etc. demonstrated in principle 
that time reversal processing can be used to locate sound sources in an outdoor urban area with many 
buildings [3]. Larmat etc. showed that glacial earthquakes with a faint signal can be correctly localized 
and that the pattern of the time-reversed wave field is coherent with the motion of glaciers down their 
valley [4]. Xueli Sheng etc. present a dummy time-reversal mirror (DTRM) method to localize the 
underwater moving source [5]. Francesco Ciampa and Michele Meo presented an imaging method for 
the localization of the impact point in complex anisotropic structures with diffuse field conditions, 
using only one passive transducer [6]. 

Since the underwater sound channel can be modeled as a frequency selective fading multipath 
channel [7], the source frequency must be known first to calculate the channel function. Usually, the 
received signal parameters are unknown and must be estimated from the signal waveform. For 
narrowband signal, its frequency could be estimated by Fourier transform. But for broadband signal, 
such as LFM signal, its frequency is time-variant. The STFT is often used to analyze the Time-
Frequency distribution of complicate signal. The spectrogram gained from STFT could be regarded as 
an image and the signal parameters could be extracted from the curves in the image. The Hough 
transform (HT) is an image analysis tool for the recognition of predefined shapes in an image. The HT 
was used to detect the lines and curves in STFT image of various kinds of signals such as audio signal 
[8], genomic signal [9] and underwater sound [10].  

In this paper, the STFT-Hough transform method was first used to the pulse signal generated by 
minke whale to extract the signal parameters. Then a TR passive localization method for pulse 
waveforms was presented in this paper. The TR is applied to minke whale boing recorded by only one 
hydrophone to estimate the source distance and depth. The results matched well with model-based 
TDOA passive localization results given by ONR. 
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2. Passive Time Reversal Model 
 
2.1 Virtual Passive Time Reversal 
 

Unlike conventional TRM (time reversal mirror) in Ref.11, the passive TR configuration with single 
receiver in this paper is shown in Figure 1. The SRA is replaced by the single receiver (SR). 
Furthermore, there is no VRA in passive TR method. The SR only receives signal generated by PS and 
does not transmit any signal, which is the significant difference with classical TRM. 

 
Figure1. Passive TR configuration with single receiver 

 
As described above, the SR receives the pulse from PS and time-reverse it, then the time-reversed 

signal is virtually retransmitted in the computer. This process is realized by convoluting the signal with 
a set of channel transform functions pre-calculated by acoustic propagation model such as BELLHOP 
ray model [12]. The signal received by the SR r(t) is the convolution of s(t) and h(t,rs,zs) as shown in 
Eq.(1). 

( ) ( ) ( , , )s sr t s t h t r z  (1) 
After being time-reversed, r(-t) will be convoluted with each transform function in the set 

H={h(t,ri,zi), i=0,1,2…,M}. The output of this virtual time reversal mirror (VTRM) is: 
( , , ) ( ) ( , , ) ( ) ( , , ) ( , , )i i i i s s i iy t r z r t h t r z s t h t r z h t r z  (2) 

Eq.(2) could also be transformed into frequency domain as Eq.(3) 
* *( , , ) ( ) ( , , ) ( , , )i i s s i iY r z S H r z H r z  (3) 

The VTRM is essentially a matched filter of the acoustic channel from the PS to the SR. 
When ri equals to rs and zi equals zs, the channel transform function h(t,ri,zi) matches the source 
channel transform function h (t,rs,zs). As a result, the output energy of VTRM has maximum at 
the position (rs,zs). Therefore, the source location could be estimated by maximizing the output 
energy of VTRM. This is the concept of passive localization by VTRM. 

2
ˆ ˆ( , ) arg max ( , , ) ( , )s s i i i ir z Y r z d r z  (4) 

Compared to the conventional TRM, VTRM in this paper uses only one receiving element 
instead of the SRA. This means that there is no spatial gain in the processor and the sidelobe 
will be higher than conventional TRM.  

 
2.2 Model of Underwater Sound Channel 

In this paper, a mathematical model of coherent multipath channel is established by using the 
theory of ray acoustics and the method of eigenrays to simplify underwater sound channel. 
Multipath channel’s system function is determined by eigenrays which are sound rays reaching 
the receiver. The BELLHOP ray model is used here to get the eigenrays’ amplitude Ai and the 
arriving time i. The channel from receiver to source can be described as: 

1
( , , ) ( )

m

i i i i
i

h t r z A t  (5) 
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where m is the number of eigenrays. Given the sound speed profile shown in Figure 2(a), the 
channel transform function could be calculated for different rs, zs and zr . Figure 2(b) shows the 
two channel transform functions with different parameters. 
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(a) Sound speed profile               (b) Two different channel transform functions 

Figure 2.  Sound profile and the channel transform functions by BELLHOP model 
 

Figure 3 shows the correlations of the channel transform functions. It could be concluded that 
a small difference of the source position (about 0.5% in the range) could lead to a dramatic 
decline of correlation (about 6dB). 
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Figure 3.  Correlations between channel functions
 

 

3. STFT-Hough transform 
 

For non-cooperative signal, such as whale clicks or whistles, the signal parameters are unknown in 
advance. When analyzing a non-stationary signal x(t) it is assumed that it is approximately stationary in 
the span of a temporal window W(t) with finite support. The STFT of x(t) is now represented by time 
frequency atoms X( , ) [13] and is given by 

*( , ) ( ) ( ) j tX x t W t e dt  (6) 

   When using STFT to a signal with time-variant frequency, a Time-Frequency distribution called 
spectrogram could be estimated. Figure 4 shows a minke whale boing signal [14] and its spectrogram. 
When using STFT, the window size if 8192 samples and the step size is 512 samples. 
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Figure 4.  The minke whale boing signal waveform and it spectrogram 

 
From Figure 4, it could be found that the minke whale boing signal has a complicated 

frequency structure. It consists of a brief pulse followed by a long frequency and amplitude 
modulated call with a pulsed structure and a peak energy of approximately 1.4 kHz. 

The main idea of the Hough transform is that each image point votes for all the lines passing 
through it. A line is recognized if it gathers a significant number of votes. If one wants to detect 
straight line in the image, a straight line model will be used. In Figure 5, a straight line l is 
given by the polar equation (7). 

cos sinx y  (7) 

 
Figure 5. Polar representation of a straight line in image space 

 

 

The dash line lorth is perpendicular to l and passes through the origin.  denotes the angle 
from the x-axis to lorth. The value  is the distance between l and the origin. Equation (7) is also 
the Hough transform definition to detect straight lines. A point (x0,y0) in the image space will be 
mapped into a sinusoid in the  parameter space as shown in equation (8). 
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0 0cos sin sin( )x y A  (8) 
Where 

2 2 0
0 0

0

,  arctan
x

A x x
y

 (9) 

  For n collinear points (xi,yi) (i=1,2,..n) on the straight line y=ax+b, the Hough transform 
expression could be written as 

cos sin
cos ( )sin
(cos sin ) sin

i i

i i

i

x y
x ax b
x a b

 (10) 

  Equation(10) means that n collinear points in the image space will be mapped into n sinusoids 
in the  parameter space that passing through a same point ( 0, 0). 

0
1 1arctan ,  sin arctan
a a

 (11) 
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Figure 6.  The Hough transform of STFT 
 
    Figure 6 shows the Hough transform of the spectrogram shown in Figure 4. It clearly shows 
the maximum at =90°. That means that the lines in the spectrogram are parallel to the x-axis. 
The column of Hough transform corresponding to =90° is plotted in Figure 7. It could be 
found that there are four peaks in the curve at 1.285kHz, 1.392kHz, 1.499kHz and 1.618kHz 
respectively, corresponding the four lines in Figure 4. Since the origin in Figure 4 is (0s, 1kHz), 
the horizontal axis in Figure 7 is 1kHz+ Hz.  As shown in Figure 7, the minke whale boing 
signal mainly consists of four frequency components and the frequency components at 
1.499kHz is fortissimo. 
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Figure 7.  The Hough transform at =90° 

 
 

4. Localization Results 
 

The localization data set for the 5th International Workshop on Passive Acoustic Detection, 
Classification and Localization of Marine Mammals were used to test the passive time-reversal 
localization method in this paper. The focus of this dataset is on localization of minke whales 
(Balaenoptera acutorostrata) from their boings. Data were collected from seven bottom mounted 
hydrophones in deep water approximately 45 km northwest of Kauai. The relative location of 
the hydrophones, their designations for the data files are as shown in Figure 8 as P1 to P7. 
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Figure 8.  Hydrophone and target positions 

 
The sound velocity profile was constructed utilizing data from an XBT dropped in the area on 

27 April 2009 which is good to 750 m depth, combined with historical data from 750 m to the 
seafloor. The sound speed profile was shown in Figure2(a).

The signal waveform and its spectrogram received by hydrophone P7 were shown in Figure 4. 
And the data was used to test the method in section 2.1. Also, a time differences of arrivals 
(TDOAs) method was used to compare the result with that of VTRM methods. The channel 
functions were calculated using Bellhop modes at the frequency of 1.5kHz. The VTRM result 
was shown in Figure 9. The distance between the minke whale and the hydrophone P7 was 
19.8km.The result matched well with the ONR result using Model-based TDOA method [14]. 
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5. Discussion and Conclusion 
 

A passive time-reversal localization method for underwater pulse signal was presented in this 
paper. The frequency structure of the pulse signal was first estimated by STFT-Hough transform. 
Then the channel functions at signal frequency were calculated using Bellhop model. The 
VTRM method was used to localize the minke whale boing pulse signal in deep sea. Since there 
is no spatial gain in the processor, the sidelobe was higher than conventional TRM as shown in 
Figure 10. More hydrophones will be used to get more accurate results in future research.  
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Abstract: A theoretic model was established to describe the transduction mechanism of a 
compliant cylinder-based optical fiber accelerometer coated by a rigid shell underwater. 
The mutual effect between the mass spring system and the rigid coat was analyzed for the 
first time. It was found that the effective stiffness of the spring in the improved model is 
determined not only by the elastic characteristic of the compliant cylinder inside but also 
by the mass of the coat and the damp underwater. According to the effective stiffness 
obtained from the improved model, modified expressions of the natural frequency and the 
phase sensitivity were offered to estimate the sensor performances more accurately. The 
calculated results describe that the natural frequency of an approximately neutrally 
buoyant accelerometer becomes lower with the increase of the sensor diameter, by 
contraries, the phase sensitivity changes to be higher. The analysis in this paper can be 
seemed as a complementary advice in optimization work to design an accelerometer used 
in the deep ocean with eligible performances. 

Keywords: optical fiber accelerometer, natural frequency, phase sensitivity, rigidl shell, 
the deep ocean.
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1. INTRODUCTION

The optical fiber accelerometer is often used in detecting the particle velocity 
underwater. In order to resist the high hydraulic pressure in the deep ocean, the sensor is 
requested to be coated by a rigid shell, which is often fabricated with small size and big 
thickness. So far, several models have been developed to describe the transduction 
mechanism of a compliant cylinder-based optical fiber accelerometer with the mandrel 
structure [1]-[2], where the natural frequency and the phase sensitivity are only 
determined by the mass spring system inside. However, such researches are carried out 
under an ideal condition that the influence from the rigid coat is ignored, which are not 
proper when the mass of the coat is not much bigger than that of the seismic mass. In 
addition, due to the avoidless error in fabrication, the neutrally buoyant qualification can 
not be perfectly satisfied. Hence, the damp of the water is another influence factor should 
be considered. Our aim in this paper is to establish an improved model to analyze the 
mutual effect between the mass spring system and the rigid coat of an optical fiber 
accelerometer underwater. Correctional expressions of the natural frequency and the phase 
sensitivity are also offered, which can be seemed as an advice in optimization work when 
the accelerometer is designed to use in the deep ocean. 

2. THEORY AND CALCULATION 

An optical fiber accelerometer performed in a push-pull way is usually composed of a 
seismic mass which is held in place by two identical compliant cylinders [3]-[5]. Both 
cylinders are wrapped around tightly by optical fibers corresponding to the two arms of an 
interferometer. The mechanical behavior of such an accelerometer can be regarded as a 
simple mass spring system [4]. The natural frequency and the phase sensitivity are quite 
related to the effective stiffness of the spring. 
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Fig.1: Structure of an optical fiber accelerometer performed in the push-pull way 

  Based on the models existed, the natural frequency and the phase sensitivity can be 
finally written as [4] 
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where Keff is the effective stiffness of each compliant cylinder, which includes the 
contributions from both the compliant cylinder and the fiber wrapped around, and f 
are the Poisson ratio of the cylinder and that of the fiber respectively, N is the number of 
fiber turns, X is concerned to the dimension and the material parameters of the compliant 
cylinder, m and mcyl are the mass of the seismic mass and the one of the cylinder 
respectively, p11 and p22 are the Pockels coefficients of the fiber core material. 

Clearly, Eq. (1) and Eq. (2) are only determined by the mass spring system inside, and 
they are incapable to offer an accurate estimation of the performances for an optical fiber 
accelerometer coated by a shell. Hence, some further researches should be carried out.  

Figure 2 describes an improved model to analyze the mutual effect between the 
spherical shell and the mass spring system underwater. F is the force acted on the rigid 
shell caused by the acceleration outside, Ff is the buoyancy of the sensor underwater, Mp

and Mc are the mass of the seismic mass and that of the rigid shell respectively, f1 and f2

are the restoring forces of the cylinders, ''
1f and ''

2f  are the reacted forces on the rigid 
shell. For an accelerometer used underwater, the neutrally buoyant qualification is 
usually not perfectly satisfied for the avoidless technologic error in fabrication. Under 
this condition, the exterior shell is equivalent to be covered with an additional coat due to 
the damp of the water, which is called the induced mass Mi. The induced mass of a 
sphere can be computed analytically in the closed form as 2 a 0/3, where a is the 
radius of the sphere, 0 is the density of the water. 

 
Fig.2: Analysis of the mutual effect between the shell and the mass spring system 

Based on Newton’s second law, the acceleration of the exterior shell can be written as 
''

2
''

1 (( ) ( ) )f c i

c i
c

F F f f M M g
a

M M
                                   (3) 

Similarly, the forces acted on the seismic mass satisfy the equation as follows 
1 2 p

p
p

f f M g
a

M
                                                 (4) 

Firstly, suppose that the mutual effect between the rigid coat and the mass spring 
system is neglected. The reacted forces acted on the rigid coat are both zeros, that is, 
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''
1f = ''

2f =0. Once the balanceable state of the whole system has been established, ac=ap. 
According to Hooke’s law of elasticity, f1+f2= (l2-l1) Keff. l1 and l2 are the heights of the 
compliant cylinders on the balanceable state. Combining Eq. (3) with Eq. (4), we take the 
form as follows 

2 1( ) ( )
i

f
p

eff
c

F
M

F l l K
M M

                                        (5) 

where Keff  was defined in the classical model mentioned above.  
In order to analyze the influence of the rigid coat on the natural frequency and the phase 

sensitivity, the mutual effect between the rigid coat and the mass spring system should be 
analyzed. According to the law of action and reaction, the equation 1 2

'' ''
1 2f f f f can 

be obtained. Similarly, combining Eq. (3) with Eq. (4), we take the form as 
' '
2 1( ) ( )
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                                     (6) 

where '
1l  and '

2l  are the heights of the cylinders on the balanceable state. From Eq. (5) and 
Eq. (6), one can found that 

' '
2 1 2 1( )c i

p c i

M Ml l l l
M M M

                                         (7) 

Eq. (7) indicates that changes of the height are different to each other under the two 
conditions. That is, the overall effective stiffness of an accelerometer coated by a rigid 
shell underwater is lager by a factor of (Mp+Mc+Mi)/(Mc+Mi) in comparison with Keff 
defined in the former model existed. Hence, the natural frequency and the phase 
sensitivity can be modified as 

'
0 01 p

c i

M
f f

M M
                                                 (8) 

' 1

1 p

c i

a M a
M M

                                                (9) 

From Eq. (8) and Eq. (9), one can found that the influence of the exterior shell can be 
neglected under the only condition that Mc+Mi >> Mp.  
 
Material E (GPa)  H (mm) b (mm) a (mm) N Mp (g) Mcyl (g) 

Value 90 0.35 30 10.2 10 208 282 2 
Table 1: Details of the Transducer Cylinders 

 
Table 1 shows some key material parameters to design the transducer cylinder of an 

optical fiber accelerometer. E is the Young’s modulus of the compliant cylinder material, 
b and a are the exterior and inner radius of the cylinder respectively, H is the cylinder 
height. The accelerometer is coated by a rigid spherical shell. The exterior diameter and 
the mass of the rigid coat are chosen to satisfy the neutrally buoyant qualification. Fig.3 
shows the calculated values of the natural frequency and the phase sensitivity of the 
designed accelerometer underwater. 
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(a) Curves of the natural frequency (b) Curves of the phase sensitivity 
Fig.3: Calculated results of the natural frequency and the phase sensitivity 

 
From Fig.3, one can found that the natural frequency of the approximately neutrally 

buoyant sensor in the improved model changes to be lower with the increase of the sensor 
diameter, by contraries, the phase sensitivity becomes higher. The difference of the 
calculated values corresponding to the former model and the improved model is more 
prominent when the diameter of the coat is getting smaller. It is indicated that the size of 
the coat should be chosen according to both the capability to resist the high hydraulic 
pressure and the influence on the detection performances.  

3. CONCLUSION 
An analytical model has been developed to describe the transduction mechanism of an 

optical fiber accelerometer coated by a rigid shell. Both the mass and the volume of the 
exterior coat are factors restricting the detection performance and can not be ignored. 
From the correctional expressions offered, one can found that the natural frequency of the 
sensor underwater changes to be lower when the mass and the volume of the rigid coat 
increase, by contraries, the phase sensitivity becomes higher. The conclusions in this paper 
can be used as a complementary advice in optimization work to design the rigid coat of the 
accelerometer used in the deep ocean. 
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 DESIGN ON UNDERWATER ACOUSTIC TRANSDUCER WITH 
FREE-FLOODED STRUCTURE FOR DEEP OCEAN 

Xiping Mo  

Institute of Acoustics, Chinese Academy of Sciences, Beijing, 100190.                         
Fax: (8610)82547685. E-mail: moxp@mail.ioa.ac.cn 

Abstract: In this paper a prototype of transducer for deep ocean use based on the 
combination of a free-flooded cavity with a series of bending disk elements is introduced. 
Using the mutual radiation effect and phase driving technique, the radiation abilities at 
low frequency could be improved efficiently. The mutual radiation law between bending 
disk elements in a free-flooded cavity has been studied and the phase control parameters 
could be obtained by finite element software ANSYS, and then a new structure of the 
transducer is designed. It could be optimized to have better properties in terms of 
electroacoustic efficiency and compactness regarding the low frequency and great 
submergence depth by simulation results. 

Keywords:  Transducer for deep ocean, mutual radiation, free-flooded, phase driving 
technique.
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1. INTRODUCTION

Flexural disk projectors are common low frequency underwater acoustics transducers, 
which could convert small radial or thickening vibrating displacements of a driver into 
relatively large flexural displacements with some bending resonant modes. But the 
flexural disk projectors also have disadvantages such as small power and narrow 
bandwidth. A Modular Projector System (MPS) has been developed [1]. The MPS 
exploits acoustic interaction between closely-spaced underwater sound projectors to 
produce a compact low-frequency broadband source that is straight forward to reconfigure 
for specific resonance frequency, bandwidth, and source level by simply repositioning the 
basic building blocks of flexural disk transducer stacks. An air cavity is applied in the 
structure of flexure disk transducer shown as Fig.1. Therefore the MPS is unfit for use in 
deep water. Free-flooded ring transducers have been developed and radiation 
characteristics of uniformly vibrating free-flooded rings numerically predicted and 
compared with experiment with application to a low-frequency directional hydrophone 
[2], the submergence depth is unlimited for free-flooded structure. Free-flooded structure 
is also used to design flextensional transducer, the free-flooded cavity is improved with 
compliant material for working in the deep water [3], and the submergence depth is only 
depended on compression resistance of the compliant material. In this paper a prototype of 
new broadband transducer applied an idea of making use of vibrating pair elements and 
combined free-flooded cavity to get better radiation and bandwidth performance for deep 
ocean use has been designed. 

 
Fig. 1: sketch-map of the structure of a flexure disk element from MPS 

2. DESIGN ON THE TRANSDUCER ELEMENT AND VIBRATING PAIR  

Flexure mode coupling is one approach to reduce the resonant frequency of 
transducers, such as flextensional transducer, flexure disk transducer and so on. Flexure 
disk commonly uses the structure of composite slices, couple or three. In the design 
flexure disk is comprised of two thickness-poled circular piezoelectric ceramic plates 
bonded to an aluminum plate, and all its surfaces are covered by waterproof rubber. The 
transducer element is a set of an element with a hole at the center and another full one in a 
short stainless steel tube (as shown in Fig. 2). The flexure disks are held and acted on a 
flexible joint that approximates a free boundary condition.  

Finite Element Method is used to calculate the resonant frequencies of the transducer 
element. According to the modal analysis results, the resonant frequencies of the 
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transducer element in air below 9 kHz are 1212Hz, 1678Hz, 4492Hz and 5590Hz. The 
mode deformation graphs at the resonant modes in air are shown in Fig. 3. 

 
Fig. 2: sketch-map of transducer element with a free-flooded cavity 

 
Fig. 3: mode deformation graphs at the resonant modes in air 

 
To enhance the usage of the free-flooded cavity the vibrating pair has been designed to 

be the form of two transducer elements port to port (as shown in Fig. 4). 
 

 
Fig. 4: sketch-map of vibrating pair with two transducer elements 

3. DESIGN  AND ANALYSIS OF THE TRANSDUCER WITH A SERIES OF 
VIBRATING PAIRS

A free-flooded transducer with dimension of 316mm in outside diameter and 270mm in 
length is designed to increase the radiating power by proper coupling among three 
vibrating pairs (as shown in Fig. 5).  

Using finite element software ANSYS the vibration and radiation characteristics of the 
free-flooded transducer with three vibrating pairs are simulated and the results are shown 
in Fig.6 to Fig.8. 

 From Fig.6 and Fig.7 it could be found that there are four resonances underwater in the 
frequency range from 600Hz to 4800Hz. The two main contributors to radiating acoustic 
energy are the second mode at frequency 1300Hz and the fourth at 4700Hz. The first and 
the third mode are powerless. So the transducer could only work well in the narrow 
bandwidth near 1300Hz or 4700Hz. 

The simulation results of beam pattern in the angle range from 0º to 180º are shown in 
Fig.8. It could be found that the beam pattern looks like “spindle” and the directional 
response curves at 0.9 and 1.3 kHz have some vales below -30dB at the horizontal plane 
near the direction of 90º. 
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Fig. 5: sketch-map of a transducer      Fig. 6: simulation results of normal displacement  
with three vibrating pairs          amplitude (Driving voltage: 1000V) 

U1 : at the centre of full flexure disk element 
U2: at the side of hole of other flexure disk element 

 
Fig. 7: simulation results of transmitting  Fig. 8: simulation results of beam pattern 
 voltage response                in the angle range from 0º to 180º

4. DESIGN OF COMBINED FREE-FLOODED CAVITY AND PHASE DRIVE 
TECHNIQUE  

As mentioned above, the transducer with three vibrating pairs is not perfect. Then we 
improve it by a stainless steel pail (as shown in Fig.9). The transducer is set in a pail with 
dimension of 400mm in inner diameter and 360mm in length, so the cavities between 
flexure disk elements and the cavity of pail could be merged into a combined free-flooded 
cavity. The cavity resonant frequency of the pail with some sub-cavities is calculated to be 
about 2500Hz. The simulated results of transmitting voltage response are shown in Fig.10. 
It could be found that the transmitting voltage response curve of the transducer with pail is 
still not flat. To broaden the bandwidth of transducer as much as possible the phase 
driving technique could be used to drive the full flexure disk elements set in a phase and 
the flexure disk elements with center hole in another phase. Adjusting the phase difference 
between two groups of flexure disk elements, the optimized transmitting voltage response 
curve driven by a phase difference of 270º is shown as red line in Fig.10. For the purpose 
to validate the effect of combined free-flooded cavity and phase technique, we calculated 
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the vibration characteristics and equivalent electric characteristics shown as Fig. 11 and 
Fig. 12. 

   
Fig. 9: sketch-map of the transducer  Fig. 10: comparison of simulated transmitting  
 with a combined free-flooded cavity       voltage response curves

                                         Non-pail: transducer without pail 
                                   Pail-0: transducer with a pail

                                                          Pail-270: with pail and phase difference 270º 

From Fig.11 and Fig.12 it could be seen whether the transducer in a pail or not the 
vibration and equivalent electric characteristics of transducer elements are almost 
invariable. The main contributing modes lie at frequencies 1300Hz and 4700Hz when the 
transducer is used without a pail. Yet when the transducer is used with a pail and driven by 
appropriate phase parameters, the first and the third mode become available. So a new 
broadband free-flooded transducer has been developed successfully by these results. In the 
frequency range from 750 Hz to 4000 Hz the transmitting voltage response fluctuates less 
than 10 dB, and from 4000 Hz to 4800 Hz the transducer has higher transmitting voltage 
response. 

 
Fig. 11: normal displacement amplitude Fig. 12: conductance curves of flexure disk 
at the centre of flexure disk elements             elements 

U1n: full flexure disk without pail              G1n: full flexure disk without pail 
U2n: hole flexure disk without pail            G2n: hole flexure disk without pail 
U1w: full flexure disk with a pail              G1w: full flexure disk with a pail 
U2w: hole flexure disk with a pail            G2w: hole flexure disk with a pail 

We also calculated beam pattern of the transducer with a pail and driven by phase 
difference of 270º (as shown in Fig. 13). It could be found that the sound radiation has 
been intensified in the direction from port of the pail and reduced in the opposite direction 
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(180º). At frequencies 900Hz and 1300Hz the tail beam is about -3.2dB and -4.5dB 
respectively, and the vale between beams is -4.5dB and -7dB respectively, which is -18dB 
at higher frequency of 4100Hz. 

 
Fig. 13: comparison of beam pattern in the angle range from 0º to 90º 

P-N-0.9: at 0.9 kHz, transducer without pail 
P270-0.9: at 0.9 kHz, transducer with a pail and phase difference 270º 
P270-1.3: at 1.3 kHz, transducer with a pail and phase difference 270º 
P270-4.1: at 4.1 kHz, transducer with a pail and phase difference 270º 

5. CONCLUSION  

A prototype of new broadband transducer is developed for deep ocean based on the 
combined free-flooded cavity and phase technique. The transducer element is a set of a 
centre hole flexure disk and another full one in a short stainless steel tube with some 
flexible joints. The resonant frequencies of the transducer element in air below 9 kHz are 
1212Hz, 1678Hz, 4492Hz and 5590Hz. The vibrating pair has been designed to be the 
form of two transducer elements port to port, and a free-flooded transducer is designed 
with proper coupling of three vibrating pairs. 

By putting the free-flooded transducer into a stainless steel pail, the cavities between 
flexure disk elements and cavity of the pail is connected into a combined free-flooded 
cavity. Adjusting the phase difference between two groups of flexure disk elements, the 
transducer has significant characteristics of broadband and great submergence depth when 
driven by a phase difference of 270º. 
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A METHOD TO IMPROVE THE DEPTH ACCURACY OF THE 

ADJACENT REGION OF NADIR OF THE INTERFEROMETRY 
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Abstract: Interferometry principle sonar (for instance, High-Resolution Bathymetric 
Sidescan Sonar, HRBSSS) has been widely used to measure the depth of sea. It usually uses 
several parallel line arrays to receive backscattered signals of seabottom. It can obtain the 
direction of arrival (DOA) by computing the phase difference of the receiving signals, and 
then obtain the estimation of water depth. Generally, the depth accuracy of adjacent region 
of nadir is not good. At first, this paper made a deep analysis for the factors which cause the 
low depth accuracy of the adjacent region of nadir, with referencing other people's work 
(including analysis of depth measurement precision by, shifting footprint effect and thin layer 
model of seabottom) and combining with the case of high-resolution bathymetric sidescan 
sonar, which is mounted on a deep towed system and works in deep sea. Then this paper 
illustrates the necessity and the train of thought to improve the signal processing method for 
nadir data of this sonar.Then, by using the structural properties of the interferometry 
principle sonar, here we propose a signal processing method to improve the depth accuracy 
in the adjacent region of nadir. In this method, conventional beamforming is applied to the 
signals collected by multiple receiving line arrays, and then we can get the depth of the nadir 
by amplitude detection method. According to these depth data, we can reprocess the 
bathymetric results of the adjacent region of nadir and achieve the better results of this 
region. At last, this paper analyses and estimates the performance of this method by 
numerical simulation and experimental data validation. 

Keywords: Interferometry sonar, depth accuracy, Adjacent Region of Nadir 
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1. INTRODUCTION
 
Interferometry principle sonar (for instance, High-Resolution Bathymetric Sidescan Sonar, 

HRBSSS) has been widely used to measure the depth of sea. It usually uses several parallel line 
arrays to receive backscattered signals of seabottom. It can obtain the direction of arrival (DOA) 
by computing the phase difference of the receiving signals, and then obtain the estimation of 
water depth.   

In terms of the bathymetric result, Interferometry principle sonar still has some shortcoming. 
The main drawback is that the depth accuracy of adjacent region of nadir is not good. About 
this problem, many researchers carry out researches on how to improve the bathymetry 
accuracy in the nadir region.  

The research in [1] indicated that for the acoustic wave compliance spherical diffusion 
model, there are two intersectant regions between the sound wave and the bottom reflection 
surface in the nadir of the sonar (the echo from these two region can reach the sonar at same 
time), which affected the echo sounding effect under the assumption of single point reflection. 
Although [1] analyzed some reasons of this phenomenon, but it did not provide the solution 
method.  

The [2] collected data of the Sea MARC II system and found the gap in nadir region. To fill 
the near nadir gap typically found in these data, a specific interpolation method is developed 
that takes into account the slant range of the first bottom return as received by the sidescan 
sonar itself or by a hull mount echo-sounder. Obviously it did not solve the problem caused by 
the interferometric sonar itself. And the bathymetry accuracy is debatable.  

Reference [3] expounded the sources of deviation of the interferometric sonar and point out 
that one of the reason that decreases estimation accuracy is “footprint shift”, which is a result of 
each array element receiving backscatter from a slightly different part of the bottom. But the 
reference did not provide the solution method. 

Institute of Acoustic, Chinese Academic of Science (IACAS) did a lot of researches on the 
theories and experiments of the interferometric principle sonar. Reference [4] based on the sea 
bottom is modeled as a thin layer, which scatters the sound wave. It is precise because the 
different reflection in the thin layer which causes large sounding error in the adjacent region of 
nadir. Under the direction of theory mentioned above, IACAS developed a high-resolution 
bathymetric sidescan sonar (HRBSSS), which utilized half-wavelength spacing multiple 
parallel receiving array. Its bathymetry result become well but it still need to improve. 

In order to improve the bathymetry accuracy, by using the structural properties of the 
interferometry principle sonar, here we propose a signal processing method to improve the 
depth accuracy in the adjacent region of nadir. In this method, conventional beamforming is 
applied to the signals collected by multiple receiving line arrays, and then we can get the depth 
of the nadir by amplitude detection method. According to these depth data, we can reprocess 
the bathymetric results of the adjacent region of nadir and achieve the better results of this 
region. 

The strategy proposed above can be applied to many kinds of interferometric sonar. In order 
to state conveniently, we take the HRBSSS for example to expound the algorithm in detail.
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2. BASIC PRINCIPLE OF INTERFEROMETRIC BATHYMETRY 
 
Fig.1 shows the operation illustrative diagram. The sonar is mounted on a underwater 

platform which is perpendicular to the paper. The sonar array consist of multiple parallel arrays 
to both side of the platform. The sonar array emits acoustic waves and receives the echo signal 
in chronological. Depth information of thousands of points can be estimated by the directions 
of arrival (DOA) of echo. The seafloor sidescan image can be obtained from the backscattered 
energy. 

 

Fig.1: Interferometric bathymetry illustrative diagram. 
Basic Principle of bathymetry sonar is shown in Fig.2. T1 and T2 is transducer array, which 

is perpendicular to xz plane. Sonar’s installation angle θm is the angle between the normal 

direction of array and x-axis. The distance between two arrays is d. The angle θ  between echo 

and seafloor is grazing angle. The angle θ in  between echo and the normal direction of array is 

the angle of incidence. The relationship of angles above is θ = θm +θ in .The phase difference of 

backscatter signal θ in  and depth h  take this form  

ϕ1(d) = kdsin(θin) = kdsin θ −θm( )                                      (1) 

h = ct
2

sin(θ )       (2) 

Where k  is the wave number and λ  is the wavelength. 

 
Fig.2: Basic principle of bathymetry sonar. 
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3. METHOD FOR DEPTH MEASUREMENT IN THE VICINITY OF NADIR 
 
As mentioned above, the error of phase difference of echo is comprised of all kinds of errors 

near nadir, and this will cause the depth data with fluctuation. There is no better method as yet 
to solve this kind of error. Generally, manufacturers just remove the data near nadir and leave 
sounding blank. This sounding blank greatly influenced the users’ application evaluation to the 
sonar. It is obviously unacceptable without high accuracy near nadir. In this paper, an improved 
method will propose according to the multi-receiving arrays of interferometric bathymetry 
sonars.  

As shown below, the receiving arrays of interferometric bathymetry sonars are composed by 
several parallel line arrays with certain interval. These arrays receive sea bottom echo 
including information near nadir. Thus, conventional beamforming can be done to process the 
echo signal received by arrays. The following figures are beamforming directivity figures in 
the adjacent region of nadir of port and starboard receiving arrays. 

 
 

Fig. 3: Beamforming directivity figure in the adjacent region of nadir of port receiving arrays. 
After acquiring the data of beamforming near nadir, centroid method can be used to 

calculate the depth of nadir region. The formula is given by 

n
n

n
nn

x

yx
ŷ (3)

Where xn  is the output sampling point of beamforming, and yn  is the signal amplitude of 

the output sampling points. ŷ  is centroid and can be depth information by transformation.   

Generally, port and starboard receiving arrays of interferometric bathymetry sonars are 
mutually independent, but their received signals keep synchronous. Thus, we unite signals 
received by several receiving arrays of port and starboard to do beamforming near nadir in 
order to obtain more narrower beam width of main lobe and smaller influence caused by 
bottom topographic change, and the result of (3) will be much better. The following figures are 
beamforming directivity figures in the adjacent region of nadir of port, starboard, and the 
uniting of them. The uniting of them displays more narrower beam width of main lobe.  
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Fig. 4: Beamforming directivity figure in the adjacent region of nadir of port and starboard 
receiving arrays. 

 
 

Fig.5: Normalized response curve of beamforming in the adjacent region of nadir of port and 
starboard. 

On the result of beamforming to the received data near nadir, using formula (3) we will 
obtain the average depth information of nadir region and take it as the reference depth. If the 
depth measurement output of interferometric bathymetry sonar deviates much from the 
reference depth, it can be considered incredible and should be abandoned. At last we keep 
results with their sounding errors in a certain range of the reference depth as the final output. 
This can greatly reduce the depth error points and improve the reliability of sounding output. 
This is the main idea of the paper. 

4. EXPERIMENTAL DATA PROCESSING 
 
    In order to verify the idea, the author get the topography detection data in March 2011, in 
the South Atlantic ridge of 2800 meters under the sea for the study to process and analysis. 
Figure 6 shows the original data of echo obtained by HRBSSS.  
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          Fig. 6: Original data of echo.    Fig. 7:Output of beamforming result near nadir. 
    Using centroid method in formula (3) and data from figure 7 can obtain the sea bottom 
depth of 61.82 meter. Then referencing this depth we can process sounding result using phase 
difference. As shown in figure 8, the raw sounding points are shown in figure (a), and figure (b) 
is sounding sequences obtained after reference deep treatment using beamforming (in order to 
observe, the map of the sounding results is amplified). Some sounding points seriously deviate 
the normal depth among the raw sounding points that should be abandoned. Processing the 
sounding points takes the beamforming sounding output as a reference, and selecting threshold 
follows certain rules to remove sounding points with large error effectively. The result is shown 
in the figure 8. 
    It should be noted that the output sounding points of interferometric bathymetry sonar are 
formed from the near nadir to the distant, but the referential sounding points of beamforming 
are effective only in the adjacent region of nadir. So variable threshold method can be used to 
process the sounding points.    

 

de
pt

h 
/ m

et
re

raw sounding points of port

horizontal diatance/ metre

 processed sounding points of port

de
pt

h/
m

et
re

horizontal distance /metre  
(a)                                   (b) 

Fig.8: raw and processed sounding data near nadir. 
    Through the processing to sounding output of the port and starboard sonar array, sounding 
result of single frame shown in figure 9 is obtained. The top curve is the original sounding 
result and the bottom one is processed result (in order to observe, the bottom curve is moved 2 
meters down). Fluctuation of sounding output is significantly reduced   comparing the two 
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curves. The sounding result is more reasonable.  

   

Fig.9: Compare between original result and processed result. 
    Using the method presented in this paper, sounding data of multi-frame is processed 
contentiously. The result is shown in figure 10. 

  

Fig.10:multi-frame sounding data. 
    Figure 10 is the mosaic of processing results of 250 continuous frames. We can see the 
sounding result near nadir is good.  

5. CONCLUSION 
 

    This paper based on the drawback of large sounding error near nadir of interferometric 
bathymetry sonar, using the structural characteristics of several receiving arrays in each side, 
designed and implemented the high-precision reliable sounding method near nadir of 
interferometric bathymetry sonar. This method does beamforming near nadir using receiving 
data of multichannel and obtains sounding data, then abandons points with large error referred 
to that depth. The experimental results show that this method can effectively improve the 
performance of interferometric bathymetry sonar in the area near nadir and is effective. 
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Abstract: Expendable Bathythermograph (XBT) is a measuring device which is 
designed to be deployed from moving vessels. It offers oceanographers a fast, accurate, 
cost effective means of collecting environmental data without restricting ship operation. 
In recently years, we developed this type of probes and had tested them several times in 
the sea. In this paper, the experiment and the results were described. Based on previous 
sea experiment results, the accuracy of temperature measurement by XBT was tested by 
the comparison with CTD measurements and statistical analysis. The results showed the 
performance and reliability of the XBT we developed are as good as imported. Then 
factors affecting the performance in form of mean and random errors were discussed in 
this paper. The irregular occurrence of the error suggests that the problem was not only 
due to the manual operation but also caused by some systematic errors. Finally, 
development prospects of XBTs and recommendation for additional work were 
presented. 

Keywords:  XBT, accuracy of temperature measurement, reliability 
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1. INTRODUCTION

In order to measure the environment parameter, the temperature profile of sea water, 
expendable apparatus launched on the deck have been developed in 1960’s. Such as 
XBT (Expendable Bathythermograph) XCTD (Expendable Conductance-
Temperature-Depth), they can be used to fast measure the characteristics of sea water 
during navigation. It needn’t stop the ship. Up to now, these expendable apparatuses are 
still very important measuring equipments and measuring means in field of the marine 
survey and acoustic detection, etc. [1] 

In all kinds of expendable apparatus, XBT which mainly consists of the attitude 
control unit, temperature sensors and signal transmission lines is the most widely used. 
The attitude control unit makes the probe drop according to certain rules in the water. 
After casting the XBT probe, the timer on the data acquisition board started timing 
when the probe reached the sea surface. Accordingly, the depth values of seawater can 
be calculated by falling speed and falling time of the probe. In the meanwhile, the 
temperature sensor which was installed in frontend of the probe converts the 
temperature of seawater to the resistance value according to certain rules. The current 
temperature of seawater was accordingly computed. And then, the temperature profile 
of seawater was obtained.  

In this paper, some types of XBT were compared. 

2. XBT COMPARISON WITH TYPES AND SPECIFICATIONS 

In recent years, XBT, D3, D5 and D7 types, have been developed by Shanghai 
Acoustics Laboratory, Institute of Acoustics, Chinese Academy of Sciences. The main 
specifications of these types of XBT compared with XBT probes, T-10, T-6 and T-7, 
which were manufactured by the Tsurumi Seiki Co. and widely used in the marine 
survey, were shown in table 1. 

 

Manufactures   
Type 

Range of 
temperature 

measurement 
[�] 

Temperature 
measurement 

errors 
 [ ] 

Range of 
depth 

measurement 
[m] 

Depth 
measurement 

errors 
[m] 

TSK T-10 -2~35 ±0.2 0~200 ±2% or 5
T-6 -2~35 ±0.2 0~460 ±2% or 5
T-7 -2~35 ±0.2 0~760 ±2% or 5

SAL D3 -2~35 ±0.2 0~300 ±2% or 5
D5 -2~35 ±0.2 0~500 ±2% or 5
D7 -2~35 ±0.2 0~760 ±2% or 5

 
Table 1: Technical parameter comparison of  XBT probes 

3. EXPERIMENT 
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An experiment for XBT comparison was conducted in South China Sea in July, 
2011. The experiment comprised two floating condition tests and three navigation 
condition tests. Six D3 XBTs, six D5 XBTs, twenty D7 XBTs and seven T-10 XBTs 
were launched during the whole experiment. The comparison was made between the 
four types of XBT and  CTD(Conductivity-Temperature-Depth). 

I  THE FIRST FLOATING CONDITION TEST  

The first floating condition test lasted 70 minutes. Seven XBTs of D7 type, one XBT 
of each type of T-10, D3 and D5 launched during the CTD measurement. The accuracy 
of temperature profile measurement with XBT was analyzed by comparing with CTD 
within the depth of 300 meters.  The comparison curves were shown in Fig.1. 
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Fig.1:  The first test: four types of XBT and CTD measurement curves 
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Fig.2:  The first test: six D7 XBTs and CTD measurement curves 
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Of the seven dropped D7 XBTs, six were recorded. Data from one probe was lost as 
a result of human misoperation, and the measurement results of other six D7 XBTs were 
compared to CTD. The comparison curves were shown in Fig. 2. 

The measurement results within the depth of 200 meters of the first floating point 
were analyzed. The temperature standard deviation is expressed as[2,3] 

22 2 2
1 1+ + + in

n n                                                                                               (1) 

where  
i=Xi T( i)                                                                                                            (2) 

and   
i is the error between specified and measured values, Xi is the specified value, T is 

the measurement value. In this paper, Xi is measured with CTD, and T is measured with 
XBT. 

The data standard deviation of every XBT was calculated, and the results were 
shown in Table 2. 

 

Types Number of 
XBT  

Standard deviation within 
the depth of 200m 

[�] 

Standard deviation 
within the total 

measurement depth 
[�] 

T-10 34 0.603 0.603 
D3 11159 0.398 0.342 
D5 11952 0.331 0.279 

D7 

11046 0.167 0.133 
11047 0.130 0.099 
11048 0.163 0.112 
11049 0.144 0.124 
11050 0.165 0.120 
11051 0.182 0.112 

Table 2:  XBT data standard deviation results of the first test 

II  THE SECOND FLOATING CONDITION TEST 

The second floating condition test lasted 40 minutes, and the process was similar to 
the first test. Six XBTs of D7 type, two XBTs of T-10 type, one XBT of each type of 
D3 and D5 launched during the CTD measurement. The accuracy of temperature 
measurement was compared between XBT and CTD within the depth of 300 meters.  
The comparison curves were shown in Fig.3. 
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Fig.3:  The second test : four types of XBT and CTD measurement curves 

For the six D7 XBTs used in the second test, Number 11057 XBT’s transmission line 
was broken when the depth approached 110 meters. So we compared five D7 XBTs’ 
measurement results to the CTD. The comparison curves were shown in Fig. 4. 
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Fig.4:  The second test: five D7 XBTs and CTD measurement curves 

The measurement results within the depth of 200 meters of the second floating point 
were calculated with Eq. (1), and the results were shown in Table 3. 

 

Types Number 
of XBT  

standard deviation 
within the depth of 200m 

 [ ] 

standard 
deviation within the 
total measurement 

depth 
[ ] 

T-10 36 0.622 0.622 
37 0.592 0.592 
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D3 11162 0.586 0.517 
D5 11954 0.183 0.141 

D7 

11054 0.157 0.123 
11055 0.145 0.087 
11056 0.121 0.097 
11058 0.398 0.205 
11059 0.291 0.167 

Table 3:  XBT data standard deviation results of the second test 

III THE NAVIGATION TEST 

Three navigation tests were conducted, and the vessels sailed with the speed of 
10~11 knots. Four types of XBT described above were casted in the three tests. One 
XBT with each type dropped in the first and second tests. Five D7 XBTs, two XBTs 
with each type of D3, D5 and T-10 launched in the third test.  All data from the probes 
were recorded in the navigation tests. 

4. SUMMARY

Based on the experimental results, it can be seen that XBT SAL developed has good 
accuracy the same with that TSK manufactured. However, the consistency is not so 
good  as TSK products. 

Based on the experiment and applications in recent years, the reliability of XBT 
reached more than 90 percent. Human misoperation most likely counts for the invalid 
use of domestic XBT, the proportion is up to one third and even more. Therefore, the 
system design of domestic XBT should be optimized to reduce the human errors. 
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Abstract:  In a multi-beam digital sonar system, bearing/time display is a way to achieve 
target detection. As marine environmental noise is non-stationary in time domain and 
non-uniformity in space, bearing/time display arises a piece of strong interference. 
Background equalization technology is mainly used to remove large interference area, so 
that the display becomes clean. It can improve the overall performance of bearing/time 
display. However, the conventional background equalization shows deficiencies that large 
numbers of false peak and targets may be even lost when the signal-to-noise ratio is low. 
According to the slow variation of target bearing, this paper presents a two-dimensional 
background equalization algorithm. Relative to conventional background equalization 
algorithm, the time course information is added to statistics, and the filtering is used both 
in time dimension and in direction. Compared with the conventional background 
equalization algorithm, this method can effectively inhibit large numbers of false peaks 
and enhance target trajectory in low SNR. Simulation and trial results show that this 
method is very effective for the improvement of the time/bearing display in low SNR. 

Keywords: passive sonar, bearing/time display, background equalization 
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1. INTRODUCTION

In some signal processing applications, background equalization technique is necessary 
in Post Processing Module. These areas include analysis of signal spectrum[1-2], weak 
signal detection, and spatial filtering of directional data. Background equalization 
technique has been extensively studied in the field of frequency spectrum analysis. 
Common algorithm contains TMP (two-pass mean) algorithm, OTA (order truncate 
average) algorithm, SP3PM (split three-pass mean) algorithm and TPSW (two-pass split-
window) algorithm. But bearing/time display encounters slightly different which impact 
on the detection of weak signal, as marine environmental noise is non-stationary in time 
domain and non-uniformity in space. 

Literature[3] proposed an improved OTA algorithm—Beam Space OTA algorithm. 
Based on OTA algorithm, it can remove a wide range of ups and downs, combined with 
median filtering and threshold comparison method. However, the algorithm shows 
deficiencies that large numbers of false peak and target may be even lost when the SNR is 
low. According to the slow variation of target bearing, this paper presents a two-
dimensional background equalization algorithm. Relative to conventional background 
equalization algorithm, the time course information is added to statistics, and the filtering 
is used both in time dimension and in direction. This method can effectively inhibit large 
numbers of false peaks and enhance target trajectory in low SNR. 

2. THE PRINCIPLE OF GENERAL BACKGROUND EQUALIZER 

The BTR (bearing time recording) is an effective method of detecting and tracking 
target locus. The BTR is a waterfall in Digital sonar console. Multi-beam Data is a row in 
the BTR. The background equalization is a line-by-line method. Signal Processing Flow of 
General background equalizer is shown in Figure l. 

 
Fig.1:  Signal Processing Flow of General background equalizer 

Hypothesis is that the multi-beam system has N beams which are definded as: 

1 , 2 , 3 , ,X X X X N  
(1)

Then,  to eliminate the edge effect of data. The window length is 2K +1. K-point data 
of the endpoint is symmetry extended to the other side. The extended data is: 

1 , , , 2 , 1 , 2 , , , 1 , ,X K X K X X X X N X N X N K  (2)

In order to facilitate the expression, formula (2) is re-expressed as: 

1 , 2 , , , 1 , , 2Y Y Y N Y N Y N K  (3)
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For the i-th beam, the datas (Y(i), Y(i+1),…Y(i+2K)) are sorted. The resule is: 
1 , 2 , , 2 1y y y K . 
The truncated mean is defined as: 

1

1

1
1

K

m
y y K m

K (4)

Threshold Value: 

0y y  (5)

where  is rejection data parameter.  >0.The output sequence: 

0

0

0 y K i y
Z i

y K i y y K i y
(6)

3. THE PRINCIPLE OF TWO-DIMENSIONAL BACKGROUND EQUALIZER 

Main purpose of background equalization is to remove the interference of large area. In 
high SNR condition, the background noise fluctuation with respect to target beam is small, 
the beam of target is also relatively sharp, conventional background equalization 
techniques can filter out background noise, enhance display effect. In practice, since the 
SNR is relatively low, many false peaks or no significant peak appear in the beam pattern. 
General background equalizer make BTR into a piece of snow points, seriously affecting 
target detection, and may even lose target. 

The conventional background equalizer does not take full advantage of historical data, 
only processes the current data. In fact, the underwater target orientation is slowly 
changing, while the change of pseudo-peak is random. For this feature, this paper presents 
a two-dimensional background equalization algorithm. 

Assuming that the beam output: X(m,n). “m” represents the number of time, “n” 
represents the number of beam. First, filter out random false peaks, and complete temporal 
filtering by vertical filtering. Filtered iterative formula: 

, , 1 1,X m n X m n X m n (7)

,X m n  is the output of vertical filtering. The tracking performance of vertical 
filtering is better, if “ ” is bigger.. 

Since the goal moves slowly and the main shaped beam of goal has a constant width, 
the goal beam amplitude variation between adjacent snapshots is relatively small. False 
peaks formed by the background noise randomly change. It can effectively filter out false 
peaks, enhance target beam by selecting the size of “ ”. 
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Although pseudo-peaks are filtered out, the stable DC component of the background 
noise is also retained, the display effect still is affected. By beam-space OTA algorithm of 
the previous section, complete the filtering of the beam direction for filtering out the stable 
DC component. 

4. SIMULATION AND EXPERIMENTAL DATA PROCESSING 

The method has been simulated by the computer system. There is a larger range 
interference between 0 and 40 °. The target slowly move in the vicinity of 100 °.  

From Fig2, due to the relatively low SNR, single-shot data has been unable to complete 
the target detection. Owing to the trace--to-trace correlation, target can vaguely be 
detected from Bearing time recording. From Fig3, the conventional background equalizer 
can inhibit strong interference of large area. However, due to the low SNR, too many 
pseudo peaks have been brought. Ultimate effect is even poorer than the effect without 
background equalizer. From Fig4, mentioning algorithm, not only to inhibit interference of 
large area, but also to remove a large number of false peaks, improve the detection effect. 
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Fig.2: Bearing time recording 
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Fig.3: Bearing time recording by the conventional background equalizer 
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Fig.4: Bearing time recording by two-dimensional background equalizer 

The following is the result of Ocean experimental data analysis process. The target 
slowly move in the vicinity of 100 °. 
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Fig.5: Bearing time recording [Experimental data ] 
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Fig.6: Result by the conventional background equalizer[Experimental data ] 
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Fig.7: Result by two-dimensional background equalizer [Experimental data ] 

Figure 5 shows bearing time recording without post-processing. It can be seen that the 
SNR is relatively low, background fluctuation is very serious. Figure 6 shows bearing time 
recording by the conventional background equalizer. The conventional background 
equalizer brings many false peaks which seriously interfere with target detection. Figure 7 
shows bearing time recording by two-dimensional background equalizer. The proposed 
method can be a good solution to many false peaks. Compared with general background 
equalizer, detection result is considerably improved. 

5. CONCLUSIONS 

In practice, since the SNR is relatively low, many false peaks false peaks or no 
significant peak appear in the beam pattern. General background equalizer make BTR into 
a piece of snow points, seriously affecting the target detection, and may even lose the 
target. The conventional background equalizer does not take full advantage of historical 
data, only process the current data. This paper presents a two-dimensional background 
equalization algorithm. It is easy to achieve in engineering. Relative to conventional 
background equalization algorithm, the time course information is added to statistics, and 
the filtering is used both in time dimension and in direction. Simulation and experimental 
data show that weak target signal path is enhanced by the proposed method in the low 
SNR conditions. 
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THE UNDERWATER CHANNEL SPATIAL COHERENCE 
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Abstract: The spatial coherence of underwater acoustic channel restricts the effective 
aperture and spatial processing performance of sonar array, especially some adaptive 
beamforming methods is used. However, the spatial coherence measurements are difficult 
in physical sea trials, mainly due to the high measurement cost and different environment 
condition. In the concerned adaptive beamforming fields of the horizontal towed array, 
which assume the channel multipaths structure as a stochastic process, the coherence 
measurements method is established based on linearly stochastic channel model. During 
the routine towed-line-array sea trial, performed in South China Sea (the area centre: 
N19°34',E112°9' ) in 20 September, 2011, a simple method are adopted to measure in site 
the channel coherence features (processing band:125Hz ~ 2kHz), obtained by the 
normalized time-averaged crosscorrelation of the array received noise from the oil-
platform "HAI YANG SHI YOU 116". The propagation range is from 2km to 9km. The 
results show that the horizontal longitudinal coherence aperture is about 10~30 , 
ignoring the influence of transverse coherence. At the same time, the diversity 
characteristics of the spatial coherence are also provided concerning the signal 
frequency, bandwidth and the propagation distance, which present a complex image of the 
factual sea channel coherence. 

Key Words: Spatial Coherence, towed line array, radiated noise, beamforming 
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1. INTRODUCTION

The fundamental limit to spatial, coherent signal pro-cessing is the coherence length. 
The estimation of this coherence length can be accomplished by measurement of the 
narrowband coherence function, broadband correlation function, or some quantities about 
spatial processing performance, such as the coherent signal gain (ASG)[1] and Narrowband 
beam spread[2]. The primary cause of Coherent length degradation is the range-dependent 
multipath channel structure, especially in the array off-broadside directions. However, it is 
very hard to measure the underwater channel horizontal coherent length, the reasons is 
partly the difficulty to achieve enough SNR due to the LF(Low-Frequency) source 
strength and the semi-coherent noise background. On the other hand, there is also lack of 
stationary statically conditions due to the fluctuation or motion of medium, array form, 
and source-receiver. In the physical application situation of the LF towed line array sonar, 
the beamforming processing performance is restricted by the coupled temporal and spatial 
coherence scales due to the target-receiver motion. 

2. THE HORIZONAL COHERENCE LENGTH MEASUREMENT WITH 
SUBARRAY BEAMFORMER 

Here we provide a simple method to measure the horizontal coherence length by a 
towed-line array. The pulse correlation function form is used to omit the temporal 
fluctuation influence of the relative movement between the measured target (an oil-
platform) and the towed line array. 

;
)()(
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)( 2/122/12

*

T nT m

T nm
mn

dttpdttp

dttptp
R  (1)

Where )(tpn is the received signal by the nth array element, is introduced for array form 
degradation factor, T is the pulse integrating time and the angular brackets  indicate 
ensemble averaging. Transfer to Spectrum domain, 
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The Spatial correlation coefficient is dependent with the form of projected pulse spectrum 
and the channel transfer function. With the assumption of 0)( SS  in frequent band of B, 
the spatial correlation coefficient becomes 

)0(mnR ;
)()(

)()(
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*

B nB m

B nm

dHdH

dHH
 

So the pulse correlation coefficient can be used to show the frequency average effect of 
the channel coherent function in band of B, meanwhile with a gain of 10lgB. Due to the 
lack of enough statically samples (nonstationary), the correlation coefficient is commonly 
estimated by  
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   In physical measurement situation, the effects of the noise, including interference, are 
hard to rejection, hence the calculated correlation directly using received signal will 
degradation by noise and interference targets energy. 
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Assumption that 21 and ss  are fully coherent, the 5.0R  for SNR = 0dB and 99.0R for 
SNR = 20dB. In order to improve signal-to noise ratios (SNR), a subarray beamformer is 
used with bM  elements 
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m
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Here mx  is the received signal of the mth element, made up of measured target, 
interference target and noise, and can be written as 
    mmmm nvtsx )(  ; 

Then, 
bM

m
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1
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Here 0s  is the received target signal from the subarray central element. When the beam is 
steering to the measured target direction, other interference targets are rejected to the 
sidelobes level of the subarray beamformer, as long as the interference direction run away 
from the beamforming mainlobe. In other words, it means bMJ , so we have 
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Then the spatial correlation coefficient of the target -received array channel can be 
deduced as 
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3. THE SEA TRIAL RESULTS

In order to evaluate the environment influence for the towed-line array sonar, a yearly 
sea-trial is hold in the South China Sea, from 9/20 to 9/22, 2011. The experiment in 9/20 
carried out near the WenChang 13-2 sea oil-field, the area central position is about 
N19°34',E112°9', and average sea depth is 120m. A towed ship is moving along the track 
in Fig.1(a). As the Fig.1(b) shows, the primary radiated target is the oil-platform "HAI 
YANG SHI YOU 116",which is signed by a red square. The towed array is made up of 
one 32 short array (Spacing 1m) and one 32 long array (Spacing 8m). The 32m short array 
can be used to obtain oil-platform signal beam yb, its power spectrum and time-frequency 
distribution are show in Fig.2.  
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  (a) Tracks by Radar and GPS  (b) Array beamforming results   (c) The main noise source 

 Fig.1 the geometrical positions of source and receiver 
   Through the normalized time-averaged cross-correlation between the target beam output 
of subarray and single element received signal as shown in equation (2), the  spatial 
coherence length of source-receiver channel can be well obtained in Fig.3, the influence 
from other targets can be ignored in the provided method.    
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               Fig.2  the source spectrum feature               Fig.3 cross-correlation of beam noise and element 
   Fig.4 gives the spatial correlation curves of different frequent band, including 125Hz-
250Hz, 250Hz-500Hz, 500Hz-1kHz and 1kHz-2kHz, all from a 3-seconds interval data. 
Fig.5 shows the channel spatial correlation variation when the distance changing, the 
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integrated time is all 6 seconds. As shown in Fig.4 and Fig.5, the statically averaging is 
difficult due to the towed ship movement and the coherent size treads better as the range 
increasing. 
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Fig.4  the different Frequency band results     Fig.5 different source-receiver distance  
  Choose the half power point to determine the longitudinal coherent aperture, which is 
almost 60m in 250-500Hz, approximately 15  of geometric centre frequency of 353Hz. At 
the same time, the diversity characteristics of the spatial coherence are also show 
concerning the signal frequency, bandwidth and the propagation distance, which present a 
complex image of the factual sea channel coherence. 

4. CONCLUSIONS 

    A new measurement method is provided for the channel horizontal spatial coherence 
characteristics, which utilizes a moving long towed-line array and a strong LF broadband 
source, "HAI YANG SHI YOU 116" oil refining platform. The interference targets are 
well rejected by a small array (sub-array) beamforming, and the coherence length can be 
measured by the cross-correlation between target beam and the element received signals. 
Due to the small distance (maximal 8km), the coherent lengths is just about 10-30 , and 
showing great variation. 
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Abstract:  Interest in the use of piezoelectric shunt damping technology in the field 
of vibration and noise has been on the rise in recent years. The variation of elastic 
constants of the piezoelectric material shunted to circuit is a fundamental problem of 
this technology. In this paper, a single-oscillator model is proposed to study the 
variation of elastic constants of piezoelectric ceramic shunted to circuit under 
thickness modal. The main idea is transforming the change of the elastic constants to 
the change of the resonant frequency of a single-oscillator which is easier to observe. 
Mason equivalent circuit theory and ANSYS finite element simulation are employed 
for the analysis. The variation of the elastic constant c33 has been investigated when 
the piezoelectric ceramics wafer (PZT-5H) is respectively shunted to a resistor, a 
capacitor, a resistor and an inductor in series. The simulation and experimental 
results show a good agreement with the theoretical analysis. 

Keywords: Shunt Damping, Piezoelectric Ceramic, Elastic Constant. 
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1. INTRODUCTION
Recently, the piezoelectric shunt damping technology has found fruitful 

applications in the field of vibration and noise control. It is reasonable that when 
piezoelectric material is shunted to circuit, mechanical energy is converted into 
electrical energy through the piezoelectric effect. Then, electrical energy is converted 
into heat and dissipated through the shunt circuit.  

In 1979, Forward [1] first proposed piezoelectric ceramics shunted to circuit for 
vibration control. Then, Hagood and von Flotow[2] studied two shunting circuits: the 
case of a resistor alone and that of a resistor and inductor, which is a milestone of the 
development of the piezoelectric shunt damping technology. Until now, the shunt 
circuit of different types have been further researched and developed, including 
resistive, inductive, capacitive and switched circuits [3-6]. 

In this paper, an indirect method is proposed to study the variation of elastic 
constant c33 of piezoelectric ceramic shunted to circuit under thickness modal. The 
simulation and experimental results show a good agreement with the theoretical 
analysis. 
 
 
2. MODEL DESCRIPTION 

The basical single-oscillator system model is proposed as follows: two identical 
piezoelectric ceramic wafers a, b (PZT-5H) and a co-axial cylindrical mass are tightly 
bonded together. The underside of a is fixed, while the upper surface of the mass is 
free, as shown in Fig.1 (a). The geometric dimensions of the model are listed in Table 
1. If b is under different electrical boundary conditions such as short- circuit, shunted 
to impedance or open-circuit, the elastic constant c33 of b will change as well as the 
resonant frequency of the system. By observing the changes in resonant frequency of 
the system, the variation of c33 can be indirectly obtained. 
 

 
 

Fig.1: System model:(a) schematic drawing;(b) finite element model; 
(c) experimental device. 
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A mass of 0.1kg is introduced to make the resonant frequency of the system as low 
as several tens kHz, which is far lower than the resonant frequency of the 
piezoelectric ceramic itself to provide a so-called quasi-static condition [3]. 

For the ideal single-oscillator system, the resonant frequency is, 

1
2

kf
M                                                         

(1)
 

Where k, the variation of which is the same as that of c33, is the stiffness of the 
spring, and M is the weight of the mass. Hence, the following formula can be derived. 

1
2

f k
f k                                                          

(2)
 

This equation shows that k/k is proportional to f/f. Because the real system 
cannot fully meet the condition of the ideal single-oscillators system, the relationship 
between k/k and f/f will be impacted by the mass. After comparing the 
conditions that the mass (0.1kg) is respectively steel, copper, tungsten alloy with the 
ideal system, it is found that tungsten alloy of radius 13mm is closest to the ideal case. 
 

Radius of the 
piezoelectric 

ceramic wafer: rp 

Thickness of the 
piezoelectric 

ceramic wafer: tp 

Radius of the 
mass: rm 

Thickness of  the 
mass: tm 

12mm 2.5mm 13mm 10mm 

Table 1 Geometric dimensions of the model 
 
 
3. THEORETICAL STUDY 

The equivalent circuits of the piezoelectric ceramic wafer stretching in thickness 
mode and the mass [7] are in parallel and form the equivalent circuit of the model as 
shown in Fig.2.  

 

Fig.2: Electro-mechanical equivalent circuit of the model 

Where Z1,Z2,Z1/ and Z2/ are mechanical impedances. C0 and n respectively denote 
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the inherent capacitance and the electromechanical conversion factor of piezoelectric 
ceramic. Zx represents the shunt impedance. Zx=0 and Zx=  indicate that 
piezoelectric ceramic b is short-circuit and open-circuit respectively. 

Electrical admittance 1/Zload of wafer a is obtained according to the equivalent 
circuit. The variation of the elastic constant c33 of wafer b can be derived based on the 
variation of the resonant frequency of the system with the change of electrical 
impedance such as a resistor, a capacitor, a resistor and an inductor in series. 

The theoretical results are depicted in Fig.3. 
 
 
4. FINITE ELEMENT SIMULATION 
 

For comparison with the theoretical results, the finite element simulation software 
ANSYS is also used to solve the electrical admittance. According to the rotational 
symmetry of the model, it is only necessary to build a 1/12-model in ANSYS as 
shown in Fig.1 (b). The parameters of the metals and piezoelectric ceramic are listed 
in Table 2. 
 

Metals
Name Density 

[kg/m3] 
Young Modulus 

[N/m2] 
Poisson's ratio

Tungsten Alloy 18700 35.4 0.35 
Steel 7840 21.6 0.28 

Piezoelectric Ceramic PZT-5H 
Density 
[kg/m3] 

Elastic 
Constant  

c33E [N/m2] 

Elastic 
Constant  

c33D [N/m2] 

Relative Dielectric 
Constant 

33S/ 0

Piezoelectric 
Constant e33 

[C/m2]
7500 11.7×1010 15.7×1010 1470 23.3 

Table 2 Parameters of materials 
 

By taking use of the same thinking of the theoretical research, the variation of the 
elastic constant c33 can be obtained with finite element method. When the 
piezoelectric ceramic wafer b is respectively shunted to a resistor, a capacitor, a 
resistor and an inductor in series, the simulation results are compared with the 
theoretical results in Fig.3. It is obvious that they show a good agreement. And the 
variations are in accord with the references [2-5] very well. 
 
 
5. EXPERIMENT 

To avoid the difficult problem of the fixed condition on the underside of wafer a, a 
symmetrical system model is adopted. By making two identical mass blocks, four 
piezoelectric ceramic rings and five electrode pads stack together, and passing a 
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connecting rod (bolt) through them, a symmetrical system is implemented and 
correspondingly the resonant frequency of the system enhances by a factor of . 
The dimensions of each component are listed in Table 3. 

The variation of the resonant frequency with the change of electrical impedance is 
given in Fig.3. Comparing with the theoretical and simulation results, the variations of 
the resonant frequency of the system have a coincident relationship with the variations 
of c33 when wafer b is shunted to different circuits. 
 

 Material Inside 
Radius[mm]

Outside 
Radius[mm] 

Length 
[mm] 

Piezoelectric Ceramic PZT-5H 4.65 12.50 4.00 
Mass Tungsten Alloy 2.60 13.00 10.10 

Connecting Rod Steel  2.32 55.00 
 

Table 3 Dimensions of experimental apparatus 
 

  

 
 

Fig.3: The variation of c33 and resonant frequency :(a) Shunted to a resistor; 
(b) Shunted to a capacitor;(c) Shunted to a resistor(100 ) and an inductor in series. 
 

By taking finite element analysis, it is found that the small size difference between 
the real model and the ideal one as well as the introduction of the connecting rod and 
the nut have slight influence on the results.  

Experimental results show that the proper prepress is necessary to be imposed to 
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the piezoelectric ceramics. The measured frequency difference between open-circuit 
and short-circuit will be lower than the theoretical prediction when piezoelectric 
ceramic is applied prestress less than 2 107Pa. But when the prestress is about 428
107Pa, the resonant frequency of the device and the frequency difference between 
open-circuit and short-circuit are nearly the same as the theoretical results. 
 
 
6. CONCLUSIONS 

In this paper, a single-oscillator model is proposed to study the variation of elastic 
constants of piezoelectric ceramic shunted to circuit under thickness modal. 

The variation of the elastic constant c33 and the resonant frequency of the system 
are calculated using Mason equivalent circuit theory and ANSYS finite element 
simulation when the piezoelectric ceramic is under different electrical boundary 
conditions. The simulation results agree with the theoretical results very well. 

An experimental sample is manufactured and the variation of the resonant 
frequency is measured by the admittance analyzer. The experimental results have a 
coincident relationship with the theoretical analysis and ANSYS simulation. 
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Abstract: Acoustical scattering signal analysis including the circumferential wave 
analysis by underwater targets is the basic problem in target property research area. 
But the theoretical study and experimental observation of the circumferential waves 
are quite complex and difficult. In this work, the circumferential waves on underwater 
elastic target are observed and analyzed by numerical simulation based on the 
finite-difference time-domain (FDTD) method. First, a scattering diagram of 
circumferential waves on an elastic cylinder insonified by a plane wave is obtained. 
Then narrow beams directed at underwater elastic targets at the critical angles are 
implemented to demonstrate circumferential waves propagating around the targets. 
Finally, the circumferential wave characteristic is analyzed. There is good consistency 
in such results with experiment ones existing in some published references. The FDTD 
method may provide a means to aid the circumferential wave characteristic analysis. 

Keywords: FDTD, circumferential wave, target scattering, surface wave 
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INTRODUCTION 

Circumferential waves excited by the incident sound wave on underwater targets 
are important parts related to the properties of the scatterers[1]. Many works[2,3] have 
experimentally observed and theoretically studied the properties of circumferential 
waves on the cylindrical and spherical scatterers immersed in water. Some works[4] 
have obtained the experimental scattering diagrams of circumferential waves using 
the Pulsed Resonance Identification Method (P.R.I.M) on elastic targets. 

But usually the experimental results are cluttered with many contributions from 
sources other than the circumferential waves, and the theory is not sufficiently 
developed to indicate the properties of such waves[3], so the verification and analysis 
of circumferential waves have been a difficult problem. 

In recent years, FDTD has been used extensively in various fields[5]. This paper is 
to observe and analyze circumferential waves on underwater elastic targets based on a 
uniform staggered-grid FDTD method. The acoustic field is simulated in the time 
domain to demonstrate the scattering phenomenon. It shows the circumferential 
waves being excited on the underwater target and radiating to the external fluid 
intuitively. The time-domain signal at any space grid point in the simulation region 
can easily be obtained to aid the circumferential wave characteristic analysis. 

I. CIRCUMFERENTIAL WAVE THEORY 

By the Resonance Scattering Theory(RST) [1], the scattering wave of an underwater 
elastic target insonified by a plane wave can be seen as the elastic resonances, 
including geometrical resonances and surface wave resonances, superposed to the 
background response of a rigid body of the same shape.  

For surface wave resonances, related to the propagation of interface waves 
circumnavigating around a cylindrical scatterer, each one has[4] 
2 ,a n                                                           (1) 
where n is an integer,  is the wavelength of the surface wave (Rayleigh-type) and a is 
the radius of the cylinder. Then a quasi-standing surface wave is formed on the 
circumference. This standing wave, known as the circumferential wave, has 2n nodes 
and 2n extremas and it radiates to the external fluid giving rise to a flower-like 
radiation pattern with 2n petals[4]. The measurement of the shape of this daisy flower 
gives access to the assessment of the n value which may usually be carried out using 
the P.R.I.M. 

In theory[2], on an elastic cylinder, an incident sound pulse will produce two types 
of circumferential pulses: the Franz-type circumferential waves[2], weak in energy and 
quckly attenuated, and the Rayleigh-type or Stoneley-type waves[2], with speeds much 
faster than the Franz waves, and much less attenuated. The Franz waves enter and 
leave the cylinder surface tangentially, and the Rayleigh-type circumferential waves 
could be excited at an angle of incidence equal to the critical angle  given by 

0sin / ,Rc c                                                       (2) 
where 0c  is the sound velocity in the surrounding fluid, and Rc  is velocity of the 
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Rayleigh-type wave, especially, Rc  is found to equal the shear wave velocity sc  in 
the elastic cylinder[3]. As the Rayleigh-type waves circumnavigate the elastic cylinder, 
they radiate acoustic energy into the surrounding fluid at the same critical angle.  

In this paper the measurement of the shape of the daisy flower and the observation 
of the Rayleigh-type circumferential waves excited on an elastic cylinder at a critical 
angle are demonstrated using the FDTD method. Furthermore, the amplitude and the 
speed of the Rayleigh-type circumferential wave in the cylinder are also analyzed. 

II. NUMERICAL RESULTS AND ANALYSIS 

PML

x

y

0 0,c

, ,s dc c
a

0f
PMLPML

PML  

Fig. 1. 2D Finite-difference model. 
A uniform staggered-grid FDTD method is implemented to do the calculations. 

Fig.1 shows the 2D finite-difference model of x y  size. To reasonably simplify the 
model, the target is assumed to be an infinitely long solid elastic cylinder with the 
radius a , the density , the longitudinal speed dc  and the shear speed sc . A plane 
sound wave pulse of a center frequency 0f  along the negative x  axis, and a 
narrow-beam quasi-plane wave gazing at the cylinder at the critical angle, are 
implemented respectively as the incident wave to excite and observe the 
circumferential waves. A perfectly matched layer(PML)[6] absorbing boundary 
condition is adopted to terminate the solution space at the outer areas. The field 
components, including the 2D velocity vector ( , )x yv v  and the components of the 
stress tensor ( , , )xx yy xy , are discretized and extracted using a staggered grid 
formulation[6]. 

A. Circumferential Wave Scattering Diagram 

In this section, the scattering diagram of circumferential waves is obtained on a 
copper cylinder using the FDTD method. The parameters of this case are shown in 
Table 1 in which t  is the time step, x  and y  are the space steps. 

case of 
clinder 2

( )
[m ]

y x
 

[mm]
x y

[us]
t

[m]
a

3[kg/m ] [m/s]
sc

[m/s]
dc

 0

[kHz]
f

 
copper (24×24) 3.0 0.45 1.0 8700 2000 4700 2.73 
aluminum (18×20) 1.9 0.22 4.0 2700 3000 6200 19.0 

Table 1: parameters in the simulation of the case of the elastic cylinder. 
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Fig. 4(a) presents a snapshot of the solution. Each of the 1024 wide-band scattered 
signals is extracted evenly on a circle by 0 4.0mr  radius around the center of the 
copper, and Fast Fourier transformed after deducting the incident signal and the first 
scattered signal from the object. The spectra of all the signals are obtained for each 
angle. Then the polar plot of the amplitude versus the angle for the resonance 
frequency corresponding to every mode can be plotted. For comparison with the 
experimental results obtained by Gérard J. Quentin[4] using the P.R.I.M, the 
directional pattern for the ( , ) (6,1)n l   mode is displayed in Fig. 4(b), which exists 
2 12n  lobes. The location of the nodes as well as the lobes have good consistency 
in the experimental result that obtained by Gérard J. Quentin[4]. 

 

Fig. 4. (a) Scattering of a copper cylinder at time 5.4mst . Distribution of xx ; (b) 
Circumferential waves scattering diagram obtained using the FDTD method. 

B. Narrow Beams Excite Circumferential Wave 

In this section, the existence of the Rayleigh-type circumferential waves excited on 
an elastic cylinder by a narrow beam directed at a critical angle are demonstrated 
using the FDTD method. The parameters for the simulation of this case are also 
shown in Table 1. 

2 2

0

( ) ( ) ( )
.f i f j f ix x y y x x

t
c                                   

(3) 

A narrow-beam quasi-plane wave is implemented, as follows: let a finitely long 
line source array be located at ix x , and every point source at ( , )i jx y  on the 
source array be given a different time factor t  given by Eq. (3), then the source wave 
will focus at the point ( , )f fx y . Adjusting the location of the cylinder or the focus 
point, the incident critical angle for the narrow beam can be determined. Fig. 5 shows 
the geometry of a narrow beam incident on the cylinder at a critical angle. 

x

y

( , )i jx y

( , )f fx y

045

 

Fig. 5. Geometry of a narrow beam incident on the cylinder at a critical angle. 
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The narrow beam, which is eight cycles at frequency 0 19kHzf  with filtered by 
Hanning window, is incident on a solid aluminum cylinder of radius 4.0ma  at a 
critical angle 30 . Fig. 6(a), (b) display two snapshots of the scattering of the 
cylinder after the incidence of the narrow beam. The Rayleigh-type circumferential 
waves are demonstrated obviously, only excited on one side of the cylinder, and they 
travel only in the counterclockwise direction. 

 

Fig. 6. Scatterings of the solid aluminum cylinder after a narrow beam already 
incident: (a) at time 9.2mst , and (b) 11.0mst . Distribution of yy . 

Fig. 7 shows the waveforms of the instantaneous longitudinal stress at two 
locations (the location A and B as shown in Fig. 5) under the surface of the cylinder 
by 0.02m. Combined with snapshots at every time, the Rayleigh-type circumferential 
waves at the location A and B are recognized respectively. Then the velocity of the 
Rayleigh-type circumferential wave pulse is calculated to be 2943m/s, which is 
approximately equal to the shear wave velocity 3000m/ssc  of aluminum. These 
results are in good agreement with the theoretical prediction of Doolittle[2] et al. and 
the experimental results of Doolittle[3] et al. 

 

Fig. 7. Waveforms of the instantaneous longitudinal stress yy  at two locations. 

C. Circumferential Wave Analysis 

 Two sets of Rayleigh-type circumferential wave pulses are extracted from points 
along the radiuses below the aluminum cylinder surface where the point A and B are 
located respectively (shown in Fig. 5), based on which the normalized amplitudes and 
the velocities of the Rayleigh-type circumferential wave pulses are obtained as shown 
in Fig. 8. They are plotted versus the depth from the surface of the aluminum cylinder. 
It is seen that the amplitude of Rayleigh circumferential wave increases rapidly at first, 
and then decreases gradually, while the velocity of the Rayleigh-type circumferential 
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wave pulse decreases monotonically with the increase of the depth. It is because of 
that the Rayleigh-type circumferential wave has a similar amplitude property as the 
surface wave when the pulse circumnavigates around the cylinder and it travels a less 
distance with the increase of the depth. 

 

Fig. 8. Normalized amplitudes and the velocities of Rayleigh-type circumferential 
waves versus depth. 

III. CONCLUSIONS 

In this paper, the circumferential waves on underwater elastic target are observed 
and analyzed by the FDTD method. Several numerical simulation examples are given. 
All the results are in good agreement with the theoretical and the experimental ones 
presented in published references. By the FDTD method, the circumferential wave 
characteristics are also analyzed. It shows the FDTD method to be a convenient 
means to aid the circumferential wave observation and characteristic analysis. 
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Abstract: T-waves are underwater acoustic waves generated by earthquakes. Modelling of 
their generation and propagation is a challenging problem. This paper presents simulations 
from a spectral element code, SPECFEM2D which takes into account most aspects of this 
phenomenon: the radiation pattern of the source, the propagation of seismic waves in the 
crust, the seismic to acoustic conversion on a non- planar seafloor, and the propagation of 
acoustic waves in the water column. The model parameters are based on a real setting in the 
Atlantic Ocean. The comparison between simulated signals and actual records shows that 
SPECFEM2D is well suited for modelling earthquake generated T-waves. 

Keywords: T-waves, underwater acoustics, spectral element model, seismo-acoustic 
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1. INTRODUCTION

The submarine seismic and volcanic activity in the ocean generates a large amount of low-
frequency (below 40 Hz) acoustic waves that propagate in the water column over very large 
distances (beyond 1000 km). Seismic waves convert into acoustic waves at the sea-bottom, 
which in turn propagate in the water column and can be carried over very long distances with 
little attenuation in the SOFAR (SOund Fixing And Ranging) channel. Earthquake generated 
acoustic waves in the ocean are referred to as T-waves (or tertiary waves), since in certain 
conditions, when they reach the shore, they may convert back to seismic waves and arrive 
third after the P- and S- seismic waves on near-shore seismological stations. 

For two decades, T-waves have been recorded by hydrophone arrays to monitor and study 
the low-level seismicity in oceanic areas remote from land-based seismological networks [1]. 
As an example, the MARCHE experiment (Mid-Atlantic Ridge Comprehensive Hydrophone 
Experiment [2]) was designed to monitor the seismicity associated with seafloor-spreading 
processes along a section of the mid-Atlantic ridge. During this 3-year long experiment, an 
array of 4 hydrophones was moored at a depth of ~1100m below sea-level, in the SOFAR 
channel, on either side the mid-Atlantic ridge, south of the Azores (Fig. 1, left).  Between 
August 2005 and August 2008, more than 7400 earthquakes were detected (30 times more 
earthquakes than land-based stations, particularly the low-magnitude events) and located 
(with a precision of about 2 km) along this section of the mid-Atlantic ridge.  

The models in this paper are based on an earthquake that was recorded by the MARCHE 
array and that occurred March 2, 2008 at 1h34m21.3s GMT on the ridge axis (36.33°N, 
33.77°W). Its medium magnitude (Mw = 5.1) makes it detectable both by land stations, which 
provide information on the source parameters, and by the MARCHE hydrophones, which 
provide the record to be compared with our simulations (Fig. 1, left). 

Fig. 1: (Left) Bathymetric chart of the mid-Atlantic Ridge, south of the Azores Islands, 
with the 4 hydrophones from the MARCHE experiment (white diamonds). (Right) 

Hydroacoustic records of the March 2, 2008 earthquake (star on the map) at hydrophone 
locations M7, 347 km away from the epicentre. Arrows point to arrival times of high energy 
T-waves. A: Power spectrum in dB, B: Amplitude spectrum, C: Normalized time signal M7.  

 
To simulate the T-waves generated by this earthquake, we use the numerical code 

SPECFEM2D [3], based on a spectral element approach. Its main advantage is to account for 
the propagation of acoustic and seismic waves in a multi-layer medium, solid or fluid, with 
their own characteristics (wave speed, density, attenuation, layer interfaces) and to account 
for realistic seismic sources (moment tensor). In addition, synthetic signals can be extracted 
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anywhere in the finite element mesh and directly compared to actual acoustic records, here 
from hydrophone M7. The first section presents the model parameters, and the second section 
presents the simulations and discusses the results. 

2. MODEL PARAMETERS 

The model parameters are set for hydrophone M7, the closest from the March 2, 2008 
earthquake epicentre (347 km) and the synthetic seismograms are compared with the M7 
acoustic record (Fig. 1, right). The computation box is a vertical plane passing through the 
earthquake and the M7 hydrophone and extends 10 km beyond the source and the receivers 
along the horizontal axis. The model includes a solid layer and a fluid layer separated by an 
interface following the seafloor bathymetry (adapted from ETOPO1, [4]). The solid layer has 
a constant thickness of 10 km, meaning that its bottom boundary is parallel to the fluid/solid 
interface. This choice simplifies the simulation mesh and significantly speeds up the 
calculations (still, a typical run on 256 parallel processors lasts about 14h). To avoid spurious 
reflections at the limits of the computation domain, its bottom, left, and right edges are 
modelled by absorbing layers, while the upper edge is a free surface.  

The density of the water is constant and set at 1020 kg/m3. The sound-speed profile is an 
average profile for the area for the month of March, based on the Generalized Digital 
Environmental Model (GDEM [5]). The solid medium has four layers, with linearly 
increasing densities and P- and S- wave velocities with depth (Fig. 2, centre), taken from the 
CRUST2.0 model [6]. Our model neglects the thin low-velocity sediment layer, mainly to 
speed up the computation times. The seismic attenuation in the solid medium is constant: p = 
0.1 dB/  and s = 0.2 dB/ . 
 

 
Fig. 2: (Left) Bathymetric profile along the plane passing through the epicentre (vertical 

dashed line at 0 km) and the receiver M7 (black diamonds). The horizontal dashed line 
corresponds to the depth of the SOFAR channel axis. (Centre) Velocity profile implemented 
in the water column. (Right) Density (solid line), S-wave (dotted line) and P-wave (dashed 

line) velocities implemented in the solid layer. 

The source is located 8 km below the seafloor and is simulated by a Gaussian signal with a 
central frequency of 10 Hz. A Gaussian shape is a common choice in the seismological 
community for approximating the temporal dependence of the strain created by an 
earthquake. The 3D radiation pattern of the source, defined by a 3D moment tensor, is 
projected onto the source-receiver vertical plane (Eq. 1) to predict the P- and S- waves 
emitted in the direction of hydrophone M7. 
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3. RESULTS AND DISCUSSION

The results (Fig. 3), shown for receivers at M7 depth and at 100, 200, 300 and 347 km 
(M7 range) from the earthquake epicentre, lead to the following observations: 

Up to 347 km, the spectral frequency content of the signal varies little with the distance 
from the source (B plots in Fig. 3). The frequency content of the source is probably more 
complex than assumed by land-based seismic catalogs. 

 

Fig. 3: Simulated T-phase arrivals at receivers 100, 200 300 and 347 km away from the 
epicentre in the direction of M7, at the same depth as M7. Arrows refer to T-wave arrival-

times in the actual data at M7 (Fig. 1). 

The source duration in the seismic catalog (1.8 s) is based on the recording of low-
frequency seismic waves (< 1 Hz). A simple Gaussian-shaped source with such duration (i.e. 
at 0.55 Hz) is unable to reproduce the frequency range observed in the hydroacoustic data [7]. 
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Our simulations at 10 Hz (this paper) and at 15 Hz [8] show that higher-frequency sources 
(i.e. with shorter duration) provide a better match. Still, the amplitude spectrum of the 
observed data is not fully modelled; for instance, the high frequencies (up to 30 Hz) and the 
dissymmetry relative to the maximum amplitude frequency (5-7 Hz) are not predicted. This 
suggests that the source is neither Gaussian nor single-frequency. 

The predicted signal duration (~ 60 s) is smaller than the observed T-wave duration (~ 80 
s). This observation may result from the 2D calculations that do not take into account 3D 
effects, which may broaden the conversion area and thus lengthen the signal. It may also be 
due to the merging of the two arrivals (precursor and main arrival) in the simulation that 
makes it shorter.

The most energetic T-wave arrival (right arrow in Fig. 3) is well predicted with respect to 
the data (within a 5 s delay). However, the first arrival (left arrow) is not predicted at long 
range, but simulations at 100 and 200 km show a precursor that progressively merges with 
the main arrival. This early arrival is generated by the high bathymetry near the epicentre and 
may not be well modelled due to the poor resolution of the bathymetric grid (~ 1.5 km grid 
spacing) or to inadequate crust parameters (lack of sediment layer?). 

To test the effect of the SOFAR channel, we replaced the sound-speed profile with a 
constant velocity of 1495 m/s. The mean amplitude on a vertical array of receivers does not 
show any channelling effect in the water column (Fig. 4). This is probably due to the fact that 
the SOFAR channel is as thick as the water column throughout the model, meaning that the 
water column is entirely insonified by T-waves. Furthermore, near the epicentre, the 
conversion probably occurs right in the axis of the low-velocity water-layer. 
 

 
Fig. 4: (Left) Simulated T-phase arrivals at hydrophone M7 with a constant velocity 

profile in the water column. (Right) Mean T-phase amplitude along a vertical array of 
receivers for models with a SOFAR channel (solid line) or a uniform sound speed (dashed 

line). 

4. CONCLUSION 

Despite the simplifications in our models, for instance in the source shape or in the crustal 
parameters, SPECFEM2D is able to produce realistic T-wave signals with cigar shapes and 
durations of 50-100 s, similar to the actual data. Furthermore the observed differences in the 
data may provide insights on the source and the medium. Therefore SPECFEM2D proves to 
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be an efficient tool to improve our understanding of the physics of the generation and 
propagation of acoustic waves produced by submarine earthquakes. 
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Abstract: The sound speed in sea water is one of the most important marine 
environment parameters. The accurate measurement for water velocity is of great 
significance in underwater ranging and positioning, and it also has great influence on 
sonar equipment performance. Phase difference method is one of the most common 
means of measuring the sea water velocity. Based on this method, an adaptive phase 
difference estimation algorithm for sea velocity measurement was presented, and its 
effectiveness was tested by the experiment in this paper. The experiment results 
showed that, the water velocity measurement results by means of adaptive phase 
difference estimation was within a precision of 0.03 meters per second. 
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1. INTRODUCTION

Sound speed in sea water is a significant environment parameter in oceanography. 
Many oceanographic parameters have influence on sound velocity. Among them, the 
temperature, salinity and pressure are the most important. There are two means to 
measure the sound velocity in water, they are indirect and direct measurement 
method. What is called indirect measurement method is measuring seawater salinity, 
temperature and pressure by CTD Conductance-Temperature- Depth , and using the 
empirical formula to calculate the water velocity [1]. Three empirical formulas, 
Chen-Millero algorithm [2], Del Grosso algorithm [3] and Wilsoon algorithm [4] are now 
generally accepted. Direct measurement method is to calculate the sound velocity in 
seawater by measuring the physical quantities related with the velocity directly. The 
propagation delay time method and phase comparison method are common to 
measure the seawater sound speed. The propagation delay time method is to measure 
the sound propagation delay in a known distance. Sing around method is one of the 
most common means of measuring the sea water velocity[26]. Transmission transducer 
sent the ultrasonic pulse, and then, the pulse transmitted through seawater in a 
distance and was received by receiving sensor. After amplification and reshaping, the 
pulse triggered the transmission circuit to launch the next pulse. Ignoring the circuit 
delay, the repetition period equals to the ultrasound propagation delay in seawater. 
The distance between the sending and receiving transducer is known, then the sound 
velocity was calculated accordingly. Phase comparison method is to estimate the 
phase difference between the transmitting waveform and the received waveform to 
measure the velocity in seawater. The sound propagation time delay depends on the 
phase difference between transmitting and received signals and the signal frequency. 
Due to the periodic property of sinusoidal signal, there will be a whole cycle phase 
fuzzy problem in phase estimation when the phase changed more than 2 . 
Accordingly, the accurate phase difference could not be obtained. In this paper, 
adaptive phase estimation is used to calculate the phase difference between the 
emission and the received signal, and the signal envelope front is used to solve the 
problem of phase ambiguity.  

2. MEASUREMENT MODEL 

The signal emitted by the transmitting transducer is assumed to be periodic 
sinusoidal pulse, which is expressed as 

                             (1) 

where T is the cycle time, is the pulse width. 
The transmitting transducer makes a sound signal, and the sound propagates in the 

water over a distance and gets to the receiving sensor. The sound signal received by 
the receiving transducer can be written as 
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where L is the distance between the transmitting transducer and receiving sensor, c 
is the sound velocity in seawater, k is the attenuation coefficient. The phase difference 
caused by the sound propagation can be derived from Eq. (2) is 

Eq. (3) clearly shows that the phase difference between received signal x(t) and 
emission signal s(t) has phase ambiguity when the distance between the transmitting 
and receiving transducer is more than wavelengths. The signal waveform is pulse 
wave shape, therefore, we can do the rough measurement for the signal propagation 
delay by the envelope front of the received signal x(t), and make the accurate 
measurement for the propagation delay by the phase difference between received 
signal x(t) and emission signal s(t). The propagation delay of the sound signal can be 
expressed as  

                                        (4) 

where  is the envelope delay of impulse signal, T0 is the cycle,  is  

take the remainder by .  is written as 

where  is the phase difference measured between emission signal s(t) and 
received signal x(t), and . 

Accordingly, the sound velocity in sea water is  

3.  ADAPTIVE PHASE ESTIMATION 

Notch filter is an adaptive filter which can estimate the phase difference between 
the input and the reference signal. In this paper, LMS adaptive algorithm was used to 
do the phase estimation. Fig.1 shows the structure of Notch filter. 

x(t) is the input signal, Wc and Ws are the weight coefficients.  and  
are orthogonal reference signals, which can be written as 

LMS adaptive algorithm is applied in this paper, and the iterative formulas of the 
weight coefficients are:  
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Fig.1 the structure of Notch filter 

When the filter converged, , we can get the weight coefficients, 

                                               (9) 

Derived from Eq. (9), the phase difference between input and reference signal 
 can be expressed as 

                                                (10) 

and the envelope of the received signal is 

                                           

(11) 
When the Notch filter keep stable, we can use Eq. (10) to estimate the phase 

difference between emission and received signal and Eq. (11) to calculate the 
envelope of the received signal. 

4. SYSTEM COMPOSITION AND EXPERIMENTAL RESULTS 

Functional block diagram of sea water velocity measurement system is shown as 
Fig. 2. The signal generator generate a group of orthogonal signals  and . 
Through the pulse gate,  becomes a pulse wave whose cycle is T and pulse 
width is . Then the pulse wave was emitted to the sea water by the emission 
transducer. The pulse-pattern sound propagates over a distance L in the water, and 
then it is received by the receiving sensor. After amplifying by the amplifier, the pulse 
wave becomes the input signal x(t) of the Notch Filter and Envelop Detector. In the 
meanwhile,  and  are the reference signals of Notch Filter.  
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Fig. 2 Functional block diagram of sea water velocity measurement system 

Fig. 3 Transmitting and received signal             Fig.4 Notch filter output 

The normalized amplitude of the amplified signal emitted from the transmitting 
transducer and the one of the amplified signal received by the receiving sensor are 
shown in Fig. 3. Fig. 4 shows the output of Notch filter, the envelope of the received 
signal and the phase output. It can be seen from Fig. 4 that the phase of input signal 
and reference signal levels off when the normalized envelope exceeds 0.8, that 
manifests the phase difference of emission and received signal. 

In pure water, the sound velocity is dominated by temperature. When the 
temperature of pure water is 20oC, the corresponding sound speed is 1482.358m/s. 
According to that relationship, we calibrated the distance between the transmitting 
and receiving transducer. After the distance fixed, we measured the sound speed in 
pure water when the water temperature was 5oC, 10oC, 15oC, 20oC, 25o C and 30oC. 
The measurement results were shown in Table 1, and the results were obtained by the 
statistics of 4096 impulses. 
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5oC 1426.167 1426.146 0.40 0.021 
10oC 1447.279 1447.266 0.34 0.013 
15oC 1465.943 1465.972 0.61 -0.029 
20oC 1482.358 1482.331 0.56 0.027 
25o C 1496.704 1496.727 0.45 -0.023 
30oC 1509.144 1509.170 0.55 -0.026 

Table 1. The sound speed measurement results at different temperature in pure water 

5. CONCLUSIONS 

The adaptive phase difference estimation method comprised two processing, the 
rough estimation which measured the sound propagation delay by analyzing received 
signal’s envelop, and the accurate estimation method which obtained the delay by 
measuring the phase difference of transmitting and received signal. The experiment 
results showed that, the water velocity measurement results by means of adaptive 
phase difference estimation was within a precision of 0.03 meters per second. 
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Abstract: Underwater glider is a kind of AUV which takes advantages both of traditional 
buoys and underwater robot techniques. It has many merits such as long time working, 
long range moving & low cost to use etc. The acoustic system on it takes an important role 
to ensure its usage of ocean monitoring. In this paper, the acoustic system design of an 
underwater glider is described, which includes a deep water vector hydrophone, the 
corresponding sampling circuits and signal processing module. The structure of the deep 
water vector hydrophone is described, with its function analyzed. Moreover, the signal 
processing design is briefly introduced and the prospects of underwater glider used in 
deep water are proposed.

Keywords: Underwater glider, Vector hydrophone, Acoustic detection 
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1.  INTRODUCTION

Recent years, some unmanned devices such as remotely operated vehicles(ROV), 
autonomous underwater vehicles and drifting profilers have been developed  to provide  
platforms carrying the underwater sensors to detect deep water environments. Of 
particular interest for long term monitoring of the environment is a subset of AUVs known 
as underwater gliders. Underwater gliders are quickly becoming a relatively in expensive 
long duration autonomous platform that can carry a multitude of sensors[1].  

Underwater glider is a kind of AUV which takes advantages both of traditional buoys 
and underwater robot techniques. It has many merits such as long time working, long 
range moving & low cost to use etc. Underwater gliders propel themselves by changing 
their buoyancy. A change in buoyancy leads to platform motion in the vertical (depth) 
direction, while forward motion in the horizontal direction results from the addition of a 
pair of wings to the torpedo-shaped platform hull. The wings provide lift which ensures 
the glider to move up and down. These two orthogonal motions allow the glider to move 
smoothly or follow a sawtooth trajectory (in the vertical plane) [2]. So the glider can 
sample and measure in depth as well as laterally. 

Many sensors have been used to underwater gliders, such as temperature, salinity, 
pressure, optical and oxygen sensors [3]. Besides, acoustic sensor system should be an 
important part of the sensors carried by glider. As we all know, the acoustic environment 
can change substantially depending on conditions such as temperature and salinity, surface 
conditions and local traffic, both spatially and temporally on relatively small scales. 
Moreover, there are so many acoustic environments remain unknown to us especially in 
deep ocean that advanced acoustic devices needed to be developed to detect and acquire 
adequate knowledge of the areas of interests. To measure the acoustic environment 
directly, acoustic devices suitable for gliders is essential. 

In this paper, a kind of underwater glider is introduced, with the focus on the acoustic 
system design. The acoustic system includes a deep water vector hydrophone, the 
corresponding sampling circuits and signal processing module. The structure of the deep 
water vector hydrophone is described, with its function analyzed. Finally, the prospects of 
underwater glider used in deep water are proposed. 

2. UNDERWATER GLIDER 

The designed underwater glider in this paper is a deep sea measure device, which 
funded by the national high technology research and development program of china. This 
underwater glider contains 3 sub-systems, the acoustic detection system, the glider system 
and the shore station system. The acoustic detection system, the core of this project, 
involves in a vector hydrophone and its affiliated circuits used for sample, storage etc., 
which designed small sized, low power consumption to meet the glider needs. As the 
platform and carrier of the measure task, the glider contains attitude control unit, 
observation control unit, navigation control unit and assistant control unit. The shore 
station system can fulfil the data reading, program updating, debugging and recharge 
through an umbilical cable connected to the glider, and control the glider through wireless 
or satellite communication.  

The overall structure of the underwater glider is shown in Fig.1, to ensure the acoustic 
detection performance, the middle sect of the glider should be straight so that the  flow 
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field is uniform and stable. To reduce the disturbance to the acoustic detection, the gliding 
wings are not located at the middle sect but the after-body. By the above consideration, the 
underwater glider itself mainly contains two parts of hull and wings. The wings include 
horizontal gliding wings and vertical tail unit, in which the horizontal gliding wings can 
perform as the antenna of satellite and wireless communication concurrently. The bow and 
tail are designed pervious to water. The vector hydrophone is in the bow, and air sac 
placed in the tail. The middle cabin can be divided to 3 parts. The former part is the 
driving force cabin, including buoyancy driving, pitch and roll control devices. The 
middle part is also pervious to water with instruments such as CTD in it. The back part is 
electronics cabin, including wireless satellite communication units, power management 
and emergency devices etc.  

  
Fig.1   Structures of underwater acoustic glider 

The material of the glider hull is LC4 aluminium alloy, and the material of bow is 
selected carbon fibre which is pervious to sound and water. The vector hydrophone is 
packaged in a oil-filled pressure cavity which is fixed by vibration absorptive materials in 
the carbon fibre shell. 

3. ACOUSTIC DETECTION SYSTEM 

The acoustic detection system includes deep water vector hydrophone, acoustic signal 
sampling and storage units etc.  

3.1 Vector Hydrophone 
There are two ways to make the vector hydrophone, one of which is to use the non-

pressure-resistant accelerometer plus metal pressure resistant shell, the other is to use the 
pressure resistant accelerometer. These two ways are demonstrated, and finally the first 
way was adopted.  

Due to the 1500 m working depth, the pressure resistance design is one of the key 
techniques. A resonant type vector hydrophone is adopted in this paper, and it is placed in 
a metal pressure resistant shell to be capable of working in 1500 m depth. The structure of 
metal pressure resistant shell has been optimized by simulation to reduce the weight and 
ensure the pressure resistance performance at the same time. According to the theories of 
elastic mechanics, generally, thin shell structures have good membrane tension and high 
bending rigidity, so they are light in weight and high in bearing capacity. Under the static 
and dynamic loading, thin shell structures destructs are mainly buckling instability, and 
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the destructs are usually strongly suddenly. When the vector hydrophone works in the 
deep ocean, the pressure of water is increasing with depth, hence the shell design is the 
most important in the design of deep water vector hydrophone. Through simulation and 
experimental verification, a short column shell with two hemispherical ends is designed, 
as shown in Fig.2. 

   
                                       Fig.2  The shell of deep water vector hydrophone 
After the pressure resistant shell is made, a bracket is fixed to it, and then the vector 

hydrophone is hung on the bracket. 
There are many kinds of accelerometers, such as piezoelectric accelerometer, MEMS 

accelerometer and optical fiber transducer accelerometer etc.. In this paper the traditional 
accelerometer made by cut piezoelectric ceramic PZT is adopted. The sensitivity of this 
accelerometer reaches -184dB@1kHz, which make it suitable for the detection of weak 
signals. 

The size of this 2D vector hydrophone is Ø130mm×140mm, density 1.35/cm3. The 
electronic compass and sampling circuit are also made in the pressure resistant shell. The 
size of pressure resistant shell is Ø240mm×300mm. 

Characteristics of the vector hydrophone are as follows: 
1)  Zero buoyancy in water 
2)  Pressure depth 1500m 
3)  No magnetic material (titanium alloy) 
4)  Compass built-in 
5)  Centre of gravity, Centre of buoyancy and core coincides 

Vector characteristics are as follows: 
      1)  Sound pressure sensitivity: see Fig.3 
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               Fig.3  Sound pressure sensitivity curve of  vector hydrophone 

2)  Dimension: 2D 
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3)  Directivity of vector: Resolution 20dB,  
Asymmetry  ±1 dB,  
Non-orthogonality 5° 

Scalar characteristics: sensitivity 190dB 
The vector hydrophone is built in the former cabin of the glider, as an independent 

acoustic detection unit, to reduce the influence from flow noise. A self-stabilized cross is 
designed to fix the hydrophone to make it keep stable. The high stability of the vector 
hydrophone may ensure the influence from attitude change of the glider reduced, and the 
range of motivation attitude angle detected enlarged. The installation of the vector 
hydrophone is briefly shown in Fig4. 

 
                   Fig.4   Sketch map of vector hydrophone installation 

 
The motivation range in the roll dimension is ±15°, and in the pitch dimension 

approach ±180°. The vector hydrophone is sealed in the pressure resistant cabin filled oil. 
The water-tight oil-filled cabin has 3 functions: firstly, it can effectively transfer hydraulic 
pressure and vibration velocity signals outside the shell. Secondly, it can reduce the 
impact by the currency which is motivated by the movement of the glider. Finally, it 
prevents the components of hydrophone from eroding by the ocean water. 

 
3.2 Acoustic Signal Sampling and Storage 
The signals sampled by vector hydrophone include scalar hydrophone signals and 

acoustic vibration velocity signals. The sensitivity of these two kinds of signals is quite 
different, so that the gain of preamplifier circuits must be well controlled. The acoustic 
detection data are self-contained stored, sampled from 4 channels, with 16-bit precision 
and sampling rate of 5kHz. The data size should be about 1T during one month. 

The sampling system contains the analog receiver composed by multichannel low-
power analog receiving circuits, which mainly fulfil the amplifying and filtering of  the 
backscatter signals. The core of sampling system is ADSP-BF548, and the operation 
system is built on the uclinux embedded OS. The main function of this sampling system is 
to package and store the data from vector hydrophone and compass. The data from vector 
hydrophone, firstly amplified through two level preamplifiers, then transformed to digital 
data through AD, are sent to FPGA together with the data from compass. FPGA make 
time alignment and package, and then send this data package to DSP. DSP store these data 
packages in CF card. 

The technical index of preamplifier: 
 1)  Gain range: 20~60dB 
 2)  Circuit noise: <3uV 

      3)  Bandwidth: 10Hz~5kHz 
The block diagram of the sampling and storage system is shown in Fig.5. 
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                    Fig.5   Data flow of sampling and storage system 

3.3 Acoustic Signal Processing
When it is planned a long voyage for the glider, the signals are stored in the glider and 

processed after return.  While real-time detection is needed, the signal processing module 
is placed in the watertight cabin to do the real-time target detection and recognition. After 
the target is detected, the detection results will be transferred to the control module, and 
the glider will maneuver according to the control strategy.  

The main contents of signal processing are listed as follows: 1) power spectrum 
analysis, by which the spatial and temporal variant characteristics of signal spectrum are 
analyzed, 2) the spatial directivity analysis, including the noise distribution characteristics 
of targets such as surface ships, and the temporal and spatial directivity characteristics of 
environmental noises, 3) the joint processing between sound pressure and particle 
vibration velocity to acquire the inner properties of sound field and to analyze the 
radiation rules in the sound field.  

Some very-low frequency line spectrum detection experiments have been done by use 
of the above introduced system, and it is proved the vibration velocity information of 
vector hydrophone can be used to detect the underwater acoustic weak signals. 

4. SUMMARY

In this paper, the acoustic system design of an underwater glider is described, which 
mainly includes a deep water vector hydrophone and the corresponding sampling circuits 
and signal processing module. The vector hydrophone not only measures the traditional 
sound pressure in the sound field, but also measures the particle vibration velocity vector 
in phase at the same point. The bearing information of sound source is included in the 
particle vibration velocity, thus the vector hydrophone can locate the sound source only by 
single sensor. Moreover, the joint processing based on sound pressure and particle 
vibration velocity may be helpful to acquire the inner properties of sound field, such as the 
travelling wave field and stationary wave field etc, which may be very useful to reveal the 
acoustic characteristics of target and the sound field. Equipped this vector hydrophone, the 
underwater glider is expected an advanced device to the deep ocean measuring.  
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Abstract: Synthetic Aperture Sonar has been proved to be a powerful imaging technique 
that coherently combines echoes from multi-pings along the survey path to construct a 
long virtual array of hydrophones. It is convinced that different types of sea floor 
sediments present various texture features in sonar images, that is to say, texture features 
are a direct description of the roughness of sea floor surface and seabed structure, so 
texture features of can be used to classify the sea floor sediments. SAS images contain rich 
texture features, while gray level co-occurrence matrix(GLCM) can characterizes the 
textures from different perspectives with many characteristic parameters. So in this paper, 
the texture features of SAS images are described by GLCM, and the sediments are 
classified by calculating the GLCM parameters of energy, correlation, contrast and 
entropy etc. The experimental results indicate the feasibility of classifying Sediments 
based on GLCM parameters of SAS images. 

Keywords: Synthetic Aperture Sonar(SAS) Sedimentary Classification, Texture feature
Grey level co-occurrence matrix(GLCM) 
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1.  INTRODUCTION

The research of sea sedimentary classification is the base of many applications such as 
physical geography exploration, ocean mapping and oceanographic engineering. For 
example, it is necessary to find out the type of sea-bed before offshore oil and gas 
exploration, and after the engineering has be done as well to reserve the records of the 
engineering. The utility of acoustic techniques in sedimentary classification lies in the 
ability to provide relatively rapid coverage of large seabed areas, compared to 
conventional direct sampling methods. Although aerial and satellite based systems have 
been greatly developed these years, the acoustic techniques are considered as the most 
important approach especially when water depth or turbidity limit the scope of optical 
sensing. 

The extensive use of acoustic remote survey in sedimentary classification reflects its 
characteristics of high efficiency, continuously data collection etc., due to the relatively 
low absorption experienced by acoustic waves in seawater, compared to electromagnetic 
waves at frequencies of interest. Imaging sonar is good approach to sedimentary 
classification because it can provide images of a large scale of seabed in which the gray 
level of the pixels mainly reflects the backscatter intensity of the seabed. Whereas the 
intensity of sound backscatter is complicated, involving many factors such as the emission 
frequency, type of the sedimentary, grazing angle etc., so it is not credible to classify 
seabed only by means of gray level of the pixels since that different types of the sediments 
may give the same backscatter intensity. 

Fortunately, sonar images can provide more information known as texture, which 
reflects the inherent characteristics of the surface of the seabed.  The texture in an image is 
widely concerned and studied, as an important part of humanoid vision research, however 
there is no an appropriate model to integrally described it yet. Generally speaking, the 
texture can be considered as the regular combination of the texture elements which 
represents the repeated, simply shaped, and consistent pixel mass. The texture analysis is 
based on the description of the arrangement rule of these texture elements or their 
arrangement patterns Error! Reference source not found..  

Texture can be used to sedimentary classification as it is the direct reflection of the 
roughness degree of seabed surface structures. From former studies, it is found that the 
texture features in sonar image produced by different sediments differ greatly Error!
Reference source not found.. The sonar images produced by rocks, sands and mud have 
obviously different texture, which can be distinguished by human eye, while the images 
produced by mud and clay exhibit textures with little differences can hardly be visibly 
distinguished Error! Reference source not found.. 

Synthetic Aperture Sonar, known as a kind of high resolution underwater imaging 
sonar, can produce high quality seabed images. The range and azimuthal resolution of 
SAS can both be high because of the synthetic aperture techniques which improves 
azimuthal resolution without long receive array [4]. Compared with conventional side-
scan sonar, SAS can extend aperture length by use of virtual aperture based of the 
movement of arrays, so theoretically the resolution of SAS images is independent of 
frequency and range. Hence SAS can contemporarily meet requires of high resolution and 
long distance with short array and low frequency. To sum up, SAS offers the potential to 
provide better resolution and area coverage rate than a comparable length real aperture 
sonar system [5].  Due to the uniform high resolution, SAS image shows texture features 
of landform and physiognomy of seabed clearly, therefore, we believe it is a good choice 
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to classify sedimentary based on SAS image.  The rapid evolution of SAS techniques and 
data processing technologies give us the assurance that significant new developments will 
be realized in years to come [6]. 

2. IMAGE TEXTURE ANALYSIS 

The approaches to express and analysis Image texture features generally include 
statistical method, structural method and model-based method.  Haralick [7] brought 
forward the concept of Grey Level Co-occurrence Matrix (GLCM) in 1973, which has 
been developed to be a widely used texture measurement. The   GLCM based texture 
feature extraction is a typical statistical method. In 1992, P. P. Ohanian [8] provided the 
compare results of a couple of texture measurement techniques. According to these 
experiment results, it is proved that the GLCM based features gave better performance 
than fractal dimension, Markov model and Gabor filter model in the 4 features 
classification experiments.  The GLCM based texture analysis has been increasingly used 
to image detection and classification in recent years, and been proved of good adaptability 
and robustness. In this paper, the SAS images are analysed through GLCM method. 

 
2.1Create GLCM 

As the gray level histogram is a graph showing the number of pixels in an image at 
each different intensity value found in that image, the GLCM is a matrix that is defined 
over an image to be the distribution of co-occurring values at a given offset. GLCM can be 
the distribution of the gray level of any 2 pixels with a given distance. 

Mathematically, a co-occurrence matrix is defined over a MN image I, parmeterized 
by an offset( x , y ),as: 
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where i and j is the gray level of image I, valued 0 to k-1. 
The elements of matrix C counts to k2, which can be arranged to a square matrix, 

representing the occurred times of each combination of (i, j). The GLCM is computed by 
normalizing matrix C by the total occurred times of all combination of (i, j), as: 
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Note that the ( x , y ) parameterization makes the GLCM sensitive to direction.  
When 1x , 0y ,  the pair of pixel is horizontal, corresponding to the texture 

features of range direction in the  SAS image.  
When 0x , 1y ,  the pair of pixel is vertical, corresponding to the texture features 

of azimuthal direction in the  SAS image.  
When 1x , 1y ,  the pair of pixel is diagonal, corresponding to the diagonal 

texture features of the  SAS image.  
When 1x , 1y ,  the pair of pixel is left diagonal, corresponding to the left 

diagonal texture features of the  SAS image.  
 

2.2 Features of GLCM 

GLCM reflects the integrated information about the direction, adjacent intervals and 
change range of the gray level of an image, so the local patterns and pixel arrangement can 
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be analyzed by GLCM.  To intuitively describe the texture information, generally, it is not 
the GLCM itself be used directly, but the second degree statistics calculated on the basis 
of GLCM. Haralick etc. defined 14 GLCM feature parameters used to texture analysis, in 
which only 4 are irrelevant, according to the research of Ulaby etc. [9]. These 4 feature 
parameters are usually adopted to extract the feature parameters of images, because that 
they are not only easy to compute, but also capable to present relatively high classification 
precision. These 4 feature parameters are as follows: 

A. Angle Second-order Moment (ASM) 

The Angle Second-order Moment, also named energy, is defined as the square sum of 
each GLCM element.  

i j
jiPASM 2),(                                                                 (3) 

The ASM reflects the uniformity of the distribution of image gray level and thickness of 
the texture. If all the GLCM values are equal, the ASM values small. If ASM values big, it 
means that the texture is coarse or the image energy is high. Whereas, and vice versa. 

B. Correlativity (COR) 

Correlativity measures the similar degree of GLCM elements in row or column 
direction, and its value reflects the local correlativity. It is defined as: 
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i j

x jiPi ),( , 
j i

y jiPj ),( ,   

i j
xx jiPi ),()( 22 , 

j i
yy jiPj ),()( 22  

When the image has a directional texture, the COR of GLCM in the direction has a big 
value. 

C. Contrast (CON) 
Contrast is defined as: 

i j
jiPjiCON ),()( 2  

which is the moment of inertia nearby the main diagonal. Contrast measures the 
clearness of the image and the scope of the texture. 

D. Entropy (ENT) 
Entropy is defined as: 

),(log),( jiPjiPENT
i j

 

Entropy measures information quantity of an image, and the complexity and un-
uniformity of the texture. Entropy value is nearly zero if there is no any texture in the 
image, and it values big if complicated texture exits in the image. 

3. SEDIMENTARY ANALYSIS BASED ON SAS IMAGE 

SAS image contains lots of texture features because of its constant high resolution. In 
this paper, we mainly compare the texture features of 2 kinds of sediments. Figure 1 
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shows a SAS image got in a lake trial, the sediments contain submerged farmland and 
river-way. The upside of this image is submerged terrace, with mud as the most 
component of sediments. There is a submerged river-way below the terrace, with sand as 
the most component of sediments. 

 
                                       Fig.1  the original SAS Image 
The SAS imaging in range direction is based on pulse compression technique, while in 

azimuthal direction based on synthetic aperture theories, thus, the GLCM of SAS images 
has different features in the two directions respectively. But from some experiments, we 
found that the GLCM features in the two directions mainly depend on the texture itself. 

In this paper, we use a sliding window sized 512 512 pixels to select data to be 
analyzed, and the value range of GLCM offset is [1 80]. 

              
                                      Fig.2   features of GLCM (range directional) 
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Fig2 shows how the GLCM change with range offset. The Angle Second-order 
Moments of the two kinds of sediments both do not vary with the increase of range 
directional offset, however, the ASM of submerged terrace is obviously bigger than that of 
the sand sediments. This phenomenon illuminates that the texture of sand sediments is 
relatively not so coarse as the sediments with complex structures. 

As far as correlativity is concerned, two kinds of sediments show similar varying trend, 
and the submerged terrace has smaller value than the uniform sand sediments. These two 
kinds of sediment share the same characteristics that correlativity has high value when 
range directional offset is small, and then it rapidly decrease to nearby zero with the offset 
increasing. By the concept that correlativity measures the similar degree of the row or 
column of the GLCM, reflecting the local comparability of the image, these phenomenon 
illuminated that the texture elements of these two sediments are both small, and the 
correlativity rapidly decrease if offset increases, the texture change to irrelevant rapidly.  

The Contrast shows the contrary feature with Energy. The contrast of submerged 
terrace is obviously bigger than that of the uniform sand sediments, besides the contrast of 
these two sediments do not vary with the range offset increasing. These phenomenon 
means that the texture of submerged terrace have deeper texture structures than the 
uniform sand sediments, which meets our intuitionistic knowledge. 

The entropy of submerged terrace is a little stable, remaining a high value, and nearly 
do not vary with the offset increasing, whereas the entropy of uniform sand sediments 
varies around a low value. This phenomenon shows the submerged terrace region contains 
more information than the uniform sand sediments, and has bigger randomicity and more 
obvious textures. 

According to above analysis, we constructed a feature vector v, which contains the 4 
features of GLCM, as: 

 ],,,[ ENTCONCORASMv  
Where ASM, COR, CON and ENT are the angle second-order moment, correlativity, 

contrast and entropy respectively. We use SVM as the classifier, and the images of typical 
sediments as the training set. Then we get the classification results of Fig1, as shown in 
Fig3, with black represents the sweep blind zone, green represents the coarse texture, and 
red the uniform sand sediments. 

                        

                        Fig.3   Classification result of Fig.1 

1st International Conference and Exhibition on Underwater Acoustics

310



 

It seems that the size of sliding window should be smaller to give more exquisite 
results. If the blind zone is not considered to reduce calculation, and the size is decreased 
to 256, the same region was classified according to the above approach, with the results 
shown in Fig.4 (b). 

   
               (a) original image                                           (b) classification result 
                          Fig.4   Classification result with a small sliding window 
From Fig.4 (b) and Fig.3, it can be figured out that the size of sliding window affects 

the classification result. Obviously, the small sliding window gives more detailed result. 
However, the GLCM based SVM can segment the upper textured mud sediments and the 
lower uniform sand sediment. 

4. CONCLUSION  

SAS is a suitable equipment to be assembled on the ROV or UUV to carry out the deep 
ocean explore. ROV or UUV provides the stable moving platform which needed by 
synthetic aperture algorithms. SAS provides the side-looking high resolution imaging 
capabilities which is the basis of large scale sea bottom explore. In this paper, the GLCM 
is used to describe the texture features of SAS image, and the sediments are classified 
based on the GLCM features. The experimental results show the feasibility of this 
approach and the abundant texture information contained in SAS images implies the 
potential deep water utilities. 
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Abstract:

The concept of integrated acoustics for ocean observing embraces passive acoustic 
monitoring, navigation and positioning, communications, and tomography using fixed and 
mobile platforms within the framework of unifying, data assimilating ocean and platform 
models. It has been maturing over the last two decades and longer. Selected results from 
the authors’ past and present work illustrating the various components are presented. 
These include using a wave glider as a communications/navigation gateway and for 
passive monitoring, preliminary results of long range underwater glider precise 
positioning, and passive measurements at the ALOHA Cabled Observatory. Ongoing and 
new infrastructure developments will support these and many other continuing efforts. For 
example, the International Telecommunications Union is coordinating steps to have 
sensors included in commercial submarine cables; over the coming decades, normal cable 
replacement could yield a long-lived reliable observing network spanning the ocean 
basins.

Keywords: ocean acoustic tomography, passive acoustic monitoring, acoustic 
communications, acoustic positioning, acoustic navigation, cabled ocean observatories, 
RAFOS-2 
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1. INTRODUCTION

Over the last decades there have been significant advances in the technology of ocean 
observing, i.e., infrastructure and platforms, and the inclusion of acoustics therein ([1-4]). 
In many cases the acoustic components can be used for multiple purposes. Active sources 
can provide navigation, communication, and tomography signals. Receivers can listen for 
and make use of all of these signals, while at the same time monitoring for wind and rain 
or shipping and marine mammals, all part of “passive acoustic monitoring” (PAM). Here 
several examples the authors have been involved with are reviewed.  

In section 2, a relatively new platform, the autonomous surface vehicle wave glider, is 
described and its use as a navigation and communications gateway and a PAM platform is 
described. In section 3, the similar use of the underwater autonomous glider platform, the 
Seaglider, is described, including recent results of precise long range underwater 
positioning. In Section 4, the ALOHA Cabled Observatory is presented as an example of a 
deep ocean system that presently supports PAM and is expected to add active components 
for the aforementioned applications. Lastly, we speculate on future directions. 

2. WAVE GLIDERS 

The wave glider (Liquid Robotics, Inc.) is a new autonomous surface platform 
introduced recently in 2008. Here we report on first tests of the platform with an acoustic 
modem (WHOI micro-modem) and a passive acoustic recording system (WHOI DMON). 
See [5] for more details. 

Figure 1 shows the basic wave glider and how the acoustic transducers were mounted. 
The electronics for both were installed in the instrument bays of the float along with a HF 
radio unit for local communications. At the time there was no attempt to integrate these 
components with the wave glider to make use of, for instance, its Iridium satellite 
communications. Initial tests using the DMON system indicated that acoustic noise was 
significantly higher on the surface float than on the glider. This led to mounting the 
acoustic modem transducer (ITC 3013) on the glider as shown in the figure.   

 

 
 
 

Fig.1: Wave glider components (from [5]). 

To demonstrate the navigation capability, the wave glider was used to survey in a 
bottom transponder, Figure 2. The water depth was 235 m. The wave glider was 
commanded to run a pattern around the transponder with the micro-modem interrogating 
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the bottom transponder and measuring the round-trip travel time. The latter were 
exceptionally smooth as were the detailed GPS measurements (not shown), leading to a 
surveyed transponder position with 1.7 m rms horizontal errors, with only minimal data 
quality control (e.g., removal of the obvious outlier around 00:00 caused by another 
nearby acoustic transponder). In other missions, the communications function was 
confirmed. The wave glider modem was able to communicate with a modem at depths of 
500 m and 2,500 m and at ranges in excess of 3 km, but the reliability and the input SNR 
varied with the local noise field around the surface receiver. Lastly, vocalizations of 
humpback whales were recorded (Figure 3). The latter results may be compared with those 
of Wiggins et al. [6]. 

 

Fig.2: Wave glider navigation results from 10 March 2010 (from [5]). 
 

 
Fig.3: Wave glider passive acoustic listening results (from [5]). 

 
The wave glider has proven to be a robust platform that is able to easily accommodate 

new instrumentation. For navigation and positioning subsea platforms, open ocean ranges 
up to 10 km (as normally obtained in practice) should be achievable with the wave glider 
as configured here. Some of the estimated positioning error is associated with the offset 
between the float GPS antenna and the acoustic transducer on the glider. Kraus has 
developed a dynamical model [7] as one step toward accounting for this constantly 
changing offset, and toward the use of the glider in seafloor geodesy application, for 
example. A major intrinsic limitation of the wave glider is its restriction to surface/near-
surface applications. Acoustics can extend the reach as demonstrated above, though at 
some point significant direct access to increased depths, e.g., beneath the mixed layer, will 
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be needed, perhaps by a tether or winch system. LRI has recently introduced a somewhat 
larger wave glider version (~1/3 longer) that may facilitate this.  

3. SEAGLIDERS 

A RAFOS hydrophone and receiver system were first integrated in Seaglider and 
deployed in the 2004 LOAPEX experiment in the North Pacific. While setting at-the-time 
records for mission parameters (3000 km, 600 dives, 190 days), these gliders received 
signals from three RAFOS sources (260 Hz center frequency, 1.5 Hz bandwidth) off 
California at ranges up to 1900 km. This was the first demonstration of RAFOS capability 
on Seagliders, and has led to use in the Arctic under ice (Lee et al., [3]) 

During 2005-2006, a new acoustic receiver system (ARS) and a WHOI micro-modem 
were integrated into the Seaglider (Fig. 4) and deployed and tested. In the first deployment 
during July 2006 in the Philippine Sea (LWAD06), signals from acoustic sources near and 
far were received on the ARS. In MB06 in August in Monterey Bay, the micro-modem 
was used to command bottom-mounted instrumentation, demonstrating this 
communications gateway capability for the first time. The ARS system recorded the 
acoustic communications traffic as well as many marine mammal vocalizations, some 
shown in Fig. 5 and described in [8]. In September off Kauai, a Seaglider recorded 2-hour 
long ATOC signals (75 Hz center frequency, 37.5 Hz bandwidth) [9]. “IAP” processing 
(integrated autocorrelation phase, [10]) was used to estimated travel time and Doppler 
from the instantaneous broadband signals (Fig. 6 left). At a range of ~100 km, travel times 
agreed with ray predictions at the 100 ms level, and the Doppler agreed with the estimated 
glider velocity to roughly 5 cm/s (Fig. 6 right). For this very brief deployment and 
geometry, the Kauai mission demonstrated the ability to receive m-sequence coded 
signals, perform coherent processing (~5-10 min integration time, 14 dB gain), and to 
resolve and identify multipath ray arrivals on a moving glider; measured travel times and 
Doppler were in reasonable agreement with predictions/independent estimates.  
 

 

Fig.4: Seaglider components. 
 
These preceding successes motivated continued effort to use ARS equipped Seagliders 

in a configuration with multiple sources to demonstrate high precision long-range 
positioning as well as to attempt the joint estimation problem of position and sound speed, 
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i.e., the RAFOS-2 and tomography framework described by Duda et al. [4]. For instance, 
if there are five sources and one glider receiving, two of the measured travel times/ranges 
are necessary to position the glider leaving three data that can contribute to the 
determination of the sound speed field, i.e., tomography. The division of information 
between position and sound speed is not self-evident in the data itself, rather that is left to 
the joint estimation/inversion procedure that incorporates additional constraints. 

 

 
 

Fig.5: Seaglider MB06 passive acoustic monitoring results 
(0-2.5 kHz on vertical axis and 0-60 s on horizontal axis). 

 
 

Fig.6: Kauai 2006 results: (left) Doppler-time surface showing multipath arrivals, and 
(right) glider Doppler velocity (solid) compared with glider-estimated velocity (points). 

In November 2010, four ARS-equipped Seagliders were deployed in the Philippine Sea 
as part of the larger PhilSea10 experiment with six acoustic tomography transceiver 
moorings and a distributed vertical line array receiver (DVLA; Fig. 7; [11-13]). The glider 
acoustic data was replica-correlated to obtain arrival patterns for each transmission. For 
the preliminary positioning analysis reported in [13], the predicted eigenray arrival pattern 
for a particular reception was shifted in time to match the received arrival pattern. Time 
offsets were multiplied by 1500 m/s to obtain range offsets that were used to produce the 
intersecting circles shown in Fig. 8. The range offsets were used in a least-squares solution 
to obtain position offsets relative to the a priori glider position (based on GPS surface 
offsets and on its kinematic (dead reckoning) model that used heading, roll, pitch, and 
buoyancy). For the 270 cases that had five source receptions (one source had failed), the 
estimated position range offset was 914 m rms; a summary scatter plot is shown in Fig. 8. 
The estimated x and y position error is 106 m rms; other statistics indicate overall 
consistency. The results indicate that the glider is being advected significantly during a 
dive by water velocities that are “unobserved” by the time-space path-averaged velocity 
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inferred by the combination of glider kinematic velocity and GPS. Further accounting for 
non-simultaneous source transmit times (offset by 540 s) and a constant glider velocity 
offset during the reception period, and ultimately a joint estimation of glider state (position 
and velocity) and ocean water velocity and sound speed will tell us how well we can 
position a moving platform over these distances, and whether there is enough information 
left to improve the estimation of the sound speed field.  

 

Fig.7: Seaglider PhilSea10 paths and spectrogram (from [13]). 

 
Fig.8: Seaglider PhilSea10 positioning circle and scatter plots (from [13]). 

4. ALOHA CABLED OBSERVATORY (ACO) 

The ACO is located at Station ALOHA 100 km north of the Hawaiian island of Oahu 
(Fig. 9). Station ALOHA is the site of the Hawaiian Ocean Timeseries (HOT) project that 
has conducted ship-based ocean sampling on a monthly basis since 1988 and the WHOTS 
meteorological/upper ocean mooring operating since 2007. The ACO was installed to 
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complement and supplement the monthly visits, ideally with full water column profiling 
capability that can provide near-continuous real time observations of water column 
variables that are amenable to robotic sampling. Also, during the various stages of science 
planning for the US NSF Ocean Observatories Initiative, Station ALOHA was identified 
as a “global mooring” site supporting an acoustic thermometry transceiver.  

 

 
 
Fig 9: ACO location north of Oahu and bottom configuration as deployed June 2011. 

 
The main node and instruments shown in the figure were installed in June 2011. A 

description of the system and the installation is given in [14]. While not all the instruments 
are presently working (several suspected cable ground faults, to be repaired in late 2013), 
the broadband hydrophone is providing excellent data. The latter (including data collected 
on an earlier proof module) has been used to study wind speed dependence as a function 
of frequency and surface gravity wave-wave interaction [15, 16] and marine mammal 
vocalizations [17,18]. One day and one minute of acoustic data is shown in Fig. 10, clearly 
showing vocalizations of four marine mammal species and the Lloyd’s mirror pattern of a 
transiting ship. Fig. 11 shows data associated with a very heavy rain event. 

Future plans for ACO include a 10 kHz WHOI acoustic micro-modem to enable 
navigation, communications, and tomography (depending on configuration) with remote 
platforms. A new camera system with another broadband hydrophone will also be 
installed; some directional capability will result when combined with the existing 
hydrophone. In the long-term, we are working to install a low frequency source to use in 
the same way as the modem, but for longer range, ideally cross-basin.  
 

Fig. 10: One day and one minute of ACO acoustic data, February 2012. 
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Fig.11: Data associated with a heavy rain event 14 April 2013 (spectrum, wind speed, 
cumulative rainfall). 

5. CONCLUDING REMARKS 

In addition to these several examples of essential acoustic elements of ocean observing 
from the authors’ work, there are many other efforts contributing to the evolving acoustic 
component of the ocean observing network. The large number of related contributions to 
this UAC2013 conference reflects the forward progress. 

Continuing technology development is required. Low-frequency, efficient, compact and 
light weight acoustic sources are still needed for fixed (e.g., moorings) and mobile 
platforms (e.g., AUVs). An ultra-low-power acoustic equivalent to GPS receivers is 
necessary to encourage the integration thereof onto Argo floats and other platforms; it 
should also include PAM capability. On the “software” side, better ways to process PAM 
data in situ to reduce volume is needed (e.g., as is done for rainfall rate). To best use the 
active positioning data, ocean model data assimilation methods need to be developed and 
improved to jointly estimate platform state (i.e., where the measurements are being made) 
along with the ocean state using the travel time data. 

Lastly, the International Telecommunications Union (a United Nations agency 
composed of member states, industry and academia) is coordinating efforts to include 
sensors in “green repeaters” in commercial submarine telecommunications cable systems 
spanning the ocean basins (see http://www.itu.int/ITU-T/climatechange/task-
force/sc/index.html and [19]). Candidate initial sensors are temperature, pressure, and 
acceleration. The next on the list would be an acoustic modem that could serve the 
integrated acoustics concept while providing inverted echosounder data for depth-
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averaged temperature; eventually “nodes” may be possible a la ACO and other science 
cabled observatories. 
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BASIN-WIDE HIGH ARCTIC ACOUSTIC NETWORK – STATUS AND 
POSSIBILITIES

Peter Mikhalevsky 
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VA 22203,  USA, FAX 703 276 3121, mikhalevskyp@saic.com 

Abstract: The Arctic Ocean continues its unprecedented transition toward an ice-free 
state. In 2012 the smallest sea ice extent in the Arctic Ocean ever recorded was observed, 
eclipsing the previous record set in 2007. Although satellites are providing synoptic Arctic 
sea ice, ocean surface and atmospheric data, and annual ice-camp campaigns, year-round 
buoys and some mooring-based observations are providing important in-situ 
observations, the vast interior of this ocean-in-transition remains poorly observed. A 
multidisciplinary, high Arctic, synoptic, year-round, in-situ ocean observatory is needed to 
fill this observational gap. Multipurpose acoustic networks can provide acoustic 
communications, underwater and under-ice navigation, passive monitoring of ambient 
sound (ice, seismic, biologic and anthropogenic), and acoustic remote sensing 
(tomography and thermometry), supporting and complementing data collection from 
autonomous platforms (floats, gliders, and unmanned vehicles) that would constitute such 
a multidisciplinary ocean-observing network. The large changes in the extent and 
composition of the Arctic sea ice, particularly the loss of the thick multi-year ice, are 
expected to impact acoustic propagation. In order to understand these changes, a 
measurement program in the Arctic Ocean on the pack ice is planned for April 2013 
through April 2014. Acoustic transmissions at 40 – 200 Hz will be made between a source 
and receive array deployed from ice floes and drifting with the pack ice and a bottom-
moored receive array in the high Arctic. Ambient noise will also be recorded. These data 
will inform the design of the lower frequency acoustic networks that could provide basin-
scale coverage for acoustic thermometry, tomography, navigation and communication. 

Keywords: Arctic, ocean observatory, acoustic networks, acoustic thermometry, acoustic 
tomography, sea ice
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1. INTRODUCTION

Climate change is having a profound impact on the earth’s cryosphere which is most 
apparent in the Arctic Ocean with the continued and dramatic reduction of sea ice. Human 
activities, including maritime shipping, oil and gas exploration and production, scientific 
research activities, fishing, tourism and search and rescue operations, will increase with 
expanded areas of open water available over longer periods of time. The need for a multi-
disciplinary, synoptic, year-round, in-situ Arctic Ocean observing system to monitor and 
forecast these changes is needed. Multipurpose acoustic networks can provide critically 
important data and support for Arctic Ocean observing systems [1]. By using acoustic 
thermometry and tomography, they provide temperature, heat content, and ocean 
circulation data from regional-scale (100-s of kms), mesoscale processes, including 
eddies, deep convection and fluxes [2,3,4], to basin-scale (1000-s of kms) measurements 
of major currents and heat content for climatic change [5,6]. They can also provide 
undersea and under-ice communications and navigation support for autonomous vehicles, 
gliders and floats [4,7] as well as passive listening and monitoring of ambient sound [8,9].  

High Arctic basin-scale acoustic transmissions were made in the 1994 Transarctic 
Acoustic Propagation (TAP) Experiment [5] and the 1998-99 Arctic Climate Observations 
using Underwater Sound (ACOUS) experiment [6,10,11], which demonstrated the 
feasibility of a basin-wide acoustic network and measured basin-scale warming of the 
Arctic Intermediate Water (AIW).  In these experiments, large, mid-power (195 dB re 
1μPa), low-frequency (20 Hz), expensive, custom-built acoustic sources were used to 
achieve the trans-basin ranges of ~2,700 kms.  These low frequencies were needed to 
reduce the high propagation loss that was characteristic of the Arctic Ocean 20 years ago 
with much thicker sea ice than exists today [9].  The significant thinning and reduction of 
extent of the sea ice in today’s Arctic is expected to reduce propagation loss, making it 
possible to use higher frequency, smaller and less costly acoustic sources for a future 
basin-wide high Arctic multipurpose acoustic network [12]. However, this is based on 
modelling and analysis, and measurements are needed. An acoustic transmission 
experiment is planned in the high Arctic from April 2013 to April 2014 to test this 
hypothesis. 

2. ACOUSTICS IN A CHANGING ARCTIC 

The retreat of the sea ice in the Arctic Ocean has continued with a new record for the 
smallest sea ice extent ever recorded in the satellite record set in September 2012. This 
was 16% lower than the previous minimum set in 2007 and represents a 49% reduction in 
the area of ice-covered water compared to the 1979-2000 September average.  The last six 
years have seen the six lowest minimums in the satellite record [13] (Fig. 1, left panel).  
The loss of ice from the seasonal maximum extent in March 2012 was 11.83 million 
square kms, which was also a new record. The reduction of the older multi-year thicker ice 
in the Arctic has also continued to decline [13] (Fig. 1, right panel).  From 1957 through 
2008, using submarine and satellite data, multi-year ice extent decreased 65%, and the 
average sea-ice thickness decreased 48%, from 3.64 meters to 1.89 meters, and over half 
of this multi-year ice loss occurred in from 1998-2008 [14].  As shown in Fig. 1, this trend 
has continued.  The Arctic Ocean is heading towards a state that will be ice-free in the 
summer and covered by first-year ice in the winter months [15].  It is speculated that this 
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Fig.1: The graph in the left panel above shows Arctic sea ice extent as of September 30, 

2012, along with daily ice extent data for the previous five years. The 1979 to 2000 
average is in dark gray. The gray area around this average line shows the two standard 
deviation range of the data. The images in the right panel from September 2007 (top, left) 
and September 2012 (top, right) show the decline of multiyear ice since the previous 
record minimum extent was set in 2007. The chart in the right panel at bottom shows the 
changes in multiyear ice from 1983 to 2012. Ice of all ages has declined over this period. 
(The graph in the left panel is courtesy of the National Snow and Ice Data Center 
(NSIDC), and the image and chart in the right panel are courtesy of M. Tschudi and J. 
Maslanik and the NSIDC, University of Colorado, Boulder).  

state could occur within 20-30 years [16]. 
The implications for acoustic propagation in the Arctic under these new thinner ice 

and ice-free conditions are significant, with likely reduction of propagation loss and 
possibly lower ambient ice-generated noise levels but increases in anthropogenic and 
biological noise levels. The sea-ice cover in the Arctic traditionally provided insulation of 
the Arctic Ocean from the solar and wind forcing that promotes upper-ocean mixing and 
warming in the temperate oceans.  With this insulating ice cover, the sound speed profile 
in the Arctic remained very stable in time with sound speed increasing with depth, 
resulting in an upward refracting sound speed profile such that sound propagating in the 
Arctic would continually scatter from and couple into the ice.  The rougher the ice, the 
higher the propagation loss is from the scattering and coupling, and this increases 
exponentially with frequency [9].  The roughness of the ice is directly proportional to the 
thickness. The thick multi-year ice creates large pressure ridges that can extend for 10-s of 
meters below and many meters above the ice when these large floes crack and grind 
against each other. Analysis of submarine data has shown that there has been a much 
greater drop in the pressure ridge volume than the drop in the mean ice draft since 1976 
[15]. With the thinning ice cover and loss of multi-year pressure ridges, modelling and 
simulation predict a reduction in acoustic propagation loss. 
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Ambient noise in the Arctic Ocean has long been dominated by ice-generated 
processes, including cracking, grinding and pressure ridging from a few tenths of Hz up to 
10,000 Hz [9]. This noise has been episodic and highly variable, with higher highs and 
lower lows than the temperate oceans. The very high levels occurred in times of high 
winds with significant ice break-up and ridging, while exceptionally quiet levels occurred 
in times of low winds and freeze-up when the ice remains consolidated. With the 
reduction of multi-year ice, the very high levels associated with the large thick floes 
cracking and ridging will be reduced, but the noise characteristics of this thinner first-year 
ice regime are not known. With the significant open water, many regions in the high 
Arctic will be characterized by open-ocean and ice-edge processes with wind and wave 
noise and wave-induced ice break-up that will be characteristic of Marginal Ice Zones. 
Anthropogenic noise (e.g., shipping and oil and gas exploration and production) is going 
to increase over the coming years, but the rate of change is not known. Near the ice edge 
and in the open water, we might expect increases in biologic noise as well. Long-term 
passive noise monitoring is needed. 

The increase of the duration and extent of open water in the summer months will 
introduce warming and mixing of the upper water column and likely affect the stability of 
the acoustic sound speed profile. This in turn would affect the temporal and spatial signal 
coherence and processing gains associated with the tomographic waveforms. Near optimal 
pulse compression gains and array processing gains were achieved in the TAP [5] and 
ACOUS [6,10] experiments. It is not known what the current Arctic conditions will 
support, especially at the higher frequencies that we would like to use for the reasons 
discussed above.  With the significant changes in the Arctic Ocean driven by the dramatic 
reduction of sea-ice, an acoustic experiment has been planned to make propagation loss, 
ambient noise and signal processing measurements in the high Arctic. 

The Thin-ice Arctic Acoustic Window (THAAW) experiment is planned in the Arctic 
Ocean from April 2013 to April 2014.  A J15-3 acoustic projector will be deployed 40 
meters below the ice and will transmit acoustic signals from 40-200 Hz for 90 minutes 
every week for one year, commencing on 1200 GMT, April 22, 2013. The waveforms 
transmitted will include continuous wave tonals, linear frequency modulated sweeps and 
maximal length sequences. A 600-meter, 32-element vertical line array receiver will be 
deployed from the ice and the acoustic aperture will extend from 4 – 604 meters below the 
ice. The array will have four tilt/heading/depth sensors and seven Sea-Bird Electronics 
Inc. MicroCAT conductivity, temperature and depth sensors. The array will record a total 
of 2,000 hours of acoustic data, with 24 hours starting at 0000 GMT on the days of the 
source transmissions and from 1000 – 1200 on all other days. Timing for source and 
receiver operations will be done using a Symmetricom Inc. SA.45s chip scale atomic 
clock locked to the Global Positioning System PPS (pulse per second) signal. 

The target location for the deployment of the source mooring is approximately 200 
kms from the North Pole at 88°15’N, 165°W. The receive array mooring will be 
approximately 400 kms from the source at 85°N 175°W (Fig. 2). Both systems will be 
installed through the ice with ice-resistant buoys that will be able to float in open water 
should the ice break up or melt and will survive ice freeze up. The systems should drift 
with the ice along the prevailing transpolar drift towards the Fram Strait. Fig. 2 shows the 
target deployment points and the drifts derived from historical data. Both systems will use 
Iridium® satellite (Iridium Communications Inc.) for position and status reporting. A 
limited amount of acoustic data from the array will also be sent to compute propagation 
loss and ambient noise as a function of frequency. In a coupled experiment the Scripps 
Institution of Oceanography will be deploying a 22-hydrophone, bottom-moored vertical 
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Fig. 2: THAAW experiment. The target source location, black circle, and target 

receiver location, black triangle, are shown above. The red distance arrows show 300 and 
500 nautical mile circles from Alert, Canada, the staging point for THAAW. The drift 
tracks for the source and receiver are shown for 2000 through 2009, derived from the 
International Data Buoy Program. All the tracks extend for one year from a nominal April 
deployment date. The source receiver separation in kilometres that resulted from the drifts 
by year is shown in the lower left panel. The Scripps Institution of Oceanography bottom-
moored array will be located in close proximity to the North Pole, deployed from the 
Russian Barneo Ice Camp that is set up annually primarily for tourist visits.  

 
line array near the North Pole with the acoustic aperture spanning 60 – 660 meters below 
the ice. This array will be navigated using a long baseline navigation system with 
transponders located on the seafloor.  All of these data from the drifting and moored arrays 
will be recovered in 2014. 

3. HIGH ARCTIC ACOUSTIC NETWORK – POSSIBILITIES 

A high Arctic observing network would enable the synoptic observations required to 
understand this ocean-in-transition. A combination of regional-scale and basin-scale 
multipurpose acoustic networks can span the Arctic Ocean, including the important 
gateways like the Fram Strait. A notional example of such a network is shown in Fig. 3, 
and would incorporate existing systems such as the Fram Strait multipurpose acoustic 
network [1,4].  In this concept, the network has nine moorings each equipped with 
acoustic sources and receivers with three autonomously moored and six cabled to shore.  
With transmitters and receivers on each mooring, simultaneous reciprocal transmissions 
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 Fig.3 Upper left map shows a notional basin-wide high Arctic network for acoustic 
thermometry/tomography, oceanography and underwater “GPS” for navigation and low- 
rate communications for autonomous vehicles, floats, and gliders. ATAM is an Acoustic 
Thermometry and Multipurpose-mooring with multiple sensors and/or multiple 
interdisciplinary moorings/sensor systems. Drifting ice-tethered acoustic platforms will be 
additional components of this regional positioning system. The upper right panel shows 
the Fram Strait multipurpose acoustic system deployed in 2010 for tomography, 
positioning of gliders and floats and passive acoustics. The acoustic network and glider 
operations are co-located with the array of oceanographic moorings across the strait at 
78°50’N. The vertical section shows the position of moorings overlaid on the temperature 
distribution in Fram Strait (red colouring indicates warm Atlantic water and blue depicts 
cold Arctic waters). (Courtesy of ACOBAR Project, http://acobar.nersc.no).  
 can be made to measure average current velocity along paths that intersect the major 
current systems.  Eighteen paths are shown that would transect every deep Arctic basin, 
and every major branch of the Atlantic and Pacific water circulation. This network 
represents approximately 24,000 kms of acoustic path length. The propagation time for the 
longest trans-basin path from Franz Josef Land to the Beaufort Sea is approximately 30 
minutes. Thus a snapshot of the integral temperature, heat content, and average velocities 
could be obtained for the high Arctic in less than an hour with nine moorings. Sampling 
weekly year-round would provide synoptic high temporal resolution data. Using the 
acoustic network to navigate and provide low-rate communications for autonomous 
vehicles, gliders and floats, their high spatial resolution data, geo-located with the 
acoustics will complement the high temporal, synoptic, but low spatial resolution acoustic 
data. Year-round synoptic passive listening in the Arctic would also be provided. With the 
high temporal resolution year-round synoptic measurements, episodic seismic events, 
changes in major circulation patterns, and mesoscale oceanographic events can be detected 
and provide alerting for possibly increasing temporal sampling rates or the deployment of 
ships, aircraft, or autonomous underwater vehicles for more detailed studies.  Clearly, this 
would be highly dependent on the nature of the event, time of year, and availability and 
proximity of assets. These are the possibilities. What is the way forward? 

The actual locations and numbers of transceiver moorings and paths need to be 
determined by the science requirements and the achievable source-receiver ranges giving 
sufficient signal-to-noise ratios that experiments such as THAAW can tell us and inform 
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us of the frequencies, bandwidths, source levels, and operational ranges needed for 
designing an acoustic network to fill the observational gaps and achieve the science goals 
at an affordable cost. Higher frequency sources are more affordable and more compact, 
but this must be traded off against the achievable ranges. At higher frequencies in the 50-
150 Hz range there are sources available, but the development of improved broadband 
sources at these frequencies is encouraged [e.g.17]. Acoustic receiver technology for the 
multipurpose acoustic networks is now well developed. Off-the-shelf, compact, high-
speed, low-power electronics and low-power chip scale atomic clocks can provide the 
processing power, data storage and accurate timekeeping needed for acoustic tomography 
and thermometry, navigation, and communications for the network. 

Logistics and data exfiltration from the Arctic have always been expensive and 
challenging.  While cabling moorings to shore are expensive, servicing moorings and 
replacing batteries to extend life especially in the Arctic are also very expensive.  Total 
life-cycle costs for decadal and longer operations need to be considered. Cables providing 
power and high-speed communications would permit a larger number of moorings to be 
deployed and operate for many years with continuous data flow during the Arctic winter.  
The lessons learned and technology being developed in the National Science Foundation 
Ocean Observatories Initiative (OOI) (http://www.oceanobservatories.org/), Regional 
Scale Nodes (RSN), and Canadian Neptune (http://www.neptunecanada.com/) can be 
applied in the Arctic.  Phased deployments of cables and moorings, beginning with 
selected key nodes proximal to shore supporting regional networks (e.g., Beaufort Sea, 
Fram Strait, and the Svalbard Integrated Observing System) and expanding to connect 
autonomous moorings in the high Arctic is one approach. International collaboration, 
cooperation, and coordination of funding for this endeavour are essential. 
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Abstract: Ocean Networks Canada operates two advanced cabled networks on the west coast of 
British Columbia, Canada. VENUS, the coastal network has two cabled arrays with four Nodes 
reaching an isolated fjord (Saanich Inlet) and the busy shipping corridor of the Strait of Georgia 
near Vancouver. The NEPTUNE Canada network is a large looped regional scale array extending 
off the west coast of Vancouver Island, with five Nodes covering various marine provinces from 
the continental shelf, the continental slope, across the abyssal plane, and out to the Endeavour 
Ridge hot vent field (2300m). The cabled systems provide power (kilowatts) and high bandwidth 
(100Mb-1Gb) communications to a wide range of oceanographic instrument systems, including 
both passive and active acoustics. A variety of active sonars, mono-static and bi-static, and 
passive hydrophone systems have been tested and deployed across the networks, collecting 
broadband acoustic data for analysis of ambient sound, water column physics, biology, and 
suspended sediment conditions. In this paper we will describe the installations, provide an 
overview of the core research objectives, highlight the capabilities of these cabled observatories in 
supporting acoustic systems, describe some technical solutions to enhance data quality and 
minimize interference between systems, describe the data acquisition and delivery systems 
designed to support marine science, and summarize some of the various applications of custom 
and commercial acoustic systems on one of the worlds most advanced subsea observatories.

Keywords: ocean observatories, cabled networks, data protocols, sonar, echo-sounder, 
Doppler, flow visualization, spectrogram, mono-static, bi-static, passive. 
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1. OCEAN NETWORKS CANADA’S OCEAN OBSERVATORIES  

Sampling the ocean has always required scientists and engineers to lower devices into 
the water, whether it’s as simple as a bucket, or a CTD with Rosette and LADCP. 
Moorings allowed marine scientists to leave instruments for longer periods, logging 
parameters autonomously and revealing the observations only once the mooring was 
successfully recovered. With the advent of intercontinental telecommunication technology 
and data transfer via electrical and optical means, the concept of a cabled observatory was 
first realized in the 1950’s with the deployment of the SOSUS arrays. Since then, many 
smaller specialized cabled systems were deployed from marine institutes, more often for 
short durations and specific experimental purposes. By the 1990’s however, the concept of 
a communal, permanent, multi-purpose, Internet linked cabled ocean observatory had real 
potential. 

In 2001, a group of marine scientists gathered near Victoria BC Canada to discuss plans 
to design and build the world’s next generation of cabled ocean observatories in the water 
around southern Vancouver Island, aptly named the Victoria Experimental Network Under 
the Sea (VENUS). By 2003, the more ambitious North East Pacific Time-series 
Underwater Networked Experiments (NEPTUNE Canada) regional scale cabled 
observatory, spanning the entire Juan de Fuca tectonic plate, was proposed. Both 
initiatives were led by the University of Victoria. In 2006, VENUS came on-line, with 
cables and Nodes in both a sheltered fjord, Saanich Inlet and the busy Strait of Georgia 
sea-way. In 2009 NEPTUNE lit-up the fibres off the west coast of Vancouver Island along 
an 800km looped cable architecture, with five primary Nodes accessing five distinct 
marine provinces. Ocean Networks Canada now operates, maintains, and manages both of 
these advanced cables observatories (Fig. 1) on behalf of a growing international research 
community. 

Fig. 1: Ocean Networks Canada’s Cabled Ocean Observatories, VENUS (coastal) and 
NEPTUNE (off-shore), with 8 primary Nodes. 
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The observatories are ideally suited for the application of acoustic devices, although 
there are many additional instruments and sensor systems which utilize the high power, 
the wide data bandwidth, and the live Internet interactivity afforded by these advanced 
systems. Core instruments include water property devices, such as CTDs and chemical 
detectors (i.e. dissolved Oxygen), optical turbidity and back-scatter devices, acoustic 
current meters and profilers, scanning sonars, seismometers, bottom penetrating probes, 
and interactive cameras and imaging systems. Research topics similarly span a wide range 
of disciplines, including forensics, benthic and water column ecology, sediment dynamics, 
tsunami and earthquake detection, estuarine and tidal dynamics, wave research, gas 
hydrate and sub-bottom geophysics, marine mammal monitoring, and biogeochemical 
studies, to mention a few. This paper, however, will now focus on the technologies 
specifically supporting the use of active and passive acoustics for marine science. 

2. OBSERVATORY TECHNOLOGY TO SUPPORT ACOUSTIC DEVICES 

The observatories were designed and build to host the widest possible range of known 
and anticipated marine sensing devices. However, due to the nature and demands of 
acoustic measurements, the infrastructure is particularly well suited for acoustic systems. 
The supporting architecture provides three primary services: 1) power, 2) 
communications, and 3) data handling. The core infrastructure includes a shore station that 
provides primary power to the subsea array and back-haul communications to the data 
archives. Along the subsea cable are primary “Nodes”, which are sophisticated Network 
and power hubs, to which instrument systems can connect. The observatories use standard 
marine telecommunication cables, with single copper and multiple fibres, and various 
degrees of protective armour. Instrument and extension cables connect to the Nodes via 
specialized wet-mateable under-water plugs, primarily supplied by Teledyne ODI. 

POWER

High voltage DC power is supplied down the back-bone cable from the shore station 
via the single conductor in the submarine cable. The electrical circuit is completed using 
sea-water return, with anodes deployed near the shore stations and local cathodes at each 
Node. With no absolute ground, current leaks and ground faults are monitored throughout 
the system by monitoring any current losses. Depending on the array, shore power ranges 
from 400VDC to 10kVDC, with the shorter 3km VENUS cable system in Saanich Inlet 
requiring only 400VDC, and the longest 800km NEPTUNE array requiring 10kVDC. 
Medium voltage converters in the Nodes step down the high DC transmission voltage to a 
more manageable 400VDC at each Node port. Current though any Node science port 
connector is then limited to 10A at roughly 360VDC, for a maximum power of 3600 
Watts. Down-stream from the Node ports, instrument multiplexors, either “junction 
boxes/cans” (JBs) or “science instrument interface module” (SIIMs), further step down the 
power to multiple science instrument ports, with standard voltages ranging between 12,
24, 48 and 360 VDC. Since most off-the-shelf oceanographic instruments have been 
designed to run efficiently on batteries, it is rare to see more than a few amps of in-rush on 
any instrument line. Charging high-capacity capacitors in an ADCP or in a camera flash 
are two such relatively high-current examples. Monitoring all of the hotel currents and 
voltages along each line, both out and returning (ground-fault), make for the largest single 
type of continuous data logged by the observatory. 
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COMMUNICATIONS 

Although the back-bone network and infrastructure protocols are all TCP/IP Ethernet 
based, the instrument level systems can support either Ethernet or older serial protocols.
Typical serial baud rates are up to 115kbps, but if required full GB fibre data rates can be 
supported. Hand-shaking is primarily dealt with using two services, either through an 
observatory developed “driver” or by hosting a dedicated computer/software interface 
back at the shore station with a virtual direct link connection. The ONC instrument 
“drivers” play a simple, but curtail role for most instruments on the networks. This 
software layer acts as a smart coms interface to send instruments commands and receive 
instrument responses. They are “smart” in the sense that each instrument has a drive 
design specifically for it, or at least for that manufacturer’s product line. The drive knows 
how to wake-up an instrument, query it for status, retrieve from a database and send 
configuration settings, and parse received data records. All communications, to and from 
an instrument are time stamped using network time at the shore station, where the drive 
runs. Driver logs are stored in flat daily ASCII files, with binary records converted to 
HEX. If the instrument interface requires a dedicated computer, running specific software 
for configuration, control, and data logging, although less desirable due to scaling 
limitations, this has proven to be a workable solution. 

Device drivers can be instructed to interact with each other, in particular there is the 
ability to have this software layer provide master-slave trigger control. This is most useful 
when two active acoustic devices are co-located and their pings need to be interlaced.
There are options that both can be slaved to a master clock, with various delays, or one 
device can act as the master, triggering the slave device. Often a small amount of trial and 
error is required to reach a steady state of interlaced pings and non-interfering acoustic 
reception. 

DATA HANDLING 

Once a device has been configured and started, data flows to the shore station driver or 
software, where it is buffered into files and transferred back to a central archive for 
database ingestion. In general all communications to and from an instrument are time-
stamped and make up the raw data log. For acoustic devices, these logs and raw files can 
be large. A typical active single frequency echo-sounder might collect 100MB each day, 
while a broadband or multi-frequency active or passive device, sampling at up to 200kHz, 
may accumulate several GB of data each day. Since the networks are designed to run 
continuously, for several decades, dealing with a multi-year dataset that might exceed 
several TB is a non-trivial challenge for the end user. 

Once archived, these data are then available for product generation and/or data 
download. For many instruments, automatic routines run on a regular scheduled basis to 
process and plot the content, which is then displayed on the observatory web sites in data 
browsing galleries. For passive hydrophones, this may include the generation of MP3 
audio files for web-based listening and access. Researchers can also register with the 
archive and gain access to download both raw or processed data files, and data products. 
In most cases, a default data product is the native manufacturer’s file format, so that data 
may be read directly into standard software packages or existing user developed routines 
for display and analysis.
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3. EXAMPLES OF ACTIVE AND PASSIVE OBSERVATORY ACOUSTIC DATA 

With continuous power and high bandwidth communications, both active and passive 
acoustic devices are well suited for cabled observatories. Although some observatory 
components are designed to physically extend up into the water column, the penetrating 
nature of acoustic sampling allows for a very bottom-centric Node and instrument system, 
as the ONC observatories are at present, to sample the entire water column and 
surrounding area. Table 1 provides a list of the core acoustic devices deployed across the 
ONC observatories. 

Type of Device Manufacturer Make Model/Frequencies
Hydrophones Burns CD-100 BB

Reson 4032T BB
HiTech HTI-99 BB
Naxys 2345 BB
Ocean Sonics icListen LF and HF

Doppler Current 
Profilers

Teledyne RDI WH and LR 75, 150, 300, 600, 
1200 kHz

Nortek Aquadopp P&HR 2 MHz
Doppler Current 
Meters

Nortek Aquadopp CM 2 MHz
Nortek Vector & Vectrino 6 and 10 MHz

Sonars Reson Scanning 7125
Imagenex Multifreq Profile and Sector 881A
Imagenex Multibeam Rotating and 

Scanning
837B

Kongsberg Rotary 1071
Echo-Sounders ASL AWCP 200 kHz

ASL AZFP 38, 125, 200 kHz
ASL SWIP 546 kHz
SciFish 2100-B 85-155 kHz
BioSonics DT-Xu 38, 123, 210 kHz

Table 1: Acoustic Devices on Ocean Networks Canada Observatories (2012). 

PASSIVE HYDROPHONES 

Some of the first systems designed and deployed on both VENUS and NEPTUNE were 
passive hydrophones intended to listen to ambient sound, both natural and anthropogenic.
Researchers were asking to collect long records of the environmental sounds (wind, rain, 
breaking waves, and thunder), marine mammal vocalizations, and ship traffic noise. Both 
analog and digital hydrophones have been employed, where analog elements are supported 
on centralized power and synchronized digitization units. Digitization rates vary between 
default settings of 8 and 44 kHz for our low and broadband units, up to 200+kHz for 
calibration and event logging. Data formats vary from custom highly-compressed multi-
channel data files, to simple WAV or MP3 audio files. Spectrogram images from the 
hydrophones can be seen in a second accompanying paper by Dewey (this volume). 

1st International Conference and Exhibition on Underwater Acoustics

337



ACTIVE SYSTEMS 

The ONC observatories host a wide range of active acoustic systems (Table 1). At this 
time, they fall into three primary categories: Doppler current measurements, scanning 
sonars, and inverted echo-sounders. Opportunities exist to deploy forward-scattering 
systems, with spatially separate transmitters and receivers. With the ability to link and 
trigger devices as master and slave, interference between co-located devices can be 
minimized. However, we have had occurrences of active systems interfering with some of 
our passive hydrophones. Spatial separate is often the only solution. Active devices are 
most often configured to ping at regular intervals, ranging from every second, to as 
infrequently as hourly for some of the scanning systems. Data rates are highest for the 
broadband echo-sounders, which can exceed several GB per day. Some example data 
products are below. 

Fig. 2: a) An 24 hour inverted 200kHz echo-sounder image, showing diel vertical 
migration of zooplankton, b) a co-located 200kHz echo-sounder (top) and a 300kHz 

ADCP ‘w’ vertical velocity (bottom) showing sediment falling out of the Fraser River 
plume, c) a scanning sonar snap-shot of the hydrothermal plumes from black-smoker hot-
vents at Endeavour Ridge, and b) multi-frequency echo-sounder of fish and zooplankton 

off the west coast of Vancouver Island, with colours ranging from hot to cool for 
frequencies ranging from low (~40kHz) to high (~200kHz). 
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Abstract: Results of preliminary test of the developed parametric array both and the first 
program of remote marine environment monitoring in the Black sea are presented there. 
New experimental tool operating on principals of nonlinear acoustics for waveguide 
marine research of the main hydrographical features (current, temperature, salinity) in 
frequency band of 300-3000 Hz has been developed. Extremely narrow directivity pattern 
(2  angular resolution) for low frequency acoustical signals perfectly fits for single mode 
waveguide excitation in the whole frequency band. Investigation shows that single mode 
wide frequency band acoustical signal in the Black sea waveguide could be compressed 
more then 25 times with proper intensity amplification at the range of 500 km. Specific 
features of the array could solve a number of problems related to remote oceanographic 
data research using a technique with such extreme parameters. The Black sea underwater 
waveguide is formed by upper warm layer of water and cold intermediate layer (CIL). 
Therefore the waveguide thickness monitoring could provide rather valuable information 
on cold store in the sea at this region. We discuss there a problem of CIL parameters 
inversion by means of sharp directed wide frequency band acoustical parametrical 
signals. 

Keywords: Parametric array, Waveguide propagation, Single mode dispersion, Remote 
waveguide oceanography research. 

1st International Conference and Exhibition on Underwater Acoustics

339



 

1. INTRODUCTION

The parametric array (PA) is acoustical nonlinear transduction process, which develops 
in a medium through the interaction of co-linear, intense sound waves, called pump waves. 
PA is well known as a tool for precision subbottom profiling. The specific feature for PA, 
is extremely narrow directivity pattern (several degrees in angular resolution normally) for 
low frequency acoustical signals [1]. The effective width of this directivity pattern is 
practically constant in a wide frequency range. Sounding signal is forming in the marine 
environment, which is stimulated by intensity modulated high frequency power acoustical 
pump (Fig. 1). As a result the end-fire array is forming in the marine environment, which 
excites sharp directional signal radiation at modulation frequency. Such a low frequency 
signal, generated by parametrical means will propagate in underwater waveguide 
independently from the pump radiation. Due to non-resonance properties for low 
frequency signal generation, PA provides sounding signal transmission in extremely wide 
frequency band (more than 2 octaves). 

 

 
Fig. 1. Scheme of parametric signal radiation. 1 – source of high frequency pump 

radiation, 2 – intensity modulated pump radiation, 3 – area of pump waves interaction 
(parametric array), 4 – low frequency parametric signal. 

 
That acoustical system differs from conventional ones relatively small dimension, 

broad frequency band for the sounding signal (300 Hz – 3000 Hz) and sharp directivity 
pattern (approx. 2°×8° in the main lobe) for the total frequency band. Contemporary 
convenient acoustical systems essentially yield to parametric array for these 
characteristics. Practice of parametric arrays application show that they provide the broad 
frequency band single mode signal transmission, perfectly coupled to layered structure of 
the ocean waveguide [2]. Broad frequency band signal transmission shows a new ability 
for the oceanography research by means of signal processing in frequency domain instead 
of contemporary known very expensive spatial developed acoustical schemes [3]. Sound 
speed dispersion could be used to improve signal-to-noise ratio while broad frequency 
band signal propagates in the waveguide [4]. There are known examples of parametric 
array application for ocean sounding at 1000 km distance [5,6].  The main objective of this 
paper is to discuss the ability of such underwater array, working on the principals of 
nonlinear acoustics for long range hydrographic research. Demonstration of the new 
abilities provided by parametric array application for remote ocean monitoring is expected 
to give a long term consequence for practice of ocean acoustics research 

1 

2 3 4 
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2. TECHNICAL FEATURES OF THE PARAMETRIC ARRAY 

Experimental model of power parametric array with the mean pump frequency of 20 
kHz has been developed as a result of the #3770 ISTC project implementation. This array 
has been designed specially for application at Black sea range for shallow water marine 
monitoring of the main hydrographical features (current, temperature, salinity. The 
developed model of parametric array is placed now in Sukhum Hydrophysical research 
institution at the Black sea coast for the test. The pump frequency of this experimental tool 
operating on principals of nonlinear acoustics makes the most effective parametric signal 
excitation in frequency band of 300-3000 Hz. The main dimensions of the array - 2 m 
(high)*0.7 m (width) provide sharp directivity pattern (approx. 2°×8° in the main lobe) for 
transmission of the parametrical signal in this frequency band independently on the 
frequency. The array operates in a pulse regime with variable pulse duration up to 100 ms. 
Preliminary experiments show at the range of 50 m – 2 km in marine conditions reduced 
level of the parametrically generated signal of 205 dB re 1 mcPa*m at 1 kHz. Reduced 
level of the pump radiation at frequency of 20 kHz occurs 2.5*106 Pa*m , or 248 dB re 1 
mcPa*m. Calculations shows the signals of such reduced level could provide the effective 
marine environment sounding at the range of 500 – 700 km in the Black sea hydrophysical 
conditions.    

The main idea is to apply the parametric array for waveguide research. The matter of 
fact parametric arrays could provide the broad frequency band single mode signal 
transmission, perfectly coupled to layered structure of the marine waveguide. Therefore, 
this experimental tool makes it possible to investigate waveguide sound speed dispersion 
at the range of more then 500 km. So far, such investigations on elongated paths in wide 
frequency band were practically unavailable.  

The developed model of parametric array consists of 144 
transducers, which grouped into 12 separate blocks, which are 
placed horizontally in the array (Fig. 2). Each block of the array 
could be excited at two different frequencies by individual pump 
amplifiers. Therefore the pump amplification system consists of 
24 independent buster amplifies of 6 kW electricity power output 
each. Special 24 channel programmed digital generator (signal 
former) has been designed to excite this amplification system, to 
provide electronically steering of directivity diagram in vertical 
plane. It is necessary to adjust the transmission mode to specific 
features of underwater waveguide.     

Vertical dimension of the pump array of 2 m high was chosen 
to provide sharp vertical resolution for transmission signal, which 
could stimulate single mode excitation in the Black sea 
waveguide. Direction of the signal radiation in horizontal plane 
will be provide by mechanical rotation unite, which could make 
precision rotation with accuracy of 0.1 degree. The array is 
planned to place stationary at the Black sea bottom in the 
waveguide at the depth of 40 m.  

 Fig. 2. General view of the experimental model of parametric array for remote 
hydrophysical research at the Black sea range.   
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3. REMOTE BLACK SEA RESEARCH BY PARAMETRIC ARRAY 

Special feature of the parametric array is extremely sharp directivity for low frequency 
acoustical signals. And directivity diagram is virtually constant in the wide frequency 
band. Sounding signal is forming in the ocean environment, which is stimulated by 
intensity modulated high frequency power acoustical pump. As a result the end-fire array 
is forming at the ocean environment, which excites sharp directional signal radiation at 
modulation frequency. Such a low frequency signal, generated by parametrical means will 
propagate in stratified ocean independently from the pump radiation. Due to non 
resonance properties for low frequency signal generation, parametric array provides 
sounding signal transmission in extremely wide frequency band. One could solve a number 
of problems related to remote oceanographic data research using a technique with such 
extreme parameters. These problems could be related to:  

Research of temporal changeability in pulse sound field, formed by sharp ray, and 
organization of steady monitoring of such changeability. This monitoring could 
reveal sound speed changeability, related to temperature, salinity and ocean current;  
Acoustical focal site control in underwater waveguide due to signal frequency 
variation, research of both bottom, surface and volume reverberation of sound;  
Spectral research of sound field in a wide (more than octave) frequency band, 
which could reveal the changeability in spectral characteristics of the different scale 
ocean environment perturbations, research of horizontal refraction of sound. 

Special feature of Black sea hydrological structure is steady existence of Cold Intermediate 
Layer (CIL). Winter cooling of the surface water reduces it temperature to 6-8 ° . That leads 
to density increasing and to developing of autumn-winter water convection. Cold water lowers 
to 60 m horizon in the mean, forming CIL main body at the depth of 50-70 m. Deeper water 
temperature slowly increases to 9 °  at 2000 m horizon. Summer heating leads to temperature 
increasing to 23-25 °  at the surface to the end of July, but low temperature in CIL main body 
remains the same.  

Hence the Black sea underwater waveguide is formed by upper warm layer of water and 
CIL and waveguide thickness monitoring could provide rather valuable information on 
cold store in the sea at this region. Permanent monitoring of CIL parameter dynamics at 
elongated paths could be done by acoustical means. And problem of CIL parameters 
determination could be solved by means of wide frequency band acoustical pulse. 

Measurements of sound speed value averaged along the path could be founded at one 
of the typical acoustics effects in underwater waveguide – mode dispersion. Mode 
dispersion in underwater waveguide means that the mode of the same number has 
different envelope speed of propagation for different frequencies. Therefore transmitted 
signals change their form in process of propagation and this changing could be 
experimentally measured. Measured envelope mode speed could retrieve mean profile of 
sound speed in underwater waveguide. 

The most informative for sound speed in underwater waveguide is dispersion of the 
modes with lower numbers from the first to the third one. It related to the fact that eigen 
function that modes are concentrated in underwater waveguide and their envelope speed is 
the most sensitive to underwater waveguide profile. Fig. 3 shows sound speed profiles in 
Black sea underwater waveguide for different months. Fig. 4 shows eigen functions for the 
first and the second mode in frequency range from 200 Hz to 1200 Hz.   
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Fig. 3. Sound speed profiles in Black sea underwater waveguide for different months 

from climate base from April (blue) to December (yellow).   

Fig. 4. Eigen functions for the first two modes in frequency range from 200 Hz to 1200 
Hz for September sound speed profile 

 
Previous research has shown that wide frequency band acoustic pulses obeyed the 

sound speed frequency dispersion while they propagate in waveguide [3]. Pulse duration 
reduces in process of it long range propagation as different frequency components of the 
signal propagate with different speed. To achieve complete synchronicity of arrival times 
of all the frequency components of the signal, a special type of frequency modulation 
would be necessary corresponding to the characteristic features of dispersion in the 
waveguide. Since the dispersion of the signal propagation speed depends nonlinearly on 
frequency, the frequency modulation should also be nonlinear to obtain the maximum 
compression of the signal. The limiting duration of the signal  is in inverse relation to the 
effective frequency band f of its spectrum  ~ ( f )-1. On the other hand, the signal 
duration T of the pulse under the condition of its complete compression at a distance L is 
determined by the frequency dispersion c/ f of the propagation speed c and signal 
bandwidth f, ffLT )/(2 . Thus, in the case of the signal compression due to 
dispersion, the signal intensity may increase by factor of 22 )/(/ ffLT , which 
could be essentially more than one. The compression of the signal while it propagates in a 
ocean waveguide leads to relative signal intensity gain, or signal-to-noise ratio gain T/ . 
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Hence, this effect is proportional to the distance passed by the signal, the value of the 
waveguide dispersion, and squared signal frequency band. It can be most pronounced in 
the case of long-range waveguide propagation of a single mode, wide frequency band 
signal. Fig. 5 shows effect of signal dispersion in process of it propagation in Black sea. 
As one could see signal compression can reach 25 times and more there.  

Fig. 5. Signal dispersion in the Black sea waveguide for September sound speed profile 
(Fig.3). First mode excitation. Signal in frequency band of 200-1200 Hz at 1 km distance 
(top). The same signal at the 500 km distance (bottom).  
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Abstract: The Autonomous Hydroacoustic System (AHS) is an active/passive device 
comprising an inverted echosounder and set of hydrophones, everything controlled by the 
computer and enclosed in a pressure container. It is moored at the sea bottom, capable of 
operating from a depth of 100 m self sufficiently for up to 10 days. It is a self-made 
construction invented to measure ambient noise in a wide frequency band and/or various 
processes occurring in the water column (subsurface gas bubbles, zooplankton, fish) and 
on the sea surface (waves, tides). It fills a gap in active acoustic data base collected by the 
ship echosounders characterised by the lack of data from the top few metres of the water 
and, what is extremely important, fish are neither attracted nor repelled by the ship 
presence. As a long-term acoustic recorder it is used to observe a Diel Vertical Migration 
of fish. A 6-day series of continual measurements in the Baltic Sea is presented. The 
working frequency of 130 kHz determines the potential scatterers as fish or millimetre size 
zooplankton. The recorded values of backscattering strength suggest scattering by fish. On 
the background of the ordinary diel migration some abnormal migratory behaviour can be 
observed. During the strong wind the animals do not migrate so close to the surface as 
during the still weather. The parameterisation of echosignal allows us to find that during 
the windy nights the depth of the gravity centre of the echo signal envelope deepens to 30-
40 m comparing to 10 m in calm conditions. The backscattering strength averaged over 
the whole water column (excluding the upper 5 metres) is several dB lower during storm 
than in calm conditions. Probable reasons for this are considered. 

Keywords: Autonomous Hydroacoustic System, Diel Vertical Migration, Baltic Sea 
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1. INTRODUCTION  

Most of fish and zooplankton species perform the Diel Vertical Migration (DVM), 
ascending at night towards the water surface and descending in the morning to the deeper 
zone and staying there during daytime. This behaviour seems to be the trade-off between 
feeding and predator avoidance. It is connected with the changes in light level, but its 
range and intensity depend also on other hydrological conditions as well as behavioural 
factors such as energy saving, swimbladder filling, etc. DVM is a worldwide 
phenomenon, taking place in all oceans, seas and lakes. It is the largest animal movement 
on earth. 

The Baltic Sea is a specific area because of its limited depth and brackish water. It is 
a small, cold and strongly stratified basin. Acoustic scattering layers in the Baltic Sea 
comprise fish, mainly herring, sprat and cod, and various species of zooplankton. All these 
organisms are subjected to the continuous stress of having to adapt to an enormous 
diversity of time-variable hydrological conditions and are exposed to highly variable 
conditions during their vertical movement.  

The Autonomous Hydroacoustic System (AHS) is an up-looking instrument working in 
both, passive and active mode. It is used to measure ambient noise and sound scattering at 
the sea surface and in the water column. As a long-term acoustic recorder AHS delivers 
data on sound backscattering at marine organisms, gas bubbles and corrugated sea surface. 
During numerous deployment it allowed us to follow DVM of Baltic fish and zooplankton 
[1] and to determine the frequency and depth of birds’ dives in the Arctic [2]. It also 
enabled different dynamic surface phenomena to be evaluated, for example wind bubble 
concentrations and tide amplitude and periodicity [1,3]. 

The goal of this study was to investigate the migratory fish behaviour in a diel rhythm.  

2. AHS – TECHNICAL  DESIGN 

There is a crucial weak point in the ship acoustic measurements conducted by use of 
the transducer mounted on-board close to the sea surface in that all the data from the top 
few metres of the water column are lost owing to dead zone (blanking period) of the 
echosounder, screening effect of bubbles and turbulence and backlobe reflection from the 
sea surface and the ship’s hull. The solution to this problem is to invert the experimental 
geometry by placing the instrument on the seabed to insonify the water column from the 
bottom to the surface. The main advantage of such a geometry is that all the surface and 
near-surface phenomena can be detected and fish are not attracted by the ship light and 
kitchen remains nor they are frightened by the ship noise. Continual observation is needed 
to detect variable patterns of fish communities formation due to both, physical and 
behavioural processes. 

The Autonomous Hydroacoustic System (AHS), built in 2001 in the Institute of 
Oceanology of Polish Academy of Sciences, comprises the upward looking echosounder, 
four omnidirectional hydrophones and steering and recording electronics [4]. The 
echosounder operates at 130 kHz, which allows for the detection of individual scatterers as 
small as 2 mm of equivalent sphere radius. The 1m-long pressure container provides the 
casing for the echosounder, computer, and the batteries. The computer controls the 
external pressure, echosounder triggering, power supply relays, and data logging rates. 
The receiver circuitry of the echosounder consists of an amplifier and an envelope 
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detector. The time-varied-gain (TVG) of the system can be implemented as any function 
in a dynamic range of 80 dB. The vertical position of the entire device is stabilised by a set 
of floats. It is capable of operating from a depth of 100 m self sufficiently for up to 10 
days. 

Sampling was performed by a 12-bit A/D converter with the sampling rate of 8 kHz 
ensuring a depth resolution of 9 cm. For DVM studies, the instrument was programmed to 
collect data for 52 seconds every 10 minutes. The chosen pulse duration of  =0.3 ms gave 
a spatial pulse length of 0.22 m, and the pulse repetition time 800 ms resulted in a 52 
second duration of the 64-ping series. 

3. DATA ACQUISITION AND PROCESSING  

The AHS was deployed, anchored and left unattended for over 6 days. The continual 
measurements were carried out in the Gulf of Gda sk (the Baltic Sea) close to the end of 
the Hel Peninsula. The location of the deployment was  = 54 35.5’ N,  = 18 57.5’ E. Its 
duration was 162 hours starting from 12 March 2002 and closing on 19 March 2002. 
Water depth in this location was 70 m. Estimated mean value of sound speed was 1430 
m/s. Wind data were collected in the vicinity of deployed instrument. 

The biological samples have not been taken, but the only possible fish taxa were sprats 
and herrings, and with the lower probability, also cods. 

The blocks of echosounder voltage samples comprising 64 transmissions were 
averaged giving 1-minute mean profiles of the voltage. Next, they were converted into the 
volume backscattering coefficient sV and volume backscattering strength SV by use of the 
appropriate calibration factors and technical parameters of the echosounder [4].  

On the basis of consecutive records, the backscattering strength array was constructed 
with columns built of the mean vertical profiles of SV and raws being  the consecutive 
blocks: 
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This provided for the creation of echograms in any timescale, from minutes to days. 
For analysis of the temporal variability of scatterers configuration the centre of the echo 
gravity was used. It mirrored vertical displacements of sound scatterers within the water 
column. It was defined as follows: 
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where: Nsample   - the number of samples in the ping, sV,j  - the mean backscattering 
coefficient of the j th sample averaged over 64 pings, zj - the depth related to the j th 
sample. 

In standard computation the summation is taken over the entire water column, from the 
transducer depth to the surface. In our case, however, the subsurface layer was filled with 
a large number of agitated air bubbles generated by breaking wind waves. Their 
concentrations exceeded the value of 1000 m-3 m-1 [3]. So, in order to eliminate the 
bubble effect, the summation area had to be limited. When we reduced the depth of zgc 
calculation and extracted the top layer of the width of 4.5 m, the temporal appearance of 
the gravity centre depth of the echosignal became more regular and mirrorred the real 
vertical displacements of the biological objects.  

4. RESULTS  

The backscattering strength matrix SV (1) was inspected for the Diel Vertical Migration 
patterns. What was hardly observable within one block of 64 transmissions, it became 
easily visible on the condensed multihour echogram (Fig.1). It revealed regular nocturnal 
ascents of marine fauna, the nocturnal aggregation appeared after sunset and disappeared 
just before sunrise. The speed of up- and downward migration can be estimated from the 
rate of dislocation of the scattering maximum in the echogram. The linear regression of 
this dislocation gives the mean speed of the evening ascent v   = 0.63 cm/s and morning 
descend v  = 0.9 cm/s. Generally, the organisms moved every night from the deep layers 
to the sea surface reaching the depth of several metres. The only exception in this regular 
pattern occurred on the third night - the animals did not migrate so close to the surface as 
during the rest of time. The reason for this was a strong wind episode. During this 
experiment, the wind with a speed of 14 m/s appeared on the 14th of March in the 
morning and lasted for over two days. This was reflected in the acoustic image – long-
lasting intense fluxes of air bubbles could be observed between 2:20 and 1:00pm on the 
15th of March.  
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Fig.1. 162-hour echogram recorded in the Gulf of Gda sk on 12- 19 March 2002.  

 

 
Profiles SV (z,t) were averaged over the water column from the bottom to 4.5 m below 

the sea surface – eliminating the impact of subsurface babble layer. In the same depth 
range the centre of signal gravity zgc was calculated for each block of 64 transmissions. 
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The results of these calculations are shown in Fig.2. Three last midnights represent typical 
pattern of DVM – the acoustic mass centre is located at midnight just below the surface, 
mean backscattering strength reaches at that time its maximum.   
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Fig.2. Centre of the echo gravity (upper figure) and concentration close to Hel peninsula, 

15 March between 2:20 and 13:00.  

 
A good illustration of this phenomenon can be the SV curves calculated and averaged 
separately for the day time and night time (Fig.3). The diurnal curves are the means over 5 
hours, from 10:00 to 15:00, while the nocturnal ones are averaged over 10 hours, from 
19:00  to  5:00. The transition periods, sunrise and sunset, were omitted. The daily records  
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Fig.3. Mean profiles of SV for daytime (left ) and nighttime (right).  
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are flat having the sharp maximum very close to the surface. The windy days, the second 
and third day, are the exception when the bubbles enter the deeper layers of water column 
(the left part of Fig.3). The night charts are more diverse. During the first night the 
scatterers migrate upward almost to the sea surface. The third night is characterised by the 
distinct maximum in the layer between 20 and 40m, which is in all probability connected 
with the aggregation of animals not reaching the sea surface (afraid of reaching the noisy 
and bubbly subsurface area). The last three nights have the characteristic maxima at the 5-
10 m layer caused by the nocturnal clusters of vertically migrating marine fauna. The last 
pattern is commonly treated as a standard one. 

5. SUMMARY AND CONCLUSION  

Violent wind period was detected during the measurement of Diel Vertical Migration 
phenomenon conducted in the Baltic Sea in March 2002. On the background of the 
ordinary dawn and dusk migration, some strange effects were observed. Generally, the 
organisms moved every night from the deep layers to the sea surface reaching the depth of 
several metres. When the wind speed increased significantly, the dense clouds of air 
bubbles were generated due to the wave breaking. They were entrained deep into the water 
column, stopping the ordinary upward migration of marine fauna. The upper level of 
nocturnal persistence of migrating organisms became much lower, 40 m instead of 10 m.  

The problem of noise, that alarms fish, is not the new one. It has long been known 
among fishermen that fish can hear the ship and try to run off and avoid the nets. Quite big 
efforts are directed to make the fisheries fleet more silent [5, 6]. It was shown here that 
fish are afraid not only of the artificial man-made noise, but also of the natural one. 

REFERENCES 

[1] J.Szczucka, Long-term scattering variability in Svalbard Archipelago and Baltic Sea, 
Proceedings of the 7th European Conference on Underwater Acoustics, Delft, pp. 325-
330, 2004. 

[2] J.Szczucka, Acoustic studies of diving birds in the Arctic, Proceedings of the 3rd 
International Conference “Underwater Acoustic Measurements”, UAM 2009, 
Nafplion, Greece, 1181-1188 

[3] J.Szczucka, Z.Klusek, Studies of the marine dynamic processes by an Autonomous 
Hydroacoustic System, Acta Acustica united with ACUSTICA, vol.92, 171-174, 2006. 

[4] J.Szczucka, K.Groza, K.Porazi ski, An Autonomous Hydroacoustic System for 
studying long-term scattering variability, Oceanologia, 44(1), 111-122, 2002. 

[5] N.O.Handegard, E.Ona, R.Patel, G.Pedersen, V.Hjellvik, O.R.Godø, T.Torkelsen, 
A.Totland, I.Svellingen, R.Pedersen, Herring avoidance from a conventional and a 
noise-reduced vessel, in ICES WGFAST, Rome, Italy, abstract 1.16, 2005. 

[6] E.Ona, G.Pedersen, R.Patel, V.Hjellvik, N.O.Handegard, O.R.Godø, T.Torkelsen, 
A.Totland, I.Svellingen, R.Pedersen, Fish do still avoid survey vessels, in ICES 
WGFAST, Rome, Italy, abstract 1.13, 2005. 

 

1st International Conference and Exhibition on Underwater Acoustics

350



 

REAL-TIME ROV TRACKING USING ACOUSTIC PHASE MONITORING

Li Zhou, Adam Zielinski 

Department of Electrical and Computer Engineering, University of Victoria 
P.O. Box 3055 STN CSC, Victoria, BC V8W 3P6 Canada 

Adam Zielinski, Department of Electrical and Computer Engineering, University of 
Victoria, P.O. Box 3055 STN CSC, Victoria, BC V8W 3P6 Canada 
1-250-721-6052 (Fax), adam@uvic.ca 
 
Abstract: Tracking an autonomous submersible or a remotely operated vehicle (ROV) such 
as a bottom crawler within a network of seafloor observatory stations is important 
because data collected during a mission might be of value only when the location from 
which it has been acquired is known.  This paper will present a brief review of positioning 
methods and systems currently on the market and evaluate their performance. A new 
method is proposed which takes advantage of an electric tether cable between the seafloor 
station and an ROV. The electrical reference signal generated at the seafloor station is 
transmitted via the cable to the ROV. The acoustic transmitter at the ROV re-transmits 
this signal back to the seafloor receiving station. The proposed method is based on 
continuous phase measurements between those two signals at the station. Every 2  change 
in the phase difference corresponds to one-wavelength (of the transmitted acoustic signal) 
range increment along the radial direction from the ROV’s initial position to its new 
position. If the acoustic signal is received by a suitable array, the ROV’s bearing 
information can also be calculated by measuring the phases of the output signals from 
each of the array hydrophones. The proposed method can easily be implemented at a low 
cost compared to conventional methods, and it offers real-time precise tracking. The 
positioning error is related to the phase measurement uncertainty that is related, in turn, 
to changes in the underwater medium, such as sound speed variations, ocean currents, 
and multipath interferences. These factors are described and solutions are proposed to 
minimize their effects. Computer simulation and the results of an air-prototype experiment 
are presented in support of the concept. The proposed positioning method can also have 
applications in long-term monitoring of submerged tectonic plate movements or ocean 
current fluctuations over a long path. 

Keywords: underwater positioning, phase measurement, seafloor observatory network 
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1. INTRODUCTION OF UNDERWATER POSITIONING  

In recent years, there has been an increasing demand for robots to be used in 
underwater environment for research or commercial purposes. Applications include oil 
and gas exploration, pipeline installation, ocean sciences, salvage operations, marine 
archaeology, and military activities. In many cases, one of these underwater robots’ 
missions is to collect data from certain sites on the seafloor. Often the collected data can 
only be interpreted meaningfully when referenced to the collection site location, making 
positioning an important issue. Accurate positioning of underwater robots such as 
autonomous underwater vehicles (AUV) and remotely operated vehicles (ROV), including 
sea bottom crawlers, is thus of importance.  

 
Underwater acoustic positioning systems were developed in the 1960s [1] and have been 
providing support to various research and commercial projects and activities ever since for 
the tracking and navigation of underwater vehicles or divers with respect to reference 
platforms. Underwater positioning systems are generally categorized into three major 
groups: long baseline (LBL) systems, short baseline (SBL) systems, and ultra-short 
baseline (USBL) systems. Extensive reviews of underwater positioning systems can be 
found in [1~6]. 

 
Measurement accuracy of conventional positioning systems is limited by the dynamic 
underwater acoustic environment of varying sound speed in time and space, medium 
inhomogeneities, ocean currents, multipath interferences, ambient noise, and sound 
propagation path. Another source of error comes from the uncertainties of the reference 
platform position and the transducer array geometry [1, 2]. For reasons of versatility, 
commercially available underwater acoustic positioning systems are autonomous in the 
sense that there is no communication link over a tether cable connecting the robot to the 
reference platform. However, in some cases, a tether cable is present to provide a power 
and high speed communication link that connects a reference platform with an ROV or a 
crawler [7]. This can be utilized as an aid for positioning. Motivated by this possibility, a 
novel positioning method is proposed which takes advantage of a tethered cable linking 
the robot and the reference platform [4, 8, 9]. Unlike traditional positioning methods based 
on time-of-flight measurement, the proposed method conducts positioning via near-
continuous phase measurement between an electrical reference signal and an acoustic 
signal transmitted by the robot and received by an acoustic array at the platform. The 
positioning error depends on how accurately the received signal’s phase is measured. 

2. CONTINUOUS POSITIONING BASED ON PHASE MONITORING 

A scenario is shown in Fig. 1, where an ROV is tracked by using the proposed scheme. 
The reference platform is connected to an observatory node, an offshore station or a 
surface vessel/buoy via a cable for power supply and data transmission [7]. A processing 
unit is mounted on the reference platform and contains an oscillator, a receiver (or a 
receiver’s array) and signal processor. This unit is under the control of an onshore station 
or a surface ship. The ROV (for instance, a bottom crawler) is connected to the reference 
platform with a cable. This cable is used for power supply and data transmission between 
the ROV and the reference platform. The ROV’s initial position with respect to the 
reference platform is assumed known. 
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Fig. 1 System Configuration to Position a Moving Target 
 
An oscillator located at the reference platform generates a stable sinusoidal reference 
signal and transmits it to the ROV through a cable. At the same time, this signal is fed into 
the phase detector at the reference platform. When the electric signal arrives at the ROV, 
the transmitter at the ROV responds with an acoustic signal. This signal is received at the 
reference platform with time delay and therefore phase shift. It is passed into a signal 
amplifier and a narrowband filter to reduce the noise, and then fed into the phase detector. 
The phase detector will measure the phase difference between the acoustic signal and the 
reference signal. While the ROV is moving away from its initial reference position, the 
phase difference is changing accordingly. The phase detector’s output (t)  is a function 
of time, which is proportional to the ROV’s radial range increment. Every 2  in (t)  
corresponds to an acoustic one-wavelength range increment along the radial direction 
from the ROV’s initial position to its new position. The ROV’s slant range from the 
reference platform is thus obtained as 

02
)(
f

ctr ,                                                                                                                       (1) 

where c is the sound velocity in water. To track the phase changes beyond the 
interval ),( , the number of phase discontinuous jumps is counted and a total phase is 
reconstructed (unwrapped). In this way the ROV’s position is monitored in real time. The 
range increment estimation error is 

ee
f

ce r 22 0
 ,                                                                                                       (2) 

that is a fraction of the phase measurement error e . Let’s assume the frequency of the 
sinusoidal signal f0=20 kHz, which corresponds to a wavelength  = 7.5 cm. If the phase is 
measured with ±10° (±2.8%) error, the distance estimation error will be re = ±12.5mm. 
This potential accuracy is much higher than most existing commercial underwater acoustic 
positioning systems. If a horizontal receiver array with only two hydrophones is used at 
the reference platform, the ROV’s azimuth angle  will be estimated as: 

)(
2

sin
2

sin 21
0

1

0

1
Lf

c
Lf

c

                                                              
 (3) 

1st International Conference and Exhibition on Underwater Acoustics

353



 

where L is the spacing between hydrophones in the receiver array. Fig. 2 is the block 
diagram for azimuth angle measurement. The ROV’s elevation angle can be estimated 
using the same approach using another vertical receiver array with two hydrophones.  
 
A scaled-down air prototype has been designed and implemented using ultrasonic 
transmission at 40 kHz, which provides the same wavelength in the air as a 200 kHz 
frequency in the water. The transmitter is a Kobitone 400ST16 ultrasonic transmitter and 
the receiver is a Kobitone 400SR12 ultrasonic receiver. Analog signals were sampled at 96 
kHz and digitized with 24-bit resolution using PHONIC Helix Board 12 Plus. The digital 
data were fed into a computer for phase estimation. In one of the testing trials, the carriage 
started moving at t = 4 s. It moved from P0 to P2, back to P0, then to P1. The experiment 
setup and recovered trajectory are shown in Fig. 3 and 4, respectively. The result verified 
the effectiveness of target tracking using phase monitoring. 

 

Fig. 2 Block Diagram for Bearing Angle Measurement 

3. POSITIONING ERROR ANALYSIS 
 

In reality, the sound speed c does not remain constant at all times, causing positioning 
error, as seen from (1). This error due to sound speed variations is very small and can be 
neglected [4]. To get a real-time measurement of c, a sound velocimeter could be installed 
on the reference platform with the potential accuracy up to a few centimetres per second 
[10]. For a short-term, small area application, it can be further assumed that the sound 
velocity remains the same along the transmission path throughout the positioning task. 
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                 Fig. 3 Experiment Setup 

       

         Fig.4  Recovered Trajectory
 

It was assumed that the acoustic signal is transmitted from ROV to the reference platform 
only along the direct path. In reality, the transmitted signal might undergo successive 
reflections at boundaries. The received signal is made up of the desired signal from the 
direct path, and interfering signals from multipaths. The positioning performance will be 
highly degraded by these parasitic signals. Multipath interferences are not easy to reject by 
means of beamforming because their direction of arrival may vary constantly. In view of 
this problem, a short-duration signal or “pulse”, instead of a continuous signal, could be 
transmitted periodically with a pre-determined repetition rate. All transmitted pulses have 
identical sinusoidal waveform with the same frequency and duration. The phase shift in 
each of these pulses is measured. The results are combined and the ROV’s trajectory is 
recovered accordingly. The challenge of pulsed transmission is to choose the pulse length 
and the repetition rate. The repetition rate of transmission pulses is chosen such that the 
ROV’s range increment during the interval between two pulses will not exceed one 
wavelength, which means that the phase will not change beyond 2  during the interval.  
By  doing  so  the  ambiguity  will  be  avoided  when  the estimated phases are combined 
and unwrapped for each pulse. 

4. POTENTIAL APPLICATIONS 
 
The NEPTUNE (North-East Pacific Time-Series Undersea Networked Experiments) 

project provides a highly precise, real-time, fine grained spatial-temporal sampling of the 
ocean environment. Multiple nodes composing an underwater acoustic sensor network 
(UWSN) are placed on the seafloor as shown in Fig. 5. Each node is connected by an 
underwater cable to a shore control station and then to the Internet. To collect and tag data, 
or place and retrieve devices on the bottom, a networked ocean observatory system might 
incorporate intelligent unmanned underwater vehicles such as an ROV or seafloor crawler 
connected to a bottom node and capable of navigating to exact bottom locations or along a 
precise path. Currently a seafloor crawler “Wally” is performing its mission in the network 
to investigate processes influencing gas hydrates evolution at the seafloor. Wally is 
connected to the Barkley Hydrates instrument platform via a 70m cable, which provides 
power and communications. The depth of its deployment site is 860m. Controlled by a 
remote onshore "driver", Wally is navigated visually by markers on the seafloor that come 
into camera view when it moves. The onshore driver can monitor the heading and motor 
data for a rough idea where Wally is going. NEPTUNE’s network structure fits the 
proposed method very well. It is expected that the method described in this paper can be 
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used to monitor Wally’s trajectory precisely in real-time. Another possible application is 
to measure ocean current speed and perturbations over a path [11]. Also, it might find 
application in monitoring the movements of tectonic plates [11].   

 

 
 
Fig. 5 NEPTUNE Canada Observatory Layout [23] 

 

 
 

Fig. 6 “Wally” the deep sea crawler  
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Abstract: Passive acoustic detection and localization of small surface craft has a number of 
practical applications, such as monitoring and protecting sensitive marine habitats. Moored passive 
equipment can be cumbersome to deploy and communicate with, so AUV-mounted devices are being 
investigated as an alternative.  The GLASS’12 experiment was designed to assess the feasibility of 
using a hybrid autonomous underwater vehicle outfitted with a compact volumetric nose array as a 
data collection platform.  The array consisted of 5 vertical elements and 4 in a tetrahedral 
arrangement, and the hybrid underwater vehicle had the capability operating in either glider or 
propeller-driven modes.  The rigid design of the array minimized element location mismatch, and 
enabled the use of aggressive adaptive beamforming in 3-D.  This facilitated isolation of broadband 
multipath arrivals originating from the motor of a small rubber boat.  Cross-correlation of beams 
enabled the time-lag between the arrivals to be measured, which, in turn yielded information about 
the target range.  The underlying formulation bears similarity to the passive fathometer [J. Acoust. 
Soc. Am. 120 (3) 2006] which exploits surface wave noise rather than ship noise.  This presentation 
will focus on the array beamforming and potential applications for localization and environmental 
sensing.

Keywords: cross-beam correlation, adaptive beamforming, localization, multipath 
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1. INTRODUCTION

It has been shown that by cross-correlating ambient noise from the end-fire beams of a vertical line array, a 
reflectivity profile of the seabed can be constructed. Siderius et. al. (2006) [1] called this technique the passive 
fathometer since it relies solely on naturally occurring noise. Its modus operandi is to pulse compress 
downward-traveling broadband surface noise with an upward-traveling reflection of that noise from the seabed, 
and plot the resulting time-series on a two-way travel-time axis converted to depth. This shares many 
similarities to a matched filter (as would be used in the processing back-end for an active fathometer) in which 
the active source is replaced with the output of a beamformer steered at the surface, and the “received” 
waveform comes from the conjugate beam steered at the seabed.  

Siderius et. al. (2010) [2] further demonstrated that 
adaptive beamforming could be employed to reduce 
interference from non-vertically-traveling waves. For a noise 
field in a typical ocean environment, non-vertically-traveling 
waves are the dominant acoustic features. This is because 
vertically-traveling waves originate from wind and breaking 
waves in a small patch of the ocean surface directly overhead 
the array. This signal is superimposed on noise originating 
from other areas of the surface and seabed, as well as refracted 
acoustic energy generated by distant natural and anthropogenic 
sources.  

Harrison (2008) [3] showed that the same passive 
fathometer formulation could be leveraged for detecting targets 
placed between the array and the seabed. With sufficient 
averaging time, weak reflections from glass spheres were 
detected and appeared as small peaks in the cross-correlation 
time-series. When the spheres were removed, the peaks 
correspondingly disappeared. These techniques are considered 
“coherent” insofar as they rely on being able to find exact 
signal replicas using cross-correlations. In contrast, 
“incoherent” geoacoustic methods have been developed [4] 
that instead compare the relative power between conjugate 
beams to ascertain angle-dependent reflectivity properties of the seabed. The quantity being measured from each 
beam is signal energy, but the beams are not compared using a cross-correlation operation. The analysis 
presented in this paper differs in that it does perform a coherent comparison between beams steered at oblique 
angles (that are not necessarily conjugates of each other). These techniques are but a handful of examples that 
have demonstrated the feasibility of using naturally-occurring noise for environmental analysis or target 
detection. This raises the question of to what extent anthropogenic noise can be leveraged for other passive 
sonar applications. Some forms of anthropogenic noise, such as wake and propeller noise, radiate in the same 
frequency band as wind and breaking waves from a rough surface. Unlike surface noise, most small surface 
craft have higher source levels and behave as point radiators. Source distribution and source level are perhaps 
the primary differences between noise generated from a nearby ship, and noise from a rough surface.  

 This study analyzes two passive sonar methods for localizing a small boat using a compact volumetric 
hydrophone array mounted to the nose of an eFolaga AUV, shown in Fig. 1. The first method is based solely on 
narrow-band beamforming, while the second cross-correlates beams to refine the target range using the time lag 
between multipath arrivals. The time lag calculation is almost identical to the adaptive passive fathometer 
processing, which is based on pulse compression of broadband noise. These results are derived from a particular 
set of data collected during the GLASS’12 experiment in which the AUV was moored to the seabed, and a small 
rubber boat target maneuvered in the vicinity. The stationarity of the array provided for a good ground truth 
estimate of the location of the boat relative to the array, based on GPS records of each.  

In a similar study, small boat localization was investigated in [5] using two bottom-mounted hydrophones to 
analyze the lag times between the most prominent multipath arrivals. This study differs in its use of different 
equipment (a portable volumetric array versus two fixed hydrophones spaced at 11 m), its use of adaptive 
beamforming, and the cross-correlation of beams. 

 

 

Fig. 1: The compact array attached to the 
nose of the eFolaga AUV. 
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2. EXPERIMENT 

The GLASS’12 experiment was conducted in July 2012 off the coast of northern Italy near La Spezia. The 
purpose was to investigate potential uses of an AUV affixed with a nose-mounted array. In one deployment, the 
AUV was secured to a rigid structure and moored at 1.85 m above the seabed. The water depth was 
approximately 20.5m. GPS coordinates of the array were taken during deployment.  

The eFolaga array is show in Fig. 1 and consisted of eight elements; five in a vertical configuration, and 
three offset from the center element to form a tetrahedron with the center element. The spacing between the 
vertical elements, as well as lengths of each edge of the tetrahedron, was 10 cm.  

A small rubber boat with an outboard engine outfitted with a portable GPS data recorder maneuvered in the 
vicinity of the array. In this paper, a particular snapshot is analyzed in which the boat is slowing approaching 
the array from the northwest at roughly 2.9 m/s, and is at a range of roughly 100 m.  

3.  ADPATIVE BEAMFORMING AND 
CORRELATION PROCESSING 

The plane-wave response on an array of arbitrary 

geometry is , in which  is the 
wavenumber,  is the array manifold that specifies the 
position of each element, and  is a unit vector 
indicating the direction of wave propagation [6].  The 
modelled response, , is also called the “steering 
vector,” and can also take on more complex forms, such 
as incorporating wavefront curvature, or even pressure 
field simulations akin to those used in Matched Field 
Processing (MFP).  The conventional frequency-domain 
phase-and-sum beamformer is defined as 

, in which  is the weight vector 
and  is the received spectral value.  The term  
is derived from a modelled response on the array as 

, which satisfies the 

“distortionless” constraint . 
The power output of an arbitrary beamformer with weights  is 

(1)

in which  is the cross-spectral density matrix (CSDM), and can be estimated from real data by averaging 
successive snapshots. 

The minimum power distortionless response (MPDR) adaptive beamformer is defined in [6] as 

 in which  is a steering vector, and  is the sample-averaged CSDM.  This is a least-

squares solution to  constrained by .  A white noise gain (WNG) parameter, , 
can be added as 

(2)

 

Fig. 2: Adaptive beamformer output shown in a 3-
D coordinate space local to the array.  Computed 
at 7 kHz with a 1 kHz bin width.  The line 
annotations indicate the direction of arrival for 
the first multipath eigenrays.  Axes are scaled 
equally. 
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This is tantamount to performing diagonal loading and is used to stabilize a rank deficient  for inversion, 
or to compensate for mismatch errors in element location.  An example of Eq. 2 is shown in Fig. 2 for =-30 
dB.  Note the dynamic rejection of most of the energy coming from directions other than from the boat. 

Siderius et. al. (2010) [2] used Eq. 2 to dynamically reject oblique interferers recorded by a vertical line 
array (VLA).  In the adaptive passive fathometer formulation, Eq. 2 is used twice for each  in Eq. 1, once for 

the upward facing beam, and once for the downward facing beam, resulting in .  

The weight vectors were defined as  and .  The correlation output, 
 is then inverse Fourier transformed into the time-domain resulting in , in which  

represents the correlation time lag.  Note that this formulation extends naturally to beams constructed using any 
steering vectors.  Cross-correlation of two arbitrary beams for an arbitrary array thus follows the same 
construction, but with different weight vectors as 

(3)

4. MULTIPATH ARRIVALS 

In shallow water, it is often appropriate to 
make an isovelocity assumption.  If data is 
collected in an area of flat bathymetry, this 
simplifies raytrace modeling considerably.  For a 
small boat target of known location, and an array 
of known location, calculation of the eigenrays is 
a straightforward matter of using image theory 
([7]).  From the position of each image, the 
direction of arrival on the array of that eigenray is 
readily determined.  If it is further assumed that 
the seabed consists of a halfspace, all eigenrays 
pass entirely through water, so their absolute 
arrival times depend solely on the distance they 
each travel.  The algorithm presented in this paper uses correlation processing, thus the measured quantities are 
relative arrival times.  These are computed by taking differences between absolute arrival times. 

Due to scattering, absorption by the seabed, and additional spherical spreading loss, multipath arrivals are 
generally less intense than the direct arrival.  Higher-order multipath arrivals that undergo additional boundary 
interactions have even less intensity at the array.  Fig. 3 shows the same data from Fig. 2 plotted on 2-D axes, 
which clearly shows the single-bounce multipath arrivals. 

5. AMBIGUITY SURFACE: BEAMFORMING ONLY 

The boat localization techniques are represented as ambiguity surfaces. These are distributions over the 
ocean surface giving an estimate of the likelihood of the target being at each position. 

Let  be a point on the surface in the vicinity of the array, and  be the position of the center of the eFolaga 

array.  A wave generated from  and incident on the array arrives at direction , in which 
 is the 2-norm.  Let  be power output of a beamformer from (\Eq{wngc}) focused at direction .  Note 

that this assumes the point is in the far field. 
The first ambiguity surface generating function involves projecting the received energy directly at the 

surface as 

(4)

 

Fig. 3: Adaptive beamformer output shown on an 
azimuth-elevation axes.  Annotations denote expected 

arrival directions from GPS records. 
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The main disadvantage of this is that it neglects multipath arrivals which are incident at roughly the same 

azimuthal angle, but stacked in elevation, leading to poor range resolution.  A single snapshot of this is shown in 
Fig. 4(a). 

6.  AMBIGUITY SURFACE: 
CROSS-BEAM 
CORRELATION

The second ambiguity surface 
function considers the time lag between 
the direct and the bottom multipath 
arrival in order to refine range.  After 
beamforming to map the directionality 
of incident arrivals, as shown in Fig. 2 
and Fig. 3, the strongest direction is 
chosen and assumed to be the direct 
arrival.  Note that for surface vessels, 
this would be constrained to the upper 
half of the elevation angles.  Constraining 
to a narrow region around that particular 
azimuth direction, the elevation of the 
strongest arrival from the seabed is then 
selected and assumed to be the arrival 
from the bottom image.  Steering vectors 
are then constructed to focus the array on 
each of these arrivals, and then cross-
correlated using Eq. 3.  Note that while 
beamforming was performed in a narrow 
band, the cross-correlation must be done 
over a wider band such that pulse 
compression can be performed.  In this 
experiment, beamforming was done at 7.5 
kHz, since that is the design frequency of 
the array, and the band used for cross-
correlation was 500 - 10000 Hz.  After this is transformed into the time domain, the result is shown in Fig. 5.  
The time series has been enveloped and converted to a decibel scale.  The annotation shows the expected time 
delay between the arrivals based on the additional travel distance incurred by the bottom image, and this 
matches well with the strongest correlation peak. 

To utilize this lag estimate for range estimation, Eq. 4 is extended by multiplying an additional term.  Let the 
offset of the strongest time lag peak be .  For each surface point, , a raytracer can be leveraged to compute an 
expected time lag, .  The width of the correlation peak is a function of the bandwidth used for the cross-
correlation, .  So, the ambiguity function should be scaled based on the deviation between the measured  
and predicted .  A Gaussian kernel is selected for simplicity, allowing the ambiguity surface to be defined 
as 

(5)

The term  is defined as  giving the Gaussian the correct width.  The second ambiguity for 
the same snapshot is shown in Fig. 4(b) in which the range has now been significantly refined. 

 

Fig. 4: Comparison of localization algorithms.  (a) Projection of 
main beam directly onto surface.  (b) Refine range information 

by incorporating time-differences of multipath arrivals. 

 

Fig. 5: Cross-correlation of beam focused at the direct arrival 
with beam focused at the arrival from seabed. 
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7. CONCLUSIONS 

This paper demonstrates and compares two techniques for localizing a small rubber boat.  The latter 
technique involves an application of correlation processing that is applied directly to multipath arrivals from a 
point source radiator of broadband noise.  This formulation is adapted from previous investigations into the 
adaptive passive fathometer which has been shown to be able to pulse compress echoes of surface noise 
reflected from the seabed, while rejecting interferers.  In a sense, seabed echoes are akin to multipath arrivals of 
the surface noise, although that terminology is typically only used for point sources.  The information obtained 
from correlating beams focused on the direct and bottom multipath arrivals facilitated estimation of the time-lag 
between them.  This time-lag has important geometric implications, particularly in terms of range, and this was 
utilized to refine the location estimate of the target. 

This study assumed a flat bathymetry, which is probably reasonable for the GLASS'12 experiment, but this 
technique is easily adaptable to a region in which this assumption does not hold.  The raytracer used to estimate 
time lags would need to be configured with the correct bathymetry so that the bottom image has the correct 
location. 

Future work can investigate the maximum range achievable through this latter technique.  Furthermore, a 
study of the factors that affect performance would help define the efficacy of the technique in terms of target, 
receiver, and environmental characteristics.  It is possible that additional peaks in the cross-correlation time-
series may correspond to reflections from sub-bottom layering.  In general, a passing boat with known position 
could potentially be a valuable signal of opportunity for estimating seabed reflectivity as a function of frequency 
and grazing angle.  Simulations using standard propagation modeling tools could be leveraged to shed light on 
this question. 

Compact volumetric arrays are proving to be effective tools for the detection of small surface craft.  The 
extents of their potential usefulness have yet to be determined as the mobile AUV platforms to which they can 
be mounted could make them strong assets for remote monitoring activities. 
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Abstract: Autonomous underwater vehicles (AUVs) contain Doppler logs that determine 
absolute velocities used for navigation. Oscillatory motions (yaw, roll and pitch) increase 
the AUV velocity error. The accuracy of the AUV velocity can be improved by using a 
Janus transducer configuration. Although the Janus transducer configuration decreases 
the AUV velocity error caused by oscillatory motions, it does not eliminate them. 
Oscillatory motions can be compensated for by electronic and mechanical stabilization of 
directional characteristics of the log transducers. However, in this case, the log becomes 
bigger and heavier, which may be unacceptable for AUVs. We suggest using the 
maximum-likelihood method to determine the AUV velocity, which provides unbiased and 
efficient estimation of the AUV velocity.  The fact that the velocity estimation is unbiased 
makes it possible, in compensating for the oscillation motions, to use a log with a 2-
channel log for measuring the AUV velocity instead of a 4- channel log (Janus 
configuration). The proposed method can only be implemented with proper account for 
heading, roll, and pitch angles from the corresponding sensors. The results obtained in 
the simulation of velocity determination in roll and pitch conditions are discussed. 

Keywords: Autonomous underwater vehicles, Doppler log, yaw, roll, pitch, maximum-
likelihood method, estimation of velocity 
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1. INTRODUCTION
Autonomous underwater vehicles (AUVs) contain Doppler velocity logs intended to 

determine the AUV velocity. Oscillatory motions (yaw, roll, and pitch) lead to increase in 
the AUV velocity error. The accuracy of the AUV velocity can be improved by using the 
logs with a Janus transducer configuration. (Fig.1). 

 
 

 
Fig. 1. A schematic showing the determination of the AUV absolute velocity.  
 

A simplified schematic of information processing in one channel of the log is given in 
Fig. 2. 

 
Fig. 2. A schematic of information processing in the log. 
1 – transducer, 2 – generator, 3 – amplifier, 4 – phase detector, 5 – 90 degree phase shifter, 
6 – AD converter, 7 – computer, 8 – motion reference unit (yaw, roll and pitch sensors). 

 

All the channels of the log have similar information processing. Generator (2) transmits 
a pulse signal through transducer (1). The signal reflected from the seabed is received by 
transducer (1). After the signal is amplified in amplifier (3), it is fed to two phase detectors 
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(4), which, in addition, receive the reference signal from the generator. As this takes place, 
a signal from the generator comes to one of the phase detectors, the phase of which is 
shifted by 90° in phase shifter (5). The signals from the phase detectors are converted to 
the digital code in AD converters (6). The digital signals from all the log channels enter 
computer (7). At the same time the computer (7) receives yaw, roll and pitch from motion 
reference unit (8). The computer determines the longitudinal and transversal components 
of the AUV velocity (V). 

 
The signal at the computer input from each channel of the log is a narrowband quasi-

stationary random process: 
kFDopi 2 k

Fd
k k ku a e n ,k 0,1,...  

(1)

where ak is a complex amplitude of the signal in the k-th time reading, FDopk is the 
Doppler frequency in the k-th time reading, Fd is the sampling rate in the AD converter, 
and nk is the complex noise amplitude in the k-th time reading. 

Since Doppler logs use the same algorithms for determining the longitudinal and 
transverse velocity components, for simplicity, we give only the algorithms for estimating 
the longitudinal velocity component of the AUV, denoted by V and subsequently referred 
to as ‘velocity’. 

 
 
To determine the longitudinal velocity component of the AUV, channel 1 (fore 

direction) and channel 3 (aft direction) of the log measure the Doppler frequency, which is 
related to the AUV velocity by the following expression [1]: 

 
2 V sin 0 t

FDop1 t Fs n1 t
C V sin 0 t

2 V sin 0 t
FDop3 t Fs n3 t

C V sin 0 a t

, 
(2)

where FDop1(t), FDop3(t) is the Doppler frequency at time t in the n-th channel of the log 
and in  channels 1 and 3, respectively; Fs – radiated frequency, C – the sound velocity in 
water; V –  the AUV longitudinal velocity; 0 – the log beam angle of deflection from the 
normal; (t) – the roll angle (the log channel beam angle of deflection from the normal 
caused by oscillation motions:   roll, pitch, and  heading); n1 (t), n (t) are Doppler 
frequency errors at time t in the n-th channel and  channels 1 and 3 channels, respectively. 

In the traditional approach [2], the roll angles are neglected, i.e., it is assumed that in 
(1), (t)=0  and the AUV longitudinal velocity is defined by the following formulas: 

1. for a single-channel log: 
FDop1 t C

V1 t
2Fs FDop1 t s in 0

, (3)

2.  for a two- channel log (Janus configuration log): 
FDop1 t FDop3 tC FsV2 t

s in 0 2Fs FDop1 t 2Fs FDop3 t
, 

 
(4)

where Va1(t), Va2(t) are the estimates of the AUV longitudinal velocity in the  single- 
channel and two- channel logs, respectively. 

1st International Conference and Exhibition on Underwater Acoustics

365



 

Roll and pitch lead to the velocity error which is defined as 
V t V t V . (5)

The magnitude of the velocity error depends on roll and time. 
Consider a numerical example. Assume that we have rolling with an amplitude of 10° 

and a period of 10 s; the AUV velocity is Va=10 kn, =1450 m/s, Fs=300 kHz. 
For example, a fig. 3 shows plots of the velocity error as a function of time for the 

single-channel (curve 1) and two-channel (curve 2) log. 
 
 
 

 
 
 
 
 
 
 
 
 
 
Fig. 3. Plots of the velocity error as a function of time for the single-channel 

(curve 1) and two-channel (curve 2) log. 
 

As may be seen from Fig. 3, for the single-channel log, the velocity error varies from 
minus 2 m/s to 2 m/s, and for the two-channel log from 0 to 0.09 m/s. The two-channel log 
provides significantly higher accuracy in determining velocity than the single-channel log. 
However, in some applications of AUVs, a two-channel log of conventional structure does 
not provide the required velocity accuracy in the conditions of oscillating motions. 

One of the methods used for roll compensation is electronic and mechanical 
stabilization of directional characteristics of the log transducers. However, using this 
method, we have to increase the weight and size of the log, which may be unacceptable for 
the AUV. 

This being so, the challenge is to increase the accuracy in determining of the AUV 
velocity in the conditions of oscillating motions. 

Problem statement. In one channel of a log, at the computer input, the signal is 
described by relation (1). The AUV has a motion reference unit (MRU) with sensors that 
measure yaw, roll and pitch. The measurements of these sensors are used to compute the 
channel beam angle of deflection from the normal, which is fed to the computer (Fig. 3).  

We need to estimate the AUV velocity component in one channel of the log. 

2. AN ALGORITHM FOR DETERMINING AUV VELOCITY IN THE ROLL 
CONDITIONS   

Determination of the AUV velocity can be considered as a classical problem of 
parameter estimation. To be specific, let us consider channel 1 of the log shown in Fig.1. 
The observed signal is a sum of the useful signal and a noise. 

 With allowance for (2), the observed signal is described by the relationship: 
k k k ku a s0 v n ,k 0,1,...  (6)
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where 

k
Fd
k

Fd

V sin 0Fsi 4 k
Fd C V sin 0

ks0 V e is the useful signal. 
 
The useful signal is a scattered component of the acoustic field. We can assume that the 

useful signal is a quasi-stationary narrowband complex Gaussian random process with 
zero mean value. The power of the signal in the interval of stationary is Ws. 

The noise is a sum electric noise, water noise, and the reverberation noise. We can 
assume that the noise is a stationary narrowband complex Gaussian random process with 
zero mean value. The power of the noise in the interval of stationary is Ws. 

For the accepted models of the signal and noise, the distribution density of the observed 
signal is given by 

K
1*

K n k1 K n kk1,k
k ,k1 0

u R V,Ws,Wn uNst 1

K
n 0

1P u,V,Ws,Wn e
det R V,Ws,Wn

, 
(7)

where Nst is the number of stationary cycles; K Tst*Fd is the number of time reading on 
the stationary interval; R Va,Ws,Wn  is the correlation matrix of the observed signal on 
the n-th stationary interval, the k1,k element of which is 

*
k1,k K n k1 K n kk1,kR V,Ws,Wn Wn Ws s0 V s0 V ; k1,k

1, if k1 k
0, if k1 k

 is the  

Kronecker delta;  
*

1 K n k1 K n k
k1,kk1,k

s0 V s0 V1R V,Ws,Wn Ws
Wn Wn K Ws

 is the k1,k element of the 

inverse correlation matrix on the n-th stationary interval. 
Sign "*" denotes complex conjugation. 
The logarithm of the likelihood function (LPF) to within terms and factors are 

independent (weakly dependent) on the velocity of PPA can be written as: 
Nst 1

n 0
2Nst 1 K 1 Nst 1 K 1

1* *
K n k1 K n k K n k K n kk1,k

n 0 k,k1 0 n 0 k 0

LP V Ln P u,V,Ws,Wn Nst K Ln det R V,Ws,Wn

u R V,Ws,Wn u s0 V u .
 

 
 

(8)

In the derivation of (8) it was assumed that in determining the AUV velocity, the 
signal-to-noise ratio (SNR) is high enough, i.e., the condition K WsSNR 1Wn  

holds true, which does take place in practice. 
From (8) it follows that if the SNR is high, the LLF only depends on the AUV velocity.  
With allowance for (6), the LLF can be written as follows: 

2

Nst 1 K 1

K n k
n 0 k 0

K n kV sin 0
Fs FdLP V u exp i 4 k

K n kFd C V sin 0
Fd

. (9)

In the presence of roll, the maximum likelihood velocity estimate maximizes the LLF 
defined by (9). The extremal problem can be solved by various numerical methods, for 
example, by the method of fastest descent [3]. In this case, the value of velocity obtained 
in the traditional way from the measured Doppler frequency should be used as the initial 
approximation. 
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The maximum likelihood method provides asymptotically unbiased and efficient 
parameter estimate [3]. Therefore, the proposed method also provides an unbiased and 
efficient estimate of AUV velocity. Taking into consideration the fact that velocity 
estimate is unbiased; we can use a 2-channel configuration log in the log instead of a 4-
channel configuration log (Janus configuration) to compensate for roll and pitch. 

The effectiveness of the method proposed for determining the AUV velocity was 
estimated by mathematical simulation.  Fig. 4 shows a graphic of LLF for the log and 
motion parameters of the AUV discussed earlier in the numerical example. In velocity 
estimation, the SNR was 13 dB. The mean deviation error by the single-channel log was 
3·10-6 m/s and the root mean standard error was of 3.4·10-4 m/s. 

Fig. 4.  LLF depending on the velocity. 

3. CONCLUSIONS 
A method of maximum likelihood is proposed for determining the AUV velocity in the 

roll conditions, which allows for unbiased and efficient estimation of the AUV velocity. 
The fact that the velocity estimation is unbiased makes it possible to use a 2-channel 
circuit for measuring the AUV velocity in the log instead of a 4-channel circuit (Janus 
configuration). 
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Abstract: In 1960, the sound signals from a sequence of three 300-lb TNT shots deployed 
at 5-minute intervals off Perth, Australia were recorded at Bermuda.  The acoustic 
propagation of these signals were examined using ECCO2 18-km ocean state estimate 
(1992-2006) and Smith-Sandwell 1' global topography.  Intense, small-scale features (e.g., 
Agulhas rings and Antarctic Circumpolar Current meanders) greatly influenced the 
acoustic paths, giving them a scintillating and time-dependent nature.   Without the 
influence of the sea floor, previous analyses found that Bermuda was in the acoustic 
shadow of the African continent.  The oceanic features of ECCO2 are sharper, hence more 
refractive, than the smoothed ocean atlases previously employed, but the additional 
refraction still did not give "direct" arrivals.  The "direct" arrivals missed Bermuda by 
only 135±52 km, however.  Scattering from Kerguelen and the Crozets and reflection from 
the eastern tip of South America were sufficient to account for the 1960 measured 
arrivals.  Intensity considerations show that because Bermuda was shadowed, the 
recorded signal levels of the explosive shots (15 dB SNR) were greatly reduced compared 
to theoretically-expected signal levels (30 dB SNR).  In the half century since this 
experiment has been conducted, ocean warming is expected to have reduced the antipodal 
travel time by about 10 s.

Keywords:  Acoustic thermometry, climate change, antipodal acoustics, global ocean state 
estimates
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1. INTRODUCTION: THE EXPERIMENT 

In March 1960, the sounds from 300-lb explosive charges deployed off Perth, Australia 
were recorded at Bermuda, the antipode to Perth [1], [2], [3]. The test verified the 
suggestion in 1948 by Ewing and Worzel [4] that acoustic propagation in the ocean over 
antipodal distances was possible. Under a careful and controlled scientific plan, three 
surplus depth charges were deployed from an Australian oceanographic research vessel, 
the HMAS Diamantina, at 5-min. intervals. The shot locations were determined by a 
combination of triangulation from shore landmarks, dead reckoning, and celestial 
navigation under ideal conditions, giving an uncertainty in position of about 5 km [5]. This 
positioning uncertainty, which is biased on the side of reducing travel times, corresponds 
to a travel time uncertainty of about 3 s. Time keeping was done manually using a 
“chronometer deck watch”, most likely the ship's navigation clock, with an uncertainty of 
about 1 s. The experiment was coordinated with the Bermuda SOFAR station, which 
recorded the arrival pulses. The travel times of the pulses were about 3 hr., 43 min. The 
recorded arrivals at Bermuda consisted of a broad pulse of about 20-s width (half 
maximum) with peak intensity about 15 dB above noise, followed by a second weaker 
pulse of comparable width about 30 s later. The acoustic paths traveled by the sound are 
refracted geodesics [6],[7],[8],[9],[10]. A key question concerning this experiment has 
been to determine the precise acoustic paths followed by the acoustic pulses (Figure 1). 

2. PREVIOUS WORK 

In 1988, Munk [6] computed ray paths that accounted for the horizontal refraction of 
sound and obtained the perplexing result that Bermuda was in the shadow of Africa. The 
intense ocean front associated with the Antarctic circumpolar current has a sound speed 
gradient that acts to refract rays southward. Rays departing the shot location on a more 
northerly trajectory can counteract this southward refraction, but in the Munk calculation 
[6] the particular rays with the trajectories toward Bermuda were blocked by Africa. 
Heaney et al. [7] combined the phase speeds of acoustic modes at 15 Hz calculated from 
low-resolution atlases for global sound speed and bathymetry with ray tracing. Two viable 
acoustic paths between Perth and Bermuda were obtained, requiring the influence of the 
topographic features of Kerguelen Island (first arrival pulse) and the coast of Brazil 
(second arrival pulse). From a modern perspective, however, this explanation is not 
entirely satisfactory [10], mainly because only low-resolution, highly-smoothed 
environmental data bases were available 20 years ago. 

3. HIGH-RESOLUTION OCEAN STATE ESTIMATES 
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Modern high-resolution ocean state estimates, such as produced by the Estimating the 
Circulation and Climate of the Ocean, Phase II (ECCO2) project [11], put the Perth-to-
Bermuda acoustic problem into a new light (Figure 2). The intense, small-scale features 
captured by these state estimates, e.g., Agulhas rings in the South Atlantic or the turbulent 
Antarctic circumpolar current system, greatly influence the acoustic propagation in a time-
dependent way.  

Fig.1: Sea floor topography [12] between the location of the shots off Perth, Australia 
(right) and Bermuda (left). The great circle route is indicated by the straight yellow line, 
while the WGS84 geodesic is indicated by the red line. Aside from the obvious continents, 

the main obstructions for the acoustic path were the Kerguelen Plateau and the Crozet 
Islands. With this oblique Mercator projection, the great circle route between the two 

points is a straight line with minimal mapping distortion about this line. 
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Fig. 2:  Acoustic mode-1 phase speed at 15 Hz derived from the ECCO2 state estimate 
for August 1993. The WGS84 geodesic path between the location of the Perth shots and 

the Bermuda SOFAR station receivers is indicated. The phase speed is a variable strongly 
dependent on ocean temperature; mode-1 phase speed variations follow those of ocean 

temperature near the sound channel axis. Dominant features affecting acoustic refraction 
are the filamental Antarctic circumpolar front and the Agulhas Rings of the South 

Atlantic. Hammer-Aitoff projection. 

In 2008, Dushaw [10] sought a solution for ray paths that did not require topographic 
influence. The hypothesis was that perhaps the greater sound speed gradients of more 
recent environmental models would not require this influence to obtain ray paths to 
Bermuda. Following the approach of Heaney et al. [7], Dushaw [10] computed the phase 
speeds of acoustic modes at 15-Hz frequency from the smooth NOAA World Ocean  Atlas 
[13],[14]. This environment gave rays that arrived only within about 300 km to the south 
of Bermuda. The intense small-scale features of the ECCO2 state estimates were more 
refractive than the smoothed Atlas, however. Ray tracing using the ECCO2 state estimates 
showed that, with these features, rays arrived about 100 km to the south of Bermuda.  

It is apparent that the topographic influence described by Heaney et al. [7] is required 
for rays to arrive at Bermuda. The small-scale oceanic features are also an important 
aspect of the problem, however. As a result of topographic scattering, the intensity of the 
ray arrivals at Bermuda is reduced by about 20 dB compared to "direct" ray arrivals. The 
oceanic influence greatly reduces the required topographic deflection, hence gives arrival 
pulses of greater intensity.

4. A MEASURE OF THE OCEAN'S STATE IN 1960?   

From the perspective of classical acoustic tomography [9], the antipodal travel time 
recorded in 1960, about 13,375 s, is a measure of the ocean temperature. These data are an 
immutable and valuable measure of the ocean's state in 1960, averaged along the sound 
channel axis and across several ocean basins: The Southern Ocean, the South Atlantic and 
the tropical North Atlantic. Global ocean state estimates, constrained by assimilation of 
available data, can be used to calculate a present-day travel time. This travel time is 
obtained by integration of the group speeds of acoustic modes along successful ray paths 
[7],[8].  Based on recent estimates of upper-ocean ocean warming, the travel-time change 
over the past half-century is nominally expected to be about -10 s for acoustic propagation 
along depths near the sound channel axis.  The comparison of travel times measured in 
1960 to travel times computed from ocean state estimates is a measure of ocean climate 
change.

5. COMPUTING ARRIVAL PULSES FOR COMPARISON TO OBSERVATIONS 

The task of obtaining calculated travel times of sufficient accuracy for comparison to 
the 1960 observations is challenging, however. We seek to determine an O(10-s) signal 
from recorded acoustic pulses of 20-s width. The calculation therefore requires more than 
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just travel times along the relevant ray paths at a single frequency. Rather, the complete 
pulses equivalent to the recorded arrivals have to be computed for any accurate assessment 
of travel time change. The relevant quantities are the frequency spectrum of the pulses, 
which can be computed (e.g., [15]), and the attenuation of the acoustic signals by the 
ocean (e.g., [16]) and topographic scattering. The computation apparently requires a broad 
band of frequencies, spanning about 10−75 Hz. At the higher-frequencies, small-scale 
ocean variability induces extensive mode coupling that must be taken into account.  For 
the first few acoustic modes, the higher frequencies are more confined to the upper ocean, 
less influenced by topography, and hence less likely to be scattered toward Bermuda. All 
aspects of the problem, such as exact propagation paths and signal intensities, are 
frequency dependent. Research is ongoing toward addressing these many issues as we 
work toward an accurate computation of the arrival pulses in high-resolution ocean state 
estimates [5].
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LINKS 

A website documenting the 1991 Heard Island Feasibility Test (HIFT) includes a 
page on the Perth-Bermuda experiment. One motivation for HIFT and acoustics as 
a measure of ocean climate was the 1960 test. 
http://909ers.apl.washington.edu/~dushaw/heard/perth/index.shtml
A Youtube video on the MITgcm channel showing the scintillations of ray paths as 
they respond to the changing refractive environment of the ECCO2 model 
integration: 
http://www.youtube.com/watch?v=YLDA5YbOn4s
The ECCO2 homepage: 
http://ecco2.org/
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Abstract: Sound propagation in sandy ocean sediments has been shown to be consistent 
with a poro-elastic model, particularly the Biot model with extensions to account for the 
elasticity of the grain-grain contact. However, the model has numerous input parameters 
that make it impractical for characterizing ocean sediments for most applications. 
Furthermore, to extend the model to softer sediments a mechanism for adjusting the rate 
of increase of attenuation with frequency is needed. An efficient poro-elastic model, which 
reduces the number of input parameters, is found in the Revil, Glover, Pezard and Zamora 
(RGPZ) model. Yamamoto and Turgut showed that the frequency dependence of 
attenuation is dependent on the width of the pore size distribution. By combining these two 
approaches, an efficient model that can accommodate a range of sediment types is put 
forward. The model predictions are compared to measurements from the Shallow Water 
2006 experiment as an illustration. It is shown that the new model may be fitted to a range 
of sandy and silty sediments, by the adjustment of five input parameters, of which two are 
directly measureable. This approach is expected to lead to an efficient poro-elastic model 
that may be used to characterize a wide range of sediments. 

Keywords: Shallow water, sediment acoustics, poro-elastic, dispersion 
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1. INTRODUCTION

Through a number of experiments, it has been shown that the frequency dependence of 
sound speed and attenuation in sandy sediments follows the poro-elastic model, 
particularly the Biot model. The essential features include an attenuation that increases as 
the second power of frequency at low frequencies, up to the characteristic frequency 
which is typically a few kiloHertz, followed by a slower rate of increase proportional the 
one half power of frequency, and a sound speed that increases with frequency particularly 
in the vicinity of the characteristic frequency. A laboratory experiment by Simpson and 
Houston [1] showed the one half power of frequency dependence at the higher 
frequencies. Inversions of attenuation at the lower frequencies from propagation loss 
measurements compiled by Zhou, Zhang and Knobles [2] showed a frequency exponent 
close to 2. The objective of this paper is to extend the poro-elastic model to a wider range 
of sediment types, where the frequency dependence of the sound speed and attenuation 
deviate from the standard Biot model, and to do so efficiently by reducing the number of 
input parameters. 

1. THEORY

The Biot model has three groups of input parameters: (a) the bulk properties of the 
solid and fluid components (b) the elastic properties of the frame and (c) the dynamic 
properties of the fluid, including the tortuosity, pore size, permeability, and viscosity. In 
this study, emphasis is placed on the last group, because of its influence on the frequency 
dependence of the attenuation and its connection to the fabric of the sediment, which 
characterizes the sediment type.  

 
In the determination of the frequency dependence of attenuation, a key component is 

the viscous drag correction term, defined by Biot (1956) [3] and reiterated in Yamamoto 
and Turgut (1988) [4] as, 

F ω( ) =
G ω( )
G 0( )  (1) 

where  is angular frequency, and G( ) is the ratio of the viscous friction force ( a) on 
the capillary wall per unit bulk volume to the average seepage velocity u( a) per unit 
bulk cross-sectional area, 

 G ω( ) =
τ ω,a( )
u ω,a( )  (2) 
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in which ber and bei are the real and imaginary parts of the Kelvin function, the primes 
denotes their derivatives, r is the pore radius,  the kinematic viscosity,  the viscosity, 
and X an amplitude constant that is eliminated when  is divided by u. 
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Yamamoto and Turgut theorized that the effective frequency correction factor should 

be the result of the stress and seepage velocities averaged over the full range of pore radii. 
Thus, the frequency correction term is modified by the pore size distribution, by replacing 
the term G( ) with the average over all pore radii Gave( ), 

F ω( ) =
Gave ω( )
Gave 0( )  (3) 

Gave ω( ) =
τ ω,a( )e a( )da

0

∞
�

u ω,a( )e a( )da
0

∞
�

 (4) 

where e(a) is the probability density function of the pore radius. 
 
Assuming a log-normal pore size distribution, a modified relationship between the 

geometric mean pore radius rave and the permeability ks was obtained by Yamamoto and 
Turgut, 

ks = Csβrave
2 e2 σ ln 2( )( ) 2

 (5) 

where  is porosity,  the standard deviation of the log-pore radius in  units, and Cs is a 
shape parameter, which Yamamoto and Turgut had assumed to be equal to 1/8. 

 
The width of the pore size distribution can have a profound effect on the frequency 

dependence of the attenuation, because of the way it modifies the frequency correction 
term, as defined in Eqs. (3) and (4). The standard Biot model assumes a single pore size, 
which in practice, may be approximated by a very narrow pore size distribution. A pore 
size distribution with significant width will cause a deviation in the frequency dependence 
of the correction term, and subsequently in the frequency dependence of acoustic 
attenuation. It is possible to smoothly change the frequency dependence of the attenuation 
by adjusting the width of the pore size distribution. This suggests that pore size 
distribution may be a critical parameter in the determination of sound attenuation in the 
seabed, and in the modeling of different sediment types. 

 
A more recent development is the Revil, Glover, Pezard and Zamora (RGPZ) model of 

permeability, as described in Glover and Walker [5]. The RGPZ model gives a 
relationship between the effective pore size reff and the effective grain diameter deff, and 
another relationship between the effective pore radius and the permeability, involving the 
cementation exponent m and porosity , 

reff
2 =

2β2m

am2

� 

� 
� 

� 

� 
� deff

2  (6) 

ks =
βm

8

� 

� 
� 

� 

� 
� reff

2  (7) 

The cementation exponent is identical to the Archie cementation exponent. By 
combining the Yamamoto and Turgut model for a distribution of pore sizes, and the RGPZ 
model, an efficient model that can represent a wide range of sediment types may be 
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obtained, which gives some insight into the physical processes. Glover and Walker (2009) 
showed that the effective pore radius reff in Eqs. (6) and (7) is practically identical to the 
geometric mean pore radius rave. By making them equal and eliminating them from Eqs. 
(5) and (7), an interesting relationship is obtained between the cementation exponent m 
and the width of the pore radius density function , 

8Cse
2 σ ln 2( )( ) 2

= βm−1 (8) 

If one allows that the shape parameter Cs is equal to 1/8 as assumed by Yamamoto and 
Turgut, then the equation is untenable, because the left hand side is always equal to or 
greater than one, and the right hand side is always less than one. The only way to reconcile 
the difference is to allow a smaller value for Cs. Yamamoto and Turgut (1988) showed the 
pore size distribution from a sample of sand, which had a  value of approximately 1.5 . 
Glover and Walker (2009) showed that the cementation exponent is approximately 1.5 for 
sands. Combining these values with a nominal porosity of 0.37, and entering them into Eq. 
(8), a value of approximately 0.009 is obtained for Cs. 

2. COMPARISON WITH MEASUREMENTS FROM SW06 

Model predictions are compared to measurements from the Shallow Water 2006 
experiment (SW06) as an illustration. The experiment was conducted over a seabed that 
contains a range of sands and silts. There were extensive core and probe measurements of 
the seabed in preparation for the experiment by Goff et al. (2004) [6]. This study showed 
that the sediment sound speed was correlated with the mean grain diameter, and the range 
of grain diameters extended from 0 to 5  (defined the negative log base 2 of the mean 
grain diameter in millimetres), as shown in Fig. 1. 

 
Fig.1: Measured sediment sound speed at 65 kHz as a function of mean grain diameter, 

using in-situ probes, by Goff et al. (2004). 
 

Acoustic measurements were made from which the sound speed and attenuation in the 
sediment were computed or inverted. Inversions by Knobles et al. [7] were made over a 
coarse sand ridge, represented by a mean grain diameter of 0.3 . This sediment had the 
highest sound speed and showed significant dispersion over the frequency band. 
Measurements made by Jiang et al. [8] included sandy and finer grained areas, the latter 
represented by a grain size of 2.3 . Turgut and Yamamoto (2008) [9] reported 
measurements over the finer grained and silty areas, the latter represented by a grain size 
of 4.6 . Additional measurements over the silty areas were made by Choi et al. [10] and 
Huang et al. [11]. The silty sediment was distinguished by a small or absence of sound 
speed dispersion and a lower attenuation that increased with the first power of frequency. 
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Fig.2: Inverted and measured sediment sound attenuation (left) and sound speed ratio 
compared to water (right) as a function of frequency from the participants in SW06 

compared to three model curves representing mean grain diameters (MGD) 0.3, 2.3 and 
4.6.

 

Mean grain size ( ) 0.3 2.3 4.6 
Porosity,  0.4 0.42 0.48 
Grain density, s (kg/m3) 2690 2690 2690 
Fluid density, f (kg/m3) 1023 1023 1023 
Grain bulk modulus, Kr (GPa) 36 36 36 
Fluid bulk modulus, Kf (GPa) 2.395 2.395 2.395 
Viscosity,  (kg/m-s) 0.001 0.001 0.001 
Grain Poisson's ratio,  0.08 0.08 0.08 
Squirt: LF frame bulk modulus (GPa) 0.14 0.04 0.001 
Squirt: HF Frame bulk  modulus inc. (GPa) 1.4 0.4 0.01 
Squirt: Bulk relaxation frequency (Hz) 2000 250 20 
RGPZ: a coefficient 2.7 2.7 2.7 
RGPZ: cementation exponent, m 1.5 1.25 1.0 
Pore size distribution width,  ( ) 1.5 1.59 1.65 

Table 1: Model parameters. 

The model parameters for the three representative sediment types, which produced 
sound speed and frequency curves that matched the measurements, are shown in Table I. 
The parameters that remain constant over the three sediment types are shown in plain type. 
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The parameters that were varied are shown in bold. The pore size distribution width is a 
dependent parameter and it is shown in italics. The bulk properties and fluid viscosity are 
assumed to be unchanged. The three parameters of the squirt flow model [12],[13] which 
determine the frame elasticity were adjusted to fit the measured sound speed and sound 
speed dispersion. The results were relatively insensitive to the value of the RGPZ a 
parameter; its value was set equal to 8/3 (approximately 2.7), appropriate for spherical 
grains [5]. The values of the RGPZ m parameter were adjusted and the results appear to be 
within the range of plausible values. For well-sorted glass beads and sands it is known [5] 
to be approximately 1.5, as it is here. For softer sediments, lower values were needed, 
which corresponds to a wider pore size distribution. There are six parameter values that 
had to be varied. If the mean grain size is excluded from this list, since it defines the 
sediment type, then there are just five parameter values to be adjusted, in order to 
transition from one sediment type to another. A comparison of the model and measured 
sound speeds and attenuations as functions of frequency are shown in Fig. 2. 

3. CONCLUSION 
 

A combination of the more efficient parameter set of the RGPZ model with the 
frequency correction term from Yamamoto and Turgut, leads to a new variant that can 
span a range of sediment types with relatively few input parameter changes. Model 
predictions are compared to measurements from the Shallow Water 2006 experiment as an 
illustration. The experiment was conducted over a seabed that contains a range of sands 
and silts, with different frequency dependencies of sound speed and attenuation. The 
model could be adjusted to fit the measured frequency dependence of sound speed and 
attenuation in a physically plausible manner with relatively few adjustable parameter 
values. 
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Abstract: Reliable sonar performance estimates and probability of mine burial prediction 
are two very important, yet not completely solved, problems in mine hunting planning and 
operations. Both sonar performance and mine burial depend on the seabed properties, 
which often are considered as difficult environmental information to obtain. Buried mines 
are particularly difficult to detect and classify, because of the complex interaction between 
the acoustic field, seabed and mine. The Centre for Maritime Research and 
Experimentation (CMRE) has established a quayside test facility to evaluate a unique low-
frequency mine hunting sonar for seabed characterization. The sonar is wide band and the 
monostatic source-receiver units are built by a matrix of transducers that are partly 
individually driven. A frequency invariant shading technique is applied to both source and 
receive units to obtain constant main lobe amplitude and vertical beamwidth with 
minimum side lobes, which reduces the impact of multi-path arrivals and allows for direct 
backscatter measurements from the seabed. A technique for acoustic remote sensing of the 
seabed properties is proposed. This technique is based on traditional matched-field 
processing of direct path backscattering from a fluid seabed providing best estimates of 
the seabed properties with associated uncertainties. The acoustic backscattered field is 
calculated by a state-of-the-art low-frequency backscattering model called BLASST, 
developed at CMRE. The estimated seabed properties and their uncertainties obtained 
from this seabed characterization approach may enhance mine hunting sonar 
performance and probability of mine burial predictions. 

Keywords: Low-frequency mine hunting sonar, backscatter measurements and modelling, 
seabed characterization 
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1. INTRODUCTION

The utilization of low-frequency (<50 kHz) acoustics for mine hunting has been 
proposed for decades, and at least two main research topics related to the advancement in 
low-frequency mine hunting remain active in the scientific community. These two 
research topics are probability of mine burial and the likelihood for detection and 
classification of buried mines in a particular region of interest. Traditional high-frequency 
(>100 kHz) mine hunting sonars are almost exclusively limited to proud mine detection 
and classification as the acoustic waves have limited penetration depth into the seabed and 
the mine itself. Low-frequency acoustics experience lower absorption in the seabed and, 
therefore, an extended bottom penetration with higher probability for interaction with 
buried objects.  

There is a clear dependence between mine burial and mine hunting for buried mines. In 
an operational area with high probability of mine burial, the deployed sonar system has to 
perform well in detecting and classifying buried objects. An assessment of the mine burial 
probability and sonar performance in a particular region requires good estimates of the 
underwater environment, in particular the seabed properties. Extensive modelling efforts 
and complex experimental activities conducted to clarify mine-burial processes have 
shown that the seabed properties, such as mean grain size and its distribution, bottom 
stratification, shear strength etc., are important input parameters to mine burial prediction 
systems [1]. These seabed properties are also key environmental parameters, which drive 
the mechanism of mine burial, such as impact burial, scour, liquefaction, migrating 
bedforms etc., together with other environmental factors. 

The sonar detection and classification performance depends on the seabed geoacoustic 
properties and the sonar settings. Acoustic fields propagating at steeper grazing angles 
than the critical angle of the seabed naturally penetrate the bottom, while other acoustic 
seabed interaction mechanisms become important when the field propagates below the 
critical angle of the seabed. The NATO Science and Technology Organization – Centre 
for Maritime Research and Experimentation (CMRE) has purchased a wide-band, low-
frequency sonar to conduct controlled research within environmental seabed 
characterization related to probability of mine burial predictions, and the likelihood of 
detection and classification of buried objects. Priority has been given to compactness of 
the sonar for future implementation in standard-sized autonomous underwater vehicles 
(AUVs) in order to advance the autonomous mine hunting capability with environmental 
adaptation based on the through-the-sensor concept, i.e., using the sonar itself to 
characterize the environment in almost real time. At present the sonar is mounted on a 65-
m long quayside rail system close to CMRE in the Gulf of La Spezia where data are 
acquired to assess the possibility of using the sonar for environmental characterization. 
The monostatic direct path backscattered data acquired are used in an inversion framework 
to infer the key seabed parameters to enhance sonar and mine burial predictions. 

2. SONAR SYSTEM 

The unique sonar system is manufactured by Sensor Technology Ltd. in Canada, based 
on specifications of CMRE. The source and receiver system consist of consecutive vertical 
staves with 16 elements in each stave spaced by 0.025 m. The source component is located 
at one end of the transducer unit and is composed by four consecutive staves with a 
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horizontal spacing of 0.025 m between two transmit elements in the staves. This matrix of 
64 transducer elements is driven by a 16-channel amplifier configured such that the 
transmitted acoustic field is symmetric in the vertical and horizontal plane of the transmit 
unit. The beamwidth of the transmit beam is adjustable for a fixed tilt determined by the 
mounting orientation of the transducer. Each transmit element has a transformer that 
increases the voltage from the low-voltage output of the power amplifier to drive the 
ceramic transducers. The transmit staves are followed by a dummy stave (no source or 
receiver elements) before the receiver unit. The receiver unit is composed by 6 vertical 
staves with a spacing of 0.025 m between two consecutive hydrophones. Each receiver 
element has a pre-amplifier and the received signals are acquired individually from the 96 
elements for post-processing. The dimension of the sonar is 0.275x0.400x0.225 m (width 
x height x depth) and is suitable for implementation in a standard 21-inch payload section 
of an autonomous underwater vehicle. The front of the sonar (left panel) and a single 
receive stave (right panel) are shown in Fig. 1. 

 

 
Fig.1: Front view of the sonar (left panel) with transmit and receive units consisting of 

4 and 6 vertical staves, respectively. Each stave (right panel) has 16 transmit/receive 
elements. 

 
The sonar covers a frequency band from 5 to 30 kHz with a fixed horizontal beamwidth 

of 90°. The vertical beam from the transmit unit is achieved by applying Frequency 
Invariant (FI) response theory [2] to the physical transmit aperture. Ideally, this 
beamforming provides no side lobes with frequency independent and constant amplitude 
beamwidth of the main lobe. The same vertical FI beamformer is applied to the receiving 
unit, which provides excellent conditions for supressing steeper multi-path arrivals from 
the boundaries of the underwater waveguide. Direct backscattering from the seabed can be 
achieved by proper tilt of the sonar, transmit and receive beamwidth and time gating of the 
backscattered signal. These sonar configuration parameters clearly depend on water depth 
and sonar depth setting. 

3. QUAYSIDE TEST FACILITY 

The low-frequency sonar is mounted on a mobile carrier operating along the 65-m 
quayside rail as indicated by the red line in Fig. 2. The position of the carrier on the rail 
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between location Q1 and Q2 is determined by a laser measuring system located close to 
the control container at the end of the rail at Q2. The depth of the sonar is around 2.7 m in 
a water depth of 10 m. The sonar is ensonifying the underwater environment with a 90° 
horizontal beam centred perpendicular to the rail, and a vertical beam tilted 20° down 
towards the seabed with a half-beamwidth of 15°. The direct-path footprint on the seabed 
is bounded by the 90° horizontal beamwidth and the range from 10 – 83 m. The 
transmitted signal is an equalized linear-frequency-modulated (LFM) sweep in the band 5-
30 kHz, with a duration of 30 ms and 1 s repetition rate. Data for environmental 
characterization will be acquired close to the ends of the rail (Q1 and Q2) with the carrier 
at a fixed position. 

CMRE has acquired environmental data close to the quayside rail during previous sea 
trials as indicated in Fig. 2. High frequency multi-beam bathymetry data show a 40-m 
wide dredge channel (red contours in Fig. 2) close to the rail which covers almost half the 
rail length. The depth of the channel is about 12 m which changes to a water depth 
between 6 and 8 m for the remaining acoustic ensonification area. The dredge channel 
may introduce highly range-dependent propagation conditions at Q2, which can be 
difficult to compensate for in an environmental characterization effort. Seabed core 
samples were acquired during the BARRIER03 trial [3], and the core locations with 
respect to the rail are indicated in Fig. 2 (red dots). The core analysis provided sound 
speed and density profiles down to a depth of 1 m into the sediment (see Fig. 3). The 
seabed may be characterized as a mud sediment layer with a sound speed significantly 
lower than the water sound speed and, therefore, no critical angle, overlying a harder sub-
bottom. A survey in the entire Gulf of La Spezia [4] shows, in general, a thick (up to 8 m) 
mud sediment layer (grey clay) over a deeper sandy layer, which is supported by sub-
bottom profile measurements.  
 

 
 
Fig.2: Quayside experimental facility located close to the CMRE. The red line indicates 
the 65-m long rail, and the red dots are locations of core measurements during the 

BARRIER03 experiment. Multi-beam bathymetry data are overlaid as contour, which 
indicate water depth changes from 6-12 m within the operational area of the sonar. 
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Fig.3: Core samples acquired during the BARRIER03 experiment (see Fig. 2) analysed 

for depth dependent sound speed (left panel) and density (right panel).The sound speed in 
all three samples are below the water sound speed down to 1 m into the sediment. The 

spikes for Core 1 and 3 at a depth of 0.20 m are considered artifacts. 

4. SEABED CHARACTERIZATION 

The environmental characterization is based on an inversion of the monostatic direct 
path backscattered acoustic field from the seabed measured at the quayside rail facility. 
The beamformed acoustic data are replica correlated to increase time resolution (or 
corrected range resolution), and then the source transmit voltage response and receive 
sensitivity are applied to obtain absolute backscattering levels re 1 μPa @ 1m, for a pulse 
length corresponding to the inverse of the bandwidth. Environmental input to the 
backscattering model is adjusted to minimize the least square error between modelling 
output and data. The environmental variables that minimize this error function are 
estimated by applying a global search algorithm. The direct path backscattered field as a 
function of slant range, R, is computed by  

)()( 3cos2
)4exp(

R
Rc WRBS , 

(1)

where  is the horizontal source/receiver horizontal beamwidth, c is the sound speed in 
the water, exp(-4 wR) is the two-way loss term in water with absorption w, cos  accounts 
for the projection of the pulse arriving at the water-sediment interface at a grazing angle  
to horizontal, and  is the total backscattering cross section consisting of a sum of 
interface scattering from roughness and volume scattering from seabed inhomogeneities. 
The roughness and volume scattering are expressed as power laws each depending on a 
spectral level and an exponent. Two fidelity levels of the backscattering cross section 
computation have been implemented in two global search algorithms. The lowest fidelity 
backscattering cross section is based on [5] for a fluid infinite halfspace. The 
backscattering computation (Eq. 1) and this lower level backscattering cross section has 
been linked to the global inversion package SAGA 5.4 [6], with the option of either 
applying genetic algorithms (GA) with associated empirical uncertainties, or the more 
computational intensive probabilistic Bayesian inference framework using the Metropolis-
Hasting sampling algorithm of the posterior probability densities. The high-fidelity 
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backscattering cross section model BLASST, which is a further CMRE development of 
the model GABIM [7], accepts a multi-layered seabed with elastic properties in the lower 
halfspace, roughness scattering from the water-sediment interface and the interface 
between the last sediment layer and lower halfspace, and volume scattering from any 
sediment layers between water and infinite halfspace. The roughness and volume 
scattering are expressed through power laws as for the lower fidelity model. The 
geoacoustic properties in BLASST can be depth dependent by discretising a general 
profile as a sequence of layers with constant properties in depth. The backscattered field is 
computed by combining Eq. 1 and BLASST, and the global search is performed by the 
inversion package DREAM [8] based on differential evolution algorithms.  

The newly developed sonar system is still undergoing tests at the quayside rail test 
facility at CMRE, and data suitable for seabed characterization have not yet been acquired. 
A synthetic environment has been defined to mimic the quayside rail environment to 
evaluate the seabed characterization algorithm. The synthetic test case is based on 
environmental surveys as presented in Section 3 and summarized in Table 1. The seabed is 
described as a 1-m thick soft sediment layer overlying a harder sub-bottom, both layers 
having constant geoacoustic properties in depth. Roughness scattering from water-
sediment interface and volume scattering within the sediment are assumed, while no 
backscattering contribution from the sub-bottom is included. The unknown geaoacoustic 
and scattering parameters are sediment sound speed (c1), density ( 1), loss factor ( 1), 
roughness spectral level (w1) and exponent ( 1), volume exponent ( 2) and spectral level 
(w2). The sediment thickness is assumed known (one metre), and the geoacoustic 
properties of the sub-bottom are fixed at a sound speed of 1700 m/s, density 2.0 g/cm3 and 
a loss factor of 0.0092. The loss factor is dimensionless and defined by Eqs. 3 and 4 in [7]. 
The backscattering from the environment in Table 1 is calculated at 26 frequencies from 5 
to 30 kHz and at 100 slant ranges from 7 to 84 m (grazing angles from 85 to 5°). The 
backscattered field has added noise with zero mean and a standard variation of ±5 dB 
independent of frequency and range. The DREAM inversion algorithm and BLASST 
backscattering model are applied to these data for inferring environmental information 
with lower and upper search bounds in Table 1. The inversion results in terms of 
maximum a posteriori (MAP in Table 1), uncertainties and inter parameter correlations are 
shown in Fig. 5. 

 
 c1  

[m/s] 
1 

[g/cm3] 
1 

[-] 
w1  

[m4] 
1  

[-] 
2 

[-] 
w2 

[m3] 
Sediment 1475 1.35 0.0055 3.0e-5 3.5 4 3.2e-6 

Lower lim. 1460 1.1 1.0e-4 1.0e-5 2.4 2 1.0e-6 
Upper lim. 2000 2.5 0.1 1.0e-3 3.9 5 1.0e-4 

MAP 1476 1.28 0.0063 2.97e-5 3.4 4.3 1.35e-5 

Table 1: Geoacoustic and scattering search parameters in a synthetic test case. The 
geoacoustic and scattering parameters represent a soft sediment layer ( Fig. 9 in [7]). 
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Fig.5: The diagonal of the plot represents the one dimensional marginal distributions 
of the search parameters. Note the axis limits are narrower than the search interval for 

the individual parameters. The off diagonal plots (symmetric about the diagonal) indicate 
inter-parameter correlations. 

 
Note that the axis limits in Fig. 5 are, in general, narrower than the lower and upper 

search limits for the individual parameters. The sediment sound speed and loss factor are 
fairly well determined with relatively low uncertainty (diagonal in Fig. 5), while the 
remaining parameters show wider distributions of the histograms, although reasonable 
MAP values were determined (Table 1). The volume scattering parameters seem to be 
poorly estimated with strong correlation between spectral level and exponent. Other inter-
parameter correlations can be observed, which may degrade the estimated seabed 
properties. More robustness may be achieved by reducing the dimensionality of the 
inversion introducing regression relations between geoacoustic properties and, for 
instance, sediment mean grain size. 

5. CONCLUSIONS  

Two of the remaining challenges in advanced mine-hunting operations are detection 
and classification of buried objects in the seabed, and prediction of mine burial 
probabilities in a region of interest. Knowledge of the seabed properties is critical in order 
to evaluate the sonar performance and to estimate the likelihood of mine burial. CMRE is 
developing a low-frequency, wide-band mine hunting sonar to address these issues. This 
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sonar consists of a matrix of source and receiver elements, which efficiently suppress 
multi-path arrivals by a frequency invariant beamform processing. This allows for 
measuring direct path backscattering from a footprint on the seabed independent of 
frequency. Thorough calibration of the system has been performed in the CMRE tank 
facility to ensure equalized source-receiver characteristics and evaluation of the 
beamforming characteristics. The sonar system is at present mounted on the 65-m long 
CMRE quayside rail facility to be assessed as an environmental characterization tool. The 
measured direct path backscattering is planned to be used in an inversion framework, 
where modelling output is matched to the data by adjusting the model input parameters. 
This approach is demonstrated through a synthetic test case using a CMRE developed 
modelling tool for low-frequency backscattering from a layered seabed with rough 
interfaces and volume inhomogeneities. This backscattering model is linked to a global 
inversion scheme based in the differential evolution algorithms, which provides estimates 
of the unknown seabed parameters and the associated uncertainties. The results from the 
synthetic case reveal that direct backscattering measurements with added noise contain 
sufficient information about the seabed properties to infer key geoacoustic and scattering 
parameters. 
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Abstract: The use of short arrays towed by autonomous underwater vehicles (AUVs) has 
been explored for seabed characterisation, though in a limited way. The ability to operate 
in the proximity of seabed make the approach more attractive as it places less demands on 
the transmitting signal power requirements and also could provide signals with good 
signal to noise ratio (SNR) as compared to surface vessels based systems. The source 
often employed is either a transmitter solely built for the purpose and carried by the AUV 
or, in some cases, may utilise the self-noise generated by the propeller of the AUV.  A 
custom built source may not be an ideal solution due to the many constraints it may 
impose on the AUV power source as well as on its size and dynamics. Using the propeller 
noise of the AUV may not be always feasible due to very low noise generated by them and 
difficulty in detecting them in high ambient noise conditions. In this paper we show that 
communication signals from an AUV-based acoustic modem can be an alternative 
solution for the source and the reflections of the communication signals off the sea bottom 
can be analysed to invert for the bottom properties. The results from experiments 
conducted showed reasonable agreement with the data for the experimental site obtained 
through available models and also reported elsewhere. The algorithm developed is robust 
and self-calibrating. 

Keywords: Sediment classification, towed array, underwater acoustics
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1. INTRODUCTION

Knowing seabed properties is very critical in many naval sonar operations and also in 
propagation modelling applications. An acoustic inversion method using an acoustic 
source and a horizontal line array towed behind a ship has been widely used for inverting 
bottom properties. Though this approach has yielded useful results and a larger area of 
coverage, it is still a costly and resource intensive exercise. The advancement of 
Autonomous Underwater Vehicle (AUV) technologies and miniaturised towed arrays has 
opened up another possibility for the same experimental approach.  Apart from lower costs 
of operation and less resource requirements there are some technical advantageous as well. 
An AUV can operate very close to the seabed and hence this technique places a less 
stringent requirement on the power levels of the acoustic source used. For a given source 
level, this also provides a higher penetration depth and hence a better layering 
information. The platform is less noisy than a ship or other surface vessels and hence a 
high signal to noise ratio is achievable. The operation is completely autonomous and 
hence frees up time for the researchers. Even though the same area of coverage as a ship-
based system may not be possible using a single AUV, multiple AUV-based towed arrays 
can be used to cover a relatively larger area of seabed. 

AUV-based towed array technique for seabed characterisation has been explored and 
the results published so far appears to be very promising [1-3]. The technique employs 
either a dedicated acoustic source or makes use of the self-noise of the platform. It may 
not always be practical to carry a dedicated source as it places additional constraint on the 
AUV power source and may reduce its operational endurance. Using the AUV self- noise 
may not be feasible as many AUVs generate very low propeller noise. In this paper we 
explore the feasibility of using AUV-based opportunistic sources, instead. For example, 
almost all AUVs carry an underwater communication modem for tracking and control 
purposes. This will be in constant operation with the surface receiver system. They emit 
broadband and coded signals covering a large frequency band and hence can be exploited 
for seabed characterisation. We demonstrate here such an approach provides a robust 
measurement of seabed reflection losses. This paper is a discussion of a recent work by the 
authors that has appeared in the IEEE Journal of Oceanic Engineering, Jan 2013 [4]. 

2. EXPERIMENTAL DETAILS   

The instrumentation included a Digital Thin Line Array (DTLA) and its associated 
receiver system developed at the Acoustic Research Laboratory, National University of 
Singapore. The array consisted of 11 acoustic channels and one engineering sensor at its 
tail to provide the depth and heading information. The data from the sensors were digitised 
and serialised before sending them to the receiver. The array measured about 10.5mm in 
diameter and about 20m in length including tow cable (~8.5mm diameter and 10m long). 
The acoustic elements were separated by half wavelength at 1 kHz. Each channel had an 
acoustic sensitivity of approximately -145 dB re 1V/ Pa. The frequency band of operation 
of the array was from 100 Hz to 10 kHz and each channel was sampled at ~20kHz. The 
receiver was built around a PC104 embedded platform and an ADSP card. The data from 
the array was streamed in SPI format into the receiver, where it was stored in a hard disk 
or flash memory. Data from the receiver can be downloaded over a wired Ethernet 
connection. A complete description of the array and the receiver used is available in [5]. 
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The platform used was the Ocean Explorer (OEX) developed by Centre for Marine 
Research and Experiment (CMRE, formerly known as NATO Undersea Research Centre 
or NURC). The OEX uses two underwater acoustic modems, a WHOI micro-modem for 
communication with the command centre and an Edge Tech modem, which sends vehicle 
location information. 

The experiment took place from 19th to 23rd June 2009 and it was conducted off a pier 
near the CMRE office in La Spezia, Italy. The location was near the inner part (within the 
breakwater), where the surface was calm. The AUV was making rectangular loops of 
250x50 m2 as shown in Fig. 1(b). The overall data acquisition for one session lasted for 40 
min with the AUV making four loops. The AUV speed varied between 1.4 to 2.8 knots 
and it was cruising approximately 2m below the surface. The depth at the location was ~ 
10m. A source at 1.8 kHz and pinging every second was stationed just next to the pier for 
the purpose of beamforming, which was the original intent of the experiment. An acoustic 
interrogator was also deployed not too far from the shore for tracking the AUV. This 
communicated with the modem on OEX, which was sending packets of information back 
to the shore beacon. The data acquisition of DTLA was synchronised with the AUV 
mission so that they both worked on same time reference. 

 

DATA ANALYSIS AND PROCESSING 

The approach was to separate the direct path and the surface and bottom reflected 
signals. The amplitude ratio of the bottom reflected to the direct path signal levels, after 
compensating for the differences in absorption, spreading losses, and beam patterns, yields 
the bottom-reflection loss, at the applicable grazing angle. The grazing angle is calculated 
from the travel time between the source and the receiver and the height above bottom. The 
method is self-calibrating and requires absolute calibration of neither the sound source nor 
receivers. A schematic of the geometry used for data analysis is shown in Fig 1(a). The 

 
Fig. 1 (a) Experimental geometry used in Simulation 
           (b) Plan view of AUV tracks 

 
Fig. 2 Time series of the raw signal received 
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depth of the source, bottom and the receivers are represented by ds, db and di respectively 
where, the suffix i refers to receiver number with values 0 to 10. The horizontal distance 
of the source from the first receiver is denoted by x0 and the separation between the 
receiving elements is denoted by xd. 
A typical time series of 40s data is shown in Fig 2. It consists of a noise floor, 1.8 kHz 
tone bursts every second and an Acoustic Communication (AC) signal burst which 
repeated approximately once in every 40s. The initial idea was to use the self-noise of the 
AUV for inversion. The noise floor between tone bursts and the AC signal was tested for 
autocorrelation features and there was none. Hence it was concluded that the noise floor is 
not correlated with any AUV self noise. As the tone bursts originated from the shore and 
not from the AUV, it was also not considered. Hence all the processing was done using 
AC signals. The following factors made the processing problem more challenging.  

 
1) Only the statistical properties of the AC signal, particularly the autocorrelation and 

cross correlations could be depended upon as no recording of AC signal was made 
2) There was a strong electrical feed over from the AC acoustic projector to the 

acoustic receivers, which helped in estimating the separation between source and 
receivers 

3) The autocorrelation function has undesirable time sidelobes 
4)

 

An example power spectrum of the received AC signal at each receiver is shown in Fig. 
3(a). The sampling rate was 20,756 samples/s and therefore the unambiguous spectrum 
extended up to 10378 Hz. The signal level for acoustic channels 3 and 8 were about 10 dB 
below other channels. Apart from this difference in levels all the spectra appeared to be 
similar. The spectrum, which apparently covers a frequency band from 0 to 4.5kHz and 
modulated by approximately 300Hz, was determined to be an alias of true AC signal 
centered around 18 kHz. The de-aliased spectrum recovered is shown in Fig. 3(b) and all 
further processing was performed on this signal. The first 250Hz or so of the spectrum 

 
Fig. 3(a) Example signal spectrum at each receiver, including aliased AC signal

(b) De-aliased AC signal spectrum showing the usable band 
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appeared to be contaminated by 1/f noise and hence was left out from processing. The 
usable bands extended from 15 to 21.120 kHz as shown in Fig 3(b). 

 

3. COMPUTED AND SIMULATED AUTOCORRELATION FUNCTIONS 
 
The first step in the signal processing was estimating the autocorrelation of the de-

aliased AC signal. A plot of the autocorrelation Ci (t) computed from the measurements 
and normalized to unity at t=0 is shown in Fig. 4(a). The simulated autocorrelation 
function computed for the geometry shown in Fig. 2 is given in figure 4(b). Table 1 shows 
the various parameters used in simulation and Table II shows a glossary of abbreviations 
used to describe different signal correlation and feed-over components. A bottom 
reflectivity of -10.5dB, which corresponds to sandy a seabed, was assumed in the 
simulation. A simple ray model was used in estimating the impulse response between the 
source and receivers after accounting for the spherical spreading loss and reflection losses 
at the surface and bottom interfaces. Both the surface and bottom were assumed to be flat. 
The impulse response was bandpass filtered to match the bandwidth of the AC Signal 
before the simulated autocorrelation functions were computed. The simulated 
autocorrelation shows ridge due to cross correlation of direct acoustic path and bottom 
reflected path (DIR_BOT) and a weaker ridge due to surface-bottom-reflected multipath 
(DIR_BOT, SURF). The surface reflection ridge (DIR_SURF) is difficult to identify in the 
simulation because the path difference between it and the direct path signal is too small. In 
the measured correlation functions, it may be absent because, due to the position of the 
source on the underside of the AUV, it is obstructed by the AUV itself. It is evident that, 
at this point, the measured and simulated autocorrelation functions look very different. 
The DIR_BOT ridge cannot be identified in the measured autocorrelations and the ridges 
in the computed autocorrelations are slanted in the opposite direction than those in the 
simulation. 
 
 

Table 1 Parameters used in the simulation model shown in Fig. 1(a) 
Water Depth, db Source, receiver depth; ds, di Trail back, x0 Receiver Separation, xd

9.5m 2m 6m 0.75m 
 
 

Table 2 Abbreviations used to describe the signals and their autocorrelation functions 
Abbreviation Cross-correlation peak between 
DIR_BOT Acoustic direct path and bottom reflected path 
DIR_SURF Acoustic direct path and surface reflected path 
DIR_BOT_SURF Acoustic direct path and bottom reflected path via surface 
FO_BOT Electrical feed over and bottom reflected path 
FO_DIR Electrical feed over and acoustic direct path 
FO_DIR+nREP Electrical feed over and nth ghost of acoustic direct path 
FO_nREP Electrical feed over and nth ghost of electrical feed over 
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4. ELECTRICAL FEED-OVER, SPECTRAL RIPPLE AND STACKING 
 
Among many hypotheses considered, the significant electrical feed-over of the AC 

signal into the receivers was found to be resulting in the mismatch between the simulated 
and measured autocorrelation functions. When the raw signals from the receivers were 
compared, their average was found to have a non-zero component. This non-zero average 
signal, which is coherent across all channels without any time displacement is indicative 
of electrical feed-over. The simulation was then modified to include this feed-over 
component and the resultant cross correlation functions are as shown in Fig 6. One can 
now identify the ridge similar to the strongest ridge seen in the measured data arising from 
the cross correlation of feed-over and direct arrivals (FO_DIR). The position of this ridge 
on the time axis gives travel time of the source to the receivers. From the measured data it 
was confirmed that the distance from the source to the closest receiver was ~ 6m and the 
slope of the ridge gave a receiver separation of approximately 0.75m. The sound speed in 

these calculations was taken as 1530 m/s, which is typical for the site during summer 
months. Thus although the electrical feed-over was an undesirable and unwanted signal, in 
this instance it has helped in verifying the receiver positions with respect to the source. 

The autocorrelation functions also showed certain periodicity in the ridges, which was 
attributed to ripples in the spectrum. The ripples exist because the AC signal is a FSK 
communication signal with discrete frequency components. The simulation was run again 
by modulating the simulated spectrum with the square of a raised sine wave ripple of the 
same period [4]. The resulting autocorrelation functions are shown in Fig. 5. There are 
now periodic vertical ridges, due to repetitions or ghosts of the feed-over (FO_REP), and 
repetitions of the slanted ridges due to the feed-over and direct path ridges 
(FO_DIR+nREP). The simulation now has all of the main features of the measured 
autocorrelation functions. 

 
Fig. 4(a) Example of measured autocorrelation function of the de-aliased AC signal 
          (b) Simulated autocorrelation function of AC signal showing ridges (see text) 

1st International Conference and Exhibition on Underwater Acoustics

398



 

To reduce the periodicity in the measured autocorrelation functions, which might 
contaminate the correlation ridges that are sought, each channel spectrum was whitened by 
dividing the measured root mean square average spectrum from all channels and then 
windowing with a raised cosine taper to reduce the time side-lobes. This produced 
improvement in the autocorrelation functions as shown in Fig. 6(b).  

 The dominant correlation ridges, computed from the Eigen rays and clearly seen in the 
simulation results of Fig. 6(b), are superimposed on the measured autocorrelation 
functions in Fig. 6(a). The cross correlation between the electrical feed-over and the direct 
path arrival (FO_DIR) was the strongest feature, and it provided some additional 
information about the array configuration as stated previously. The signal from the 
channels 8, 9, and 10 was not used in the estimation of bottom reflection due to the 
unstable nature of the data recorded. As the reflection from the bottom was weak, coherent 
stacking of the correlation functions was required to pull the bottom-reflected correlation 
peak out from the interference and compute its position. The complex autocorrelation 
functions from five contiguous blocks were coherently stacked according to the estimated 
arrival times for a range of water depths (9–12 m). An example is shown in Fig.7. It was 

necessary to limit the search to 9 m or greater, to avoid interference by the aliased 
FO_DIR ridges. The final coherent stack showed a peak at a position close to the nominal 
9.5-m water depth of the experimental site, indicative of the presence of the FO_BOT 
ridge, even though the ridge itself was difficult to see. 

 

5. ESTIMATION OF BOTTOM REFLECTION LOSS 
 
In the absence of calibration, the reflection coefficient magnitude as a function of 

grazing angle , may be defined in terms of the ratio between the direct path signal |SiD| 
and the bottom-reflected signal amplitudes |SiR| at array element number i, after 
compensating for differences in spreading loss, absorption, and directivity functions as 
below. 

 
Fig.5. Simulated autocorrelation function with feed-over signals included 
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(1)

Where, riD and riR are path lengths, DiD and DiR are directivity functions from the source to 
the receiver along direct and reflected paths respectively and  is the absorption 
coefficient. As the path lengths are short and the sound speed profile at the location is 
known to be benign, it was assumed that the sound speed at the location is a constant. The 
absorption may be ignored because it is estimated to be less than 0.004 dB/m, and the path 
lengths are less than 20 m, giving absorption losses of less than 0.1dB. The AC source 
directivity may be considered approximately uniform in the horizontal and downward 
directions. The directivity in the upward directions is likely obstructed by the AUV itself. 
The beam pattern of the source transducer is independent of the azimuth angle, and shows 
a smooth variation as a function of depression/elevation angle that decreases with 
decreasing frequency [6]. However, the directivity function of the array elements, in the 
applicable frequency band, is far from uniform. Each array element consisted of a small 
horizontal array of six serially connected sensors, with their centers spaced at 10.5 mm 
apart. Fig.8 shows the effective directivity function for acoustic signals with the average 
spectral density shown in Fig. 8(c). A reduction of 10 dB in the horizontal (direct path) 
direction is predicted.  

The ratio of the reflected to the direct path signal amplitudes may be obtained from the 
ratio of the autocorrelation amplitude at FO_BOT to that at the FO_DIR positions. The 
former is the cross correlation between the feed-over and the bottom-reflected signal, and 
the latter is the cross correlation between the feed-over and the direct path signal. Dividing 
one by the other eliminates the feed-over amplitude, leaving the ratio of the reflected and 
direct path signal amplitudes. 

 

 
Fig. 6(a). Measured auto-correlation functions with expected ridges 
(b) Simulated auto-correlation functions with feed over and ripples 
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(2)

Where, ti,FO_BOT  are the delay times of the respective correlation peaks, and Ci (t) is the 
amplitude of the autocorrelation function of the ith array element at time t, as illustrated in 
the example in Fig. 9(a). Thus, the method does not require any source or receiver 
calibration. The peak at ti,FO_BOT is very prominent and easily detected. Though the 
simulation results suggest that the peak at ti,FO_BOT is detectable, in the measured 
correlation function shown in Fig. 6(a), the peak is weak and difficult to detect suggesting 
a softer bottom.  
 
 

 
Fig. 7. Normalised, squared magnitudes of coherently stacked autocorrelation 
functions from five contiguous blokcs. Also shown is the normalised result of 

coherently stacking all receivers to find the bottom reflection peak 
 

 
Fig. 8. Directivity functions of the receiving elements 
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The coherent stack, as shown in Fig. 7, was used to estimate the position of the bottom-
reflection peak FO_BOT. However, the level of the stacked peak is not expected to be a 
good measure of the individual correlation peaks, because it is known from experience 
that bottom reflections contain a significant component of random spatial variability. For 
frequencies below approximately 10 kHz, mesoscale spatial variations O(1 to 10 ) m as 
mentioned in [6] will have a significant effect. At higher frequencies, the causes of 
variability include smaller scale variations O(10 to 1) m, such as interface roughness and 
volume inhomogeneity [7], variations in the bulk sediment properties, and bottom 
dwelling biological organisms [8]. The result is a random component in the bottom-
reflection coefficient that changes as a function of position over a range of scales. Since 
the signal at each receiver is reflected from a different patch of the bottom, they also 
contain a random component that differs from one receiver to another. The random 
component would have been greatly reduced by the coherent stacking process. Therefore, 
the location of the peak from the coherent stack was used to construct a window within 
which to look for the peak in each individual autocorrelation function. If a peak was 
detected within ± 0.25 ms of the estimated location, then its value was accepted. With 
reference to the ray diagram in Fig. 1(a), the grazing angle , i.e., the angle between the 
incident ray and the horizontal seabed, may be related to the travel time difference 
(ti,FO_BOT –ti,FO_DIR), the speed of sound, c, and the height above the seabed (db-ds) by 

 

 
Fig. 9. (a) Measured trail-back distance as a function of time in each data block 

                          (b) Water depth estimation from the detected FO_BOT peaks 
                            (c) Measured bottom reflection loss (see text for details) 
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(3)

 
6. RESULTS AND CONCLUSIONS 

 
The peak in the FO_DIR ridge (corresponding to travel time) was used to estimate the 

trail back distance, shown in Fig. 10(a), from the source to the nearest receiver. The 
autocorrelation functions in the first and second sections of data did not show an 
identifiable FO-DIR ridge, most likely because the towed array was not yet in a stable 
configuration. Subsequent sections show a stable trail back, indicating that the array had 
reached a stable configuration. The FO_BOT peaks were used to estimate the water depth 
and the results are shown in Fig. 10(b). They show variations about the nominal 9.5 m 
depth for the test site.  

Using the measured auto-correlation peaks at FO_DIR and FO_BOT, the seabed-
reflection loss and grazing angle were estimated using (1) and (2) and the values are 
shown in Fig.10. It shows variations about a mean value of 21 dB, and a standard 
deviation of 4.9 dB. The latter is consistent with standard deviations observed at similar 
frequencies and ranges in a previous experiment [7]. The grazing angle was estimated 
using (3) and its average value was 62°, with a standard deviation of 5. A sediment 
classification may be obtained by comparing the measured reflection losses and grazing 
angles with the high-frequency environmental acoustic (HFEVA) seabed model [9], which 
is claimed to be valid between 10 and 100 kHz. A scatter plot of the measured reflection 
loss values, as a function of grazing angle, is shown in Fig. 11. Due to the geometry of the 
towed array system and the distances to the boundaries, only angles between 50° and 70° 
were realized. Comparing the measured values with the model curves, it would appear that 
the measured reflection values fall between “muddy sand” and “clay, all grades.” The 
average reflection loss was 21 dB, which is closest to the “sandy silt, gravelly mud” curve. 

 
Fig. 10. Reflection loss as a function of grazing angle compared to the HFEVA model curves 
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This is qualitatively consistent with what is known about the test site. A detailed survey of 
the Gulf of La Spezia states that “the sea floor of the inner gulf consists entirely of grey 
clay with virtually no bottom relief” [10]. In conclusion, it was thus demonstrated that an 
AUV-based opportunistic signal, which in this case was AC signal, in conjunction with a 
towed line array could be used to measure the bottom- reflection loss and obtain an 
estimate of the seabed type. 
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Abstract: Image sources method is a recent geoacoustic inversion technique which 
provides the number and the thickness of sediment layers and sound speed inside the 
layers with a good resolution at low computational cost compared to classical 
approaches. This method uses a broadband source and a vertical or horizontal array. The 
signal reflected by the seafloor is analyzed as being emitted by image sources relative to 
the real source with respect to the geological interfaces. The position of these images 
being determined by the sound speed profile, their location is the key of the process. Using 
these positions as inputs, the sound speed profile is obtained directly by using a simple 
algorithm based on Snell-Descartes refraction laws. The present work deals with the 
algorithm of image sources location. In the original work, migration and semblance maps 
are built from reflected signals and the combination of these two maps provides the image 
source locations. The proposed algorithm is based on Teager-Kaiser energy operator, 
which amplifies the discontinuities and sudden amplitude changes in the signal while the 
soft transitions between samples are reduced. This property is exploited for detection of 
the position of image sources directly from the signal. This approach avoids the 
computation of maps and reduces the number of false sources detected. Consequently, this 
strategy reduces the computational cost and can be used for real time applications. The 
effectiveness of the method is shown on both synthetic and real data and the results 
compared to those of the original approach. Finally, the potential of this approach for 
inversion of other geoacoustic parameters (density, attenuation coefficient) is investigate. 

Keywords: Image source method, Geoacoustic inversion, Teager-Kaiser energy operator. 
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1. INTRODUCTION
 
This work is a part of the characterization of marine sediments by acoustics or geoacoustic 
inversion, namely, to define methods to obtain the characteristic parameters of the seabed 
from their response to an acoustic wave. Many acoustic methods have proved their ability 
to get rapidly geoacoustic parameters with a cheaper cost than the method of direct 
measurements. Recently a geoacoustic method with low computational cost, called image 
source method (ISM), has been proposed [1]. Based on migration and semblance maps 
reconstruction, ISM is faster than the classical inversion. This method uses systems 
geometrical maps to locate the positions of the source images. Even interesting inversion 
results are provided, the ISM is still limited by some parameter settings and by the fact 
that thin layers cannot be extracted. Due to noise or under the influence of shear waves 
some image sources cannot be removed unless manually after a comparison with another 
method. The aim of reconstruction maps is to generate the travel time of the wave between 
the receiver and the source image and to estimate the arrival angles of the array [1]. To 
improve the computational time, due to maps reconstruction, and to reduce the number of 
false positive sources, a new time arrival estimation strategy is proposed. The time of 
arrival of each source is estimated directly from the signals using the Teager-Kaiser 
energy operator (TKEO) [4]. This differential operator is well dedicated for peaks 
detection such as in signals reflected by the seafloor. More particularly, TKEO allows the 
detection of rapid variations of the signal energy. Using the time of arrival estimated by 
TKEO, angles of arrival are calculated using triangulation approach. Once time and angles 
of arrivals are estimated, the velocity profile of the environment is calculated using the 
same inversion algorithm as described in [1]. 
 
The paper is organized as follows: in section 2 we recall the image source method 
principle followed by the description of the proposed method in section 3. Results on 
synthetic and real data are presented and discussed in section 4 and some conclusions are 
drawn in section 5.   

2. THE IMAGE SOURCE METHOD 

2.1.  Principle 
 
The image source method is based on the analysis of an acoustic wave emitted by a point 
source and reflected by a layered seafloor [1]. It uses only one record of the seabed 
reflected path for one shot of the source (Fig. 1a). Under the Born approximation, the 
reflected signal can be modeled as a sum of contributions coming from image sources 
relative to the seabed layers (Fig. 1b). The localization of these image sources are related 
to the seabed geometry (sound speed profile, thickness, number of layers), it is therefore 
possible to inverse this structure by detecting the image sources. Due to the Born 
approximation, two hypotheses and one condition are required: 

the water column and the geological strata are smooth, uniform and parallel, 
only direct reflections are considered, 
the angles of incidence on the interfaces are lower than the critical angle. 
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Fig.1: (a) Measuring system consists of a source and a receiver over a layered fluid 
seafloor (b) Modelling seabed reflected signal by image sources (c) position of image 
sources in an isovelocity medium.

2.2. Detection algorithm 
 
The first step of this inversion method is to detect and localize the image sources. The 
recorded signals are first migrated in a homogeneous medium with sound-speed fixed at 
that of the water cw. This migration produces a map where the real source and image 
sources appear with some false positive sources. So, a semblance map is also produced 
which highlights only the areas of the sources. This method is termed as Migration 
Semblance Method (MSM). A map combining the migration and semblance maps is 
constructed where image sources are not aligned on a perfect straight line because in a 
homogeneous medium, the refraction is not taken into account (Fig. 1c). Nevertheless, 
times and angles of arrival 0 0,l lt  from each image source to the center of the array are 

correct. Even MSM gives good results but it has some limits: 1) the positions of the 
images sources can be distorted by the presence of noise or by the influence of shear 
waves [3], 2) the resolution limit affects the capacity of the method to extract thin layers, 
3) the computational time of maps reconstruction is high. 

2.3. Inversion algorithm 

At the resolution of the signal (which is roughly the wavelength), the number of layers 
are directly given by the number of image sources. Then the thickness and sound speed of 
each layer are directly obtained from 0 0,l lt . The first image source, corresponding to 

travel only in water, can be used to obtain the system geometry [2]. Then, the second 
image source gives the sound speed and thickness of the first layer by the only parameters 
of ,t , the geometry, and Snell-Descartes laws [2].  In a recursive way, these quantities 
are then obtained for all the layers.  
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3. NEW ALGORITHM OF DETECTION AND LOCALIZATION 
 
In this section, we propose a new detection algorithm in order to eliminate some 
drawbacks of the MSM. The objectives are still to obtained time and arrival angle of each 
source but without computing a map. In this approach, the arrival times are obtained 
though TKEO and the angles by a triangulation process. 

3.1. Teager-Kaiser Energy Operator 
 
TKEO is a nonlinear energy operator related to concept of energy in generation of acoustic 
waves [4]. In continuous time TKEO is defined as: 
 

2 2

2

d x tdx(t)[x t ] t
dt dt

x                                                                                                        (1) 

A discrete version of TKEO is given as follows: 
 

2[x t ]=x n -x n+1 x n-1                                                                                                             (2) 
 
Equation (1) shows that TKEO calculates an estimate of the instantaneous energy using 
three neighboring samples. This operator amplifies discontinuities and sudden changes in 
amplitude while the smooth transitions between the samples are reduced. This is due to the 
use of second order derivatives. This propriety is exploited here to define a new detection 
algorithm for the identification of image sources. 

3.2. Detection Algorithm 

3.2.1  Arrival time detection 
 
The application of TKEO on a synthetic signal, simulating a real configuration (see 
subsection 4.2) is illustrated in figure 2. The output of TKEO shows a number of peaks 
indicating the discontinuities or sudden changes. These discontinuities can be interpreted 
as time-arrival of waves or noise. The aim is to discriminate between relevant and 
irrelevant peaks. One way to solve this problem is to use an energy threshold Eth where 
energy peak smaller than Eth is considered as a noise.  Currently, it is set manually but it 
can be associated with a signal to noise ratio in order to automate the process. 
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Fig.2: TKEO detection on simulated data. Blue: signal recorded on a microphone, 

Red: application of TKEO. Green: max detected after thresholding and Black: true 
positions of points on the signal, a perfect alignment between true arrival time and the one 
detected by TKEO. 

 

In order to increase the precision, it is often needed to oversample the signals, but this 
might result in small fluctuations on each peak which complicate the detection. To remedy 
this, Savitzky-Golay filter (SG) [5] is applied on the output signals. SG filter performs a 
local polynomial regression to determine the smoothed value for each data point. This 
filter is superior to the moving average because it preserves the characteristics of the data 
such as height and width of peak, which are usually "washed" by moving average. 

3.2.2 The arrival angle
 
After times arrival estimation of the N image sources to the M sensors, we convert these 
times to the distances between the hydrophone and the source image 
 

waterCkiTkiR ),(),(                                                                                                                                (3) 
 

where ),( kiT is the time delay between the image source i  and the sensor k  and waterC  is 
the sound speed of the medium. In this case we can find the positions of image sources 
seeking the intersections of circles ),,( AAA Ryx  and ),,( BBB Ryx such that ),( yx  are the 
coordinates of sensors and R the radius. The intersection of two circles will be sufficient 
to find the position of the source image, especially in synthetic data, but a high sensitivity 
appeared when we add an uncertainty on radius which can be incertitude in the time 
detection (sample/n) or a false position of hydrophone (section 4.3). To address the 
problem of incertitude, we use all the times arrival between N image sources and M 
sensors. For each image source every intersection between the circles of radius ),( kiR  can 
be calculated. So we have M(M-1) intersections. The position of the image source is finally 
computed as the median of all these intersections.

4. RESULTS 
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In this section, the configurations of three signals are presented: 2 synthetics and one real. 
The synthetics data are a numerical solution of the Sommerfleld equation [2]. In this case, 
the seafloor is composed of layers of homogenous thickness and sound speed. 

4.1. Synthetic data horizontal array 
 
The con guration used is similar to data acquired during Clutter 09 experiment (see. [6] 
for details): an omnidirectional source and an horizontal array made of 15 hydrophones 
with interdistance of 1 m are towed at hs = hr = 12 m, the distance between the source and 
the rst hydrophone is xtot =24 m. 
The bottom is composed of two layers over a basement. The thickness and sound speed 
are given in (Table 2). 
To accurately estimate time of arrival, it is necessary that the signal emitted by the source 
is a pulse in a zero-phase. For doing this, the cross-correlation between the emitted signal 
and the signal recorded is computed.  
From the signals, the geoacoustic parameters are founded by TK and MSM (Table 2). 
 
 Type Input values TK MSM 
Water Thickness(m) 0 0 0 

Sound speed (m/s) 1500 1500.1 1500 
Layer 1  Thickness(m) 2 2 2.03   

Sound speed (m/s) 1650 1650.3 1658.7        
Layer 2 
 

Thickness(m) 4 4 4 
Sound speed (m/s) 1750 1753.2 1744.2 

Table 2: Comparison of sound speed values and thickness of vertical synthetic data given 
by the proposed method and MSM 
 
The comparison is very satisfactory. In particular, the thickness and the speed are 
measured to find the first layer, and it is very close to the second layer. We note that the 
detection error, with the MSM is more important than with the proposed one. 
Moreover, the TKEO implementation is less complex than MSM, therefore the processing 
time is reduced by a factor of ten for this example. 

4.2. Synthetic data vertical array 

The configuration used in the example, is chosen to be similar to the configuration of the 
campaign SCARAB [5]: hs=150 m, vertical array size= 64 m, hr1=11.5 m, xtot=200 m 
which leads to an incident angle of the reflected signal on the ground of approximately 45°  
from the array center. The hydrophones are irregularly spaced. To avoid the correlation 
operation because it expands the length of the reference wavelet which reduces the 
temporal resolution of signals, Wiener deconvolution for a zero-phase wavelet is used [2]. 
The geoacoustic parameters are founded by TKEO and MSM (Table 3). 
 

 Type Ground Truth TKEO MSM 
Water Thickness (m) . . . 

Sound speed (m/s) 1500 1500 1499.9 
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Layer 1 Thickness (m) 3 2.99 3 
Sound speed (m/s) 1520 1516.2 1524.8 

Layer 2 Thickness (m) 3.5 3.53 3.51 
Sound speed (m/s) 1540 1547.5 1540.4 

Layer 3 Thickness (m) 4 4 3.97 
Sound speed (m/s) 1600 1602.2 1601 

Layer 4 Thickness (m) 2 1.99 2.02 
Sound speed (m/s) 1630 1630.4 1641 

Layer 5 Thickness (m) 6 5.97 5.95 
Sound speed (m/s) 1700 1698.4 1692.2 

Layer 6 Thickness (m) 2 2.06 2.07 
Sound speed (m/s) 1720 1742.1 1743.8 

Table 3: Comparison of sound speed values and thickness of vertical synthetic data given 
by the proposed method and MSM. 
 
Both methods prove their efficiency to find the velocity and thickness profile has values 
close, but the processing time is reduced by a factor fifty for this example. 
 
4.3  Real data 

The configuration and pre-processing of real data is the same of synthetics data vertical 
array. Another problem appears: some hydrophones can detect all peaks and some other 
not. We can address this problem by putting all the output signals as if all began recorded 
at the same time t0. We are able to distinguish automatically that the hydrophones detect 
image source by a comparison between them (Fig.3) 

 

Fig.3: Blue: output signal of the first hydrophone. Red: output signal of the second 
hydrophone. The black dots and green peaks are detected after setting a threshold. 

The two tables below compare the results of MSM and TKEO for the first six images 
sources detected. Knowing that for the MSM method, we have already removed sources 
images so that these results are as close as possible to real data (Holland and Osler). We 
also note that with TKEO we got a sense of the third source that already exists on real data 
but which was undetectable with the MSM method. 

 Source1 Source2 Source3 Source4 Source5 Source6 
Mic1 277.38 278.9 0 280.79 282.15 283.44 
Mic2 279.75 281.3 0 283.22 284.96 285.9 
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Mic3 282.16 283.73 0 285.62 287.44 288.41 
Mic4 284.61 286.2 0 288.17 289.96 290.94 

Table 4: Distance between the first six sources images and first four hydrophones given by 
MSM.

 Source1 Source2 Source3 Source4 Source5 Source6 
Mic1 277.36 278.31 287.96 280.7 282.89 283.86 
Mic2 279.74 280.62 281.35 283.12 285.54 285.34 
Mic3 282.2 283.12 283.91 285.77 287.74 288.44 
Mic4 284.68 286.64 286.31 288 289.91 290.96 

Table 5: Distance between the first six sources images and first four hydrophones given by 
TKEO method. 
 
Currently we cannot set the velocity profile over real data, because it is good for the first 
layers, but on the third layer, we start to have value outliers. The problem of the method is 
high sensitivity, so the error in the location of the hydrophone round results unacceptable. 

5. CONCLUSION 
  
In this paper, we show the effectiveness of time arrival estimation strategy based TKEO in 
the image source method. We estimate the times arrival corresponding to each image 
source directly on the recorded signal, for spherical wave pulses sent to a layered medium 
sensed by horizontal or vertical array. For simulated data, TKEO method performs slightly 
better than MSM for both times and angles of arrival. Further, TKEO method is faster than 
MSM where the reduction of computational time varies from 10 to 50, depending on the 
complexity of the medium. Based on triangulation technique, the proposed method is more 
sensitive to errors of hydrophones positions than MSM. To validate this approach on real 
data, the positions errors of hydrophones must be well corrected before the triangulation 
step. However compared to MSM, TKEO method is able to distinguish true image sources 
in noisy environment and to identify thin layers in real time.   
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 RESEARCH ON GEO-ACOUSTIC INVERSION BASED ON NORMAL 
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Abstract: An acoustic vector sensor (AVS) can simultaneously measure the acoustic pressure 
and three orthogonal components of the acoustic particle velocity at a single point in space. 
Using the vector field in MFP inversion methods is demonstrated that can effectively 
decrease the uncertainty of the sediment sound speed, and making the inversion of sediment 
attenuation less dependent on source level variation. In this paper, several cost functions of 
pressure, particle velocity and the combination of pressure and particle velocity are 
discussed. Through the analysis of different cost functions, the characteristic function of 
normal modes based cost function is found can achieve a better effect. Based on AVSs and 
Normal mode decomposition, a geo-acoustic inversion method is developed for geo-acoustic 
inversion.

Keywords: Geo-acoustic inversion, acoustic vector sensor, normal mode decomposition 
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1. INTRODUCTION

Vertical line array (VLA) can be used for geo-acoustic inversion, there are some 
correlative works have been researched[1-2]. Using acoustic vector sensor (AVS) can get more 
information in sound field, like acoustic particle velocity or intensity of sound, so it should 
have more advantages in geo-acoustic inversion[3]. Now the question is how to using these 
information. In this paper, several cost functions of pressure, particle velocity and the 
combination of pressure and particle velocity are discussed. For horizontal particle velocity 
has the similar structure of pressure, vertical particle velocity is more useful in geo-acoustic 
inversion. The modal decomposition method can be used on source location estimation or 
geo-acoustic inversion[4-5]. The most important is to extract the matrix of normal mode depth 
functions[6]. In this paper, through analysis of different cost functions, we attempt the 
characteristic function of normal modes based cost function and found it can achieve a better 
effect.  

2. THEORY

Acoustic propagation through an oceanic wave guide can be described by normal-mode 
method, the basic sound pressure equation is given by, 

/4 1( , ) ( ) ( )
( ) 8 ( )

mik ri
m s m

ms m j

ip r z e z z e
z r k

 (1)

Where, ( , )p r z  is sound pressure in distance r and depth z , ( )sz  is the density of water 
in source depth sz , the modes are characterized by a eigenfunction ( )m z  and an eigenvalue 

mk . Derived from Euler equation, we can get the function of sound horizontal particle 
velocity ( , )rv r z  and vertical particle velocity ( , )zv r z , 
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And the intensity of sound can be described as, 

*
r rI p v , *

z zI p v  (4)

Usually, we use VLA of sound pressure hydrophones to get the matrix of sound pressure 
p  with multiple depths and frequencies. First, the cost function of sound pressure can be 

defined as, 
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Where sound pressure ep  is measured by vertical sensors of the different depths from 1z  
to Nz , and the frequency f  is form 1f  to 

fMf . The measured pressure ep  can be matched by 
cp  which is computed by any sound propagation models with different sound speed bc  and 

density bh . 
Then the cost functions of sound particle velocity and sound intensity can be described as 

the same as pressure, just by changing the variables p  to rv , zv , rI , zI , or using ( )z rp v v  
and so on. Actually, we can construct different format of cost functions and define them to: 

pE ,
rvE ,

zvE ,
rIE ,

zIE or ( )z rp v vE . 
During the simulation, we found that the cost function can be constructed by sound 

intensity of chosen normal modes. First, we get the every mode of sound intensity, 

*( , , ) ( , , ) ( , , )k i b b k i b b zk i b bS f c p f c v f c  (6)

Where k is the order of modes number from 1 to K . Then using kS  to get the cost function, 
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Using normal mode decomposition method, we can get every mode of kp . In this paper, 
we choose the Tracianne B. Neilsen’s way which is using SVD method to decompose the 
sound pressure matrix of multiple frequency and depth. 

If we make a matrix of sound pressure with different depths and frequencies at a certain 
distance 0r , the formula of (1) can be changed to,  

0
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Where , , F  are, 
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For getting , , F  matrix, the modes can be extracted by performing an SVD method on 

z fN N  pressure matrix p . So we can get the first order of 1p  to take  as: 
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 (12)

And the other kp  can be got as the same. Checking the equation (2) and (3), matrix rv  has 
the similar form of p , so it can be extracted by the same way. We notice that matrix zv  is not 
a orthogonal matrix, so it should be orthogonalized first. In this paper, we choose a RQ 
extraction method. 

3. SIMULATION 

The sound-speed profile environment of simulation is shown in Fig. 1(a), the water depth 
is 50m, sound speed in water has the typical negative gradient profile, bottom has the 
constant gradient of sound speed 1600 /bc m s , density 31800 /b kg m  and attenuation 

0.2dB /b . In this environment, we use formula (5) to check the performance of each 
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variable. The results are shown in Fig. 1(b)~(g). For drawing easier, we add negative sign on 
cost function. 

The cost function values in Fig. 1(b)~(g) are restricted to 0.99~1, we can find that the 
vertical sound intensity can achieve the best effect than other variables. During the 
simulation, the first three orders of normal modes are using with formula (7), the results are 
shown in Fig. 1(h)~(i) and the cost function value is restricted to 0.9~1. Actually notice that 
the value of each mode which gets from each eigenvalue and eigenfunction could not get 
directly. So the normal mode decomposition method should be used first. 
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(d)                                         (e)                                             (f) 

 
(g)                                         (h)                                             (i) 

Fig.1: (a)The environment of simulation;(b)~(g)Cost function values of pressure, 
horizontal velocity, vertical velocity, horizontal intensity, vertical intensity;(h)~(i)Cost 

function values using the first three modes and restricted 0.3~1 and 0.9~1. 
Define one variable N to count the number of cost function value range, the results are 

shown in Tab. 1. 

Cost function Ep Evr Evz EIr EIz Ep(vz+vr) Emodes Minimum 
E>0.3 454 463 365 545 227 399 560 EIz 
E>0.5 326 331 246 492 188 301 485 EIz 
E>0.7 239 243 165 385 126 169 21 Emodes 

Table 1: The number of cost function values. 
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For testing the SVD decomposition method by using the formula (8)~(12), we first choose 
the Pekeris wave guide. The water depth is set to 50m, the source depth is set to 25m, in the 
middle of the water depth, and frequency is set to 80Hz~102Hz, in this frequency band, the 
order of normal modes is fourth, bottom has the sound speed 1800 /bc m s , density 

32000 /b kg m  and attenuation 0dB /b , the extraction results of sound pressure and 
vertical velocity is shown in Fig. 2. The left is the sound pressure extraction result; the right 
is about vertical velocity. In this environment, by using normal mode decomposition, the geo-
acoustic inversion results are shown in Fig. 3.  

 
(a)                                                            (b) 

Fig.2: (a) Sound pressure extraction results;(b)Vertical velocity extraction results. 

 

Fig.3: Geo-acoustic inversion results using normal mode decomposition. 

4. SUMMARY

Extraction technology is based on normal mode theory, which can get each order of the 
sound pressure and particle velocity. In this paper, the feasibility of normal mode 
decomposition is verified. Using the sum and product of each order as the variable of cost 
function for geo-acoustic inversion, it can achieve a better effect than using pressure only. 
But at the same time, it will reduce the adaptability in seabed parameter inversion. This 
method needs a long vertical line array of vector sensors, and the experiment in the shallow 
water will be hold in few months later.  
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Abstract: The need for benchmarks of propagation loss was addressed by a series of 
workshops in the 1980s.  The main results of those workshops were a set of well-defined 
propagation scenarios and their corresponding solutions.  The availability of these 
benchmarks permitted the systematic evaluation of the accuracy of propagation models 
suitable for passive sonar performance prediction.  The need for a comparable set of 
benchmarks suitable for the evaluation of active sonar performance predictions, first 
recognised internationally in the 2000s, has been addressed in a series of workshops in 
2006, 2008 and 2010.  The present paper describes some results from the third of these 
workshops, held in memory of David E. Weston at the University of Cambridge.  Results 
are calculated using discrete normal mode and continuum integration methods, as well as 
using the active sonar performance models MOCASSIN, ALMOST and  LYBIN.  Results 
are presented for echo, reverberation and echo to reverberation ratio from a shaded 
cosine wave pulse, before and after processing.  Scenarios considered include a uniform 
depth Pekeris waveguide with Lambert rule reverberation (Scenario A2.I) and a 
generalisation of this problem to an upslope bathymetry (a simplification of Scenario 
A2.IV). 

Keywords: Active sonar performance models, reverberation, target echo, signal to 
reverberation ratio, Weston Memorial 
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1. INTRODUCTION

In order to assess the accuracy of performance prediction models for active sonar it is 
necessary to be able to compare results of different models for cases with known 
solutions.  This reasoning leads naturally to the following three step approach for active 
sonar performance model evaluation: 

Step 1: construct and promulgate a suite of standard sonar scenarios; 
Step 2: construct “benchmarks” for the standard scenarios; and 
Step 3: evaluate model accuracy by comparing model predictions with the benchmarks. 
 
Step 1 one was completed in early 2010 through the distribution of a set of eight active 

sonar performance scenarios [1, 2] and their promulgation via a workshop held in memory 
of David E Weston (1929-2001) at Clare College, University of Cambridge on 7-9 April 
2010 [1].  The purpose of this workshop was to facilitate Step 2.  Proposed solutions to 
selected standard scenarios were provided during or after the workshop by ARL 
(Pennsylvania State University, USA), DRDC (Canada), FFI (Norway), FWG (Germany), 
NURC (NATO) and TNO (Netherlands). The present paper presents a selection of 
solutions to the workshop problems. 

The baseline case, Scenario A2.I, is closely related to Problem XI from the 
Reverberation Modeling Workshop (RMW) sponsored by the US Office of Naval 
Research (ONR) in October 2006 [3] and Problem T from a second ONR-sponsored 
workshop in May 2008 [4].  In order to make the necessary progress towards benchmarks 
it was decided to focus on two of the original eight scenarios, namely A2.I and A2.IV.  
The scenarios considered in this paper all involve an isovelocity waveguide with arbitrary 
bathymetry.  Various sonar equation terms are calculated such as propagation loss, echo 
level, reverberation level and echo to reverberation ratio.  

2. DESCRIPTION OF SCENARIOS A2.I AND A2.IV 

2.1. Scenarios A2.I and A2.IV 

Scenarios A2.I and A2.IV are described in Ref. [2] (where they are referred to as 
“Problem I” and “Problem IV”).  Scenario A2.I is for a uniform depth Pekeris waveguide 
(based on Problem XI from 2006 RMW and Problem T from 2008 RMW) and referred to 
henceforth as “Case 1”.  Scenario A2.IV is for a related problem with upslope bathymetry.  
An isovelocity version of Scenario A2.IV is considered here and referred to as “Case 4”.  
Figure 1 shows the bathymetry for this case.  Ref. [2] specifies the bathymetry in one 
bearing (that of target) but not in other directions.  Two variants of Case 4 are considered, 
one with Cartesian symmetry (Case 4a) and one with cylindrical symmetry (Case 4b), as 
illustrated by Fig. 2.  For more explanation of these scenarios see Ref. [5].  A companion 
paper [6] presents propagation loss vs range for Cases 1 and 4, as well as for a third 
scenario (Case 9), which is identical to Case 4 for the first 8 km, followed by a downslope 
region from 8 to 10 km (mirror image of upslope region from 5 to 7 km) and a flat bottom 
of depth 100 m thereafter. Cases 1 and 4 were also considered by Ref. [7]. 
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Fig.1: Cartoon of Case 4. Case 4 is identical to Case 1 (Pekeris duct) for the first 5 km. 

  
Fig.2: Case 4 geometry with Cartesian symmetry (left, Case 4a) and cylindrical 

symmetry (right, Case 4b). 

3. RESULTS 

Reference [19] includes results for Cases 1, 4 and 9 for frequencies 250, 1000 and 
3500 Hz.  Results presented in this paper are for Cases 1 and 4, and for 3500 Hz only.  
Results are shown in the form of propagation loss (PL, Fig. 3), echo level (EL, Fig. 4), 
reverberation level (RL, Fig. 5) and signal to reverberation ratio (SRR = EL – RL, Fig. 6) 
vs target range, as defined in Ref. [2].  Plots show Case 1 to the left and Case 4 to the 
right.  In the case of EL, RL, SRR results are shown both before and after processing 
(upper and lower graphs, respectively). The meaning of the codes A2 to A5 and B4 to B6, 
mentioned in the figure captions, is explained in Ref. [2].  Different modelling methods 
used include ray-based models (ALMOST [8], LYBIN [9], MOCASSIN [10]), normal 
modes (NOGRP [11]) and continuum methods [5, 12] (hereafter referred to as 
“Continuum”).  The Continuum and normal mode methods used both make use of the 
adiabatic approximation [13]. 

3.1. Propagation loss 

Figure 3 shows PL vs range for Cases 1 and 4.  For all curves except Continuum 
(which is a depth average calculation), the source depth is 30 m and the receiver depth is 
10 m, corresponding to the target depth.  For Case 1 (left hand graphs) there is close 
agreement between Continuum and LYBIN, the accuracy of which is confirmed by 
comparison with Ref. [6].  For Case 4, differences are larger generally, but agreement 

30 m 

100 m 

rain

Rough bottom 

source 

receivers 

target Isovelocity profile 

2 km 
5 km 

70 m 

1st International Conference and Exhibition on Underwater Acoustics

427



 

between LYBIN and Continuum (also confirmed by comparison with Ref. [6]) is 
encouraging.  

 

 
 

Fig.3: Propagation loss (A5) [dB re 1 m2] vs range [km] for Case 1 (left) and Case 4 
(right). Frequency 3.5 kHz. 

3.2. Echo level 

Figure 4 shows EL(r) before processing (upper graphs) and after (lower) for Case 1 
(left hand graphs) and Case 4 (right) as predicted by the models.  For Case 1, close 
agreement is obtained between Continuum and “Ellis” (EL = 83.8 dB re 1 Pa2 for a target 
distance of 10 km, computed using an incoherent mode sum, read from Ellis’s incoherent 
normal mode prediction as it appears in Fig. 6 of Ref. [14]).  The method used by “Ellis” 
calculates the arrival time from the group speed of each mode, thus automatically 
including time dispersion.  This dispersion is also included in MOCASSIN and ALMOST 
but not in LYBIN or NOGRP, both of which require a correction because they assume that 
the duration of the echo is equal to that of the transmitted pulse, whereas in reality the 
echo is spread out, leading to a lower echo intensity [12].  For Fig. 4, such a correction has 
been applied to   NOGRP (and not to LYBIN) by subtracting 10log10(x)  16.6 dB, where 
x is equal to h/(2c Teq) (the asymptotic value of the ratio of E0 (long pulse approximation) 
to EHN (short pulse) in Ref. [12]), where h is the water depth, c the sound speed, Teq the 
equivalent top-hat pulse duration and  the reflection loss gradient in Np/rad.    These 
graphs can be compared with previously published solutions for Case 1 [7, 14-16].  A 
coherent calculation [16] (not shown here) leads to slightly higher values of EL.   

Because of the range-dependent bathymetry, the correction to NOGRP is not 
appropriate for Case 4, but is applied anyway, resulting in the echo level being 
underestimated beyond 5 km.  The Continuum curve for Case 4 is from Ref. [5].  
Accuracy of the adiabatic approximation is yet to be confirmed for the echo.   

In Fig. 4 and all subsequent graphs the source depth is 30 m, and the receiver depth is 
one of either 50 m (ALMOST, Ellis, NOGRP) or 30 m (LYBIN, MOCASSIN).  
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Fig.4: Echo level [dB re 1 Pa2] vs range [km] before processing (A2, upper) and after 

(B5, lower) for Case 1 (left) and Case 4 (right). Frequency 3.5 kHz. 

3.3. Reverberation Level 

For the scenarios considered, i.e., Cases 1 and 4, the only source of scattering is the 
seabed, the roughness of which is introduced empirically by means of Lambert’s rule.  
Therefore, unless stated otherwise, the term “reverberation level” (or “RL”) implies 
bottom reverberation only.  RL is plotted in Fig. 5.  For Case 1, NOGRP is thought to 
provide an accurate RL prediction, while Continuum [12] underestimates reverberation by 
ca. 4 dB at 15 km [17].  MOCASSIN overestimates reverberation, probably because the 
calculation includes surface reverberation in addition to the bottom reverberation 
computed by the other models. The other models (ALMOST, LYBIN) give results similar 
to NOGRP.  

For Case 4 there is encouraging agreement between NOGRP and Continuum.  There is 
a difference between Cases 4a and 4b of about 7 dB in the reverberation after processing 
(indicated by the letters “(a)” and “(b)” in the legend of Figs. 5 and 6), illustrating the 
potential importance of the 3D geometry.  Specifically, Case 4a results in higher 
reverberation due to scattered paths entering the ambiguous beam from the deep water 
region behind the array.  Confirmation of the accuracy of the adiabatic approximation, 
though less of an issue than for the echo, is also needed for reverberation. 
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Fig.5: Reverberation level [dB re 1 Pa2] vs range [km] before processing (A3, upper) 
and after (B6, lower) for Case 1 (left) and Case 4 (right). Where applicable, Case 4b is 

considered by all models.  Continuum also considers Case 4a. Frequency 3.5 kHz. 

3.4. Signal to Reverberation Ratio 

SRR is plotted vs target range in Fig. 6.  For Case 1, of the results plotted before 
processing, the authors consider the most accurate solution to be that of “Ellis” (crosses) 
[18], which supports both MOCASSIN and Continuum.  For Case 4, there is similar 
agreement.  Though encouraging, this agreement is ultimately misleading because the 
discrepancies in SRR are smaller than in EL, RL separately.   NOGRP underestimates 
SRR after 5 km because of the 16.6 dB correction.  The effect of the 3D geometry is 
visible again in Fig. 6 because the differences between Cases 4a and 4b reverberation feed 
through unmodified to SRR [5]. 

4. CONCLUSIONS 

No single model has been identified that gives uniformly reliable predictions for all 
cases considered.  Instead, analytical methods [5, 12] provide the necessary insight to 
determine the most accurate model for each scenario.  Further, the use of a combination of 
different models has been demonstrated to be a powerful technique for assessing models’ 
strengths and weaknesses.  Where important differences arise (for example due to the 
effect of time dispersion in the echo level) or are suspected (due to application of the 
adiabatic approximation) these can be analysed and understood.   

Case 1, for a Pekeris waveguide, is well understood.  The agreement between 
incoherent methods is good (once dispersion is correctly accounted for) for both echo and 
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reverberation.  The estimated uncertainty in the final SRR is approximately 4 dB.  The 
effect of coherent interference between mode arrivals coinciding in time [16] has not been 
addressed. 

For Case 4, involving an upslope bathymetry, there are larger differences, but the basic 
message is the same.  The agreement between analytical approximations with advanced 
numerical models increases our confidence in both.  There is a need for further validation 
of the adiabatic approximation, especially for the target echo and at frequencies lower than 
3.5 kHz, and of the processing gain.  

 

  
 

Fig.6: Echo to reverberation ratio [dB] vs range [km] before processing (A4, upper) 
and after (B4, lower) for Case 1 (left) and Case 4 (right). Frequency 3.5 kHz. 
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Abstract: Sonar performance modelling supports decision making in the design, 
development, acquisition, evaluation, and employment of sonar systems. The fidelity of the 
outputs of sonar performance models depends on several aspects: (1) the fidelity of the 
inputs to the model; (2) the simplifications made in the representations of the sonar 
operating environment; (3) the mathematical, physical, and numerical approximations 
made to model the effect of the acoustic processes and signal processing. To address the 
last aspect, there is an international benchmarking effort to compare the outputs of 
different sonar performance models for defined test cases. We previously computed 
analytically the echo shape, ambient noise level, reverberation intensity, and signal to 
noise ratio for a baseline test case based on angular energy flux considerations, where the 
sea surface was assumed flat with no reflection losses and the sea floor was also flat with 
a scattering strength described by Lambert’s rule. In this paper, we consider the effect of 
wind-roughened sea surfaces and rough seabeds. We give simple analytical formulas for 
the surface and bottom reflection losses that match well the loss tables generated by small 
slope approximations from the ONR Reverberation Modelling Workshops. The formula 
provide an alternative to the use of tables or numerical integration, and also yield linear 
approximations at small grazing angles which are useful for the analytical approach we 
took previously. A simple heuristic approach is used to account for the coupling of 
reflection and scattering in multiple boundary interactions that involve both coherent and 
incoherent components. Rough boundaries increase coherent reflection losses but also 
reduces the channel’s coherent echo time spreading due to multipath. 

Keywords: sonar performance modelling, shallow water waveguide, target echo, time 
spreading loss, reverberation, noise. 
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1. INTRODUCTION

Sonar performance modelling supports decision making in the design, development, 
acquisition, evaluation, and employment of sonar systems. It is therefore essential to have 
confidence in the outputs from the sonar models. The fidelity of the outputs of sonar 
performance models depends on several aspects: (1) the simplifications made in 
representing the environment, the sonar, the target and the uncertainty of model inputs; (2) 
the physical, mathematical and numerical approximations made to model the effect of the 
acoustic processes and signal processing. To address the last aspect, there have been 
international workshops to compare the outputs of acoustic models for defined test cases. 

Two international workshops sponsored by the US Office of Naval Research (ONR) 
focused on modelling reverberation and target echo [1-3] for defined scenarios and a 
subsequent workshop sponsored by the UK Institute of Acoustics (IOA) built on the ONR 
workshop scenarios by adding ambient noise and signal processing effects, defining a set 
of test problems in various environments ranging from simple to complex [4]. The ability 
of a sonar to detect signals among noise depends on the signal and noise statistics, which 
can be characterised by signal to noise ratio (SNR) and signal and noise variability. So far 
all international workshops have been concerned about the first issue, that is , signal to 
noise ratio, which for active sonar means the modelling of reverberation, target echo, 
noise, and consideration of signal processing effects. 

In a previous paper [5], we computed analytically the echo shape, ambient noise, 
reverberation intensity, and signal to noise ratio for the baseline test case in Ref. [4] for 
flat sea surfaces and flat seabeds. In this paper, we consider the effect of rough boundaries. 
We give simple analytical formulas for the surface and bottom reflection losses that 
matches well the loss tables generated by small slope approximations from the ONR 
Workshops. We use a simple heuristic approach to account for the coupling of reflection 
and scattering in multiple boundary interactions involving both coherent and incoherent 
energy components. We show that whilst rough boundaries increase coherent reflection 
losses, they also reduce coherent echo time spreadings due to multipaths. 

2. ENVIRONMENTS AND PROBLEM SPECIFICATIONS 

In test problems I and II specified in [4], the shallow water waveguides are 100 m deep 
with isovelocity water of 1500 m/s, density of 1000 kg/m3, and frequency dependent 
absorption modelled by Eq. (1.34) in Ref. [6]. The seabed is assumed to be a sandy bottom 
with sound speed of 1700 m/s, density of 2000 kg/m3, and attenuation of 0.5 dB/per 
wavelength. Two types of rough seabeds, denoted as “typical” and “rough”, were 
specified in the ONR workshops. The rough sea surfaces are specified by Pierson-
Moskowitz spatial spectra for fully developed seas with wind speeds of 10 m/s at a height 
of 19.5 m. We note that wind-generated micro-bubbles and bubble plumes beneath the sea 
surface refract, absorb, and scatter sound, which contributes significantly to boundary 
losses [7, 8, 9], especially at high frequencies. However, bubbles were not included in the 
ONR and IOA workshop problem specifications. 
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3. SIMPLE EXPRESSIONS FOR COHERENT REFLECTION LOSSES 

To model the coherent reflection loss from a rough ocean surface without consideration 
of bubbles, two closed-form formulas are often used. One can be derived from 
perturbation approximation and is more suitable for smaller grazing angles. The other can 
be derived from Kirchhoff approximation and is more suitable for greater grazing angles. 
The method of small slope approximation is applicable to all grazing angles but generally 
requires numerical evaluation of integrals. Here we modify and adapt the results of 
Chapman [10] and give a simple analytical expression that transits from the perturbation 
to the Kirchhoff formulas as grazing angle increases. 

Chapman improved the accuracy of the Kirchhoff formula at small grazing angles and 
we may extend his results analytically [10, Eq.9 & 25] and re-write as, 

 
)(sin)2/cos(4SL(Np) 2/12/32 FLk    (1) 

 
Where SL(Np) is surface reflection loss in Nepers [One neper (1 Np) represents a  

magnitude ratio of 1/e, or intensity ratio 1/ 2e , i.e., 1 Neper = 686.8)(log20 10 e dB], k is 
the wavenumber, L is the correlation length of the rough surface,  is the grazing angle, 
and  is the rms surface roughness. The function )(F is expressed by a parabolic cylinder 
function and its argument  is a function of the ratio of correlation length/acoustic 
wavelength and the grazing angle, 

 
)2/(sin2kL      (2) 

 
Whilst the parabolic cylinder function )(F  can be computed using various algorithms 

[11], we found it sufficiently accurate to use the following simple approximation, derived 
from the series and asymptotic expansions of the parabolic cylinder function,  
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Figure 1 shows the coherent surface losses versus grazing angle for wind speeds of 

10 m/s and acoustic frequencies of 3500 Hz and 1000 Hz. The black solid and dashed 
curves are from second order small slope approximations for 2-D (isotropic) and 1-D 
Pierson–Moskowitz spatial spectra, respectively. Both sets of data were downloaded from 
the ONR RMW website [1]. The red curves are from the closed form formula Eq.(1) with 
the special function )(F  computed exactly and the green curves are also from Eq.(1) with 

)(F  approximated by the simple expression in Eq.(3). The rms roughness, , is obtained 
from wind speed based on Pierson-Moskowitz spectra, and the effective correlation 
length, 3.24eL  is obtained by matching the surface losses at small grazing angles with 
perturbation approximations. 

As shown in Fig.1, the simplified formula matches well the surface loss tables from the 
ONR Workshops [1], which were generated using numerical integration. We also applied 
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a variation of the formula to match the bottom loss tables with good accuracy. Therefore 
the formula provides a simple analytical alternative to the use of tables and numerical 
integration. Furthermore, linear approximations to surface and bottom losses at small 
grazing angles, which are useful for analytical evaluations [5], can be easily obtained by 
replacing )(F  with the constant a. 
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Figure 1. Coherent surface losses versus grazing angle for wind speeds of 10 m/s and 

acoustic frequency of 3500 Hz and 1000 Hz. 

4. COUPLING OF SCATTERING AND REFLECTION IN WAVEGUIDES 

Currently most sonar performance models cannot incorporate the physics of incoherent 
scattering from rough boundaries into their calculations. For example, in the 10 solutions 
provided to Problem 5 of the ONR workshops, either the coherent reflection loss or the 
reflection loss for flat boundaries are used, leading to differences of up to 20 dB in the 
reverberation calculations [3]. Using the coherent reflection loss only is equivalent to 
ignoring all the scattered incoherent energy upon each reflection and using the reflection 
loss for flat-boundaries is equivalent to assuming that none of the incoherent scattered 
energy is lost and all incoherent scattered energy continues to propagate in the forward 
specular direction. A key issue revealed by the ONR workshops is how to model the 
coupling between surface and bottom interactions that involves both coherent and 
incoherent components [3]. A rigorous solution that takes account of this coupled process 
in the echo, noise, and reverberation calculations is beyond the means of most current 
sonar performance models. Here we make a simple heuristic approximation to account for 
this coupled process by modifying the approach of Schulkin and Mercer [12].  

For one single reflection from the sea surface, losses associated with coherent intensity 
reduction are related to time and angle spreading of the scattered incoherent intensity and 
are not real energy losses. Because of the high impedance contrast between water and air, 
if we ignore the effect of bubble absorption, we would expect no energy loss provided the 
energy from the coherent reflections and the scattered incoherent energy, which undergoes 
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both time and angle spreading, are all included. That is, for beam widths and receive time 
windows sufficiently large to capture the time and angular spreading, in an ensemble-
averaged sense, there would be no loss in total energy. This has been observed in field 
data for short pulse explosive charges in frequency bands between 0.4 and 6.4 kHz [13] 
and in measurements using sine wave signals between 400 Hz and 1500 Hz [14]. 

In an environment with multiple boundary interactions, the significant factor 
influencing the amount of energy loss is the coupled acoustic interactions and how much 
energy is leaked out of the waveguide in this process. That is, how the scattered energy 
interacts with the sound speed profile and the seabed. Sound scattered from the rough 
surface into different grazing angles suffers different losses into the bottom or different 
amount of leakage out of a surface duct. So the effects of incoherent scattering loss cannot 
be considered alone, the reflection and scattering processes from the two boundaries are 
coupled and need to be considered as a whole. 

Schulkin and Mercer [12] postulated that if sV is the coherent surface reflection 
coefficient then (l- sV ) is the incoherent surface-scattering coefficient. They further 
stipulated that on average, the incoherent scattered component suffers twice the loss of the 
coherent components and approximated the effective surface-bottom coupled reflection 
coefficient for total energy, Ws , as follows: 

 
2)1( bsbss VVVVW     (5) 

 
Where the coherent component is modified by the coherent bottom loss Vb and the 

incoherent component is modified by twice the coherent bottom loss. We modify the 
expression of Schulkin and Mercer [12] as follows: 

 
bssbss VVVVVW )( 0     (6) 

 
Where the parameter  represents the ratio of intensity loss of the incoherent energy 

(when averaged over all scattered angles) in comparison to the coherent energy. This 
offers flexibility to account for the different scattering characteristics of rough interfaces. 
The replacement of unity by 0sV , which can be less than one, offers flexibility to account 
for the effects of bubble absorptions in the future. 

We use a similar expression to account for the total energy when sound is reflected and 
scattered from the seabed, and further modified by surface reflection properties. 

 
sbbsbb VVVVVW )( 0     (7) 

 
Where 0bV is the intensity reflection coefficient for a flat bottom. We use the mean of 

the two composite effective reflection coefficients for each combined surface and bottom 
bounce; 2/)( sbsb WWW . Approximating the composite intensity reflection coefficient 

sbW by its linear Taylor expansion around zero grazing angle with gradient , we compute 
the one-way propagation losses by adding in-water absorption, represented by v , to the 
“three-halves” formula in Harrison [15]. 

 
2/13 )]/(2)[exp( rHrI v     (8) 

 
Where H is water depth and r is horizontal range. 
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Figure 2. One-way transmission losses at 3.5 kHz for the “typical” and “rough” 

bottoms in the ONR workshops, with flat sea surfaces. 
 
Figure 2 shows the one-way transmission losses at 3.5 kHz for the “typical” and 

“rough” bottoms in the ONR workshops. Except for a scaling factor, the results can be 
compared with those from ensemble averaging of numerical PE (parabolic equation) 
simulations for 50 rough boundary realisations in Thorsos and Perkins [3]. The “typical” 
bottom has longer correlation lengths and smaller roughness slopes, so the scattered 
incoherent energy remains closely confined near specular direction and the  factor we 
used was 1.6, that is, the incoherent energy is greater than the coherent energy. The 
“rough” bottom has shorter correlation lengths and greater roughness slopes, the scattered 
incoherent energy spreads wider and the  factor we used was 0.8, that is, the incoherent 
energy is less than the coherent energy. 

5. COHERENT AND INCOHERENT ENERGY: SIGNAL PROCESSING 
IMPLICATIONS

In terms of modelling sonar performance, the incoherent energy may have different 
effects on signal, noise, and reverberation. In our previous paper [5], we considered echo 
time-spreading due to coherent multipaths in waveguides with flat boundaries. Scattered 
incoherent energy suffers additional time-spreading due to energy being scattered to 
various angles after interactions with rough boundaries. The incoherent component in the 
echo is also time-spread with largely phase-incoherent distorted shapes from the 
transmitted signal. Therefore it is expected that the incoherent energy in the echo will 
contribute little to the signal power after coherent processing such as replica correlation. 
Furthermore, the incoherent energy arriving in the same time resolution cell as the 
coherent echo may seem like background noise to signal processing such as normalization. 
However, sometimes incoherent processing or semi-coherent processing with post-
detection integration is used to collect the echo energy in the time resolution cell. 
Therefore further investigation of the role of scattered incoherent echo energy in relation 
to different signal processing chains is warranted. 

For modelling reverberateion and noise propagation, it is more appropriate to use the 
total energy reflection coefficient. 
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6. EFFECTIVE ANGULAR SPECTRA AND TIME SPREAD 

Following our earlier approach [5], the effective propagation angular distribution 
spectra at various ranges can be estimated and the results are shown in Fig. 3 for the cases 
with and without roughness-induced boundaries losses. Because energy propagating at 
steeper grazing angles is continuously being stripped away by boundary reflections, the 
beamwidth of energy propagating horizontally becomes narrower with range; and also 
greater boundary losses leads to narrower beams at the same range. 
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Figure 3. Normalized angular spectra for coherent energy at different ranges at 3.5 
kHz for (a) flat seabed with flat sea surface. (b) “typical” rough seabed with 10 m/s wind-
induced rough sea surface.[Note the different scales in the horizontal axis]. 

As in [5], the effective angular spectra can be translated into effective channel time 
spread for coherent echo. With flat boundaries the time spread is about 160 ms, but with 
the “typical” rough seabed and a 10 m/s wind-roughened surface, the time spread is about 
4 ms, because the coherent boundary losses quickly strip higher-angle energy away. 

7. CONCLUDING REMARKS 

We simplified the improved Kirchhoff formula of Chapman for coherent reflection 
losses and found the simple formula matched well with the loss tables generated by small 
slope approximations from the ONR Reverberation Modelling Workshops. Therefore it 
provides a simpler alternative to the use of tables or numerical integration. We attempted a 
simple heuristic approach to model the coupled surface and bottom interactions that 
involve both coherent and incoherent energies in multipath waveguides. These results are 
useful for sonar performance modelling involving rough boundaries in general and for 
solving the ONR and IOA workshop problems in particular. 
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Abstract: The accurate and stable calculation of underwater acoustic propagation is 
needed for applications such as sonar performance prediction, noise mapping and 
acoustic communication. In this work, some widely used acoustic propagation models, 
based on different methods such as normal mode, ray tracing, parabolic equation and flux 
theory are tested on the scenarios specified for the Weston Memorial Workshop, held at 
the University of Cambridge in 2010. Incoherent, coherent and depth-averaged 
propagation losses are generated for range independent and range-dependent scenarios. 
The effects of each method's characteristic parameters (such as number of rays, stair-step 
size, Weston's approximations, range and depth resolution etc.) on propagation loss are 
investigated. Propagation loss results and run times of each model are compared at the 
different frequencies, ranges and receiver depths. An automated script has been developed 
to carry out systematic convergence tests from a single input file. Using this script, 
comparisons are made of propagation loss results generated by different methods. These 
comparisons provide insight to the optimal choice of running parameters and 
performance of each model.

Keywords: Propagation Loss, acoustic propagation, benchmark, Weston Memorial 
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1. INTRODUCTION
 
Accurate estimation of propagation loss (PL) plays an important role in underwater 

acoustic simulations. An unstable and inaccurate propagation loss result may lead to 
unexpected detection ranges in sonar performance simulations or wrong isoclines for 
environmental risk assessments etc. The propagation loss calculations should therefore be 
compared with available benchmark results. Test problems from the 2010 Weston 
Memorial workshop [1,2] are considered. These are based on the test problems for the 
2006 and 2008 Reverberation Modelling Workshops at Un.Texas at Austin [3]. In this 
paper, some of these test cases are solved with different methods for different 
bathymetries, smooth sea surface and uniform sound speed. The detailed descriptions of 
each available algorithm have been investigated. The critical characteristic parameters of 
the methods used (such as number of rays, stair-step sizes, spatial resolution etc.) are 
analysed systematically by using convergence tests. Then, an automatic comparison script 
has been used in order to minimize user errors for the comparisons and estimate running 
parameters for an arbitrary problem. This program compares the propagation loss (PL) 
versus range, depth and frequency which is calculated by various methods such as normal 
mode, ray tracing, parabolic equation and Weston’s approach for the calculation of 
average intensity. The different running parameters are used and the sensitivity and 
stability of each method is tested. Well-known propagation models that are available in the 
Ocean Acoustic Library (OALIB) are used [4]. The details of these test cases will be given 
in the next sections.  The scenario naming convention follows [5]. 

2. USED METHODS 
 
There is no single standard method to estimate PL. Different methods can be preferred 

depending on the frequency range, problem size or calculation time. One may even need 
to develop a new propagation algorithm to solve the specific problem. In order to 
investigate the accuracy of any PL model, some benchmark tests can be done for the 
calibration of the model. In this paper, the PL calculations with different methods such as 
normal modes, ray tracing, parabolic equation and Weston’s approximations are 
investigated. The use of the model with the inappropriate options may lead to errors. The 
possible effect of these options on PL accuracy is investigated in the following sections.  

2.1. Normal Mode Theory 

The normal mode method can provide a full wave solution which may be used as a 
benchmark test. It is based on the solution of the Helmholtz equation by the separation of 
variables technique. A stair-step approximation of bathymetry is used for range-dependent 
problems. Selection of step size can affect the accuracy [6-7]. In Figure 1, a comparison of 
incoherent PL with different step sizes is shown for Case 4 (see Fig. 6). These figures 
were generated with the adiabatic approximation option of Krakenc. It can be seen from 
this comparison that the effect of stair step size also depends on frequency. For high 
frequencies, the selection of stair-steps size can be more critical. The fluctuations in 
Figure 1 are related to the different mode cut-off frequencies for different water depths. In 
this paper, minimum step length is selected as 20 m (after convergence tests) for all 

1st International Conference and Exhibition on Underwater Acoustics

442



 

normal mode calculations. Normal mode comparisons are achieved by the well-known 
normal mode algorithm Krakenc [8] and another normal mode solution based on an 
analytical estimation of eigenvalues [9].  
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Figure 1. Propagation loss vs range for Case 4: effect of stair-step sizes on PL for 250 Hz 

and 3.5 kHz 

2.2. Ray Theory 
 

Ray based models are widely used in many underwater acoustic applications. A ray 
tracing algorithm traces a sound ray for each launch angle by using physical concepts. It is 
based on a high frequency approximation. For this reason, ray theory results may be 
inaccurate in shallow water and especially near the cut-off frequency of the waveguide. 
However, it can be a useful method where the running times are critical. Bellhop is a well-
known ray tracing program [10]. It can provide propagation loss, ray paths, arrival times, 
eigenrays etc. Different tracing options can be selected in Bellhop. In this work, Gaussian 
beam and geometric ray options are used. The required number of rays depends on the 
range and geometry. A sufficient number of rays can be selected by convergence testing. 
Especially for long range problems, a large number of rays may be required. The effect of 
rays on the accuracy of incoherent PL for Case 9 (see Figure 8) is shown in Figure 2. 
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Figure 2. Propagation loss vs range for Case 9: effect of number of rays for depth-

averaged PL(f=3.5 kHz)

2.3. Parabolic Equation Method 

The parabolic equation (PE) method is used in many different fields of wave 
propagation such as electromagnetism, optics, seismology and underwater acoustics. RAM 
is a well-known PE program [11]. It can solve range-dependent ocean acoustics problems 
with the split-step Padé algorithm [12]. It is based on the paraxial approximation for the 
wave equation, providing a one-way solution to the wave-equation. It is especially used 
for range-dependent propagation problems. It can use different starters, number of Padé 
terms, false bottom, range and depth resolution due to frequency. Selection of range and 
depth step sampling size is important in PE calculations. Using smaller steps may reduce 
the fluctuations in PL figures, but increases the computation time [13]. In Figure 4, the 
effect of depth sampling size is shown for coherent PL. An optimum value of grid size 
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should be selected. Beside the selection of grid sampling size, selection of the sediment 
layer thickness (which must be artificially truncated at a user-specified depth [14]) can be 
important for low frequencies.  
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Figure 4. Propagation loss vs range for Case 1: effect of depth sampling sizes for 1 kHz
at 1 m above sea bottom

2.4. Weston’s Approximations 

According to Weston’s paper, propagation loss for range dependent media can be 
calculated using the effective depth concept [15-16]. For an arbitrary bathymetry, the 
depth profile can be divided into small segments. Then, variation of depth for each 
segment can be simplified in order to calculate the effective depth integral analytically. It 
can provide an analytical estimation of PL for range-dependent and lossy waveguides. The 
estimated PL is depth-averaged.  

3. COMPARISONS  

PL versus range (up to 40 km) comparisons are obtained for coherent, incoherent and 
depth-averaged (averaged over receiver depth) calculation of PL. However, only depth 
averaged results are shown for sake of simplicity. The depth averaged PL was computed 
over incoherent field except RAM’s results. This exception was made because RAM only 
generates coherent field. The characteristic parameters of each method (such as depth and 
range sampling size, number of rays etc.) are obtained by convergence tests. In all test 
cases, the sound speed in water is 1500 m/s. The sound speed in sediment is 1700 m/s and 
bottom absorption loss is 0.5 dB/wavelength [0.294 dB/ (m kHz)]. The Thorp model [14] 
is used for the volume absorption. 

 
The first scenario (“Case 1” [5]) is a flat waveguide with 100 m depth. The model is 

run for 250 Hz, 1 kHz and 3.5 kHz for a fixed source depth at 30 m. PL versus range 
comparisons are shown for Case 1 in Figure 5. There is a good agreement between the 
solutions until 20 km. However, the RAM solution is different at longer ranges. This 
difference depends on the choice of spatial resolution. The RAM version used in these 
tests is based on single precision. Altough the choice of small spatial sampling size 
increases the agreement with normal mode results until around 20 km, floating point errors 
may arise at longer ranges. 
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Figure 5. Depth-averaged (over receiver depth)PL vs range for Case 1 
(f=250 Hz (top), f=1 kHz (middle), f=3.5 kHz (bottom)). Source depth = 30 m. 

 
The second scenario is “Case 4” [5]. It has 100 m water depth up to 5 km. Then, it 

features an upslope from 5 km to 7 km up to water depth 30 m. The bathymetry and depth-
averaged (over receiver depth) PL comparisons are shown for Case 4 in Figure 6 and 
Figure 7. 
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 Figure 6. The bathymetry of Case 4 
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Figure 7. Depth-averaged (over receiver depth)PL vs range for Case 4 
(f=250 Hz (top), f=1 kHz (middle), f=3.5 kHz (bottom)). Source depth = 30 m. 
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For 250 Hz, Weston approximations’ and Bellhop’s results seem different after 20 km. 
This difference is related to propagation in the single mode region [15-16]. It can be 
improved by the contribution of modes in this region at long ranges.  
 

The last scenario, “Case 9”, has 100 m water depth up to 5 km, followed by an upslope 
region from 5 km to 7 km up to water depth 30 m comparable to “Case 4”. A shallow 
water region (depth 30 m) is then followed by a downslope region from 8 km to 10 km 
down to water depth 100 m, and uniform depth thereafter (see Figure 8).
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Figure 8. The bathymetry of Case 9 
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Figure 9. Depth-averaged (over receiver depth) PL vs range for Case9 

 (f=250 Hz (top), f=1 kHz (middle), f=3.5 kHz (bottom)). Source depth = 30 m. 

Weston’s range dependent approach has a good agreement with other models. All models 
have a good agreement between depth-averaged PL results. However, coherent PL 
comparisons might be different due to the sensitivity of environmental parameters and 
used different approaches for range dependency. 

4. CONCLUSION 

An automated script has been used to make the comparisons between selected methods 
with provided bathymetry, frequency, receiver and source depths with incoherent, 
coherent and depth-averaged options. Each method is based on different assumptions and 
numerical algorithms. Thus, the characteristic parameters of these methods should be 
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selected with convenient convergence tests or comparisons with other models in the 
validity range of each model. Otherwise, it may lead inaccurate results especially for long 
range problems and range-dependent bathymetries. The comparison results can provide an 
insight into the possible differences between these methods.
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Abstract: This paper shows that it is possible to simulate realistic shallow-water acoustic 
communication channels using available acoustic propagation models. Key factor is the 
incorporation of realistic time-dependent sea surface conditions, including both waves 
and bubbles due to wind. 

Keywords: Underwater acoustic communication, wind-generated surface waves and 
bubbles, channel simulation, validation. 

1. INTRODUCTION

Recently, realistic ray-tracing simulations have been performed for an underwater 
acoustic communication channel featuring wind-generated sea-surface waves and bubbles 
[1], using the IRSIM framework of TNO. The inclusion of realistic surface scattering, 
bubble refraction and extinction effects resulted in significant qualitative improvement of 
the impulse response evolution and Doppler power density distribution, when compared to 
conventional ray-tracing simulations with flat boundaries and no bubbles. 
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The next step is validation of the simulation results. This consists of three parts: 
 
1. Quantitative assessment with experiments; 
2. Testing of the applied narrowband approximation; 
3. Benchmarking of the ray-tracing simulations. 
 
The challenge of experimental validation is how to deal with incomplete and inaccurate 

environmental information being fed to the simulation model. The deviation between 
simulations and experiments may be partly attributed to this and not only to the modelling 
uncertainty. Nevertheless, we show in Section 2 that some important measured features 
can already be simulated quite well. 

 
In order to keep the simulations affordable, only a single ray-trace computation was 

performed per time step, at the 6-kHz centre frequency of the frequency band of interest 
(4-8 kHz). This narrowband approximation assumes a negligible frequency dependence, 
which is a reasonable assumption for flat boundaries and without bubbles, but may not 
hold for a wavy and bubbly surface layer. In Section 3, it is shown that the broadband 
effects of the waves and bubbles are negligible for the considered cases. 

 
The applied ray-tracer (Bellhop, with Gaussian beams) has been compared with other 

acoustic propagation models (Couple, KrakenC, OASES, Scooter, RAM, PESSim) for a 
number of standard benchmark test cases, based on [2]. As is shown in Section 4, the 
agreement appears to be very good for the range-independent cases at moderate ranges 
(~2 km), but seems somewhat less satisfactory for large ranges (>>2 km) and cases with a 
range-dependent bathymetry. This raises the issue of the suitability of this ray-tracing 
model for cases with a range-dependent sea surface. 

 
This investigation has been performed in the framework of the European Defence 

Agency (EDA) project RACUN (Robust Acoustic Communication in Underwater 
Networks). The RACUN project is part of the EDA-UMS program (European Unmanned 
Maritime Systems for MCM and other naval applications), and is funded by the Ministries 
of Defence of the five participating nations: Germany, Italy, Netherlands, Norway and 
Sweden. 

2. EXPERIMENTAL VALIDATION 

Figs. 1 and 2 compare Bellhop beam-tracing simulations of the impulse-response (IR) 
evolution with measurements for comparable conditions (RACUN sea trial, Lyme Bay, 
South England, May 2011). Comparing the left and right panels of Fig. 1, it is clear that 
Bellhop simulations for flat boundaries provide the correct delay times of the main 
arrivals, but they do not capture the time variation, reverberation tails and (aliasing) noise 
of the measurements. Adding waves and bubbles, for the observed wind speed, gives the 
middle panel in Figs. 1-2. In this panel, the direct arrival is too strong (+7.5 dB, approx.), 
most probably due to absence of temporal and spatial variability of the sound speed profile 
below the surface layer. Similarly, the bottom-only reflection is somewhat too strong due 
to simplistic modelling of the sea floor (flat semi-infinite medium-sand layer). On the 
other hand, the clusters of surface-reflected arrivals compare reasonably well with the 
measurements, given the environmental uncertainty. 
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Fig. 1: Impulse-response (IR) evolution for a transmitter (TX) at 5 m water depth, 
a receiver (RX) at 15 m water depth, a bottom depth of 45 m and a TX-RX distance of 
1800 m. The left panel shows Bellhop simulations for a flat surface and sandy bottom. 

The middle panel shows Bellhop simulations including waves and bubbles (v10 = 2 m/s). 
The right panel shows measurements for comparable conditions. 
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Fig. 2: Mean power delay profiles corresponding to the panels in Fig. 1. 
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Fig. 3: The left panel shows simulation results at several wind speeds (bottom depth 30 m, 
TX/RX at 15 m depth, TX-RX distance 600 m). The (relative) Doppler power density 

spectrum decreases with increasing wind speed, in agreement with experimental 
observations before and during a wind burst [3], reproduced in the right panel. 
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Fig. 3 shows that the simulations predict the right trend for the Doppler power density 
spectrum with increasing wind speed (the measurements [3] are for different conditions). 
It was shown in [1] that bubble extinction is the responsible mechanism for the wind-
speed dependence of the simulation results. The other active mechanisms are (upward) 
refraction due to the bubble void fraction and scattering by the rough sea surface. 

3. ASSESSMENT OF THE NARROWBAND APPROXIMATION 

The Bellhop computations in Figs. 1-3 were performed at a single frequency of 6 kHz, 
which is the centre frequency of the RACUN band of 4 kHz to 8 kHz. This was done 
using the eigenray arrival times and complex amplitudes computed by Bellhop. 
The computed impulse response h, as a function of time t and delay , for a given 
transmitter/receiver combination, is then: 
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where NDFT is the number of points in the discrete Fourier transform, B is bandwidth 
(B = 6 kHz, corresponding to a delay time step of 1/6 ms), f is frequency, NA is the number 
of eigenrays, Ak is the complex amplitude and k the arrival time (delay) of eigenray k. 
We assume here that the complex amplitude and arrival times are independent of 
frequency within the considered band, thus ignoring the frequency dependence of 
parameters such as sound attenuation and reflection coefficients at the interfaces. We call 
this the “narrowband approximation”. 

In the scenario represented in the left panel of Fig. 1, the only frequency dependence is 
due to absorption by the (sea) water. However, in the middle panel of Fig. 1, additional 
frequency dependence (of the phase change at the surface reflections) is introduced by the 
inclusion of waves and bubbles. To assess the validity of the narrowband approximation, 
the impulse responses were computed with another technique. Pressure fields (i.e. spectral 
levels of pressure) were computed with Bellhop for an array of frequencies within the 
band of interest, thereby capturing the frequency dependence. An inverse Fourier 
transform was then applied to these pressure fields to obtain the “broadband” channel IR: 
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where P(t,fl) is the (complex) pressure field at time t and frequency fl. 

Fig. 4 shows impulse responses (at t = 0 s) for these two cases, where the black lines 
are narrowband results, as time-stacked in Fig. 1, and the red lines are broadband results 
for the same cases. As the peaks of the black and red lines coincide for both cases, the 
narrowband approximation seems acceptable, at least for the considered range of 300 m. 
The exact amplitudes and positions of the peaks for both methods were compared and the 
maximum differences were of the order of a fraction of a decibel and less than 100 s, 
respectively. 
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Fig. 4: Impulse response for a transmitter (TX) and receiver (RX) at 15 m water depth, 

a bottom depth of 30 m and a TX-RX distance of 300 m. The top panel compares 
narrowband (black line) and broadband (red line) Bellhop simulations for a flat surface 

and bottom. The bottom panel does the same comparison, but now for Bellhop simulations 
including waves and bubbles (v10 = 8 m/s). 

4. BENCHMARK COMPARISON 

The channel simulations, as described above, have been performed using the public-
domain Bellhop ray-tracer using Gaussian beams [1][4]. The reasons for using Bellhop 
were the short computation time for a single frequency and the allowed range-dependence 
of the surface height [5] (next to bottom depth and sound-speed profile). Now that we 
know that the narrowband approximation is probably allowed in the RACUN band 
(4-8 kHz), we can safely benchmark Bellhop with other acoustic propagation models for 
the centre frequency (6 kHz). For this benchmark comparison, we have selected two 
standard cases (based on [2]), being a range-independent case with a summer sound-speed 
profile (SSP), including a surface duct (Fig. 5), and a range-dependent case with a uniform 
SSP (Fig. 7). There is no surface roughness or bubble layer included in the considered 
cases. There is also a case available that includes surface roughness [2], but there is no 
standard benchmark case available for range-dependent wave heights and a wind-
generated bubble cloud. 

Fig. 6 compares transmission loss (TL) predicted by Bellhop [4] with the predictions of 
six other models for the range-independent case. The other models are the normal-mode 
models Couple [6] and KrakenC [7], the wavenumber-integration models OASES [8] and 
Scooter [9], and the parabolic-equation (PE) models RAM [10] and PESSim. Except for 
the latter model, all these models are available in the Acoustic Toolbox of the Ocean 
Acoustic Library (http://oalib.hlsresearch.com). PESSim is the in-house PE model of 
FWG (internal report). What we see is that Bellhop stays close to the other models, 
especially for the ranges considered before (~2 km). At larger ranges (~6 km), Bellhop 
starts to deviate somewhat more from the other models, which seems to be related to the 
presence of the surface duct, but the differences are still small. 
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Fig. 5: Range-independent geometry with summer sound-speed profile (incl. duct [2]). 
Transmitter and receiver depths are 20 m. The attenuation in the water is put to zero, and 
in the bottom sediment to 0.5 dB per wavelength. The water density is taken 1 g/cm3 and 
the bottom density 2 g/cm3. For RAM, it was necessary to introduce an absorbing layer 

starting at 150 m, in which the attenuation increases linearly to a value of 10 dB/ .
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Fig. 6: Transmission loss with range for the geometry of Fig. 5 and an acoustic frequency 
of 6 kHz, computed using several acoustic propagation models. 
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In Fig. 8, Bellhop is compared with three of the other models of which the available 
versions also allow for range-dependent simulations: Couple, RAM and PESSim. We now 
see a similar trend as for the range-independent case, but the deviation of Bellhop with the 
other models at larger ranges seems to have increased somewhat. Detailed study of the TL 
curves for all ranges revealed that the deviation increases more after the bottom-slope 
change at 4 km. This effect has been observed and reported before by [11]. 

 

 

Fig. 7: Range-dependent geometry with uniform sound-speed profile. See the caption of 
Fig. 5 for the applied settings. 
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Fig. 8: Transmission loss with range for the geometry of Fig. 7 and an acoustic frequency 
of 6 kHz, computed using several acoustic propagation models. 
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5. CONCLUSION 

We conclude that the IRSIM simulation framework of [1] provides a suitable base for 
realistic model-based channel simulations. Next to waves and bubbles, also a more 
realistic bathymetry, sediment layering and (background) sound-speed profile can easily 
be implemented in this framework. 
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Abstract: In preparation for a large experimental effort called TREX13 a preliminary experiment
called GULFEX12 was conducted in April 2012 off Panama City, Florida. Reverberation and
clutter measurements were taken in very shallow water (≈20 m) over a 40 hour period. This work
describes results from that recent sea trial designed to characterize reverberation and clutter
in the 2500–5500 Hz band. The received data are taken from one aperture of the Five Octave
Research Array (FORA) namely, the triplet sub-aperture. The array was fixed 2 m off the sea
floor by mounting it to tripods using a clothesline, and data were passed by cable to a nearby
moored ship (the R/V Sharp). An ITC source transducer was located 3 m away from the array
center. The noise data show a surprising amount of time-dependent anisotropy. Five different
pulses comprised of gated CWs and LFMs were used in this study. Matched filtered polar plots
of the reverberation and clutter are presented using the FORA triplet beamformer to map out
anisotropy. Help from D.J. Tang, T. Hefner and K. Williams of the Applied Physics Laboratory at
the University of Washington was crucial to this effort. [Work supported by ONR code 322OA].

Keywords: reverberation, clutter, triplet array
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1. INTRODUCTION

In preparation for a large experimental effort called TREX13 a preliminary experiment called

GULFEX12 [1, 2] was conducted in April 2012 off Panama City, Florida. Reverberation and

clutter measurements were taken in very shallow water (≈20 m) over a 40 hour period. This work

describes results from that recent sea trial designed to characterize reverberation and clutter in the

2500-5500 Hz band. The received data are taken from one aperture of the Five Octave Research

Array (FORA) namely, the triplet sub-aperture. The array was fixed 2 m off the sea floor by

mounting it to tripods using a clothes line, and data were passed by cable to a nearby moored

ship (the R/V Sharp). An ITC2015 source transducer was located 3 m away from the array center.

Figure 1 shows the overall experiment site and Fig. 2 the equipment layout near R/V Sharp.

Fig. 1: Experiment area for GULFEX12 off Panama City, FL. Red dot indicates
actual source and receiver site.

2. SELECTED RESULTS

Figure 3 shows a side view of the source-receiver geometry for the FORA array. Figure 4

shows a recorded time series on a single hydrophone for a 0.8 ms CW centered at 3500 Hz.

Using the geometry from Fig. 3 the predicted bottom bounce is 0.57 ms after the direct and the

observed bottom bounce came in approximately at 0.8 ms. While for the first surface bounce both

the predicted and observed delays are 20 ms. Fig. 5 shows a polar plot of reverberation, clutter

and ambient noise from a 0.1 s LFM from 2500–3500 Hz using triplet beamforming [3, 4] to

resolve the left right ambiguity. Bathymetry contours are in m from the GEBCO database [5].

The symbols show the location of wrecks and other potential reflectors. Note the strong returns

in the southwest corner of the map from two of these objects. Fig 6 shows another polar plot of

reverberation, clutter and ambient noise from a 10 ms CW at 3500 Hz. In this plot the residual

spokes are ambient noise in the 3500 Hz band and clutter like returns are more pronounced than
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Fig. 2: Experiment layout (topview) for GULFEX12 using R/V Sharp.

the previous plot. Finally, Although not shown here, ambient noise is very anisotropic and highly

non-stationary and contains obvious biologic components.

3. SOME STATISTICAL RESULTS

Since the source level used was relatively low (203 dB) the reverberation was not expected to

be very non-Rayleigh and indeed that is what is found. Using methods developed by Abraham

[6, 7] Fig. 7 shows a classic computation of probability of false alarm vs threshold for the matched

filter envelope reverberation data on a broadside beam (green) versus a similar plot for a Rayleigh

distributed random variable (red) and that for a K-distributed random variable with shape and

scale parameters that best match the data using a method of moments technique (blue). Typically,

shape parameters less than 10 indicate a very non-Rayleigh (heavy tailed) distribution while shape

parameters larger than 20 are typically Rayleigh-like (normally distributed raw data). In this

example the best fit shape parameter was 21.8 indicating a nearly Rayleigh behavior for this ping

sample.

4. SUMMARY

This experiment was the first successful deployment of the FORA’s standalone triplet aperture

(also it was mounted on tripods), in a fixed-fixed experiment. The data show up to 5 s of rever-

beration is observed on the FORA when using LFM pulses. Furthermore, the triplet beamforming

shows good left/right rejection. Discrete clutter is seen using all four different pulses analyzed

even though the bathymetry away from the shoreline is benign and almost flat. Preliminary sta-
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Fig. 3: GULFEX12 side view of fixed source-fixed receiver geometry for FORA.
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Fig. 4: Time series for a wt1 pulse – a 0.8 ms CW at 3500 Hz. The direct arrival is
clipped and there is a low frequency impulse recovery time out to about 30 ms.
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Fig. 5: Polar plot of reverberation vs. location off Panama City, FL using a 0.1 s
LFM from 2500–3500 Hz (triplet beamforming). Bathymetry contours in m from

GEBCO database [5].

Fig. 6: Polar plot of reverberation vs. location off Panama City, FL using wt2, a
10 ms CW at 3500 Hz (triplet beamforming). Bathymetry contours in m from

GEBCO database [5].
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Fig. 7: Plot of beam time series statistics for a triplet broadside beam compared to
Rayleigh and K-distribution statistics, using a 0.1 s LFM from 2500–3500 Hz.

Data histogram results in green compared to Rayleigh distributed data in red and
a 2-parameter K-distributed fit to the data in blue.

tistical characterization shows that the matched filter envelope of beam reverberation plus clutter

is nearly Rayleigh-like. Finally, although not shown here, ambient noise is very anisotropic and

highly non-stationary and contains obvious biologic components.
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COMPARISON OF MODEL PREDICTIONS WITH REVERBERATION AND
CLUTTER DATA IN A RANGE-DEPENDENT SHALLOW WATER AREA
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Abstract: Reverberation and clutter measurements were made in April 2012 in the Gulf of Mexico
just off Panama City, Florida, USA, as part of the preparations for the Target and Reverberation
Experiment (TREX) which is to take place in April and May 2013. The receiver was the triplet
section of the Five Octave Research Array (FORA), deployed as a fixed receiver in 18 m of water.
Each element of the triplet section has three hydrophones which can be used to form broadside
cardioids, in addition to the usual linear beamforming of the elements of the full array. The beam
time series show a strong directional dependence to the ambient noise, with some beams domi-
nated by noise from nearby passing ships. Generally, the reverberation decays into the ambient
noise between 5 and 10 s, and a number of clutter objects are also visible. Model-data compar-
isons of the beam time series are made using the range-dependent DRDC Clutter model, which is
based on adiabatic normal modes. The model-data differences indicate that numerous scattering
features and clutter objects remain consistent ping to ping, and that a higher resolution than a
0.9 km grid for the bathymetry database is needed for modelling. It is conjectured that some of
the very short range scattering (ranges less than 1 km) is due to sand waves.
[Work supported by the US Office of Naval Research, Code 322 Ocean Acoustics]

Keywords: reverberation, clutter, ambient noise, range-dependent modelling, normal modes,
TREX Experiment, towed array, cardioid beam patterns.
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1. INTRODUCTION

Reverberation and clutter measurements were made in April 2012 in the Gulf of Mexico just

off Panama City, Florida, USA, as part of the preparations for the Target and Reverberation Ex-

periment (TREX) [1] to take place April–May 2013. The receiver was the triplet section of the

Five Octave Research Array FORA [2], deployed as a fixed receiver. Each element of the triplet

section has three hydrophones which can be used to form broadside cardioids, in addition to the

usual linear beamforming of the elements of the full array [3].

Here the beam time series from a few pings are examined. The beam time series show a strong

directional dependence to the ambient noise, with some beams dominated by noise from nearby

passing ships. Generally, the reverberation decays into the ambient noise between 5 and 10 s, and

a number of clutter objects are also visible.

Model predictions are made and compared with some of the measured beam time series. The

modelling was done using the range-dependent DRDC Clutter model [4, 5, 6], which is based on

adiabatic normal modes.

Section 2 describes the site and some of the experimental measurements. Section 3 describes

the model predictions, model-data comparison, and some of the difference plots. Section 4 sum-

marizes the results.

2. MEASUREMENTS

Figure 1 shows the bathymetry and some clutter objects at the experiment site. The source and

receiver were at 30◦ 03.59′ N 85◦ 40.86′ W in 18.3 m of water.
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Fig. 1: Bathymetry and clutter objects near the experiment. The contours (in m) are from the
GEBCO 08 gridded database, contoured using Matlab. The source/receiver location in 18.3 m of

water is indicated by the black star.

The receiver was the triplet section of FORA deployed horizontally in a fixed position, 2 m

above the bottom, with the forward endfire beam pointing 7◦ east of north. The triplet section of
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FORA has 78 elements at 0.2 m spacing, which implies a design frequency of 3750 Hz. For this

experiment, only a 48-element subsection was working. These 48 working elements were Hann-

weighted and used to form 157 beams, 79 equally spaced in the sine of the beam steering angle,

from forward to aft endfire on each side. The triplets in each element were used to form broadside

cardioids on the appropriate side, except at aft endfire where only the right-looking cardioid was

used.

The source was an ITC 2015 transducer, operating at 199 dB (re 1μPa at 1 m). It has an

omnidirectional beam pattern, and was deployed 1 m off the bottom 3 m west of the mid-point of

the FORA array. Generally, pulses were sent every 30 s; for each pulse 25 s of data were recorded

with 1 s of background noise before the pulse. The main pulses sent were wt1 (0.8 ms CW at

3500 Hz), wt2 (10 ms CW at 3500 Hz), and wt4 (100 ms LFM from 2500–3500 Hz). Due to

its short duration, pulse wt1 has very little energy, and being broadband is spatially-aliased on

FORA; wt4 has enough energy that the reverberation is above the background noise for 5–10 s.

CRUISE NAME : GULF12              

CENTER FREQ. : 3000.0

EVENT: mtrk0wt4111132429

ARRAY HEADING :   8.1

DATE/TIME COLLECTED :    DATE/TIME COLLECTED :    

2012 111 13:24:10.**
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Fig. 2: Polar plot of reverberation beam data from GulfEx12 for pulse wt4 (0.1 s LFM
2500–3500 Hz). The colour scale is in dB, with red being the highest signal.

The received hydrophone data were sampled at 12500 Hz, beamformed, and match filtered

using Preston’s reverberation processing system [7, 8, 9]. Figure 2 shows a polar plot of 24 s of

the beam time series from the matched filter output on Day 111 (April 20) at time 13:24Z for

pulse wt4. Time is mapped into range and the beam angle into azimuth, and a colour plot of the

beam time series is overlaid on the map of the location. The colour scale is the signal level in dB

re 1μPa over the full matched-filter bandwidth. The reverberation drops into the ambient noise

after about 5 s. The noise radials are most likely due to individual ships not too far away. There is

strong noise from aft endfire (toward the south) and increased noise between west and northwest,

possibly the mother ship R/V SHARP.

The ambient noise was sampled from the beam time series just before the pulse transmission.

The solid lines in Fig. 3 display the matched-filter beam noise as a function of beam number for

several pulses. We see that the overall level of the beam noise includes the full bandwidth of the

matched filter. Except for some peaks, the shape-vs-bearing for all cases is similar, although the

levels differ. The strong peaks are generally associated with nearby passing ships. The beam plot

for time 14:04Z shows peaks for beams 25, 40, 67, 91, and 133. Since they do not occur on the

other times, peaks at 133 and 67 are likely ships, with the peaks at 25 and 91 leaking through from

incomplete left-right ambiguity rejection. However, the peak around beam 40 (right broadside) is
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present in all four analyzed pulses, so this flagged a potential array problem; e.g., simultaneous

noise on all hydrophone channels would appear on the broadside beams 40 and 118. Indeed,

further analysis indicated 60-Hz harmonics that need further investigation. However, other than

increasing noise on the broadside beam, it does not seem to degrade the other data.
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Comparison of beam noise from matched filter files
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Fig. 3: Comparison of beam noise from matched filter files; wt1 is 0.8 ms CW, wt2 is 10 ms CW,
wt4 is 100 ms LFM. Beam 1 is forward endfire (right cardioid); beam 40 is right-broadside (to

the east), beam 79 is aft endfire, beam 118 is left-broadside, and beam 157 is forward endfire (left
cardioid). The 4-digit numbers correspond to the times of transmission. The dashed lines

indicate the power average of the beam levels.

The dashed horizontal lines in the figure show average beam levels – the power average of the

matched filter output of the beams. From that, a rough estimate of the omnidirectional noise (in

dB/Hz) can be obtained [10]. The analysis indicates omnidirectional noise on the order of 60 dB,

similar to what a spectrogram of a couple of hydrophone channels indicated at 3500 Hz, but about

5 dB higher than measurements reported by Tang and Hefner [1].

3. MODEL PREDICTIONS

Model predictions were made using the DRDC Clutter Model [5, 6]. It calculates reverberation

and target echo in a range-dependent environment. It is an extension of Ellis’ shallow water

reverberation model [4, 11], which uses normal modes for propagation and ray-mode analogies

for scattering. Here the range dependence over the area is handled by adiabatic modes and the

towed array beam patterns of the receiver are incorporated.

Predictions of reverberation and target echo were made in 2012 [12] before the measurements

were available. They used isovelocity water of depth 20 m, over a flat, uniform, sandy bottom;

the effect of cardioid beam patterns on reverberation and target echo was illustrated. A range-

dependent calculation used bathymetry from the GEBCO 08 database [13]; the effect of target

depth on the echo was illustrated.

Here the model predictions are compared with beam time series for one of the pings. The

modelling is similar to the 2012 results, except that only a 48-element section of the 78-element

array was working. Also, the transmitted pulses were quite broadband, so the matched filter beam

noise is higher than previously estimated.

The key model inputs for the calculation here are:

– Water: isovelocity, 1530 m/s;

– Bottom halfspace [14]: speed 1680 m/s, relative density 2.08, attenuation 0.5 dB/m-kHz;
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Fig. 4: Upper: Model with measured beam noise; note that the effect of shoreline is masked; the
15 dB target still shows up through noise 12.7 km to the SE. Lower: Close-up of model-data

differences for 10 ms CW pulse at 3500 Hz processed in 650 Hz band; for this pulse the data only
extended to about 7.5 s. In both cases the black circle marks 5 s; known bottom features as

potential clutter objects are shown with diamonds.

– Bottom scattering: Lambert coefficient −27 dB [the data suggest −29 dB];

– Bathymetry: GEBCO 08 (50 by 56 points on half-minute grid ∼0.9 km spacing);

– Source: energy source level ESL = 189 dB at 3 kHz; e.g. LFM with SL = 199 dB for 0.1 s;

– Receiver: FORA with 48 elements at 0.2 m spacing; 157 beams with left-right cardioids;

– One 15 dB target at mid depth, 12.7 km to the SE.

The GEBCO bathymetry was modified so the minimum water depth was 0.9 m, leaving at

least one propagating mode at 3 kHz. Reverberation was calculated on all 157 beams every 0.1 s

out to 25 s. Calculation time was about 3 minutes on a 2 GHz laptop. For model-data comparisons
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the ambient noise was used on each beam.

Figure 4 (upper plot) shows model predictions for pulse wt2 using the measured ambient noise

background on each beam. The lower plot shows a close-up of the model-data differences. The

model calculation was run using a Lambert coefficient of −27 dB, but the results were adjusted by

2 dB for the model-data difference plot to give an average difference around 0 dB; this gives us an

estimate of −29 dB for the Lambert coefficient near the array. Towards the shore, the model badly

underestimates the data. The GEBCO bathymetry clearly doesn’t have enough resolution, and the

adiabatic approximation is likely inadequate for the 1-m depth changes between grid points of

depths of only a few meters. There could be scattering effects as well.

Additional short-range model-data comparisons (at 0.02 s time resolution) were made with the

wt4 pulse and flat bathymetry; Fig. 5 shows model-data differences for four of these pulses. The

strong lines from the noisy ship traffic are quite variable, and imperfectly subtracted (especially

the lower-left panel where a nearby vessel changed bearing over the recording interval). However,

many clutter objects are consistent from ping to ping.

There is some indication that very near the array (first 2 or 3 s of data) the reverberation may

be correlated with bathymetry and sand waves, or dunes; see Fig. 6 where the sand dune peaks

are about 0.5 km apart. Sand dunes, and their migration, are known in this area [15], so the

correlation with backscatter merits further investigation. Indeed, one might then try to make a

scattering map similar to the rapid environmental assessment approach of Preston and Ellis for

longer-range reverberation [8].
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Fig. 5: Plots of model-data differences for 4 pulses; model uses flat bathymetry. Note how the
clutter objects are consistent ping to ping. There is some indication that very near the receiver

the reverberation may be correlated with the bathymetry and sand dunes.
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Fig. 6: Multibeam survey showing sand waves with peak-to-peak height 1–2 m.
(Bathymetry data courtesy of C. de Moustier and B. J. Kraft, HLS Research, Inc.)

4. SUMMARY

Reverberation data were obtained on a fixed horizontal array in the Gulf of Mexico in April

2012, in preparation for the TREX experiment in 2013. The ambient noise on the beam time

series show strong directional dependence, with high noise to the west and northwest, and often

loud noise on some beams due to ships passing nearby. With the low source level and wide

bandwidth pulses, the reverberation from the matched filter beam output quickly drops into the

ambient noise background. Model-data comparisons of the beam time series are made using the

range-dependent DRDC Clutter model, which is based on adiabatic normal modes. The model-

data differences indicate that numerous scattering features and clutter objects remain consistent

ping to ping, and that a higher resolution than a 0.9 km grid for the bathymetry database is needed

for modelling. It is conjectured that some of the very short range scattering (ranges less than

1 km) is due to sand dunes. It is hoped that these results will be useful for refining the TREX13

experiments.
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Abstract: A previous ray model, REV3D, for computation of propagation loss, 
propagation time series, and reverberation in shallow-water environments with 3-D 
variation is expanded. In its original version, incoherent summation of ray contributions 
is used. For applications to underwater acoustic communications, a version with dynamic 
ray tracing, coherent ray summation, and Doppler effects, has recently been developed. 
This version is now extended to (bistatic) target returns in the context of active sonar. 
Corresponding element-level bottom as well as surface reverberation time traces are 
computed in a fast way by a simple extension of the incoherent computations of 
reverberation energy. The contribution from each bottom or surface area patch is thereby 
considered separately, with a random phase for its sinusoidal time segment, 
approximately allowing for a Rayleigh distribution of the local reverberation envelope. In 
the case of source or receiver movements, Doppler factors for each patch contribution are 
obtained by averaging over the corresponding ray arrivals. Patch contributions to nearby 
hydrophones are obtained by time shifts, also determined by averaging. Improved 
approximations are obtained by splitting the patch rays into groups according to 
traveltime or number of interface reflections, for example. Initial 3-D tests for a circular 
basin exhibit the anticipated Doppler shifts for reverberation beam-formed in different 
azimuths. The idea is to use this model to produce sound fields for evaluation of active 
sonar signal processing algorithms.  

Keywords: Ray modelling, Doppler effects, reverberation 
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1. INTRODUCTION AND SUMMARY

With increased interest in active sonar, ray modelling remains an important tool for 
sonar performance prediction where computational speed is often important [1]. In the 
present paper, a previous ray model, REV3D, is extended to include computation of 
element-level time series for target returns and reverberation.  

As implied by its name, REV3D is a 3-D code. In its original version MOC3D [2],[3], 
incoherent summation of ray contributions was used for computation of propagation loss, 
propagation time series, and reverberation in shallow-water environments. For 
applications to underwater acoustic communications, a version with dynamic ray tracing, 
coherent ray summation, and inclusion of Doppler effects has recently been developed 
[4],[5].  

Motivated by needs to be able to generate synthetic sound fields for evaluation of 
active sonar signal processing algorithms, this development is continued in the present 
paper. Particular emphasis is given to approximate but fast computation of bottom (and 
surface) reverberation time series at individual hydrophones of an array. The response 
from a particular bottom patch and ray group is assumed to be coherent across the array, 
whereas contributions from different bottom patches or ray groups are assumed to be 
uncorrelated at each hydrophone. This is modelled by randomized phase shifts.  

After some basic features of the REV3D model in Sec. 2, the computation of the 
response from a point target is described in Sec. 3. Doppler corrections are described for 
the case of linear motion with constant velocity vectors. More general motion can be 
approximated by linear segments for each of which the velocity vector is constant. For 
adjacent segments, two extended time series can easily be computed, which can be 
linearly interpolated over the overlapping part in time. Computation of bottom 
reverberation time traces is discussed in Sec. 4, with the incoherent treatment in [2] as a 
starting point. A somewhat artificial 3-D example with Doppler effects is included in Sec. 
5.  

2. BASIC MODEL FEATURES  

A left-hand Cartesian xyz coordinate system is introduced with horizontal coordinates 
x,y and depth z. The sound speed in the water is represented by range-independent profiles 
within horizontal x,y rectangles. In each rectangle, the variation of the sound speed c with 
depth z is assumed to be of the ''piecewise 1/c2 linear'' type. Hence, each ray is built up as 
a sequence of parabolic arcs. Bottom depths are given explicitly at the grid points for the 
horizontal rectangles, and bilinear interpolation is used in between. It follows that the 
intersections of a ray with the bottom can be calculated by solving second-degree 
algebraic equations.  

Complex plane-wave reflection coefficients are computed for the interaction with the 
bottom. These reflection coefficients are computed for a bottom structure with plane fluid 
or solid layers locally following the bottom slope at the particular reflection point. Hence, 
the reflection coefficients become functions of frequency as well as incidence angle. No 
ray tracing is performed through the bottom.  

The source at xs = (xs, ys, zs) is assumed to be a three-dimensional point source, and 
geometrical spreading takes place in the azimuthal dimension as well. The 2-D basics for 
the kinematic and dynamic ray-tracing is described in [4],[5], for the particular sound-
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speed and bottom profiles used. More general ray-tracing formulas can be found in [6], for 
example.  

Bottom and surface reverberation are treated separately, initially based on computation 
of average intensities at interface patches. These patches or area elements are formed from 
a polar grid centred at the receiver. Separable back-scattering kernels [7] are assumed, 
such as Lambert's rule for the bottom and the Chapman-Harris relations for the surface. 
The patch-wise assembling of the reverberation energy can be split into separate handling 
of transmit and receive paths. A simple way to obtain pressure time traces for 
reverberation is proposed in Sec. 4.  

3. PULSE RESPONSE FROM A POINT TARGET  

Consider a target point xt = (xt, yt, zt) and a receiver point xr = (xr, yr, zr) at which the 
response is desired. As described in [4], rays are shot from the source at xs = (xs, ys, zs), 
each ray occupying a small initial ray-tube area on the unit sphere centred at the source.  

Let (x) and c(x) denote the density and the sound speed at position x = (x, y, z), 
respectively. Within the ray approximation, ignoring absorption and reflection losses for 
the moment, the acoustic power of a ray is kept in its ray tube at propagation, which 
determines the change of intensity due to geometrical spreading. Since acoustic intensity 
is equal to squared pressure divided by the local characteristic impedance [8], it follows 
that it is convenient to work with the scaled time trace P(x,t) as defined by  

 
P(x,t) =  [ (x) c(x)] 1/2 p(x,t)           (1) 
 

where p(x,t) is the pressure at position x and time t. With source pulse ps(t) and Ps(t) =  
[ (xs) c(xs)] 1/2 ps(t), such that  

 
P(x,t)  ~  |x  xs| 1 Ps(t)            (2) 
 

for x close to xs, it follows that  
 
P(xr,t)  =  TS  u v  [Rv(xr,xt) Ru(xt,xs)] 1 Ps(t  tT,u   tR,v) .       (3) 
 

Here, the sums on u and v are for the transmit (Tx, from xs to xt) and receive (Rx, from xt 
to xr) ray paths, respectively, and the corresponding traveltimes are denoted tT,u and tR,v.  
For a ray starting in a certain direction from x, the corresponding ray-tube area at a point y 
along the ray is proportional to [R(y,x)]2, where the positive function R(y,x) is defined 
such that R(y,x) ~ |y  x| for y close to x. In Eq. (3), the different Tx and Rx ray directions 
are indexed by u and v, respectively. The strength of the point target at xt is given by the 
factor TS.  

Complex reflection coefficients at the bottom (and the surface) are computed for a 
centre frequency of the pulse. They are included in Eq. (3) in the obvious way. In 
particular, Ps(t) as well as its Hilbert transform Ps~(t) are involved [4, Eq. (32)]. For 
monostatic applications, for example, it is useful to note that [9, p. 120].  

 
R(xr,xt) = R(xt,xr) c(xr)/ c(xt) .          (4) 
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3.1. Doppler effects 

For times t close to reference times ts0, tt0, and tr0, the source, target, and receiver are 
assumed to move with constant velocity vectors vs, vt, and vr, respectively. This can be 
formalized as  

 
xs(t)  =  xs0 + (t  ts0) vs           (5) 
xt(t)  =  xt0 + (t  tt0) vt           (6) 
xr(t)  =  xr0 + (t  tr0) vr           (7) 
 

with obvious definitions of the positions xs0, xt0, and xr0.  
Consider a particular Tx ray from xs0 to xt0, with corresponding unit direction vectors es 

and ets, respectively, and traveltime tT. An Rx ray from xt0 to xr0 is also selected, with 
corresponding unit direction vectors ert and er, respectively, and traveltime tR. It follows 
that an instantaneous wave element, emitted at time ts from xs(ts), reaches the target and 
the receiver approximately at times tt and tr, respectively, given by  

 
[ r (tr tr0) (tt0 tr0 + tR) ] / rt  =  tt tt0  =  [ s (ts ts0) + (ts0 tt0 + tT) ] / ts .     (8) 
 

Doppler factors are here introduced according to s = 1  vs es/c(xs0), ts = 1  vt ets/c(xt0), 
rt = 1  vt ert/c(xt0), and r = 1  vr er/c(xr0). Applying locally plane wavefront 

approximations [9, Eq. (4.42)] the verification is straight forward.  
Apparently, tr is obtained from Eq. (8) as a linear function of ts, and vice versa. 

Understanding that particular rays are concerned, these functions are denoted simply as 
tr(ts) and ts(tr), respectively. In Eq. (3), for the particular u and v, Ps(t  tT,u   tR,v ) in the 
right-hand side is to be replaced with Ps(ts(t)). Although probably not important at small 
speeds, the amplitudes are also affected by the source motion [10, Sec. 11.2]  

4. TIME TRACES FOR REVERBERATION 

Attention is now given to bottom reverberation, but surface reverberation is handled 
analogously. The bottom reverberation time trace for intensity is built up by contributions 
from each bottom interface patch. Focusing on a particular patch with area dA, its 
contribution (t) for a Dirac intensity pulse (t), at the reference distance 1 m from the 
source, can be written  

 
(t) = u v  Tu Rv (t  tT,u   tR,v) .         (9) 

 
As in Eq. (3), the sums on u and v are for the Tx (from source to patch) and Rx (from 
patch to receiver) ray paths, respectively, and the corresponding traveltimes are denoted 
tT,u and tR,v. For bottom scattering according to Lambert's rule with constant  [7], Tu is the 
average intensity over the patch contributed by ray u multiplied by (  dA)1/2 sin( ), where 
 is the grazing angle at the bottom patch. Rv is defined analogously, and it follows by 

reciprocity that the product Tu Rv in Eq. (9) takes care of propagation loss as well as 
Lambert's rule scattering in the appropriate way.  
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A drawback with Eq. (9) is that, for each of the patches, data for all rays reaching the 
patch must be stored and that the double summation for each patch requires a lot of 
computer time. Various approximations are discussed in [2], for example  

 
(t) = H ( tw/2,+ tw/2)(t t0) ,        (10) 

 
where  is the characteristic function (a box function) of the indicated interval, and t0,tw 
and H are determined to fulfil the moment conditions  (t) dt =  (t) dt,  t (t) dt =  t 

(t) dt, and  t2 (t) dt =  t2 (t) dt. The explicit expressions for t0,tw and H [2, Eqs. (4)-
(6)] involve sums that can be updated successively, for each patch, as the ray-tracing 
proceeds. Specifically, the needed quantities are u Tu, u Tu tT,u, u Tu tT,u2, and v Rv, v 
Rv tR,v, v Rv tR,v2. The sum of weighted averages ( u Tu tT,u / u Tu) + ( v Rv tR,v / v Rv), 
for example, provides t0.  

As proposed in [2], improved approximations can be obtained by splitting the rays for 
each particular patch into groups, according to traveltime or number of interface 
reflections, for example. Specifically, the Tx and Rx rays for a particular patch are divided 
into mT groups I1,I2,..,ImT and mR groups J1,J2,..,JmR, respectively, and  

 
ij(t) = u  Ii v  Jj  Tu Rv (t  tT,u   tR,v) .       (11) 

 
are formed for i=1,..,mT, j=1,..,mR. In analogy to Eq. (10), each ij(t) is approximated by a 
box function ij (t), with its (t0)ij, (tw)ij and Hij. An improved approximation of (t) is 
formed as i=1,..,mT j=1,..,mR ij (t). In effect, (t) is approximated by a sum of mTmR box 
functions in this way, and peaks caused by different path types can be resolved.  

For a source intensity pulse s(t) at the reference distance 1 m, ij (t) is simply 
convolved with s(t), symbolically ij s(t). For a very short pulse s(t), some slight 
dilatation of the response function can be useful to avoid an artificial time gap between 
contributions from nearby patches. A simple way to obtain a pressure time trace pij(t), with 
corresponding Pij(t) as in Eq. (1), is to assign a sine wave according to  

 
Pij(t)  =  [2 ij s(t)]1/2 sin{ [t  (t0)ij]  ij} ,      (12) 
 

where  is the appropriate frequency, and the ij are randomly selected and uncorrelated 
phase shifts. When the total time trace P(t) is formed, by summing all Pij(t) for all patches, 
the phase shifts ij for different patches are also uncorrelated, but correlated phase shifts 
for adjacent patches could be considered as an alternative. With a large number of 
overlapping contributions of this kind, an approximate Rayleigh distribution of the 
instantaneous reverberation amplitude is anticipated [11]. 

4.1. Doppler effects 

With ts = rt = 1, for a nonmoving bottom patch target, Eq. (8) simplifies to  
 

r (tr tr0) + (tr0  tR)  =  s (ts ts0) + (ts0 + tT) .      (13) 
 

Weighted averages ( s)i = u  Ii Tu s(u) / u  Ii Tu and ( r)j = v  Jj Rv r(v) / v  Jj Rv are 
formed to treat the rays in an ij group for the particular patch as in Eq. (11) together, and a 
corresponding version of Eq. (13) is considered:  
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( r)j (tr tr0) + (tr0 ts0  (t0)ij)  =  ( s)i (ts ts0) .      (14) 
 

Apparently, ts is obtained as a linear function of tr, denoted (ts)ij(tr), including indices ij for 
the particular ray group of the patch. By Eq. (12), the Doppler shifted Pij(t) becomes  

 
Pij(t)  =  { 2 ij s [(t0)ij +(ts)ij(t)] }1/2 sin{ [(ts)ij(t)]  ij} .      (15) 
 

4.2. Reverberation at nearby receiver positions 

An important motivation for this work is to produce synthetic time traces that can be 
used to test array signal processing algorithms. Hence, element-level time series are 
needed at nearby positions in an array. Some phase correlations should persist over the 
array, and it does not seem wise to select the ij in Eq. (12) independently for all receiver 
positions. The choice is made to produce time series for close receivers from time shifts. 
To do this, for each particular bottom patch, the gradient xr tR of the Rx traveltime tR 
with respect to xr is updated as weighted averages ( xr tR )j over the Rx rays in ij groups 
for the patch as in Eq. (11), in the same way as ( r)j is computed in Sec. 4.1. A change xr 
of xr implies a change (t0)ij = ( xr tR )j  xr of (t0)ij, that can be applied for Eqs. (14)-
(15). Phase coherence of the contribution from each Tx-Rx ray group ij for each patch is 
thus kept over the array, but the phases of the contributions from different ray groups and 
patches are still uncorrelated.  

5. EXAMPLE 

An artificial example is now considered. The geometry is similar to the one used in [2], 
with a circular basin of radius 500 m, where the water depth decreases from 200 m at the 
centre, as illustrated in the left panel of Fig. 1. The water is homogeneous with sound 
velocity 1500 m/s, and the bottom is hard with very strong reflections. Some ray paths, 
starting to the east from a source 250 m north of the basin centre at depth 30 m, are shown 
in the right panel. The rays start in different inclination angles, and they tend to circle 
around the basin in a clockwise fashion because of horizontal refraction [12] at the bottom 
reflections.  

For computation of synthetic time traces, the source is now assumed to emit a 3 kHz 
pulse with duration 10 ms in a narrow beam with lobe widths 5o vertically and 3o 
horizontally. The beam is centred horizontally to the east, in accordance with the ray 
traces in the right panel of Fig. 1. Traveltime/azimuth energy contours for a receiver at the 
source are shown in Fig. 2. The left panel concerns propagation, and the arrivals at about 
1.8 s, 3.5 s, and 5.2 s are mainly produced by rays which have circled one, two, and three 
times around the basin, respectively. As expected, the corresponding azimuths vary around 
0o. Geometrical spreading and reflection losses cause decreased amplitudes. The 
difference between the weakest (black) and strongest (dark violet) contour levels is about 
18 dB, with six levels (grey, brown, red, yellow, green, light blue) in between.  

 

1st International Conference and Exhibition on Underwater Acoustics

478



 

 
 

Fig. 1: The left panel shows water depth in a 1000 m × 1000 m square. The contours 
are circles for bottom depth 0.02 m (outer circle), 30 m, 60 m, ..., 180 m. The water depth 
at the centre of the basin is 200 m. The right panel shows ray paths in the basin. All rays 
start to the east (right in the figure), but with different inclinations to the horizontal, from 

a source point 250 m north of the centre of the basin (the star in the left panel). 
 
The bottom reverberation in the right panel of Fig. 2 exhibits more varying azimuths. 

The strongest arrivals propagate westwards (azimuths around 180o, corresponding to 
energy that is scattered back towards the receiver from the bottom of the basin. Referring 
to Sec. 4, the results are obtained with ray groups for each patch such that mT = mR = 10 
according to traveltime within the intervals (0.0,0.5), (0.5,1.0), …, (4.5, ) s. The direction 
azimuths are determined from the gradients ( xr tR )j introduced in Sec. 4.2.  

 

 
 

Fig. 2: Single-sensor traveltime/azimuth energy contours for propagation (left panel) 
and bottom reverberation (right panel). The azimuth, in degrees, indicates direction of 

propagation, with zero for east and increasing azimuths in the counter-clockwise 
direction. The difference between the weakest (black) and strongest (dark violet) contour 

levels is about 18 dB for each panel.  
 
Beam-forming for a towed receiver array, with 100 elements uniformly distributed over 

its length 10 m, is considered next. The source, together with the array, moves eastwards 
at a speed of 10 m/s. Fig. 3 shows bottom reverberation spectra for beams steered 
eastwards and southwards, with Gaussian weights to reduce side lobes. The relevant 
azimuths in Fig. 2, for propagation direction, are apparently 180o and 90o, respectively. 
There are 45 spectra in a waterfall plot in each panel of Fig. 3. The i:th spectrum from the 
bottom concerns the time interval [0.3+(i 1)/10, 0.3+(i+1)/10] s from the emission of the 
ping. As expected from Fig. 2, the first (lowest) few spectra in each panel are weak, with a 
subsequent rise, particularly for the beam steered to the east. Comparing to the source 
frequency 3 kHz, Doppler shifts of 40 Hz and 20 Hz can be noted in the left panel and in 
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the right panel (except for a few weak traces at the beginning, cf. the right panel of Fig. 2), 
respectively. This is also expected, since the source motion produces a shift of 20 Hz for 
each panel, and the array motion provides another 20 Hz for the beam steered to the east.  

 

 
 

Fig. 3: Waterfall plots with bottom reverberation spectra obtained by beam-forming. 
The beam is steered eastwards and southwards in the left and right panels, respectively. 

There are 10 dB between tick marks on the vertical axes, and each subsequent spectrum is 
raised by 6 dB for visibility.  
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Abstract: Long term time series measurements of underwater ambient noise from a variety 
of data sources, containing both omnidirectional and beam noise, have been analyzed to 
yield various moment and order statistics, two-point temporal statistics, and temporal 
fluctuation statistics.  In addition, first- and second-order Markov process models are 
used to forecast omnidirectional noise level into the near future.  The results are applied 
to various questions related to underwater measurement planning and tactical decisions, 
as related to passive sonar detection.
     One important observation from the data, for example, is that typical histograms of 
noise level (meaning in dB) are close to normal (Gaussian) with standard deviations 
generally from 3 to 8 dB.  In such cases the mean noise level is close to the median, and 
characteristic noise properties can be databased by selecting only two statistics: mean 
level and standard deviation. 
     The governing equations for the first- and second-order Markov processes are used to 
generate numerical time series simulations for first- and second-order processes. These in 
turn are used to compute temporal fluctuation properties and a forecasting error analysis.  
The results demonstrate that, for a first-order process and for the limited form of a 
second-order process considered here, the statistic of primary interest is the temporal 
coherence time. Algorithms for optimal forecasting are derived also from the recursive 
forms of the solutions. Resulting forecasting algorithms can lead to reduced error at lead 
times comparable to the coherence time or shorter.

Keywords: Ambient Noise, Statistics, Fluctuations 
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BACKGROUND

     Several sets of long term ambient noise data, both omnidirectional and beam noise, 
measured from fixed sensors and from towed sensor arrays, were examined in order to 
identify stable and meaningful statistical parameters for data basing purposes.  Two 
representative examples of omnidirectional ambient noise, each lasting about one month, 
are shown in Figures 1 and 2, one in the Gulf of Mexico at 100 Hz and the other in the 
Pacific Ocean near California at 50 Hz.  Both figures depict one-third-octave band 
spectrum levels.  The second figure also shows a histogram of the data, oriented on its 
side, in contrast to the customary way histograms are presented, in order to align more 
informatively with the time series.    

Fig. 1:  One-third-octave-band omnidirectional ambient noise at 100 Hz in Gulf of Mexico 

Fig. 2: One-third-octave-band omnidirectional ambient noise at 50 Hz near Pt. Sur, 
California. 
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MOMENT AND ORDER STATISTICS 

     The first question one might ask when given a stream of data is what handful of 
statistics should be computed and archived for later use?  Expressed differently, “Given a 
histogram of Noise Spectrum Level, what is a useful central measure?” or, “Is it 
acceptable to average in dBs?” 
     Certainly some form of a central measure and spread of the data are basic quantities of 
interest.  Closely related is the question of what probability density function can represent 
the data histogram.  However, as basic as these questions are, there is no standard answer, 
and often there is disagreement.    
     One viewpoint, based on the analysis of several sets of ambient noise data, is that the 
most reasonable central measure is the average noise level, computed in dB.  This runs 
counter to a general belief held by many researchers that averaging should be done only in 
intensity space.  
 

 
Fig. 3:  Noise level histogram with three central measures, skewness is 1.25. 

 
     Three commonly used central measures are shown here: average level (meaning 
computed in dB), median level, and the level corresponding to the average intensity.  The 
third measure, based on intensity averaging, does not appear to be as useful as a central 
measure as does the average computed in dB.  For many applications it suffices to view 
noise level as Gaussian, which, to a rather coarse approximation, is consistent with the 
single-humped histogram in Figure 3, as long as one is willing to overlook the high noise-
level tail in the figure.  For a Gaussian distribution, the average and the median are the 
same.  Their actual values, for the data in the figure, are close, though not identical, with 
the average pulled slightly to the right by the high-level tails.  For a Gaussian distribution, 
the shift between the average level and the level corresponding to the average intensity is 
given by  
 
    Shift in dB   =   (ln10/20) 2 ,                                                     (1) 
 
where  is the standard deviation, computed in dB.   
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     Because the data series being analyzed is noise level, its units are dB.  As a result, the 
standard deviation also is expressed in units of dB, and the variance, when used later, is 
expressed in the somewhat unusual units of dB2.  No special mathematical operation is to 
be implied here; it is simply a result of working with the data in dB.   
     If the high-level tails are important for an application, then one needs to use a 
probability model that is more flexible than the Gaussian model.  One example of such a 
model is the Gamma distribution, applied to noise levels.  Figure 4 shows a histogram of 
beam noise levels and fitted curves based on Gaussian and Gamma distributions.  
Computation of the Gaussian curve is based on the measured average and standard 
deviation, normalized to preserve the area, and computation of the Gamma curve was 
based on the measured skewness also. 

 

 
  Fig. 4:   Beam noise data, fitted by Gaussian and Gamma distributions. 

    
A general form of the Gamma Distribution for variable x is written 
 
     g(x; min, p, ) = {[(x - min)/ ]p-1 /  (p)} exp{-(x-min)/ };     (2a) 

 
     min  x < ;  0 < p < ; 0 <  < .                                                                   (2b)        

 
This form of the distribution has three parameters: p,  and min. 
     If one has computed estimates of the mean , standard deviation and skewness s of a 
set of measurements, then the Gamma Distribution parameters p,  and min may be 
determined from the following relations: 
 
     p = 4/s2;      = s/2;    min =   – 2 /s.                                                                      (3) 

 
This approach has produced close fits to noise data, as illustrated here, but also has 
limitations. For example, the skewness must fall in the range 0  s < 2, which it does, for 
most of the data observed.   Not all fits with the Gamma Distribution were as close as that 
in Figure 4.  
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TEMPORAL PROPERTIES: COHERENCE TIME AND FLUCTUATION 
SPECTRUM

     The data analysis looked also at the temporal character of noise.  The quad chart in 
Figure 5 shows the stages of this analysis:  upper left – the noise time series, upper right – 
the temporal coherence or normalized auto-correlation function of the noise fluctuation 
about the mean, lower left – the fluctuation power spectral density, lower right  – the 
logarithmic power spectrum.    
     The black curve in the upper right panel of Figure 5 is the temporal coherence function 
computed from the time series.  The estimated coherence time of this time series, defined 
as that time where the black curve crosses the 1/e value indicated by the green line, is 1.75 
hours.  The red curve is the theoretical temporal coherence function, which is explained 
later.    

      Fig. 5: Temporal dynamics of omnidirectional noise, comparison to first-order 
process.
 
     The black curve in the lower left panel is the computed power spectral density, , 
presented on a log-log scale, and the red curve is the corresponding theoretical result.  The 
symbol  used here represents the two-sided power spectral density defined from -  to 
+ . 
     In some applications it is more informative to show the fluctuation power in 
proportional frequency bins.  This can be achieved by forming the logarithmic power 
spectrum,  
 

1st International Conference and Exhibition on Underwater Acoustics

485



 

     )(2)( fff  ,                                  (4) 
 
defined for positive f, and represented by the bar graph in the lower right panel, plotted on 
a logarithmic scale of period, rather than frequency.  The choice to plot against time 
period rather than frequency is a deliberate one, done in order to express the results in a 
way thought to be more meaningful to the user. 
     Each plotted bar gives the contribution to the variance about the mean in a tenth-decade 
bin, centered at the indicated period; the sum of the bars is the total variance, which for 
these data is 22.38 dB2.    The red curve is the corresponding theoretical curve.  Its peak 
occurs at a period related to coherence time c by Tmax =   2 c.  We see from this panel 
that most of the variability, when viewed in proportional bands, occurs at periods 
bracketed by roughly about 2 to 20 hours.   
 
FIRST- AND SECOND-ORDER MARKOV PROPERTIES 

     The observed random noise fluctuations about the mean show some properties that are 
similar to those of first- and in some cases second-order Markov processes.   A continuous 
first-order Markov process x is defined in Gelb [1],  p.42, through the equation  
 

     ),(twx
dt
dx              (5) 

 
where x is the noise level, minus the mean level, and w(t) is a random process with 0 mean 
and variance w2.  
     Solutions of Eq. (5) can be recast into a recursive form as  
 
     )()( txetxp ,                                                                    (6) 
 
which can then be used to predict, or forecast, the noise at time t + ,  based on its 
observed value at time t.  The expression  
 

     
te                                         (7) 

 
is the theoretical coherence function for a first-order process, which is used to compute the 
red line theoretical result in the upper right panel of Figure 5, using the inverse of the 
measured coherence time 1/ c   as the value of .    
     One finds also the following theoretical expressions for the power spectral density 
 

     22

2

)2(
2)(

f
f ,                                                                                        (8) 

 
and for the logarithmic power spectrum  
 

     22

2

)2(
4

f
f

 ,                                                     (9)  
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both of which were used to plot the red theoretical curves in the lower two panels.  A 
similar set of equations can be written for the second-order Markov process.   
     The total power in the fluctuation spectrum is the variance, which may be calculated 
from either the power spectrum or the logarithmic spectrum according to  
 

     2

0 0

)ln(2)(2 fd
f

dffdffP .                  (10) 

 
FORWARD PREDICTION OF NOISE LEVEL 

     When Eq. (6) is used to predict future values of noise, the expected mean square error 
in the prediction for the first-order process is  
 
     mse  =  )1( 22 e .                                      (11) 
 
Figure 6 illustrates the prediction errors that result when attempting to forecast the noise 
time series of Figure 2 by four different algorithms: using the present value for all future 
predictions, using the long term mean value, using the first-order prediction formula in Eq. 
(6) based on the measured coherence time, and using a corresponding prediction formula  

Fig. 6:  Comparison of prediction errors against forecast time. 
 
for a second-order process.  For this example, the first-order predictor gives the least error, 
and the second-order predictor gives serious overshoot.  Examples have been seen, 
however, where the noise process more closely resembles a second-order process, and for 
these cases the second-order predictor gives the best results, as measured by the least rms 
error. 
     Viewing the noise as a Markov processes in this analysis is a step to provide short-term 
ambient noise estimates when only a few basic statistical parameters are available, based 
on recent in-situ measurements or possibly drawn from archival data as well.   
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Abstract: Underwater Acoustic Adaptive arrays exhibit super-directivity at end-fire, and 
with inter-element spacing less than half a wavelength. This phenomenon, known as 
supergain, increases the directivity index of small adaptive arrays. However, this extra 
gain in isotropic noise drastically decreases for large arrays. Indeed, it is shown here that 
this gain tends to zero asymptotically, making the adaptive directivity similar to the 
conventional one.
Simulations are here provided to quantify this supergain for linear arrays with varying 
number of sensors and inter-element spacing. 
This analysis is of particular interest for the design of sonar systems, especially because a 
maximum of supergain arises for a specific number of sensors. Indeed, even if the main 
dimension of hull-mounted sonar is generally too large, the secondary dimension might be 
small enough to exhibit supergain when adaptively processed. An example of application 
on planar arrays design is therefore studied for various adaptive beamforming. 

Keywords: directivity, adaptive array, supergain 
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1. INTRODUCTION

The end-fire super-directivity, also called super-gain, is a well known phenomenon in 
the antenna field. The potential end-fire directivity increase was exhibited long before the 
birth of Wiener filtering and optimum array design [1]. The reference to a maximum 
directivity index for linear arrays was introduced as early as 1943 [2], and methods were 
proposed to reach this super-directivity [3]. This study was restricted to linear array for 
some years before it was extended to array of arbitrary geometry [4]. Yet, this subject did 
not have many practical applications during several decades, and this for two reasons. The 
super-directivity is firstly achieved with the assumption of low uncorrelated noise, which 
means low noise electronic components. Moreover, the sensitivity to sensors dispersions 
makes the optimum performance of these highly tuned systems hard to reach. Sensors 
errors have an impact on the robustness of the system in terms of output signal-to-noise 
ratio, and might cause detection losses. The assumption of sensors dispersion was then 
taken into account to practically reach this supergain by constraining the optimum 
beamforming with a white noise gain constraint [5].  

The aim of this article is to quantify this super-directivity for linear and planar arrays. 
Several simulations are realised for various array sizes, and processing.  

The origins of supergain are first explained by an algebraic interpretation with the study 
of the isotropic noise covariance matrix eigenvalues. The supergain of linear and planar 
arrays are then evaluated. The optimum ratio between height and length is finally searched 
in order to maximize the directivity index of the adaptive beamforming. 

The various combinations of conventional and adaptive beamforming are also 
implemented for bearing and elevation, and the impact of these combinations on the 
adaptive DI is analysed. 

2. ALGEBRAIC INTREPRETATION OF SUPERGAIN 

In this first part, we explain the origins of supergain as a finite sample effect of the 
isotropic noise covariance matrix, which expression is, at a frequency f, with inter-element 
spacing ijd , equal to: 

ji

ij

c
fd

Q
,

2sinc  (1)

Indeed, for a finite number of sensors, and especially for a small number of sensors, the 
eigenvalues spectrum is not flat. As the number of sensors tends to infinity, the 
eigenvalues spectrum tends to be flat for line arrays over the domain of acoustic plane 
waves. The supergain vanishes for large array. 

2.1. Line array 

In the line array case, the analytical value of the eigenvalues are known as the 
eigenvalues of the prolate spheroidal functions. It is shown that the associated 
eigenvectors tend to the Fourier vectors, whereas the eigenvalues tend to two distinct 
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values, one being null [6]. The eigenvalues for linear arrays of 4 to 128 sensors are plotted 
on Figure 1: 
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Figure 1 : Eigenvalues of line arrays, 4d

Moreover, the same result is also a consequence of the Szegö theorem, which states 
that the eigenvalues of a sequence of Hermitian Toeplitz matrices are asymptotically 
distributed like the samples of the Fourier transform of its entries (that defines the matrices 
coefficients). The eigenvectors asymptotically tend to the Fourier vectors, which 
physically correspond to the steering vectors of the incoming plane waves. 

2.2. Planar array 

The same results hold for Toeplitz-Block-Toeplitz matrices [7]. The correlation 
coefficients of the covariance matrix consist in a 2D sequence, and the asymptotic 
eigenvalues are the samples of a 2D Fourier transform. The sorted eigenvalues of the 
covariance matrix of array of different size are plotted on Figure 2. Yet, the eigenvalues 
are better represented by their asymptotic limits as the 2D samples of the Fourier 
transform. The asymptotic eigenvalues are hence plotted for the largest simulated array 
(64 x 64 sensors) and also easily generated for very large arrays (cf Figure 3). With this 
kind of representation, these eigenvalues may easily be associated with the corresponding 
asymptotic eigenvectors. The non-zero eigenvalues are hence depicting the acoustic 
domain, while the null eigenvalues correspond to the non-acoustic domain. 

The distribution of covariance eigenvalues under isotropic noise is quite different for 
planar arrays, compared to line arrays. A high dynamic of eigenvalues is exhibited by 
planar arrays whereas only one eigenvalue is asymptotically not null for a long line array. 
This non-flat distribution of eigenvalues give birth to the adaptive supergain, which is 
carefully quantified for linear and planar arrays in the following parts. 
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Figure 2 : Eigenvalues of planar arrays, 4d
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Figure 3 : Asymptotic eigenvalues of  a 64 x 64 array and of a 1024 x 1024 array, 4d (linear scale) 

3. SUPERGAIN OF A LINEAR ARRAY 

The DI of the conventional and adaptive beamforming is here computed for linear 
arrays with various number of sensors and for frequencies corresponding to d  varying 
from 0.05 to 0.5 (cf Figure 4 and Figure 5). The associated supergain are plotted on Figure 
6. 

1st International Conference and Exhibition on Underwater Acoustics

492



 

 
Figure 4 : Conventional and adaptive DI, and super-DI for linear arrays  
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Figure 5 : Conventional DI (thick lines) and Adaptive DI (thin lines) of linear arrays (Broadside) 
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Figure 6 : Supergain of linear arrays with various number of sensors  (Broadside) 
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The finite sample effect is clearly exhibited by these simulations. The 5 sensors linear 
array DI is almost maintained between 0.3  and 0.05  with the adaptive beamforming.  
Yet, the highest value of supergain is reached for more than 5 sensors. Depending on the 
frequencies, the optimum number of sensors is between 6 and 10. For large numbers of 
sensors, this supergain tends to vanish. For the linear array of 128 sensors, it is below 1 
dB. This fact was quite predicted by the speed convergence of the covariance eigenvalues 
to a flat distribution. 

As most linear arrays are not limited to so small a number of sensors, the supergain on 
linear arrays is not a performance challenge. Yet, rectangular arrays often hold a few 
number of sensors for their smallest dimension. The supergain might hence be a source of 
highest performances. This point is studied hereafter. 

4. SUPERGAIN ON PLANAR ARRAYS AND OPTIMUM DESIGN 

The supergain is explained for linear arrays as a finite sample effect. This finite sample 
effect also occurs for planar arrays. For small planar arrays, high supergain might be 
achieved. At low frequencies, this supergain can reach 10 dB as shown on Figure 7, which 
is higher than the linear array adaptive DI. 
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Figure 7 : Conventional DI (first row), Adaptive DI (second row) and Super-DI (third row), 
  for d = 0.05, 0.10, 0.15, 0.20, 0.25  - x and y axis correspond to the # of sensors on the 

horizontal and vertical dimension of the planar array  (Broadside) 

Depending on the frequency, the best ratio for maximizing the adaptive DI between 
height and length might vary. It seems always better to take an odd number of sensors, 
especially when the number of sensors is low. This is typically clear at low frequencies. 

 
The inherent question is therefore : given a number of sensors, what is the best ratio 

between height and length that maximises the adaptive DI ? 
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In the following simulation, we assumed that 400 sensors were available, and computed 
the adaptive DI for various number of sensors per stave. The line array of 400 sensors 
always exhibits the lowest DI. At low frequencies, a rectangular design with 5, 7 or 9 
sensors per stave outperforms the square array, while the square array is the best for d 
close to 0.5 . Depending on the frequencies, an optimum design bring at least 1 dB extra 
adaptive supergain compared to the line array, and up to 1.5 dB (cf second subplot). The 
supergain evolves between 10 dB at low frequencies and almost completely vanishes at d 
= 0.5 . 

 

 
Figure 8 : Adaptive DI for various design of rectangular array with 400 sensors available  (Broadside) 

The following simulation gives the best achievable adaptive DI with 400 sensors. 
Depending on the frequency, the optimum number of sensors per stave is evaluated. The 
rectangular arrays of 5, 7, 9, 11 sensors per stave achieve the optimum adaptive DI at low 
frequencies, while the nearly squared array of 19x21 sensors is the best option at higher 
frequencies. A design that brings 1 dB extra supergain to the linear array is hence always 
found. Yet, the DI difference between rectangular and squared array is almost negligible at 
higher frequencies as shown on the second subplot of Figure 8. A rectangular with 5 to 9 
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or 11 sensors per stave is a good compromise to reach nearly optimum adaptive DI for low 
and high frequencies. 

 

 
Figure 9 : Optimum Adaptive DI with 400 sensors and corresponding supergain  (Broadside) 

These results show the benefit of a full adaptive beamforming for large rectangular arrays. 
Yet, the full adaptive beamforming is not easy to implement for large arrays, because of 
the convergence time needed for its filter. The last part of this article is therefore devoted 
to the impact of various partial adaptive beamforming on the adaptive DI. 

5. IMPACT OF THE BEAMFORMING 

Processing a full adaptive beamforming on a large rectangular array is not an easy 
task. It has long been hard to implement the adaptive beamforming on large arrays 
because of its computing cost and the poor performance of old processors. The massive 
increase of processors computing capabilities today allows to consider full adaptive 
beamforming implementations. Hence, the comparison of the various partial or full 
adaptive beamforming of rectangular arrays is now relevant. To this end, we propose here 
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to simulate the 7x128 sensors array, process the conventional and full adaptive 
beamforming and compare them to all the combinations of two-stage beamforming with 
adaptive or conventional bearing and elevation, starting either with the rows or the staves. 
This results in 6 combinations containing one adaptive stage. The results are plotted on 
Figure 10. 

The optimum supergain is evidently reached by the full adaptive beamforming. Yet, 
the two-stage beamforming made of one adaptive stage for the elevation are performing 
well if this adaptive stage is first or follow a conventional stage. Again, the finite sample 
effect due to the limited number of sensors per stave leads to high supergain. 

It is finally interesting to notice that an elevation adaptive stage following the bearing 
adaptive stage is not very efficient and seem to produce numerical instability (orange 
curve). The noise is rejected by the first stage if it is adaptive, or by the second stage if the 
first one is conventional. 

With these basic theoretical assumptions, the various adaptive beamforming yield 
quite different behaviours of directivity index, and exhibit different values of supergain. 
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Figure 10 : Directivity Index and Supergain for various adaptive beamforming  (Broadside) 
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6. CONCLUSION 

Directivity index of linear and planar arrays have been computed for various number 
of sensors and ratio between height and length. Linear array supergain drastically 
decreases from a maximum of 5.5 dB for 5 to 10 sensors down to 1 dB for a long line 
array of 128 sensors. This finite sample effect is more powerful on small planar arrays, 
which supergain reached more than 10 dB (for a small array of 8x8 sensors). A full 
adaptive beamforming also ensures a higher DI to large planar arrays compared to linear 
arrays with the same number of sensors. The smallest dimension brings moreover this 
supergain effect in the case of large rectangular array, provided that the elevation is 
adaptively processed. 

It is finally shown that the rectangular design is also optimum to yield the maximum 
adaptive DI at low frequencies, while only losing little gain compared to the square array 
at higher frequencies.  
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Abstract: A method is proposed for source-range estimation based on warping transform of 
signal autocorrelation function received by a single hydrophone in a range-independent or 
weak range-dependent shallow water environment. In the method, a guided source with a 
known range is employed to provide the crucial and relative invariant scaled features. The 
experimental signals emitted by a towed air-gun source in 61-m depth shallow water with an 
iso-speed profile are used to verify this approach. Moreover, the long-term observed 160-250 
Hz LFM signals with a fixed range of 39.3 km between the bottom-mounted source and array 
in 94.5-m depth shallow water are also analyzed to evaluate the ranging error due to 
internal wave fluctuation. The mean relative errors of source range estimation are both less 
than 10%. 

Keywords: Passive range estimation, warping transform, single hydrophone, autocorrelation 
function
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I. INTRODUCTION 
Passive source ranging is always a challenging issue of common interests in underwater 

acoustics. In this paper, a source range estimation method is proposed based on the warping 
transform without complicated environmental knowledge and extensive computations. The 
warping transform1,2 is one kind of transforms to compensate for the effects of geometric 
dispersion in waveguides. This operation might isolate modes using a single receiver in some 
specific shallow water waveguides. Modal filtering via warping transform could be exploited 
to underwater acoustic source localization, inversion, and tomography3-5.

For passive application in underwater acoustics, the knowledge of the source signal 
always remains problematic. It means that the warping transform cannot directly work on this 
kind of observed signals. However, the signal autocorrelation function (ACF) always owns 
similar dispersive characteristics in shallow water waveguides, which depends on coherent 
behavior between modes physically. So the Fourier spectrum of warping transform of ACF is 
possible to provide crucial and intrinsic features of mode coherence, which can be applied to 
passive source range estimation using a single hydrophone. 

II. BASIC THEOREM 
According to the normal mode theory6, the complex sound pressure ( )B in a 

stratified waveguide is expressed as

0

1
( ) ( ) ( ) rm

M
jk r

m
m

B S A e . (1)

Here, 0r is the source range. rmk is the horizontal wavenumber of the m-th mode. M is the 
number of propagating modes in the waveguide. ( )mA is the amplitude of the m-th mode.

( )S is the complex radiated spectrum of sound source, which is usually unknown in 
application.

The autocorrelation function of the broadband signal is written as

0
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In Eq. (2), the first integral term describes the incoherent addition of all modes. The 
second integral term represents the coherence between different modes. Only considering the 
right-side waveform from the peak and ignoring the incoherent term in the symmetrical 
autocorrelation-function 0( , )r t , the autocorrelation-function can be written as

0
2 ( )
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( , ) ( ) ( ) l r

L
j k r t j t

l
l

r t S A e d( , )0 , ),0 . (3)

Here, ( ) ( ) ( )l m nA A A and l rn rmk k k ( 1,2, ,l L, L, and n m ).
2 ! [( 2)!2!]ML C M M denotes the number of combinations of two different modes 

chosen among M modes. Note that 0( , )r t( , )0,0( in Eq. (3) is time-shifted by an arrival time 
0 0/rt r c in order to perform the warping transform.

The original idea of the warping transform1,2 is to achieve mode filtering of the received 
signal in shallow water where the mode has a general dispersive function 2 2( ) rt t t
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typically in the ideal waveguide model. In this case, the representation of the modal signal is 
defined by

2 22( ) ( ) ( ) m rj v t t
m m

m m
y t y t a t e . (4)

Here ( )ma t and mv are the envelope evolution and the intrinsic frequency of the m-th
mode, respectively. Obviously, rmk can be expressed as

2 2

0

2( )rm mk f f v
c

. (5)

For convenience of expression, first we discuss the warping transform of the signal 
autocorrelation function in the ideal waveguide. Utilizing Taylor's expansion, it is easy to 
deduce that

2 2 2
2 2 2 2 2

0 22 1 2 2
2
n m

l r r r n m r l
v vk r t t f t f v v t f

f
, (6)

and

2 22 2
0

1
( , ) ( ) ( ) r l

L
j t f j t

l
l

r t S A e d( , )0 , ),0 . (7) 

Here, 2 2
l n mv v .                                         (8) 

For a determinate plat-spectrum or slowly-varying spectrum of source radiated signal, 
2( )S  can be taken out from the integral in Eq. (7) directly. Furthermore, 0( , )r t( , )0,0(  can be 

represented as 

2 22
0 0

1 1
( , ) ( , ) ( ) l r

L L
j t t

l l
l l

r t r t d t e 2 lj t2 ld e( )(( )( 0, ),0 , )0( )( ), )0( )( , )0 d . (9)

And the warping transform of 0( , )r t( , )0,,0( is deduced to be
1/ 2

2'

1

( )( )( ) ( ) l

L
j t

h l
l

h tt d t e
t

W 2' lj t2 ld e' ( )l)( ))( )) . (10)

It means that the warping transform of 0( , )r t( , )0,,0( supplies a stationary monochromatic output 
with the intrinsic frequency l in the ideal waveguide. Here, ( )h t is the deformation 
function defined as

21 2
0 0( ) ( ) /h t t t r c .                                            (11)

In Eq. (10), the factor 1/ 2( ) /h t t keeps energy conserved between the original and warped 
signals.

Physically, l [see Eq. (8)] defines the coupled characteristic frequency of two 
different modes in an ideal waveguide and it is independent of the geometric position of 
source and receivers similar to modal intrinsic frequency mv [see Eq. (4)]. The spectrum of 
( )( )h tW )( )) at the real source range 0r owns intrinsic frequency l . However, the spectrum 
of ( )( )h tW )( )) at an unknown source range r will produce frequency ( )l r( )l . The relation 
formula of ( )l r( )l with l can be derived to be
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0( )l l
rr
r

( ) l( )l ( ) . (12)

This equation shows the approximate relation between ll at an unknown source range r
and the intrinsic frequency l . If 0r r ,  l lll . If 0r r , l lll and vice versa. In a 
realistic stratified shallow-water waveguide, l is an approximate invariant feature.

The basic idea to perform passive source range estimation via the warping transform of 
signal autocorrelation function is excited by the relation between ( )l r( )l and the intrinsic
frequency l . Now, let the energy-normalized Fourier spectrum of [ ( )]( )h r tW ( )]( ))](( to be 

( , ) ( ) ( )hr f FT r tW . (13)

Obviously, 0( , )r f owns the components of intrinsic frequencies l while 0r r .
Defining the cost function ( )F r with 0( , )r f and ( , )r f to be

†
0( ) ( ) ( , ) ( , )

b

a

F r r r f r f df , (14)

the source range could be estimated by searching different range r . In Eq. (14), the integral 
term stands for the correlation of 0( , )r f and ( , )r f within a selected frequency region 
[ a b ]. The superscript † indicates the complex conjugate operation. ( )r is a weight 
coefficient of the spectrum ( , )r f .

In the passive ranging approach shown in Eq. (14),  0( , )r f acts as a reference field 
with intrinsic frequencies l . It could be obtained by computation using an acoustic model 
and environmental parameters. Considering complexity of the realistic environment 
information, as a suggestive approach in this paper,  0( , )r f can also be extracted using 
the signal from a guided source with a known range in a range-independent or weak 
range-dependent shallow water.

III. APPLICATION TO EXPERIMENTAL DATA 

1. Winter experiment with iso-speed SSP waveguide
The experiment was conducted in the North Chinese Sea with iso-speed SSP in Winter. 

The water speed is 1498 m/s. The mean water depth is 61m with about 2-m variability. The 
sediment type is clay-silt-sand. In the experiment, the air-gun source was towed from 8112-m
to 4182-m range at the depth of about 15 m to emit impulse signals.

The air-gun signal samples received at the depth of 23 m are analyzed. The filtering 
frequency is from 80 Hz to 300 Hz. Selecting the reference speed 0c  to be 1498 m/s, the 
normalized Fourier spectrum of warping transform of ACF of all these signals is shown in 
Fig. 1(a). Three distinct intrinsic frequencies of 17 Hz, 23 Hz and 29 Hz occur. Selecting 
arbitrarily a reference field 0( , )r f  at the range of 6971 m (as an example) from the signal 
samples and matching ( , )r f  within frequency [ a b ] of [12 32] Hz, the estimated-range 
tracks of all experimental air-gun signals are searched shown in Fig. 1(b). The mean relative 
error between the estimated range and corresponding GPS range is less than 10%. 

2. Summer experiment with thermocline SSP waveguide
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From June 7 to 9 in 2010, a fluctuation experiment was conducted in the South China 
Sea. The water depth was about 94.5 m with a weak range-dependent bathymetry between 
t h e  
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Fig. 1: Normalized Fourier spectrum of warping transform of signal ACF (a) and 

Comparison between the estimated-range and the GPS range (b) 

source and the receiver. The receiver, an horizontal line array (HLA), was located on the sea 
floor. A sound source was moored 7 m above the sea bottom. The range between the source 
and the nearest hydrophone of HLA was about 39.3 km. Figure 2 shows the layout of the 
experiment. The source transmitted 160-250 Hz LFM signals with 6-second duration at 
interval of 1 minute. To enhance the SNR on the hydrophones, pulse compression from the 
original 6-second duration LFM signals via matched-filtering was first conducted. Here, the 
pulse compression outputs of the first hydrophone at range of 39.3 km are analyzed for 
source range estimation.

During the experiment, two moored thermometer chains were employed to record 
water-column temperature fluctuation. They were located at the sites of the source and 
receiver array. Fig. 3 shows the sound speed profile’s fluctuation inferred from the 
temperature measurements. It shows the structure of the SSP caused by the thermocline and 
the effect of an internal wave packet that was passing the array. The sound signal data were 
analyzed within the three observation periods indicated by white bars. These are 01:13-03:00,
11:00-14:00 and 15:00-16:00 on 8 June 2010.

Fig. 2: Layout of experiment conducted in 
the South China Sea in June 2010. Fig. 3: The sound speed fluctuation near the 

receiver array (a) and source site (b). 

Selecting the reference speed 0c to be 1529 m/s, the normalized Fourier spectrum of 
warping transform of signal ACFs within the three observation periods is shown in Fig. 4. It 
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shows the frequency feature stability in the fluctuated waveguide with internal waves. 
Selecting arbitrarily a reference field 0( , )r f from all the observed signals and matching 

( , )r f within frequency [ a b ] of [18 31] Hz, the estimated-range tracks of the three 
observation periods are searched shown in Fig. 5. The mean error between the estimated 
range and realistic value is less than 10%.

Fig. 4: Normalized Fourier spectrum of 
warping transform of ACFs within 

observation periods 01:13-03:00 (a), 
11:00-14:00 (b) and 15:00-16:00 (c). 

Fig. 5:Comparison between the estimated 
and the realistic source range within 
observation periods 01:13-03:00 (a), 
11:00-14:00 (b) and 15:00-16:00 (c). 

IV. CONCLUSION 

The warping transform of signal autocorrelation function is developed to implement the 
passive source range estimation using a single hydrophone in a range-independent or weak 
range-dependent shallow water environment. In this approach, a guided source with known 
range information is suggested to supply relative invariant scaled frequency features of 
shallow water waveguide without a priori knowledge of environmental information. The 
experimental results in shallow water show the validity of this method. The mean relative 
errors of source range estimation are both less than 10%.
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 FLUCTUATION OF RECIPROCAL SOUND PROPAGATION 
 IN COASTAL AND DEEP WATERS 
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Abstract: Development of coastal acoustic tomography has been carried out as a long 
term measurement technique to get shallow water information.  Travel-time 
perturbations due to ocean currents are correspondingly one to two orders of magnitude 
smaller than travel-time signals due to sound-speed perturbations. It is required the 
precise estimation of travel time for the ocean current measurement. We analyze the 
fluctuation of transmitted signal in coastal and deep waters’  experiments, and the error of 
the estimated travel time by using conventional method. Between the reciprocal 
transmissions, the overall structure of signal is similar, however, the fine structure is 
different. We use a Rician distribution model for the amplitude and phase distribution 
analysis of fluctuated signal. We also propose a new estimation technique for the travel 
time difference by using the combination of the amplitude and phase information. 
Estimated results of travel time difference of reciprocal transmissions using this technique 
is presented. 

Keywords: ocean acoustic tomography, coastal acoustic tomography, shallow water, Rice 
distribution
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1. INTRODUCTION

Ocean acoustic tomography (OAT) and coastal acoustic tomography (CAT) have been 
considered as a powerful approach for observation of mesoscale ocean fluctuations. The 
objective of the OAT and CAT are to estimate ocean physical parameters (temperature 
distribution, current variability, sediment structure) in wide areas using acoustic data 
analysis.  

Measurement of ocean currents by reciprocal sound transmission has been carried out 
on a various scale. However, the small-order and short-time current measurement is a 
difficult problem. The reason is that the travel time is measured by the daily average of 
reciprocal amplitudes because ocean fluctuations such as internal waves can split the basic 
ray path into micromultipaths, which then interfere at the receivers, sometimes 
destructively. In a series of publications [1]-[5], the authors and others have estimated travel 
times and the stability of acoustic reciprocal transmission in the OAT experiments.  

In bays and coastal waters, there is also a great demand for information on ocean 
structure in bays and coastal waters. Since sound is propagated with reflection at sea bed 
and sea surface in coastal water, it is important to estimate characteristics of acoustic 
propagation in shallow water. In this paper, we present estimation results of propagation 
stability of surface reflected ray in coastal waters using Rician probability density function 
distribution model which can be used to describe the relation of the coherent component 
and incoherent component.  

2. EXPERIMENTS 

2.1. Deep Water Experiment Data 

The experiment of Japan Agency for Marine-Earth Science and Technology was 
carried out in Central Equatorial Pacific in order to monitor the variabilities of water 
temperature and current. The transceivers were positioned on the mooring at 1000 m near 
the depth of the sound channel axis in about 5000 m of water. Each acoustic transceiver 
consisted of a broad acoustic source centered at 200 Hz and a five-element receiving 
array. Pulse compression techniques were used to improve the signal-to-noise ratio 
without degrading the travel time resolution.  

2.2. Coastal Water Experiment Data 

We use the data of a reciprocal transmission experiment that was performed at Uchiura 
Bay in Numazu city, Japan from 11 to 18 on November. The transducers at seashore and 
off shore side were located at about 5m and 30m depth, respectively, shown in Fig. 1. A 
distance between the transducers was about 350m. In this experiment, M-sequence signal 
was used as transmitted signals. M-sequence code is a pseudo random code generated by 
shift-registers and exclusive-or logic [6]. Degree-7 code with 127 digits consists of 7 shift 
registers. The sequence was repeated four times during each transmission. The transmitted 
signal is a periodic repetition of the 7th-order M-sequence signal with the following 
characteristics:  
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a) carrier frequency f0 = 31.25 kHz, 
b) digit length = 2 cycles of 31.25 k Hz = 0.064 ms, 
c) sequence length L = 127 digits = 8.128 ms, and 
d) transmission length = 4 sequence periods = 32.512 ms. 
 
The 31.25 kHz M-sequence acoustic signals were transmitted every 20 s. Clocks at both 

sides were synchronized using GPS system. The received signal was sampled at 250 kHz. 

 

     

 

 

 

 

 

 

 

 

 
 

     

 

 

 

 

 

 

 

 

 

 

 
Fig. 1 :   Configuration of transducers in Uchiura Bay. 

 

 
Fig. 2: (a) received signal and (b) correlated signal of M-sequence signal. 
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Figure 2(a) shows the received signal at November 17, 02:00:00. Figure 2(b) shows the 
cross-correlated signal with a M-sequence replica. A horizontal axis corresponds to travel 
time, and a vertical axis corresponds to the normalized amplitude. The predicted 
improvement of the signal-to-noise ratio for the Gaussian noise was 21 dB. The correlated 
results are equivalent to the results when 4 sequences of a two-cycle pulse of 31.25 kHz 
are transmitted.  Signals of 1 and 1’ correspond with propagated signals of first sequence 
of signals. 2, 2’ are second sequence signals, 3, 3’ are third sequence signals and 4 is forth 
sequence signal, respectively. Signals of 1 consist of direct and surface reflected rays and 
signals of 1’ consist of surface and bottom reflected rays. The surface and bottom reflected 
ray of 1’ arrived after the direct ray and surface reflected ray of 2 of second sequence 
arrived.  

 

 
Figure 3 shows a two-dimensional plot of the amplitude of reciprocal signals of second 

sequence from November 11 to November 18.  Amplitudes were normalized using the 
maximum amplitude.  The signal to arrive first shown with a black arrow is the direct 

    

 

 

 

 

 

 

 

Fig.3 Correlated signal from 11/11 to18 
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wave which propagates directly without reflections at surface and bottom. The signal to 
arrive shown with a dotted arrow is the surface reflected wave. In this paper, we use direct 
and surface reflected rays shown with black solid and dotted arrows to estimate the 
propagation stability. The travel times of direct and surface reflected rays increased 
periodically during one day.  The biggest change of travel time happened from 15:00 to 
0:00 midnight. It is because there were periodical decreases of the water temperature on a 
propagation path of the measurement sea area at that time that the travel times of rays 
increased. 

3. ESTIMATION OF PROPAGATION FLUCTUATION USING RICE 
DISTRIBUTION 

We estimate the stability of propagated sound using Rice distribution. The ambient 
noise of the sea often presents in the location of receiving array. Moreover a coherent 
signal component converts to the incoherent component due to the medium fluctuations. 
Therefore, the received signals are constructed from the weakened coherent travel signals 
and the incoherent component. The Rice statistics model is general enough so that the 
different signal-to-noise ratios (SNRs) signal may have different amplitude and phase 
distribution. The Rice probability density function (PDF) is used to describe the relation of 
the signal and incoherent component.  

Let A and  be the true amplitude and phase of a given complex single such that 
cosA   and sinA  represent the true real and imaginary value, respectively (Fig. 4). 
In the presence of incoherent component, the probability distribution for V can be 

shown as 

 
2 2

02 2 2
( ) exp

2
( ) ( )V V A A Vp V I    (1) 

where I0 is the modified zeroth order Bessel function of the first kind,   denotes the 
standard deviation of the Gaussian noise in the real and imaginary signals (both of which 
we assume to be equal) [5]. 

 

Fig. 4 Signal on complex plane.  s : coherent component.  n : incoherent component.
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A special case of the Rician distribution is obtained when only incoherent component is 
present, A = 0. This is well known as the Rayleigh distribution and eq. (1) reduces to 

 
2

2 2
( ) exp .

2
( )V Vp V   (2) 

 
Figure 5 shows the trajectories of correlated signals of surface reflected ray in complex 

plane at 11/16.  
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 6 (a) shows energy ratio 2 22 / A   which is a ratio, (incoherent component)/ 

(coherent component), and (b) sea surface wave height. High energy ratio 2 22 / A   
corresponds to a high incoherent component. The larger ratio is observed from 11/12 
03:00 to 24:00. It is because there were the acoustic scattering at the sea surface due to a 
surface wave. Figure 7 shows a relation between the energy ratio, (incoherent 
component)/(coherent component) and wave height. The energy ratio becomes larger as 
the wave height becomes larger. It means that the coherent signal energy is converted to 
the incoherent energy by surface waves.  

Fig.5 Trajectory of correlated signals of surface reflected ray in complex plane 
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  Figure 8 shows estimated travel time difference on (a)11/12 and (b)11/16. The travel 
time differences were estimated using combined amplitude and phase information in 
complex plane. Travel time differences have reasonable magnitudes. Variation of 
estimated value on 11/12 is larger than the variation on 11/16. It is because that the 
incoherent component on 11/12 is larger than one on 11/16. The current velocity was a 
small about order of cm/ s, but we were able to measure current velocity from time 
difference between reciprocal propagation. Accuracy can be estimated using energy ratio 
of Rice distribution. 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 

Fig.6 (a) Energy ratio of incoherent and coherent components (b) Wave height 

Fig.7Rrelation between the energy ratio and wave height 
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Abstract: A coastal acoustic tomography (CAT) experiment for mapping the tidal currents 
in Zhitouyang Bay near Zhoushan Island, China was successfully performed with seven 
acoustic stations from July 12 to 13, 2009. Using CAT, the horizontal distributions of the 
tidal currents in the tomography domain were calculated by the inverse analysis, in which 
the travel time differences for sound travelling reciprocally between the station pairs were 
used as data. The specified tidal current structures, such as the strong east-west 
oscillation of the tidal current, the branched current and the tidal vortices, were 
reconstructed as snapshots at the successive tidal phases. The relative vorticity calculated 
from the inverted current fields served to specify the current structures, such as tidal 
vortices. Throughout the tidal phases, the divergence from the inverted current showed a 
positive (negative) distribution in the shallow (deep) region as an overall view. However, 
the divergence for the entire tomography domain was nearly equal to zero, corresponding 
to no net transport. This result implies that the observational errors are quite small for the 
present experiment. 
 
Keywords: Coastal Acoustic Tomography, multi-station field experiment, tidal current 
structures, inverse analysis. 
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1. INTRODUCTION

The continuous monitoring of tidal currents in bays, inland seas and straits is a difficult, 
especially in the coastal seas of China (or elsewhere), where fishing and shipping 
pressures are high. To obtain observations of rapidly varying tidal current structures, 
bottom-mounted or subsurface moored current meter arrays are needed as conventional 
tools. However, heavy shipping traffic and fishery activities make it difficult to deploy 
such mooring arrays in almost all coastal regions in China, even if the anti-trawl bottom-
mounted ADCP (acoustic Doppler current profiler) systems are applicable. 

Ocean acoustic tomography (OAT) was proposed by Munk and Wunsch in 1979 as a 
powerful oceanographic technique for mapping mesoscale oceanic phenomena [1]. 
Coastal acoustic tomography (CAT) was proposed as an application of OAT to the coastal 
sea, aiming at the continuous monitoring of tidal currents in ports, bays, straits and inland 
seas without disturbing shipping traffic, fisheries and marine aquaculture activities [2]. 

The CAT system, developed by Hiroshima University, has been successfully applied to 
current structural measurement in coastal seas around Japan since 1995 [3]-[5]. This paper 
reports a CAT experiment that was executed with good accuracy in the coastal sea around 
China. 

2. EXPERIMENT SITE AND METHOD 

An experiment with seven CAT systems was performed during July 12 to 13, 2009, in a 
neap tidal period at Zhitouyang Bay near Zhoushan Island around the mouth of Hangzhou 
Bay, China (Fig.1). Zhitouyang Bay is connected to the neighboring seas by the Luotou, 
Fodu, Qingzimen and Laoshumen channels. The water depths vary from 20 m at the 
northeastern part of the bay near Zhoushan Island to 80 m at the southwestern part of the 
bay near the Chuanshan Peninsula.  

The seven CAT systems were set up at seven stations numbered C1 to C7 using fishing 
boats anchored on the periphery of the bay. The transducer was suspended down to 5-10 m 
depths from the boat by rope, while the major components of the system, such as 
electronic housing, batteries and GPS antenna were put onboard the boat.  

A 5 kHz sound with a bandwidth of 5 kHz/3=1.7 kHz, modulated by one period (1024 
digits and 0.64 s) of the 10th order M sequence, was transmitted every 3 minutes 
simultaneously from each broadband transducer (Neptune T170) to increase the signal-to-
noise ratio (SNR) of the received signals by 1020log 2 1 =30.1 dB. The SNR can be 
further improved by a multi-period transmission through the ensemble average of the 
successively received data. However, this policy was not adopted here because of the 
sufficient signal level at the receiver. M sequences with different codes were assigned for 
each of the acoustic stations to identify arrival signals from the multiple stations. A one-
period M sequence (0.64 s) was transmitted from all seven stations with good timing 
accuracy synchronized by GPS. By using the different M sequence codes, acoustic signals 
traveling to one station from the other six stations are resolved with the time resolution for 
multi-path arrival (0.6 ms), defined as one digit of the M sequence. For the geographical 
configuration of acoustic stations, the total number of transmission lines of 21 results in an 
average horizontal resolution of / 70 / 21 1.8A N km , where A is the area of the 
tomography domain.  
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Fig.1: Location maps of the experimental site. The positions of the CAT stations (C1-C7) 

are shown with solid circles. The thick solid lines connecting the CAT stations indicate the 
sound transmission lines. The interval of bathymetric contours is 20 m. 

The shipboard acoustic Doppler current profiler (ADCP, RDI 600-kHz) observations 
were performed in the daytime at a schedule synchronized to the CAT experiment inside 
the tomography domain, and the data were recorded for comparison with the CAT data. 
One CTD cast was executed during the shipboard ADCP surveys to determine the sound 
speed profile. 

The inverse method [5] is applied here to reconstruct the tidal current distributions by 
averaging any vertical dependency. The travel-time differences obtained from the 
reciprocal sound transmission for the CAT station pairs are used as data in the inverse 
analysis. The inverse domain is taken to be 22×22 km, which is twice the tomography 
domain, to suppress the artificial periodicity of inverse results (Fig.1). The relationship 
between the travel-time difference vector y and the unknown variable vector x may be 
expressed by the form:  

(1),y Ex n  
where y is the column vector of order 21 (the total number of station pairs); x is the 20-

element coefficient vector for the Fourier function expansion of the stream function to 
simulate the current distributions; E is the (21 × 20) transform matrix, determined from 
the location of seven CAT stations; and n is the noise vector, which represents both the 
travel-time measurement error and other uncertainties in the model (e.g., representation 
error). The inverse solution is obtained by the “tapered least squares” method described by 
Yamaoka et al. [5]. 
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3. RESULTS 

4.1 Received data 

Reciprocal sound transmissions were measured along the 21 transmission lines that 
span the seven CAT stations. Data dropouts frequently occurred because of shipping, i.e., 
wake-generated bubbles and anchored ships. The successful acquisition rates of sound 
transmission vary from 21% (between C3 and C6) to 88 % (between C1 and C2), resulting 
in a mean of 62%. 

The correlation waveforms of the received signals between C2–C5 are shown in units 
of signal-to-noise ratio (SNR) with the stack diagrams in Figs. 2 (a) and (b). The typical 
correlation peak obtained at C2 and C5 at 18:40 of July 12, 2009, is also magnified in Fig. 
2(c). The correlation waveform formed a steep arrival peak with large SNRs. The mean of 
peak SNRs reached 27.8 dB for C2 C5 and 28.4 dB for C5 C2. The travel time was 
determined at the peak point corresponding to the maximum SNR. 

 
Fig. 2 Stack diagrams of the correlation waveforms a) received at C5 from C2 and b) 

received at C2 from C5 from 18:00 July 12 to 18:00 July 13 and c) the typical correlation 
waveforms obtained at 18:40 July 12, 2009. 

4.2 Tidal current and vorticity 

The inverse results provide synoptic snapshots of horizontal tidal current distributions 
at hourly intervals. The hourly mean tidal current structures from 18:00 July 12 to 17:00 
July 13, 2009, are shown in Fig. 3 along with the vector plots and the contours of the 
relative vorticity ( / /v x u y ). The strong eastward tidal current, with a maximum 
current of 2.05 m s-1, entered the tomography site from the Luotou Channel at the western 
part of the bay and separated into two branches flowing into the Laoshumen Channel and 
the Qingzimen and Fodu channels during the ebb tide (Figs. 3 (a)-(c)). During the flood 
tide, the strong westward tidal current, with a maximum current of 1.03 m s-1, merged with 
the currents from the Laoshumen, Qingzimen and Fodu channels and went back to the 
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Luotou Channel during the flood tide (Figs. 3 (f)-(h)). A clockwise tidal vortex with 
negative was generated at the southwestern part of the bay in the transition phase from 
the ebb to flood tide (Figs. 3 (d) and (e)). No tidal vortices were generated during the weak 
tidal current period in the transition phase from flood to ebb, changing the current 
direction from west to east (Figs. 3 (i) and (j)). This tidal current variation was repeated at 
the half-day cycle. 

 

 

Fig.3. Vector plots of the hourly mean current reconstructed during 18:00 July 12 to 
17:00 July 13, 2009, by the inverse analysis. The relative vorticity is also shown with 

contour intervals of 1×104 s-1. The shaded regions show negative values, and the thick 
contours indicate zero vorticity. The tidal phases are indicated by a dot on the SSH plot at 

the upper right of each panel. 

4.3 Cross-section volume transport and divergence 

The distributions of hourly current across the seven transects (C1-C2, C2-C3, C3-C4, 
C4-C5, C5-C6, C6-C7 and C7-C1) at the periphery of the tomography domain are shown 
in Fig.4 with the time series plots and the contours of the divergence 
( / /u x v y ). During low tide, the eastward tidal current into the closed domain 
was the strongest at the center of transects C1-C7, and this tidal current went out from 
transects C3-C4, C4-C5 and C5-C6 (Figs.4 (a) - (d)). In an overall view, the distribution of 

 shows a see-saw pattern for the northeastern and southwestern parts, i.e., positive in the 
northeastern part shallower than 40 m and negative in the southwestern part deeper than 
40 m (see Fig. 1 for the bottom topography). During the high tides (Figs.4 (f)-(i)), the 
currents were opposite those during low tide, and the westward tidal currents were weaker 
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than the eastward tidal currents. The distribution of  was almost the same as that for the 
low tides except for the appearance of the negative narrow zone in the northeastern part. 
The maximum and minimum values of were 8.45 10-5 s-1 and -8.53 10-5 s-1, 
respectively (Fig. 4(a)). The cross-transect currents were weak around the mean tides (Fig. 
4 (j)). This current variation was repeated at the half-day cycle. 

 

Fig. 4 Distributions of current across the transects at the periphery of the tomography 
domain obtained from 18:00 July 12 to 17:00 July 13, 2009. The divergence is also shown 

with the contour plots with an interval of 1×10-6 s-1. The divergence is negative for the 
shaded regions with dashed lines, and the thick contours indicate the zero divergence. The 

tidal phases are shown with a dot on the SSH plot at the upper right of each panel. 

To examine the volume balance inside the closed domain, the hourly mean net volume 
transport was calculated from the cross section average currents for the upper 10 m of the 
seven transects (Fig.5). The volume transports were characterized by a typical semidiurnal 
oscillation. However, the net volume transports were as small as 0.33 % and 0.78 % of the 
total inflow volume transport for the low and high tides, respectively. The average of the 
net volume transports was 667 m3 s-1 which was quite small compared with the maximum 
inflow volume transport of approximately 0.1 Sv (0.1 × 106 m3 s-1). The divergence across 
the transects at the periphery of the domain was also small and nearly the same as the net 
volume transport. 
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Fig. 5 a) Cross section transport in the upper 10 m and b) the net volume transports 
across the upper 10 m of the transects at the periphery and the divergence for the entire 

tomography domain.  

4. EVALUATION OF THE INVERSE RESULTS 

The horizontal distribution of the 12-min mean tidal currents obtained from the inverse 
analysis is validated by the 12-min mean shipboard ADCP data averaged for the upper 20 
m along the ship tracks (Fig. 6). The 12-min mean east and north components of current 
(U andV ) obtained by the CAT system were in good agreement with the shipboard ADCP 
data, with RMSDs of (0.05~0.12) m s-1 and (0.03~0.17) m s-1 for the eastward and 
northward currents, respectively. 

 

Fig. 6 Comparison of the CAT (dotted arrows) and ADCP (solid arrows) data, obtained 
along the ship tracks for (a) C5 C2 during 08:18-09:30, (b) C2 C3 during 9:45-10:10, 
(c) C3 C5 during 10:12-10:51, and (d) C5 C2 during 10:51-11:36 July 13, 2009. The 
thick arrow near the ship-track indicates the direction of the ship’s operation during the 

shipboard ADCP survey. The thin arrow at lower left is the scale of 1 m s-1. 
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5. SUMMARY

The first coastal acoustic tomography experiment in China for mapping the tidal 
currents in Zhitouyang Bay near Zhoushan Island was successfully performed with seven 
acoustic stations during July 12 to 13, 2009. During most of the experiment’s duration, 
reciprocal sound transmissions were successfully performed along the 21 transmission 
lines, which span the seven CAT stations. The inverse analysis was adopted to reconstruct 
tidal current distributions from the travel-time difference data obtained between the paired 
CAT stations.  

The results of the inverse analysis reconstructed the hourly snapshots of horizontal tidal 
current distributions. The strong eastward tidal current with a maximum velocity of 2.05 
m s-1 entered the tomography site from the Luotou Channel at the western part of the bay. 
This current was separated into two branches flowing into the Laoshumen Channel and the 
Qingzimen and Fodu channels during the ebb tide, while the strong westward tidal current, 
having merged with the currents from the Laoshumen, Qingzimen and Fodu channels, 
went back to the Luotou Channel during the flood tide. A clockwise tidal vortex with a 
diameter of approximately 5 km was generated at the western part of the bay in the 
transition phase from ebb to flood.  

These results suggest that CAT is a powerful instrument for mapping continuously 
variable tidal current structures in Chinese coastal seas with heavy shipping traffic and 
fishing activity. 
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Abstract: The reciprocal sound transmission experiments were carried out at two 
sites of the Seto Inland Sea, Japan; the central part of the sea (Aki-nada) and at 
the southwest outlet to the Pacific Ocean (Bungo Channel). To measure weak 
mean current (throughflow) and gradual warming is main targets of the 
experiment. The several months data of mean current and temperature from 
February to October, 2012 in Aki-nada are analyzed together with the Bungo 
Channel data from March 15 to April 21, 2012. In April, the fortnightly mean 
westward current of -0.079 m/s in Aki-nada is reasonably connected to the 
southward mean current of -0.103 m/s in the Bungo Channel, implying the 
continuity of the inland sea water. In Aki-nada, the westward movement was 
reversed eastward with velocities of 0.01~0.02 m/s during July-August. The 
minimum and maximum water temperatures of 9.4 C and 25.5 C occurred on 
March 15 and on Sep. 20, respectively, delayed by about one month from the 
seasonal change of atmospheric temperature. In the Bungo Channel, the water 
temperature on March 15 was 15.5 C much warmer than that in Aki-nada due to 
Kuroshio effect. 

Keywords: Long-term sound transmission experiment, Seto Inland Sea, Mean 
current, Throughflow, Warming,
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1. INTRODUCTION

The Kuroshio Current flowing off Shikoku (the 4th biggest main island of 
Japan) plays a critical role in environments of the Seto Inland Sea, Japan through 
the exchange with inland sea water. The direct measurement of Kuroshio effect to 
the inland sea environment is quite difficult because it is widely spread over the 
entire region of the sea. The nutrient water supplied into the inland sea from the 
intermediate layer of the Kuroshio along the shelf slope serves to maintain strong 
fishing activity every year. The widely spread Kuroshio effect which requires 
long-term, continuous measurement to be manifested has never been a target of 
conventional observation by moored and bottom-mounted instruments (ADCP, 
currentmeters, thermister chains and so on) because of the prohibition from 
fisheries industry. The coastal acoustic tomography (CAT) system has been 
developed as an innovative technology to measure continuously coastal-sea 
environments in fishing grounds and shipping traffic routes [1]-[8]. 

The CAT systems are operated as a long-term reciprocal sound transmission 
system to make a breakthrough of Seto Inland Sea study. The results obtained in 
2012 are presented in this paper. 

2. EXPERIMENTS 
 

Reciprocal sound transmission experiments were carried out between two 
stations, placed in Aki-nada (HS1 and HS2) between Honshu (the first biggest 
Japanese main island) and Shikoku, and the Bungo Channel (KS1 and KS2) 
between Kyushu (the third biggest Japanese main island) and Shikoku (Fig.1). 
The long-term data of mean current (throughflow) and temperature from February 
4 to October 25, 2012 were obtained in Aki-nada in spite of data lack around 
August while data duration was limited to 38 days from March 15 to April 21, 
2012 in the Bungo Channel. The horizontal distance is 13.76 km for the station 
pair HS1-HS2 and 38.84 km for the station pair KS1-KS2. The floor depth is 
gradually increased from 9 m in HS1 to 56 m in the distance range of 11-13 km 
from HS1with the bank of depth 30 m in the distance range of 6-8 km from it, and 
suddenly sloped up to 28 m in HS2. Then floor depth maintains about 70 m except 
the regions near KS1 and KS2 where it slopes up to depth about 10 m. 

The CAT system, which had been developed by Hiroshima University since 
1993 was placed on the offshore side of breakwaters which protects the fisheries 
ports. The 4 kHz acoustic transducer was suspended down by a rope in water of 
depth 5 m in front of the breakwater and connected to the CATS via a cable 
(Fig.2). The CATS was operated by the 12 V rechargeable battery in connection 
with the 12 V solar panel and sound was transmitted with 24 V power, using two 
12 V rechargeable batteries and solar panels in a serial connection. 
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Fig.1: Location map of the reciprocal sound transmission experiments. The 
sound transmission lines are indicated with the thick solid bars and the star 

marks show the tide gauge station. 

 
Fig.2: Sketch of the CAT systems placed at the edge of the breakwater 

surrounding the fisheries ports. 
 
    The acoustic transducer (ITC-2002A) is of the broad-band type with central 
frequency 4 kHz and band width 1.5 kHz. The transducer works not only for 
transmitter, but also for receiver. The source level of the broad-band transducer is 
192 dB re 1 Pa at 1 m and the average power consumption is 480 W during the 
sound transmission. In this experiment, transmitted signals were phase-modulated 
by the 12th order M sequence to increase the signal-to-noise ratio (SNR) of 
received signals by 20log 1212 = 36 dB. This processing gain of M sequence for 
SNR is attained by taking the cross-correlation of received signals with one period 
of M sequence (M-sequence replica), used in the transmission. The 3 cycles per 
digit (Q-value) was selected as a suitable value to transmit the phase-modulated 
sound from the broad-band transducer. The transmission of 4 kHz sound for Q=3 
requires the frequency band-width of 4 kHz/3= 1.3 kHz which the present 
transducer satisfies. The time resolution for multi-ray arrivals ( rt ), defined as one-
digit length of M sequence, is given 0.75 ms. The 4 kHz carrier, phase-modulated 
by one period (3.0713 s) of 12th order M sequence, was released every 10 minutes 
at the synchronized timing from all the acoustic stations (HS1, HS2, KS1 and 
KS2). The received signals are cross correlated with the M-sequence replica every 
transmission, resulting in the correlation waveforms. The travel times are 
determined at a maximum peak in each of correlation waveforms, obtained every 
10 minutes. Only the maximum correlation peaks which satisfy SNR>4 for Aki-
nada and SNR>5 for Bungo Channel are taken into consideration in the analysis. 
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The 10-min interval original data were smoothed through an hourly moving 
average (7 ensemble average) to increase the signal-to-noise ratio (SNR) of 
received signals by 20log 7  =8.5 dB in dB unit. The tidal components are 
removed from the received data by the 40-hour low-pass filter (Butterworth filter). 
The SNR is further increased by 20log 41  =16.1 dB through the low-pass filter 
(41 ensemble average of the hourly data). 

3. SOME FORMULATIONS FOR DATA NALYSIS 

3.1 Range-averaged current and sound speed 
The path-average  velocity Vm and sound speed Cm along the transmission line 

between two acoustic stations may be estimated from the differential travel time 
t  and mean travel time tm, respectively, in the following formulae: 

mm VC
Lt1     (3.1)               

mm VC
Lt2      (3.2) 

where L denotes the station-to-station distance, and the t1 and t2 denote the travel 
times from T1 to T2 and from T2 to T1, respectively. By solving the coupled 
equations (3.1) and (3.2), we obtain 
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where 12 ttt , mttt 21  and 2/)( 21 tttm . 

3.2 Conversion into temperature from the sound speed data 
The sound speed is formulated with the temperature T [ ], salinity S [psu] 

and depth D [m] as follows: 
 

 
 
 
 
In Aki-nada and the Bungo Channel without big river discharge, the effect of 
salinity to the sound speed is much smaller than that of temperature. Then the 
salinity is given as a fixed value. The temporal variation of sound speed C(t) is 
calculated from the travel time data obtained in the sound transmission 
experiment. The temporal variation of temperature T(t) is estimated from the 
sound speed data under the fixed values of S and D.  

 
3.3 Conversion into the actual current from the along-line current 

The along-line current oV  is measured by the reciprocal sound transmission  
between the acoustic stations T1 and T2 (Fig.3). The actual current aV  can be 
calculated approximately from the actual sea level data a  in the nearest tide 
gauge station, using the long wave theory. 
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where H is the average floor  depth and g the acceleration due to gravity. The 
angle ( ) of the actual current measured from the transmission line is determined 
form the following equation: 
 
         
 
where o is the sea level change corresponding to the along-line current. 

           

Fig.3: Sketch showing the relation of the actual current aV  to 
the along-line current oV

 

3.4 Accuracy of current and sound speed measurements 
The time resolution is related to the one-digit length of M sequence ( rt ) which 

is the resolution for multi-ray arrivals. The accuracy of current measurement mV  
is given by substituting rt into t in Eq. (3.3). Differentiating Eq. (3.4) with mt  
under the fixed L, we get the deviation ( mC ) of mC to the small change ( mt ) of 

mt as follows: 

m
m

m t
L
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2

    (3.8) 

The mC reduces to the accuracy of sound speed measurement when mt  is 
replaced by rt .The accuracy of temperature mT  is obtained from the partial 
derivative of the sound speed formula of Eq. (3.5) under fixed S and D as follows: 
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4. RESULTS 

4.1 Aki-nada experiment  
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The path-averaged current is converted into the actual current, using Eq.(3.7) 
with 60 . The path-averaged temperature is calculated by substituting S=33.0 
psu and D=20 m for the first period (Feb. 4 – Jul. 25) and S=31.5 psu and D=10 m 
for the second period (Sep. 5 – Oct. 27) into Eq. (3.5). The SNR threshold for 
picking up the maximum arrival peak is taken as SNR=4. The actual current and 
path-averaged temperature are shown with the time plots in Fig.4. The 10-min 
interval original data, hourly mean data and 40-hour low pass filtered data are 
shown together in the figure. The hourly mean tidal current oscillates in the range 
of sm /2.1 . The mean current obtained through the 40-h low pass filter 
(Butterworth Filter) shows a weak negative current except July-August. The 
fortnightly mean current during Apr. 14-27 (13.66 days) is -0.079 m/s. The 
temperature takes a minimum value of 9.4  on Mar. 15 and a maximum value of 
25.5  on Sep. 20. The sound transmission temperature is in good agreement with 
the CTD temperature, provided monthly for the nearest station by the Hiroshima 
Prefectural Technology Research Center (HPTRC).  

The results of the harmonic analysis for the four major constituents are shown in 
Fig.5  together with the sea level height (SSH) data in the nearest tide gauge 
station (Kikuma). The maximum current and SSH occur at almost the 
synchronized tidal phase. The residual current is estimated -0.080 m/s for period-1 
and -0.077 for period-2. 

    

(a) February 4 - July 25                         (b) September 6 – October 27 

Fig.4: Time plots of the actual current and path-averaged temperature (Aki-
nada). The 10-min interval data, hourly mean data and 40-h low-pass filter data 

are shown with the red, green and blue solid lines, respectively. The monthly CTD 
data, provided  for the nearest station by HPTRC are also shown with the circles. 
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(b) February 4 - July 25                         (b) September 6 – October 27 

Fig.5: Results of the harmonic analysis for the four major constituents (Aki-nada) 
The predicted sea level data in the nearest tide gauge station is shown in the 

upper panels. 
 
4.2 Bungo Channel experiment 

The path-averaged current is converted ino the actual current, using Eq.(3.7) 
with 78 . The path-averaged temperature is calculated by substituting S=34.5 
psu and D=10 m into Eq. (3.5). The SNR threshold for picking up the maximum 
arrival peak is taken as SNR=5. The actual current and path-averaged temperature 
are shown with time plots in Fig.6(a). The 10-min interval original data, hourly 
mean data and 40-hour low pass filtered data are shown together in the figure. The 
tidal current for the hourly mean data oscillates in the range of sm /8.0 . The 
fortnightly mean current during Apr. 8-21 is -0.103 m/s. The similar mean current 
is also obtained during Apr. 8-21 when the dense data exist in the 40-h low pass 
filter plot. The temperature takes a minimum value of 15.3  on Mar. 15 and a 
maximum value of 16.0  on Apr. 21. The sound transmission temperature is in 
rough agreement with the CTD temperature, provided in the station nearest to the 
transmission line by the Oita Prefectural Agriculture and Fisheries Research 
Center.  

The results of the harmonic analysis for the four major constituents are shown in 
Fig.6(b) together with the sea level height (SSH) data in the nearest tide gauge 
station (Uwajima). The maximum current and SSH occur at the synchronized tidal 
phase. The residual current is estimated -0.112 m/s. 

   
 

Fig.6: Time plots of actual current, path-averaged temperature and predicted 
SSH.

(b) SSH data at Uwajima tide gauge 
station (upper) and the harmonic 
analysis results for major four 
constituents (lower, blue line). 

(a) Actual current and path-averaged 
temperature. The 10-min interval 
data, hourly mean data and 40-h low-
pass filter data are shown with the 
red, green and blue lines, respectively. 
The monthly CTD data, provided in 
the nearest station by the Oita 
Prefectural Agriculture and Fisheries 
Research Center are also shown with 
the thick circles. 
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5. SUMMARY AND DISCUSSION 

The long-term variations of current and sound speed were measured by the 
reciprocal sound transmission method in Aki-nada and the Bungo Channel of the 
Seto Inland Sea, Japan. In the Aki-nada experiment, the residual current from the 
4-constituent harmonic analysis is estimated -0.080 m/s for period-1 and -0.077 
m/s for period-2. The residual current of -0.112 m/s is obtained in the Bungo 
Channel experiment. It is likely that the fortnightly-mean westward current of -
0.079 m/s in Akinada is connected to the fortnightly-mean southward current of -
0.103 m/s in Bungo Channel. The accuracy of current measurement for one 
sample is 0.062 m/s for Aki-nada and 0.022 m/s for Bungo Channel, but these 
accuracy are much reduced to 0.004 m/s and 0.001 m/s, respectively, through the 
40-h low-pass filter procedure (241 ensemble averages). It is concluded that the 
observed mean and residual currents are significantly over the error levels. 
  Detailed discussion on the temperature (sound speed) accuracy is not provided 
here because the accuracy is evaluated less than 0.01 C . 
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Abstract: Ocean current profiling using ocean acoustic tomography (OAT) was conducted 
in the Kuroshio Current southeast of Taiwan from August 20 to September 15, 2009. 
Sound pulses were transmitted reciprocally between acoustic stations placed near the 
underwater sound channel axis and separated by 48 km. Based on the result of range-
dependent ray simulation, water column and the received signals were divided into three 
depth layer and three ray groups. The average differential travel times from these ray 
groups were used to reconstruct the vertical profiles of currents. The currents were 
estimated with respect to the deepest water layer via two methods: an explicit solution and 
an inversion with regularization. The strong currents confined to the upper 250 m rapidly 
weakened toward 500 m in depth. Both methods give similar results and are consistent 
with shipboard acoustic Doppler current profiler results in the upper 150 m as well as 
HYCOM ocean model results; results are consistent within estimated uncertainties. 

Keywords: Ocean acoustic tomography, Profiling measurement, Velocity inversion, 
Kuroshio Current  
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1. INTRODUNTION  

Ocean acoustic tomography (OAT) is a powerful method that can estimate the structure 
of sound speed (mainly proportional to temperature) and current in the ocean. Other than 
coastal sea studies (e.g., [1]), most previous OAT experiments have been carried out in the 
deep ocean, characterized with a full structure of the underwater sound channel [2]. 
However its application to shallower regions with a sound speed profile decreasing toward 
the bottom from the surface was limited [3]. Major difficulties of acoustic tomography in 
shallower regions result from bottom bounces of propagating sound signals. Due to the 
complicated bottom topography and the oceanographic variability, arrival patterns of the 
sound signal change easily. Further, acoustic multipath arrivals overlap and form groups, 
making the ray resolvability worse. Therefore the deep-water paradigm of stable, 
identifiable ray travel times is not available in shallower regions.  This reason leads to 
infrequent application of OAT to the western boundary current (WBC) regions locating 
along the continental slopes in spite of the oceanographic importance of WBC. 

The OAT is an intelligent method to make long-term measurements even for shallower 
regions because the deployed systems are compact, near the seafloor, and robust to 
activities of fishing and shipping. An OAT system, placed near the underwater sound 
channel axis where only its upper half is constructed, measured path averaged current in 
the Luzon Strait with the Kuroshio intrusion and strong internal tide activity [4]. The 
emphasis in this paper is on determining the time-dependent current profile above the 
sound channel axis that is near the bottom from the reciprocal sound transmission 
experiment at southeast of Taiwan. Instead of the conventional method identifying each 
ray, a three–ray group method is proposed using averaged arrival times for multiple peaks 
within each of the groups to reconstruct the vertical profiles of current.  

2. EXPERIMENT  

An OAT experiment composed of three acoustic stations (T1, T2 and T3) distanced by 
about 50 km was carried out in the Kuroshio southeast of Taiwan from August to 
September, 2009 (Fig. 1). Because of the hardware troubles of instruments, reciprocal data 
were obtained over 25 days from August 20 to September 15 between T1 and T2, and over 
5 days from August 12 to 16 between T2 and T3. The distances are 48.07 km for T1T2 
and 52.77 km for T2T3. The seafloor depth ranges from 900 m to 1300 m between T1 and 
T2 and from 1300 m to 2700 m between T2 and T3. Sound was transmitted from all the 
subsurface systems every 1.5 hours with 5 minutes alternate (not simultaneous due to the 
pulse length greater than the station-to-station distance as well as instrumentation 
constraints for monostatic sonar). Sound transmission was performed in order of T1, T3 
and T2. The parameters of acoustic signal selected are listed in Table 6.1. 

The shipboard ADCP survey (RDI 150 kHz Ocean Surveyor) was performed to collect 
data on August 19. The ADCP measured ocean currents in the depth range from 10 m to 
150 m below the sea surface. On the mooring lines T1 and T3, a current meter was 
attached at the depth of 1030 m and 950 m, respectively. CTD casts were conducted at T1 
and T2 during the deployment and recovery cruises to know the reference sound speed 
profiles. 
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Fig.1: Location map of the observation site. The bathymetric chart around the 

observation site is shown in a magnified scale in the right side of the figure (contour 
interval is 500 m). OAT systems were suspended about 200 m above the seafloor. 

 
Carrier frequency (f0) 800 Hz 
Order of M-sequence 12 
Cycles per digit (Q) 12 
Digit length 15 ms 
One digit number 4095 digits 
M sequence period 61.425 s 
Number of periods 1 

Table 1: Transmission signal parameters 

3. RAY SIMULATION AND GROUPING 

Ray simulation is performed by using the range-dependent sound speed profile, 
constructed from the HYCOM data around the tomography site (consistent with CTD 
casts) provided by the Naval Research Laboratory [5]. Figure 2 shows the simulated ray 
diagram and travel time distribution together with typical snapshots of measured arrival 
patterns during the experiment for the T1T2 pair. Identification between simulated rays 
and each peaks in the arrival patterns is not applicable because observed peaks (Fig.2c and 
2d) scatter around the simulated travel times. Instead of identifying each ray, we propose a 
method of grouping and averaging for multiple arrival peaks, referred to as the ray group 
method. Considering the distribution of ray paths from the surface to bottom, we shall here 
divide water depths and arrival peaks into three water depth layer (lower, middle and 
upper layer) and three arrival groups (group 1, 2 and 3). Each ray group are selected to 
travel through only the lower layer (>500 m), the lower to middle layer (>250 m) and all 
three (lower to upper) layers, respectively. The 2nd ray group has travel times form 70 ms 
to 140 ms, measured relative to the first arrival time. The 3rd ray group has relative travel 
times of 140 ms or greater. Pairs of arrival peaks are searched for within each group and 
the differential travel times are determined by averaging all the obtainable pairs within 
individual arrival groups. The time series of differential travel times averaged within each 
group are smoothed with the 5-day Hamming window to reduce noise. 
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Fig.2: Ray simulation and typical arrival patterns. Four sound speed profiles are 

shown in the left panel of (a): two are the temporal average of the HYCOM model and the 
other two are from CTD casts, both are at T1 and T2, respectively. The results of the 

range-dependent ray simulation are shown with (a) the ray pattern and (b) the travel time 
versus launch angle plot. Typical examples of the reciprocal arrival patterns observed at 

(c) T1 and (d) T2 are also shown.  

4. RECONSTRUCTION OF CURRENT PROFILE 

The differential travel times  for the three ray groups (group 1, 2 and 3) are 
formulated by the contributions from current velocities, sound speeds and path segments 
crossing each depth layer (lower, middle and upper layer). With the layer number counted 
upward from the deepest layer, the  with the clock error err (observed travel time 
include travel time error because of the hardware troubles in this experiment) may be 
expressed as follows:  

err

3

1
2 22

j j

jij
i C

ul
, (1)

where Cj and uj are the range-averaged sound speed and horizontal current velocity for the 
j-th layer, respectively. By assuming that current velocity at the lower layer (u1) is equal to 
the results of current meter data attached at the depth of around 1000 m after subtracting 
the differential travel time of the Ray-1 from those of Ray-2 and Ray-3, (1) reduces 
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where current velocity obtained from the current meter is expressed as uCM. Equation (2) 
reduces to the form y=Ex, where y is the data vector, E the observation (design) matrix 
and x the unknown variable model vector containing the layered currents. In the inverse 
analysis, the error vector n should be added on the right side of it. In this paper, two 
methods are used to reconstruct the vertical profiles of overlying current profiles: an 
explicit solution and an inversion accompanied by a regularization technique. Since the 
design matrix E is a lower triangular matrix, the explicit solution can be obtained directly 
in order of u1, u2 and u3. In the inversion, we find a smoother solution by regularization 
[6]. The expected solution x and solution uncertainty P is given by  

yELLEEx T1TT~  
1)T( LLEEP T  

(3)
(4)

where  is a Lagrange multiplier and superscript T denotes the transpose of the matrix. L 
is the second derivative operator, constructed by three consecutive depth layers. This 
smoothness measure penalizes the solution in such a way that it is rough in a second 
derivative sense. 

The layered currents (u1, u2 and u3 numbered in order from the bottom) determined 
from both the explicit method and inversion with regularization are shown in Fig.3a with 
the time plot. The solution uncertainty is presented in Fig. 3b for the validity of inversion 
and the HYCOM currents are shown in Fig. 3c for comparison. The inversion and the 
explicit solutions are very similar except that steep decreases of current velocity from 
upper layer to middle layer in the explicit solution are moderated in the inversion. The 
solution uncertainty varies in the range of 9 to 13 cm/s for the upper layer, is 6 cm/s for 
the middle layers, and is less than 10 cm/s for the lower layers. The HYCOM data have a 
temporal variation similar to the current estimates. The 10-day period oscillation is visible 
in the upper two-layer results (explicit solution, inversion and HYCOM) in spite of only 
twice occurrence during 25 days. It may be caused by the baroclinic instability of the 
Kuroshio front east of Taiwan. The vertical current profiles are constructed at depths of 
125 m, 375 m and 900 m, corresponding to the midpoints of the respective layers (Fig. 
3d). The shipboard ADCP profile taken on August 19 is compared with the explicit 
solutions, inversion, and HYCOM profiles for August 21 (the center of 5-day smoothing 
window). A good agreement is obtained among the explicit solution, inversion and 
HYCOM data. The ADCP data differ from the other three measurements for the following 
possible reasons: 1) they are non-simultaneous measurements, with a 2 day time 
difference. 2) the ADCP only covers half of the upper layer. If the ADCP data were 
extrapolated to 250 m depth, the agreement would appear better.  
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Fig.3: (a) Comparison of the explicit solution (indicated by the solid lines) and 

inversion (dashed lines). (b) Uncertainty estimate for inversion with regularization. (c) 
HYCOM model data. The triangle, square and circle symbols are assigned for the upper, 
middle and lower layers, respectively. (d) Comparison of the vertical profile of the depth 

averaged currents with the shipboard ADCP results for the data on August 21. 

5. SUMMARY 

The vertical profile of current in the Kuroshio southeast of Taiwan is reconstructed 
from the grouped differential travel time data “the ray group method”. Two solutions 
(explicit solution and inversion) are in good agreement. The HYCOM and ADCP data 
agree satisfactory with the result of tomographic inversion while small differences exist in 
the vertical shear of current and its absolute value, respectively. 
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Abstract: Continuous measurements of cross-sectional average water velocity/ tempera-
ture and flow rate were conducted in a mountain river using an acoustic technology called 
Fluvial Acoustic Tomography (FAT). The river at observation site is 115 m wide with a 
bed slope of about 0.11 %, and the mean water depth varied in a range from 0.87 m to 
2.05 m for the observation period. Reciprocal sound transmission was performed between 
two acoustic stations located on both sides of the river. Horizontal distance between the 
two 25 kHz transducers was approximately 296 m. The flow rates measured using FAT 
were compared to those estimated by moving-boat Acoustic Doppler Current Profiler 
(ADCP) and rating curve (RC) methods. FAT estimates were comparable to RC estimates 
and in good agreement with ADCP estimates over a range of 20 to 460 m3/s. Although the 
water temperature estimated from mean sound speed is sensitive to the change of ray 
length, it was speculated that the temperature error was small ( 0.1 degree) and had 
little correlation with the water depth because the aspect ratio of the oblique cross-section 
was large (0.295% ~ 0.693%). The difference between water temperature near the river 
bank and the cross-sectional average water temperature estimated by FAT was induced by 
solar insolation. Although flood event induced a decrease of about 15 dB in the signal-to-
noise ratio (SNR) of FAT, the accurate detection of sound arrival time was kept. Under 
extremely shallow conditions, the SNR decreased with decreasing water depth and was 
sensitive to the insolation, i.e., the SNR presented diurnal fluctuations. 

Keywords: Shallow water acoustics, flow rate, water temperature, gravel-bed river 
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1. INTRODUCTION

The acquisition of continuous measurements of river discharge is a high priority issue 
for water resource management, and real-time knowledge of streamflow is an environmen-
tal, social, and economic asset. Therefore, establishing a method and/or technology for 
quantifying streamflow is of paramount importance. The streamflow can be estimated as 
the product of cross-sectional area and cross-sectional average flow velocity. However, 
such spatial average is not easily obtained with conventional measurement methods under 
unsteady condition. One of the most widely practiced methods is to determine the stage-
discharge relationship (rating curve: RC) using many field observations. However, the 
stage-discharge relation may vary with time, bed roughness, or channel geometry. Moreo-
ver, it is hard to estimate streamflow from the stage in tidal rivers.  

For continuous measurement of streamflow, several different pieces of equipment are 
available, such as acoustic velocity meters (AVMs) [1] and horizontal acoustic Doppler 
current profilers (H-ADCPs) [2]. AVMs, which are based on the time-of-travel method, 
have the potential to produce accurate measurements of the mean line velocity along paths 
that diagonally transverse a channel. It is assumed that the acoustic path is essentially a 
straight line and that an accurate correlation exists between the integrated line velocity and 
cross-sectional average velocity. However, refractions of the acoustic path under stratified 
conditions cause unacceptable uncertainties in determination of the streamflow [1]. The 
profiling range of H-ADCP is often limited by the insufficient acoustical backscatter. In 
addition, there are main and side-lobe beam interferences due to surface or bottom reflec-
tion, beam separation and inflection problems. 

Kawanisi et al. [3] conducted long-term measurements on the cross-sectional average 
velocity and streamflow in a tidal channel using the FAT (Fluvial Acoustic Tomography) 
system. In addition, the system was employed in a shallow, wide gravel-bed river [4]. The 
present paper describes results of long-term measurements for sound-to-noise ratio, cross-
sectional average velocity and water temperature. The 3-month records allowed us to in-
vestigate the sound propagation in shallow water environment, fluctuations of streamflow 
and cross-sectional average water temperature. 

2. EXPERIMENTAL SITE AND METHOD 

2.1. Study area 

A FAT (Fluvial Acoustic Tomography) experiment was carried out during May 23 to 
June 14, 2012 in the Gono River, western Japan (Fig.1), and a 115 m wide straight reach 
of the river was selected for the location of the transducers. The water depth in the prox-
imity of the transducers was approximately 0.5 m under low-flow conditions. 

The two major tributaries of the Gono River are united at 2.7 km upstream from the ob-
servation site, and the confluent rivers meet the Gono River 0.9 km downstream from the 
junction. The Gono River catchment area is 3900 km2 and the streamflow is estimated by 
RC at the Ozekiyama gauging station (Fig.1), which is located 1.1 km upstream of the 
observation site. 
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Fig.1: Study area and experimental site: (a) location map showing the position of the 

transducers, ADCP transect and the Ozekiyama gauging station; (b) configuration of 
stream velocity vector; (c) oblique cross-section in which sound rays of FAT create multi-

path. H denotes height in meters above sea level (masl). 
 

The grain size distribution at the observation site indicates an average median size (d50) 
of 27 mm and an average d90 of 115 mm [4]. The grain size distribution signals lack of 
fine sand, silt and clay. 

2.2. Measurement method 

The applied basic principle is similar to what is used in AVMs [1]: “time of travel 
method”. In contrast to AVMs that are only capable to resolve the leading edge of re-
ceived signal, FAT is capable to detect the arrival time of a group of signals transmitted at 
each measurement [3, 4]. The reciprocal sound transmission that was performed between 
the two acoustic stations, located on both sides of the river, enable us to measure range-
averaged sound speed and flow velocity along the ray path. The FAT equipped with four 
25-kHz broadband transducers with horizontally omnidirectional and vertically hemi-
spherical beam patterns was used The acoustic pulses were triggered by a GPS clock and 
were transmitted simultaneously from all transducers every 60 seconds. The acoustic pulse 
was comprised of a single 10th order M-sequence. The bandwidth of the transmitted pulse 
was 8.33 kHz (one-sided). 

A couple of broadband transducers (T257, Neptune Sonar Ltd.) were installed at the 
both banks of the river. The positions are shown as T1 and T2 in Fig.1. The transducers 
were mounted at height of 0.3 m above the bed. The horizontal distances between two 
transducers were about 296 m. 

Flow rate Q  is expressed by the following formula: 
sin( ) ( ) tanm mQ v A H u A H                                                                      (1) 
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where ( )A H  is the cross-sectional area along the transmission line of T1-T2, mv  is the 
stream velocity ( os/ cmu ), mu  is the cross-sectional average velocity along the transmis-
sion line, and  is the angle between the ray path of T1-T2 projected to the horizontal 
plane and stream axis (see Fig.1b). The water level H was deduced by a linear interpola-
tion from the water levels measured at T1 and T2. The water levels were measured every 
10 minutes by water level loggers attached to the transducers of T1 and T2. A barometer 
on the riverbank was used to record atmospheric pressure. 

Figure 1c presents the oblique cross-section along T1-T2, in which the sound rays of 
FAT were propagated by repeated reflections from both surface and bottom. Since accu-
rate evaluation of ray path length was not possible, it was estimated from the measured 
mean arrival time and the sound speed calculated using the mean water temperature under 
well mixed condition (flood event). The mean ray length L was 195.78 m. The maximum 
increase that arises from the multiple reflections between the water surface and the bottom 
was around 0.3 m from the ray tracing in the constant sound speed. 

The water temperatures were measured by temperature sensors of the water level log-
gers. The measurement intervals and accuracy were 10 minutes and 0.37 C . The cross-
sectional average temperature can be estimated from the sound speed measured by FAT 
and the water depth. Medwin’s formula [5] for the sound speed c  is given as a function of 
the temperature ( C)T , salinity S , and depth (m)D  at 0 35 C,T   0 45S , and 
0 1 000D  m: 

2 4 31449.2 4.6 0.055 2.9 10 (1.34 0.01 )( 35) 0.016c T T T T S D      (2) 
For freshwater, the cross-sectional average sound speed mc  can be expressed as:  

2 4 31402.3 4.95 0.055 2.9 10 0.016m m m m mc T T T D                     (3) 
where mT  is the cross-sectional average temperature and mD mean water depth.  and  
are correction coefficients for temperature distribution in the cross section. They are given 
as: 

              
2 3

1 1,
A A

m m

T TdA dA
A T A T

                                              (4) 

Since the temperature deviation ( )mT T  is usually small, it can be deemed that  and  
are approximately 1. 

Reference discharge data were collected by performing moving-boat ADCP measure-
ments at the Ozekiyama gauzing station. The ADCP transect relative to the FAT acoustic 
path can be found in Fig.1a. A Teledyne RDI Workhorse Monitor ADCP operating at 
1228.8 kHz was used. 

3. RESULTS AND DISCUSSIONS 

3.1. Sound propagation in the river cross-section 

The shallow water environment is remarkably different from the deep water environ-
ment. The most important difference between deep and shallow water acoustics is the 
boundaries, i.e., the surface and bottom. In shallow water, the water surface and the bot-
tom are almost unavoidable boundary conditions for sound propagation.  

Figure 2 shows time series of the mean water depth, the water temperature removed a 
linear trend and the signal-to-noise ratio (SNR) of the FAT system. The water temperature  
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Fig.2: Temporal variations in: (a) mean water depth, (b) water temperature fluctua-

tions near the river bank and (c) sound-to-noise ratio (SNR). 

was estimated using temperature data of the water level loggers near the river bank. The 
mean water depth ranges from 0.87 to 2.05 m during the observation period. The water 
temperature shows clearly a diurnal variability. 

The SNR presents large fluctuations; it ranges from 13 to 40 dB. The FAT system 
could not detect accurately the sound arrival when SNR was smaller than around 15 dB. 
Several factors come into play in the fluctuations: high suspended sediment concentration 
induced by precipitation/flood events, the change of the water depth, inhomogeneous wa-
ter temperature, etc. The scattering from changing bottom topography could also have an 
effect on the SNR. However, considering the flow velocity it looks impossible that the bed 
topography could change during the observation period because relatively large gravels 
are the main constituent material of the bed. 

Under extremely shallow conditions 1 mmD  , SNR decreases with decreasing water 
depth and SNR appears to be sensitive to the insolation/water temperature fluctuations T , 
i.e., the SNR presented diurnal fluctuations; the peaks of SNR are well accorded with val-
leys of T and vice versa (see Fig.2b’ and c’). It seems that the inhomogeneous tempera-
ture field decreases the SNR. As seen in Figs.6a and 6c, the sharp dips in the SNR time 
series are probably caused by the flood events. 

3.2. Temporal variation in cross-sectional average velocity and streamflow 

The flow rates estimated by the FAT were validated by moving-boat ADCP measure-
ments. Besides, FAT estimates were compared to those from the latest rating curves (RCs) 
available, which were established from stream gauges at the Ozekiyama gauging station 
through 2011. 

Figure 3 shows the temporal variations in the cross-sectional average velocity and 
streamflow according to FAT system. The velocity resolution enhances proportional to the 
ray path length and the acoustic frequency [4]. In the present study, the relatively low ve-
locity resolution ( 0.07 m/s)  signals the necessity of averaging the results over a certain 
interval. The statistical reliability of the FAT increases with the square root of the number  
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Fig.3: Temporal variations in: (a) cross-sectional average velocity and (b) streamflow 

(green line denotes RC estimate at Ozekiyama gauging station). 

                                                    Fig.5: Power spectrum of discharge fluctuations 

of the samples per ensemble. To reduce the uncertainty of the estimate, 20 samples were 
averaged in the present study. Therefore, the uncertainty due to the low velocity resolution 
can be decreased to 0.07 / 20 0.016 m/s . The cross-sectional average velocity ranges 
from 1.7 m/s to 0.3 m/s under low-flow conditions. 

As shown in Fig.3b, the streamflow from the latest rating curves (RCs) is comparable 
with FAT estimates. The relation between FAT and moving-boat ADCP estimates is 
shown in Fig.4. Note that additional large estimates, which were measured on 6th July, are 
presented in Fig.4. The FAT estimates are comparable to RC estimates and are in good 
agreement with the ADCP estimates. 

Catchment characteristics can be deduced from river discharge time series. Dolgonosov 
et al. [6] proposed a model of river runoff power spectrum. In the deduction of the analyti-
cal expression, all features of the catchment such as the structure of river network, the 
presence of lakes and reservoirs, precipitation characteristics, etc., are implicitly included 
into the model parameters. The power spectrum is expressed by 

Fig.4: Relation between FAT and ADCP 
estimates. 
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The runoff spectrum is the product of the precipitation power spectrum and the Lo-
rentzian factor 2 21/ cf f damping. The exponent  is approximately 1. If f  is small 

compared to the crossover frequency cf , 1/f-noise specifies behaviour of the spectrum.  
Meanwhile when f passes through the point cf  the Lorentzian transforms into 2f and 
being multiplied by 1/ f , it yields a trend of 21/ f at high frequencies. 

Figure 5 presents power spectrum of discharge fluctuations. The exponent value in the 
mid frequency region is approximately 3. The crossover frequency 43 10cf  min 1 
corresponds to a period of 2.3 days. The crossover period may be proportional to the ratio 
of the catchment length and mean flow velocity. Namely, the crossover depends on the 
catchment length and the mean bed slope. Thus, the crossover frequencies for Japanese 
rivers are high because the mean bed slopes are steep and the catchment lengths are small. 
The FAT measurement shows that the upper limits of the power-law is 32 10 min 1. The 
spectrum has another trend slope 1.44 at the higher frequencies than the upper limit.  The 
slope may be related to human activity such as discharge from dams and the rest. 

3.3. Temporal variation in cross-sectional average water temperature 

Figure 6 shows temporal variations in the cross-sectional average water temperature mT  
and mean value of data from the temperature sensors sT . The water temperatures increase 
as time advances with diurnal fluctuations as shown in Fig.2b. The temperature difference 
between sT and mT  is shown in Fig.6b. The difference is larger under low-flow condition. 
The peaks of T are accorded with the temperature peaks. The red line denotes daily av-
erage value. It is found that T increases with the elevated water temperature. 

The relative error ( / )m mT T  of the cross-sectional average velocity is equated to the 
relative error of the ray length ( / )L L . Thus, the velocity error caused by the error of ray 
length is negligible. However, the water temperature deduced from sound speed is sensi-
tive to /L L because the underwater sound speed is large. The error of cross-sectional 
average temperature is given as: 

   4 2 450
4.95 0.11 8.7 10

m
m

m m

L LT
T T

c
L L

                                  (6) 

The ray length can vary with the water depth.  As a result, a significant error of  mT  

may be induced by the variation of water stage. However, the temperature difference 
T is not connected with the mean water depth mD . For the well mixed period, the tem-

perature error appears to be small ( 0.1 C) . 

4. CONCLUSIONS 

The FAT equipped with omnidirectional 25-kHz broadband transducers can be used to 
estimate cross-sectional average water velocity/temperature from multiple ray paths that 
cover the cross-section of a stream. The signal-to-noise ratio (SNR) presented large fluc- 
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Fig.6: Temporal variations in: (a) water temperatures and (b) temperature difference.  

tuations, i.e., SNR ranged from 13 to 40 dB. Under extremely shallow conditions 
( 1 m)mD  , SNR decreased with decreasing water depth. It seems that the inhomogene-
ous temperature field decreases the SNR. The flow rates measured by FAT were compared 
to those estimated by moving-boat Acoustic Doppler Current Profiler (ADCP) and rating 
curve (RC) methods. FAT estimates were comparable to RC estimates and in good agree-
ment with ADCP estimates over a range of 20 to 460 m3/s.  The present study and previ-
ous work [3, 4] strongly suggest that FAT is a reliable and accurate technique for the con-
tinuous measurement of streamflow and cross-sectional average water veloci-
ty/temperature. 
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Abstract: Jiaozhou Bay(JZB), located on the western coast of the Yellow Sea, is a semi-
closed bay with the maximum depth is over 60m in the narrow channel through which 
connect to the Yellow Sea, and the tidal current is frequently over 2m/s around this 
channel. The dynamical and biological environments of JZB were drastically changed by 
the reclamation projects. It is important to validate tidal current structures in the bay for 
shipping-traffic safety and environmental management.  A coastal acoustic tomography 
experiment was carried out during July 25-26, 2010 in the JZB. The carrier of frequency 
5kHz, modulated with the 12th order M-sequence was transmitted every 3 minutes from 
all stations. The reciprocal sound transmission was successfully among three systems near 
the mouth of JZB. The matched processing method, which is combined with travel time 
(ray) tomography method and empirical orthogonal function method, was applied to 
invert the vertical profile of tidal current in the JZB bay. Compared with traditional time-
of-flight (ray) tomography method, the subsection-equivalent method which separates the 
acoustic transmission path into two variable sections is adopted in order to consider the 
range-dependency of current. The vertical profiles of eastward and northward 
components of tidal current are in good agreement with shipboard ADCP observation. 
The RMS error of inversed result is between 0.01m/s and 0.05m/s. 

Keywords: coastal acoustic tomography, tidal current, vertical profile, inversion, 
JiaoZhou Bay 
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1. INTRODUCTION

A coastal zone is the interface between the land and water. These zones offer a wide 
variety of valuable habitats and ecosystems services that have always attracted humans 
and human activities. It is very important to balance the impacts of human activity with 
the protection of coastal and marine resources[1]. Because coastal zones are actually 
connected to open ocean, the global climate change as well as regional ocean environment 
might alter the physical, chemical and biological properties.  In order to predict, manage 
and protect the environmental status in coastal zones, such as Jiaozhou Bay (JZB) in the 
Yellow Sea, it is essential to monitor the variations of dynamical, chemical, biological and 
geological  parameters.  

 Jiaozhou Bay, located on the western coast of the Yellow Sea, is a semi-closed bay 
with the total area of about 380 km2 and the average water depth of 7m (Fig.1). The 
maximum depth is over 60m in the narrow channel with the connection to the Yellow Sea, 
and the tidal current is frequently over 2m/s around this channel. The Qingdao port has 
been rapidly developed as one of the top 20 trading ports in the world. The dynamical and 
biological environments of JZB were drastically changed by the reclamation projects. As a 
field station of Chinese Ecosystem Research Network, JZB is studied as one of the focus 
coastal zones, such as the project “Watersheds Nutrient Loss and Eutrophication” 
sponored by the Natural Science Foundation of China (NSFC)[2]. Tidal currents in the JZB 
have been mostly studied by numerical simulation[3][4] although they should be validated 
by observation. Many field experiment[5]-[7] have been deployed to validate tidal current 
structures in the bay due to its importance for shipping-traffic safety and environmental 
management. The observations are still not enough in spatio-temporal scale to estimate the 
current and temperature variations because of the difficulty of data acquisition under the 
crowded shipping traffic and fishing activity. 

  In contrast with the traditional current-measurement methods with a limitation in the 
ship route, the acoustic tomography measurement provides a more feasible method. After 
Munk[8] proposed to apply ocean acoustic tomography in the deep-ocean observation forty 
years ago, Almost all acoustic tomography experiments were performed in 1980s and 
1990s and focused on the inversion of  temperature field. The coastal acoustic tomography 
system (CATS), which has been developed by Hiroshima University, were well operated 
in the coastal seas around Japan and China and applied successfully to invert the 
horizontal distribution of tidal current[9]-[12]. The above results show that coastal acoustic 
tomography can become an accurate and efficient method for mapping tidal current 
structures in coastal regions.  

Besides inversion of horizontal distribution of tidal current, it is very necessary to 
validate the capability of inverting the vertical profile of tidal current in the coastal sea by 
coastal acoustic tomography, especially among the area (such as strait, channel, and mouth 
of bay) where the mooring or bottom-mounted systems are prohibited or deployed 
difficultly due to heavy shipping traffic and fishing. In this paper, an inversion method is 
developed to reconstruct the vertical profile of tidal current in the Jiaozhou Bay, China. 

2. FIELD EXPERIMENT 

An acoustic tomography experiment from multiple stations was carried out during July 
25-26, 2010 in the JZB (Fig.1). Seven coastal acoustic tomography (CAT) systems 
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constructed by Hiroshima University were deployed, three systems were deployed near the 
mouth of JZB, where the tidal current is strong and complicated among different tidal 
phase, and the rest four systems were deployed almost around the 4m isobaths.  

All systems were set up using anchored fishing boat, the broadband transducer was 
fixed to a steel pipe and hung down to about 3m depth from the side of boat, while the 
major components of the system such as electronic housing and battery were kept on the 
boat. The carrier of frequency 5kHz, modulated with the 12th order M-sequence was 
transmitted every 3 minutes from all stations. GPS clock was fed into the system to correct 
the time clock module. Due to the complicated topography and tidal front in the central 
part of JZB, the reciprocal sound transmission was only successfully among three systems 
near the mouth of JZB.  

During the tomography experiment, four downward looking ADCP were deployed 
from anchored boat, and the shipboard ADCP survey was applied to measure the current 
along the track which connected the tomography station during daytime.  

 

 
Figure 1 Location and bathymetry of Jiaozhou Bay.  

Red dot: Acoustic station, Yellow pentagram: ADCP site 

3. INVERSION METHOD 

The classical time-of-flight ray inversion method, which is based on the ray theory, 
tries to apply the perturbation of travel-time of ray to invert the environment parameters. 
By considering the reciprocal acoustic transmission data, the relation between the 
perturbation of travel-time of ray and current is given as, 

2
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22
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i i i u nds

c                                                               (1) 
where u

i2 is the difference of travel-time of reciprocal transmission caused by current 
vector u, i means the ith ray, 0c is the reference sound speed. In order to obtain the vertical 
profile of current, the current velocity is considered as layered structure )(zu  (z=1,2, …, 
M),  the ray path can be calculated by ray simulation, then the distance which each ray 
pass among each layer z can be decided as )(zsi ,  Eq.(1) can be modified as, 
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Finally by applying matched field processing, the vertical profile of current velocity can 
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be reconstructed. 
Empirical orthogonal function is used widely in many domains, especially in temporal 

and spatial geophysical data analysis. With EOFs we can construct the vertical profile of 
current as following: )()()( 0 zuzuzu , where )(zu  is the real current profile, )(0 zu is 
the mean or background current profile, )(zu  is the perturbation of current profile with 

i ii zEzu )()( , and i  is the coefficient of the ith EOF mode. We may only consider a 
few EOF modes to construct the vertical profile of current and reduce the number of 
inversion parameter and computation burden. 
   Current velocity inverted by Eq.(1) or Eq.(2) is the range-averaged result along the 
acoustic transmission track, it can be assumed feasible only when the current horizontal 
structure is almost homogenous between two acoustic station. Actually this assumption is 
not always realistic due to the complicated current field, especially among the narrow 
mouth of bay, where the vortex can be formed easily near the cape.  

As a consequence the subsection-equivalent method combined with time-of-flight ray 
inversion method is proposed to invert the current structure under the range-dependent 
situation. By dividing the ray path into N section, the travel-time of each ray is the 
summation of ray travel-time by passing each nth subsection-length )(zsn . Furthermore the 
current velocity can be separated into south-northward and east-westward components, 
then the difference of travel-time of each ray can be given by,  
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where is the angle between acoustic transmission line and east direction. 

4. RESULTS 

4.1. Experiment data 
Fig.2 shows the time series of sea level during JZB acoustic tomography experiment, 

the whole duration of acoustic transmission occupied about 20 hours, which is longer than 
the whole semidiurnal period,  the time during flood tide is longer than ebb tide and the 
tide range is about 3m. 

Figure 2 Time series of sea level during coastal acoustic tomography experiment period. 
 

Fig.3 shows the CTD observation near the mouth of JZB during acoustic tomography 
experiment period. It can be seen that the stratification was appeared among upper 10m 
depth layer, the positive gradient for temperature profile is due to sunshine in summer 
season and the negative gradient for salinity profile is due to the runoff of several rivers in 
those flood season. The above temperature and salinity profile are used in ray simulation 

Time 
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to identify the arrival peak of acoustic signal and calculate the ray-length )(zsi in Eq.(2). 
Fig.4 shows the stack diagrams of correlation waveforms of received acoustic signal 
during 1:00-2:00 on July 26. The obvious arrival peak are identified and corresponded to 
the eigenray.  

           
Figure 3  Temperature and salinity profile near the mouth of JZB during tomography 

experiment period 

 
      Figure 4  Stack diagrams of correlation waveform at Station C2 (left panel) and Station 

C1 (right panel) 

           
Figure 5 ADCP observation of eastward(left panel) and northward(right panel) velocity 

components at M2

Figure 6 The first 3rd EOF functions for eastward (left panel) and northward (right panel) 
current velocity component at M2. 

The eastward and northward component of current velocity of ADCP measurement at 
M2 are shown in Figure 5, the tidal effect is obvious in the vertical profile, and it is almost 
homogenous in the vertical direction for eastward component, but there are weak gradient 

Salinity(psu)Temperature(deg.) 

Arrived Time Arrived Time 

Time Time

Amplitude Amplitude
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for northward component, especially during ebb tide. The first 3rd EOF functions for 
eastward and northward current velocity component at M2 are shown in Fig.6, the vertical 
distribution are almost similar between eastward and northward component,  and the total 
variance of these three EOF mode are over 95% of the whole variance. The vertical 
distribution of the first EOF function is almost straight line. After applying spectrum 
analysis for the principle component of each EOF mode, the variation period are 
corresponding to M2, M4 and M6 tidal component for the first 3rd EOF mode, respectively. 

4.2. Inversion result 
The vertical profile of current velocity along C1C2 section are shown in Fig.7 and Fig. 

8,  only two equivalent subsections are chosen for inversion. It can be clear seen that the 
current structure is quite different for these two equivalent sections, for eastward 
component, it is more stronger near St.C2 than those near St.C1 during flood tide period, 
because the tidal current are flowed into JZB along northern shoreline, on the other hand, 
it is reversed, the northward component is more stronger near St.C1 than those near St.C2 
during flood tide period , and the phase of northward component is about two hours earlier 
near St.C2 than that near St.C1. Another interesting phenomena is that near St.C2, the 
northward component is stronger during ebb tide period than those during flood tide 
period, but near St.C1, the northward component is stronger during flood tide period than 
those during ebb tide period. 

                  
Figure 7 Variation of eastward (left panel) and northward (right panel) velocity component 

near St.C 1 along C1C2 section 

                 
Figure 8 Variation of eastward (left panel) and northward (right panel) velocity component 

near St.C 2 along C1C2 section 
In order to analyze the current structure in the JZB clearly, vector plot of horizontal 

distribution of depth-averaged current during flood phase, transition phase and ebb phase 
are shown in Fig.9. During flood tide period, the direction of current near St.C1 and St.C2 
is reversed, a clockwise vortex is formed near the mouth of JZB, which is also proved in 
numerical simulations[8]. During transition phase, the above vortex become weak, the 
direction of current are shifted to eastward a little. During ebb tide period, the water along 
three section are flowed out the JZB, the current along C1C2 section are stronger than 
those along the other two sections. 

 

Time Time 

Time Time 
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Figure 9 Horizontal distribution of depth-averaged current during flood phase(left panel), 

transition phase(middle panel) and ebb phase(right panel). 
 

To validate the inversion result, the inverted vertical profile of eastward and northward 
component are compared with shipboard ADCP observation, the correlation coefficient 
are 0.852 and 0.911, respectively, the RMS errors are 0.019m/s and 0.011m/s, respectively. 
The agreement between ADCP and inversion results are increased dramatically compared 
with the result by using the classical time-of-flight ray method.  

 
Figure 10 Comparison of vertical profile of eastward(left panel) and northward(right panel) 

component between inversion and ADCP observation 

5. SUMMARY
The vertical profile of tidal current structures in the JZB is well reconstructed by the 

inversion method which combined the subsection-equivalent and time-of-flight ray 
method, the inversion results are in good agreement with ADCP observations. This study 
implies that the coastal acoustic tomography provides an excellent tool to map the tidal 
structure in the coastal area. 

6. ACKNOWLEDGEMENTS  
This study is supported by the scientific research fund of State Key Laboratory of 

Satellite Ocean Environment Dynamics, China (SOED 1001), the National Nature Science 
Foundation of China (Grant No.41176033), the Ministry of Science and Technology of 
China (National Key Program for Developing Basic Science Grant No.2007CB411803) 
and the National High Technology Research and Development Program of China (Grant 
No. 2006AA09Z114).  

Velocity(m/s) Velocity(m/s) Velocity(m/s) Velocity(m/s) 

Difference Difference                                                                           

                                                                                                    

                                                     
                 

1st International Conference and Exhibition on Underwater Acoustics

553



 

REFERENCES 

[1] C.S. Biliana, Sustainable development and integrated coastal management, Ocean & 
Coastal Management, 21(1–3), pp 11-43, 1993. 

[2] Z. Liu, On Key Mechanisms Driving the Environmental Changes in Jiaozhou Bay—
Statistical Analysis of Abrupt Changes and Modelling Study on Water Age and 
Nutrients Transport in Jiaozhou Bay, East China Normal University, postdoctoral 
research report, 2006. 

[3] Y.L. Sun, and Y.M. Zhang, A three-dimensional variable boundary numerical tidal 
model for Jiaozhou Bay. Oceanolgocia ET Limnologia Sinica, 32, 355-362 (in 
Chinese, with Engilish abstract) 

[4] Y. Zhang, Y.L. Sun, J. Yu , D. W. Yuan, and R. J. Zhang , A Three-Dimensional 
Water Quality Model and Its Application to Jiaozhou Bay, China, China Ocean 
Engineering, 26(4), pp.669-684, 2012 

[5] X.G. Lu, C.X. Zhao, C.S. Xia, and F.L. Qiao, Numerical study of water exchange in 
the Jiaozhou Bay and the tidal residual currents near the bay mouth, ACTA 
Oceanologica Sinica, 32(2), pp20-30,2010.(in Chinese, with English abstract) 

[6] G.Y. Qiao, F. Hua, B. Fan, and X.J. Xiong, Tidal Water Capacity Computed From 
ADCP Measurement at Bay Mouth, Advances in Marine Science, 26(3), pp285-291, 
2008. (in Chinese, with Engilish abstract) 

[7] S.L. Yang, Y. Meng, J. Zhang, Y.Z. Xue, H.T. Chen, H. Wei, Z. Liu, R.M. Wu, L.X 
Wang, H.Yang, L. Wang, W.X. Zhang, Suspended particulate matter in the Jiaozhou 
Bay: properties and variations in response to hydrodynamics and pollution. Chinese 
Sci. Bull., 49(1), pp91-97, 2004. 

[8] W. Munk, P.F. Worcestor and C. Wunsch, Ocean Acoustic Tomography, Cambridge 
Univ. 

[9] J.H. Park and A. Kaneko, Assimilation of coastal acoustic tomography data into 
abarotropic ocean model, Geophys. Res. Letts, 27(20), pp3373-3376, 2000. 

[10] K. Yamaguchi, J. Lin, A. Kaneko, et al., A continuous mapping of tidal current 
structures in the Kanmon Strait, J. Oceanogr., 61, pp283-294, 2005. 

[11] J. Lin, A. Kaneko, N. Gohda et al., Accurate imaging and prediction of Kanmon 
Strait tidal current structures by the coastal acoustic tomography data, Geophys. Res. 
Letts, 32 L14607. doi: 10.1029/2005GL022914, 2005. 

[12] X.H. Zhu, A. Kaneko, Q. Wu, C. Zhang, N. Taniguchi, and N. Gohda. Mapping 
Tidal Current Structures in Zhitouyang Bay, China, using Coastal Acoustic 
Tomography, IEEE J. Oceanic Eng. , 38(2), pp285-296, 2013. 

1st International Conference and Exhibition on Underwater Acoustics

554



CONTINUOUS VELOCITY MEASUREMENT WITH  
TRAVEL-TIME METHOD IN STRATIFIED SHALLOW FLOWS   

 
Mahdi Razaz a, Kiyosi Kawanisia, Ioan Nistorb, Collin Rennieb

a Dept. of Civil & Environmental Engineering, Hiroshima University  
1–4–1, Kagamiyama, Higashi–Hiroshima 739–8527, Japan. 
b Dept. of Civil Engineering, University of Ottawa 
161, Louis Pasteur St., Ottawa, Ontario, K1N 6N5, Canada. 
 
Mahdi Razaz  Dept. of Civil & Environmental Engineering, Hiroshima University  
1–4–1, Kagamiyama, Higashi–Hiroshima 739–8527, Japan. 
E-mail: mrazaz@hiroshima-u.ac.jp, TEL/FAX: +81 82 424 7818 

 
 

Abstract: Long-term reciprocal transmission experiments with only a couple of acoustic 
stations in the upper reaches of the Ota Estuary have demonstrated that it is indeed 
possible to measure spatial averages of current and salinity. To investigate accuracy 
and reliability of the fluvial acoustic tomography system in presence of strong 
stratification measurements are benchmarked against ADCP reports obtained along the 
sound ray path. Using ray tracing hindcasts it is found that stratification due to 
temperature difference may be the principal reason for incomplete sound propagation 
through the whole cross-section. When well-mixed condition is dominant FATS results 
comply well with ADCP. 

 Keywords: Acoustic tomography, ADCP, estuaries, stratification, ray tracing 

1. INTRODUCTION 

Ocean acoustic tomography has been successfully demonstrated in deep ocean areas for 
transmission via wholly refracted paths. However in other areas of the ocean such as bays and 
estuaries that are characterized as acoustically shallow, deep ocean tomography methods cannot be 
applied. In the present context, shallow means a water depth in which sound is propagated to a 
distance by repeated reflections from both surface and bottom ([1]and acoustic characteristics of both 
surface and bottom are therefore important determinants of the sound field in acoustically shallow 
waters. Shallow areas are often of great oceanographic interest and potentially important application 
of tomography, but due to the interference and scattering of the sound with the stochastic boundaries 
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sound transmission becomes more complicated. Furthermore, predictions of the paths stability, 
identification of ray paths, and attenuation may become difficult owing to unknown effects of bottom 
scattering and reflection from stochastic surface, bottom and sub-bottom. 

Long-term reciprocal transmission experiments with only a couple of acoustic stations in the upper 
reaches of the Ota Estuary [2] have demonstrated that it is indeed possible to measure spatial averages 
of current and salinity. Though our recent experiments using two couples of transducers with crossing 
paths and a moored ADCP to compare tomography results raised some debates about reliability of the 
measurements in particular during strong stable stratification formed in neap tides. Contained herein is 
the result of benchmarking mean river flow speed derived from Fluvial Acoustic Tomography System 
(FATS) against those measured by a moored ADCP along the ray path. Also potential reasons for 
discrepancy between FATS and ADCP are investigated using ray-tracing hindcasts whereby sound 
propagation patterns in the river section are simulated.  

2. FIELD SITE AND METHODOLOGY 

The ta River is a network of tidally–dominated rivers that flow through Hiroshima City, Japan. As 
seen in Fig.1(a) the main stream bifurcates into two main branches nearly 9 km before pouring into the 
Hiroshima Bay; the westernmost branch is called ta Diversion Channel. Arrays of sluice gates 
regulate amount of inflow to each branch. During normal days only 1/3 of the sluice gates are open 
diverting approximately 20% of the total freshwater into the channel. In 2011, the riverbed in the 
upstream of bifurcation zone was dredged and part of the loose bed materials was gradually washed 
away downstream. Larger sediments, mainly fine sand, settled and formed sandbars upstream of the 
observation site.  

Field measurements were carried out during half of a complete cycle of a spring tide during ~12 
hours of Aug 10-11, 2012 in the upper reach of the channel, 275 m downstream from the sluice gates. 
Geometry of the sluice gates and sandbar accumulated near the right bank along with asymmetric tidal 
currents generate large recirculating horizontal eddies. Also combination of asymmetric inflow and 
saline wedge intrusion generates strong halocline and transverse density gradients in the observation 
site. Because of the river morphology near the observation site, the flow pattern varies with tidal phase. 

 

Fig.1: (a) Schematic map of Ota River network, (b) Observation plan along with the location 
of transducers (OA and OB), and (c) bathymetry along the ray path. In panel (c) the arrows 
indicate the deepest part of the river (20 and 175 m far from left bank) used in the following 

analyses. 
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A schematic of transducer locations is displayed in Fig.1(b). Transducers with the approximate 
bandwidth of 20 kHz and source level of 197 decibels were employed in this study. Central frequency 
of 30 kHz was selected and the sampling frequency was set to 60 s. 

To establish a set of reference discharge data for evaluating FATS nominally every hour a round-
trip along the sound ray was made by a broadband RDI’s 1200 kHz Workhorse Monitor ADCP 
(hereafter WHM) mounted on a boat. Water velocities were acquired through the pulse-coherent mode 
(mode 11). The velocity bin size was set to 0.02 m and measured velocities were 7-ping-averaged. All 
data were referenced to the ADCP bottom tracking. Drift in the bottom tracking due to moving bed 
effects or compass error were not significant. Each transect began from or ended at the transducer 
location. During each transect, the boat speed was maintained at approximately 0.25 m/s and as a 
result the travel time was less than 15 minutes. Regardless of river depth variation with tide, transect 
width was ~200 m. The WHM velocities were directly extracted from WinRiver II software (Teledyne 
RD Instruments). The unmeasured near-shore discharge was negligible; however the missing data 
between the surface and the first ADCP cell was estimated by extrapolating the value of the first three 
good bins to the surface. This method extrapolates data in a straight line to the surface. For the missing 
layer caused by side-lobe effect the bins present in the lower 20% of the depth were used to determine 
a power fit. The fit is forced to pass through zero at the bed. In the absence of any good bins in the 
lower 20% the last single good bin was used.  

Tidally-induced salinity and temperature variations were observed by casting a JFE Advantech 
Compact-CTD (conductivity-temperature-depth) at 6 points from a boat (Fig.1b) after fulfilling each 
round trip of WHM. The CTD depth trigger was set to 10 cm.  

Throughout the observation water surface was calm and only negligible wind–driven waves were 
detected by visual inspections. 

3. FUNDAMENTALS OF THE METHOD  

In its basic form FATS consists of only two broadband monostatic transducers with omnidirectional 
horizontal and hemispherical vertical beam patterns. Transmitting elements are triggered by an 
accurate GPS clock and simultaneously (or sequentially) emit modulated pulse with an adjustable 
frequency in the range of 10-30 kHz. Reciprocal sound transmission between each couple of 
monostatic transducers enables us to separate the influence of scalar factors, temperature or salinity, 
and flow on the effective sound speed. In contrast to other transit time flowmeters such as AVM’s 
(Acoustic Velocity Meters), sound rays propagated from transducers traverse the whole cross-section 
and therefore section-averaged velocity is directly quantified. Though multi ray path phenomenon 
turns to an advantage in FATS, rays have many bounces and are greatly attenuated from the 
accumulation of bottom/surface reflection loss, dispersion and scattering. Therefore, the longest useful 
ranges of FATS are always much less than those of deep ocean tomography, i.e. order of few hundred 
meters to a few kilometers. 

Acoustic travel-time tomography is based on a set of travel time measurements of acoustic signals 
between sound sources and receivers whose positions are known. The time that an acoustic wave 
requires to propagate from the source to the receiver is representative of the average sound speed 
along the considered path. Scalar influences such as temperature or salinity affect the speed of sound 
independently of the direction of sound propagation, while the influence of flow depends on the 
direction. Various equations have been proposed to predict the acoustic velocity in water, among all 
we adopted the formula proposed by 3] for the sound speed c as a function of the temperature T ( o C ), 
salinity S, and depth D (m) at o0 35 CT  , and 0 45S  
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2 4 31449.2 4.6 0.55 2.9 10 1.34 0.01 35 0.016c T T T T S D
 (1)

A flow component in the direction of sound propagation yields an increase of the effective sound 
speed, while it leads to a decrease in the opposite direction. Let us consider two acoustic stations, 
placed at horizontal spacing L in a fluid medium moving with velocity v . The travel times 1t  and 2t  
for the forward and reverse directions are calculated by the following formulae 

1 2;   
m m m m

L Lt t
c u c u

 (2)

respectively, where mu  is the mean along-ray velocity and mc  the mean sound speed along the 
transmission path.  From equation (2) mc  and mu  averaged along the sound path are respectively 
given by 

1 2 1 2

1 1 1 1;    
2 2m m
L Lc u

t t t t
 (3)

In case of using only a couple of acoustic stations it is not possible to resolve velocity 
direction, thus assuming that flow makes an angle of  with the ray path yields 1cosmuv  .      

 

Fig.2: Cross-correlation function between the signal transmitted from OB and the data 
received at OA. 

1. EXPERIMENTAL RESULTS 

1.1. Fluvial acoustic tomography  

To obtain the cross-correlation function at OA, the signals are cross correlated with the same M-
sequence as that used in the transmission signal from OB. Although the received signals include much 
noise, the cross-correlation function presents a relatively sharp peak.  
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Fig.2 shows a stack plot for the cross-correlation function between the M-sequence signal 
transmitted from OB and the data received at OA for the entire sound transmission period. The 
diagrams are presented at 1-minute interval. The peak position shifts owing to the change of sound 
speed, however the small shifts due to the flow velocity are unobservable in this figure.  

Intensity of the received signal in OA along with the temporal variations in the mean travel-time 

OA OB 2mt t t  and the travel-time difference  OA OBt t t for the transmission line OA-OB is 
shown in Fig.3. These data are collected every 60 seconds. The mean travel-time ranges from about 
130 ms to 132 ms through the observation. The time shifts gradually depends on the range averaged 
flow velocity as is evident from equation (2), but during the first three hours of the observation 
vertical flow structure by controlling the propagation pattern of sound and thus sound ray paths length 
biased the measurements.  

 

 

Fig.3: Temporal variations of (a) sound 
intensity received at OA, (b) mean travel 
time, and (c) pulse travel time difference 
between OA and OB. 

Fig.4: (a) Relative river depth induced by 
tide and (b) corresponding mean river flow 
changes with respect to north. 

1.2. Reference velocity data  

In order to establish reference velocity data for evaluation of the FATS performance, 20 WHM 
river discharge measurements were performed during the observation window. The investigated 
discharge conditions ranged from nearly zero to 10 m3/s and the corresponding velocities of nearly 
zero to 0.12 m/s. The hydraulic conditions were fairly steady during the time span required for 
fulfilling a transect. Mean flow direction with respect to north R  is estimated from 

1 1 1 1

1tan
ij

N n N n

R Nij E
i j i j

v v  (4)

where  and  are horizontal velocity components measured by WHM in ENU coordinate system, 
N is number of ensembles for each transect, and n number of valid bins in each ensemble. Shown in 
Fig.4 illustrates river depth variation, with respect to the deepest part of the river in the right bank, 
induced by tidal currents and the corresponding changes in the mean flow direction computed from 

Nv Ev
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WHM data. In this note, WHM data are averaged over each two consecutive data point. Positive 
values denote currents towards downstream and negatives towards upstream. 

1.3. Physical properties of the flow 

Shown in Fig.5 are typical vertical density profiles corresponding to various tidal phases for the 
deepest part of the cross-section near the right bank. Fast surface flow tends to float over the denser 
sea water and as a result halocline is developed in the survey site. In absence of strong tidal currents to 
provide enough energy for mixing, halocline remains stable perhaps throughout the neap tide.   

 

Fig.5: Typical vertical density distributions plotted for the deepest part of the river in right 
bank. 

1.4. Comparing FATS and WHM 

Rotating along-ray spatially-averaged flow speed obtained from FATS using the WHM flow 
direction gives the mean river flow speed. FATS velocity data are then passed through a low-pass 
filter to increase FATS resolution from 9.7 cm/s to 1.7 cm/s. Using WHM mean flow direction data 
cancels potential errors might be caused by flow direction changes [4] and allows us to concentrate on 
comparing magnitude of velocity measured by the two sensors. Fig.6 compares the results calculated 
from WHM velocity records averaged over the whole cross section with those of FATS. Apparently 
there is a remarkable difference between two sets of data particularly for turning of the tide period, 
before 22:00 pm. 

 
Fig.6: (a) Mean river flow measured by the FATS and WHM.  

Ray tracing model with smooth bottom was used to predict the pulse response of the channel and to 
identify paths for inversions. Computation of channel pulse response proceeds as follows. First, spatial 
distribution of underwater sound speed is calculated using equation (1) and CTD readings. 
Considering very weak tidal currents it is argued that physical properties of the flow do not change 
during 30 min of collecting data with WHM and Compact-CTD. The equations of motion for a ray 
traveling through the ocean are then solved in Cartesian coordinates[5] [6]. Finally, considering a 
nominal 1.5-2 dB loss per surface/bottom bounce rays with more than 30 interactions with surface and 
bottom are excluded. The pulse response changes drastically with tidal cycle, e.g. the net result in 8:30 
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is a pulse pattern which is entirely trapped in the upper 80-cm layer (Fig.7a). In contrast ray tracing 
results for 2:00 a.m. of Aug 11 reveal that ray paths more or less get through the whole cross section 
(Fig.7b). These predictions agree closely with velocity measurements displayed in Fig.6 where the 
thickness of the upper layer is approximated using ray tracing results.  

To investigate the role of stratification caused by strong vertical salinity gradient Richardson 

number 
12 21Ri g d dz u z v z is evaluated for the deepest parts of the cross 

section shown in Fig.1. g is the gravitational acceleration, density, z vertical coordinate measured 
from bottom, and u and v are horizontal velocity components. Quantified Ri values from WHM and 
Compact-CTD results are then averaged over the water column �Ri  to provide a relative index of 
density stratification. 

 

Fig.7: Examples of sound ray propagation 
pattern during (a) low water, and (b) high 

water. h is river depth with respect to water 
level in Tokyo Bay. 

Fig.8: Depth averaged Ri for the deepest part 
in right bank (red) and left bank (blue). 

 Comparing the results given in Fig.7 with Fig.8 implies that sharp salinity gradients induced by 
salt wedge intrusion may not be the dominant factor in stratifying the flow regarding sound speed, or 
the effect cannot be measured correctly through depth-averaged Richardson number. On the other 
hand, referring to equation (1) suggests that temperature plays a more significant role in changing 
sound velocity. From Fig. 9 we may deduce that the thermocline formed by intrusion of warmer 
seawater is responsible for layering the vertical sound velocity distribution in the channel. This 
phenomenon is intensified during turning of tide when freshwater flow rate is comparable to seawater 
and transducers lay inside the layer with slower sound velocity. According to [2] installing the 
transducers inside the salt wedge may be considered as a solution for preventing the reflection of 
sound by the boundary of the two layer with distinct sound speed. Final note is that according to the 
ray-tracing model rays with larger launch angles penetrate into the lower layers, however considering 
the losses occur by each interaction with surface/bottom those rays may not reach to the other 
transducer.  

4. CONCLUSIONS 

Spatially averaged velocity measurements by the FATS in upstream reaches of the Ota Diversion 
Channel, Japan, were compared to concurrent WHM reports for 20 transects. Along-ray FATS 
velocities were computed by transit time method and rotated using WHM data to represent mean flow 
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Fig.9: Typical vertical distributions of (a) salinity and (b) temperature plotted for the deepest 
part of the river in the right bank. 

velocity. Once properly postprocessed, the FATS data were compared to WHM data deduced from 
velocity-area gauging. The comparison revealed that FATS velocity measurements were 
overestimated during turning of tide. This period is characterized with comparable ratio of freshwater 
to seawater discharge that generates two layers with distinct sound velocity. It seems that temperature 
difference is the main factor for such stratification. In this condition, having the transducers in the 
layer with slower sound velocity, most of effective sound rays are reflected by the boundary between 
that results in biased velocity reports because the sound traverse part of the section with higher flow 
speed. Furthermore, occurrence of such phenomenon cannot be predicted using depth averaged Ri 
number. To solve this issue one may consider installing two transducers in different heights to always 
keep at least a couple of transducers inside salt wedge.  

Another possible reason for the difference between FATS and WHM velocity data is low 
resolution of the tomography systems over short distances. 
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Abstract: Coherence and correlation are important quantities for various applications in 
different fields of research. They are used to study relations between physical parameters over 
space, time, or frequency. Classically, the coherence function of two signals x(t) and y(t) is 
obtained from the cross-correlation of these two signals. Therefore, a Fourier transform is needed 
for the computation of this function, which implies the stationarity of the signals. But this property 
might not be true in some applications. In this work, an energy operator, B(x(t),y(t)), is presented 
for computation of energy interaction between two complex signals x(t)and y(t) in the time domain 
without the stationarity  assumption. This operator is derived from Teager-Kaiser Energy 
Operator (TKEO) which is a quadratic and instantaneous operator that has found many 
applications in speech processing. The output of TKEO is proportional to both the instantaneous 
amplitude and instantaneous phase of the input signals. B(x(t),y(t)) is an extension of TKEO to 
complex signals. Recent studies have shown the interest of this operator in signal and image 
processing, particularly in time-frequency analysis and time-delay estimation. We establish in this 
work the link between B(x(t),y(t)) and cross-power spectral density. This relationship is a simple 
way to estimate the similarity between two signals in frequency domain. In this paper, the 
quantification of the similarity between the spectra of two signals using B(x(t),y(t)) operator is 
illustrated on synthetic and real signals coming from aerodynamics and underwater acoustics.  

Keywords: Signal processing, Correlation, Coherence, Teager-Kaiser energy operator. 
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1. B  ENERGY OPERATOR 

1.1. Definition

Teager-Kaiser Energy Operator (TKEO) is a nonlinear, differential operator that 
computes the energy of a real-valued signal x t  [1]. It is defined by: 
 

2 2

R . 2

dx t d x t
x t = x t

dt dt
 (1) 

 
This operator has found many applications in image and signal processing (see [2] and 
references therein). This operator is an efficient energy tracking method with very good 
time resolution and low computational cost. To represent the interaction between two real 
signals, Cross-Teager Kaiser Energy Operator (CTKEO) x t , y t  has been defined. 

Later, it has been extended to complex signals, C x t , y t  and a new operator has 

been introduced, B x t , y t  [3]: 
 

 * * * *
C

1 1
2 2

x t , y t = x t y t + x t y t x t y t + x t y t  (2) 

 B C C
1
2

x t , y t = x t , y t + y t ,x t  (3) 
 

where .* denotes complex conjugaison. B x t , y t  is a symmetric bilinear form and 

C x t , y t  is the associated quadratic form. Properties of this operator and its 
relationships to some time-frequency representations are given with details in [3] and [4]. 

1.2. Application to signal detection 

B  operator can be considered as a similarity function that measures the nonlinear 
interaction between signals. It includes temporal information and accounts for relative 
changes of the signal by using the first and the second derivatives of the signal. This 
operator can thus be used as a tool to signal detection. In this paragraph, we present two 
examples which highlight this property. Let us first consider two linear FM signals x t  

and y t , with two opposite laws for their instantaneous frequencies (IF): one decreasing 

and one increasing (Fig. 1). B x t ,x t , B y t , y t , and B x t , y t  are 
computed for this two signals (Fig. 1). The maximum of interaction corresponds to the 
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instant when the two Ifs intersect and when the energy of x t  equals that of y t .  The 

Cross-correlation function (CCF) Rxy( ) is also computed for x t  and y t  (Fig. 1):  
 

 1
xyR = x t y t dt

T
 (4) 

 

where T .  
 

 
 

 
 

Fig. 1: left: Linear chirp test signals and their respective IFs. Up right: interaction 
measure between x t  and y t . Down right: CC of x t  and y t  [5]. 

 
The result, illustrated by figure 1, shows that B  is more effective with nonstationary 
signals than the CCF. Indeed, CCF fails in the determination of the maximum of 
interaction. 

 
 
A second example of signal detection with B operator is illustrated on signals which 

simulate the reception of a click on a hydrophone. Signal x t  is composed of a click 
(Dirac impulse), ambient pink noise, and an interference component modeled as a pure 
sinusoid [6]. Signal y t  is a delayed version of x t  with 60= samples. 

B x t , y t  and CCF are computed on these signals and presented on Figure 2. 
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Fig. 2 : First line : Two hydrophone signals x t  (left) and y t  (right) with a delay of 
60 samples between their respective Dirac pulses. Second line: CCF (left) and B  (right).  

 
Figure 2 shows that B x t , y t  produces two prominent peaks corresponding to the 

time difference of arrival between x t  and y t , 60= , and to the Dirac pulse located 

at 500t =  respectively. B x t , y t  identifies the pulse a common component to x t  

and y t  and acts as high-pass filtering on pink noise. The CCF is unable to identify 

neither the delay between x t  and y t  nor the Dirac pulse. 
 

2. LINKS BETWEEN B , CROSS-CORRELATION, AND COHERENCE 

2.1. Theory

The output of B  operator is a temporal signal. We propose in this section an 
extension to frequency domain and links with CCF and coherence function are 
established. The average interaction energy value is given by [5]: 
 

 B BE  xy = x t , y t dt  (5) 
 

BE xy  quantifies the average coupling between x t  and y t  at time shift t= . It has 

been shown [6] that is BE xy directly linked to the CCF applied to the first derivatives of the 
signals: 
 

 B x yE 2R
k k

xy =  (6) 
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where the subscript k stands for the real or imaginary part of the signal. Based on this 
relationship, the Spectral Coherence Function (SCF) can be evaluated directly by: 
 

 

2

B

B B

E

E E

xy

xy xx yy

F
f =

F F
 (7) 

 

where .F  stands for the Fourier Transform. Note that, for a special frequency f, when 

BE 0xyF f = , x t  and y t  are uncorrelated  whereas BE 1xyF f =  indicates a 
perfect correlation between the two signals. 

The main advantage of using equation (7) for computation of SCF is that it uses 
B operator which, as seen in previous section, is very efficient to nonstationary signals 

unlike classical CCF. 

2.2. Illustrations 

A first application of these relationships is presented on synthetic signals. x t  is an 

AM-FM signal (Amplitude Modulation – Frequency Modulation). y t  is an observed 

signal resulting from the filtering of x t  by an FIR filter and corrupted by noise. Signal 

to noise ratio is set to 0 dB. x t  and y t  are displayed on figure 3. SCF is computed 
with equation (7) (Fig. 3). 

 
 
 

 

Fig. 3 : First line : signal x t . Second line: signal y t , a noisy filtered version of  

x t . Third line: SCF vs frequency.  
 

This example shows that SCF computed by equation (7) reveals the frequencies were x t  

and y t  are similar. Compared to “classical” computation SCF by the Fourier transform 

of CCF, the use of BE xy  is well suited to nonstationary signals. 
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We also illustrate B operator on real Aerodynamic data, recorded on an instrumented 
yacht sailing upwind in a moderate head swell [8]. Signal x t  is the instantaneous 
apparent wind speed given by an acoustic anemometer placed at the top of the mast. 
Signal y(t) is the boat attitude given by an inertial system placed at the centre of rotation of 
the hull.  The swell affects the apparent wind by adding a pitching induced velocity along 
the mast, a process which affects the boat attitude. In a 20 second record, the swell has two 
different periods which are consequences for two frequencies of wave encounter 
f1=0.73 Hz and f2=0.85 Hz. Assuming that x(t) and y t  are ergodic processes, we 

compute BE xyF f  (Fig. 4). The result reveal peaks at f1 and f2 resulting of a complete 

correlation between x t  and y t  at these two frequencies. It confirms the interest of 

B as a similarity measure between a pair of  signals in frequency domain 
 

 
 
 
 
 
 
 
 
 
 
 
 

Fig. 4 : 
Analysis of Aerodynamic signal. x(t) is the instantaneous wind speed, y t  is the boat 

attitude. Last line is computation of Fourier transform of average interaction energy (see 
equation 5) 

 

2.3. Signals comparison 
 

Comparison between two signals x t  and y t  using B  operator can be measured 

as the output of B of their error signal, e t . Suppose that x t  is a scaled and shifted 

version of y t . Thus e t  is given by : 
 

e t = x t cy t  (8) 

where c  is scale value and is the time lag. It is simple to see that the output of B is 
given by: 
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2 2 2
B 2ce t ,e t = x t x t x t +c y t y t y t x t y t

+cx t y t +cx t y t
    

 (9) 
2

B B B B, , - , - - 2e t e t x t x t c y t y t c x t , y t         (10) 
 

Using  equations (10) and (5) we obtain: 
 

 ee xx 2 yy xy
B B B BE =E 0 +c E 0 -2cE  (11) 

We have to find a scale value c  such that e t  is minimized. We can use B energy of 

e t , Bmin Eee

c
,as a match criterion between x t  and y t   

0
0

0  
0

 0 1

ee xy
B B

yy
B

xx xy
B B

dE E
c

c cdt E

E
 

where  
2

0 0

xy
Bxy

B xx yy
B B

E
E E

 

Thus, if B
xy  tends to 1 we have x t cy t . There is a perfect match between 

these two signals at t .  
 

3. CONCLUSION 

 
This paper presents a review of various applications of energy operator for similarity, 

cross-correlation, and coherence studies. Starting from Teager-Kaiser Energy Operator 
(TKEO), two new operators are defined as extensions of TKEO: B  is a symmetric 
bilinear form of the cross-TKEO applied to complex signal and BE xy is the average 
interaction energy value, computed from B . The last operator provides a new simple and 
efficient way to compute the cross-correlation function and the coherence function. These 
operators are defined with local values of the signal. Consequently, they are well suited to 
nonstationary signals. Examples computed on synthetic and real signals reveal their 
efficiency while classical computation of cross-correlation function fails. 
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Abstract: Ping-to-ping measurements of the spatial coherence of seafloor reverberation 
can be used to accurately measure the displacement of a sonar system in the plane of the 
sea floor.  This approach is used by correlation velocity logs (CVLs) to accurately 
estimate ground referenced velocity.  In this paper, an analytic model is developed to 
predict CVL velocity estimation errors.  The van Cittert-Zernike theorem provides a 
Fourier transform relationship between the spatial intensity distribution and the spatial 
coherence of the scattered field.  Using this relationship the sample covariance between a 
two pairs of observations is modeled as a bivariate normal process.  From this, a measure 
of the velocity estimation error is developed.  The performance of a 40 kHz CVL operating 
over a seafloor with variable roughness is simulated and the results are discussed. 

Keywords: spatial coherence, velocity estimation 
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1. INTRODUCTION

A correlation velocity log (CVL) is a type of sonar system that estimates ground 
referenced velocity through the measurement of spatial coherence of bottom reverberation.  
The CVL was first proposed by Dickey and Edward in 1978, and was based on their early 
work on the estimation of airplane velocity through measurement of the spatial coherence 
of radar returns [1].  A typical CVL collection geometry is shown in Fig. 1, where the 
horizontal scale is on the order of meters and the vertical scale may be greater than a 
kilometer.  Two transmissions are shown with a horizontal advance of L , the vertical 
offset is shown only for clarity in the diagram.  The receive array element positions are nR  
and '

nR  with element spacing 2 , and the transmitter positions are T  and 'T .  Phase 
centers are shown at the midway points between the transmitter and receive elements at 
positions nP  and '

nP  with spacing .  The phase center is a far field approximation, where 
the bistatic geometry is approximated by a monostatic transducer located at the midpoint 
between the transmitter and receiver [2].  This approximation is equivalent to the 
”principle of waveform invariance” proposed in Dickey and Edward's original 
presentation.  The phase center approximation provides a useful abstraction over distinct 
transmitters and receivers and the remainder of this paper will discuss the position of the 
phase center array unless otherwise explicitly stated. 

 

 
Fig. 1: Transmitter, receiver and phase center locations for a pair of sequential 

transmissions. The horizontal and vertical scales are exaggerated.

The ping-to-ping displacement of the sonar system is estimated by correlating each of 
the signals received from the initial transmission with each of the signals received from 
the subsequent transmission.  The three channel receive array in Fig. 1 produces nine 
distinct covariance measurements ˆmn  where , {1,2,3}m n .  The covariance 
measurements for Fig. 1 are shown in Fig. 2, where the covariance is plotted against phase 
center displacement.  This array geometry produces spatially redundant covariance 
samples at spacings of ,0, .  In this figure, the peak of the coherence function is at the 
true displacement of the sonar system L .  The ping-to-ping displacement may be coarsely 
estimated by finding the covariance measurement where ˆmn  is a maximum ( 21ˆ  and 32ˆ , 
in this case).  Further refinement of the displacement estimate is achieved by interpolating 
the measured covariances to find the displacement that would yield a maximum ˆmn .  This 
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method is analogous to techniques used for along-track motion estimation for synthetic 
aperture sonar systems [3-4]. 

Fig. 2: The array geometry in Fig. 1 determines the sampling of the spatial coherence 
function. Velocity estimation accuracy is proportional to the peak estimation accuracy. 

The velocity calculated by a CVL is given by the ratio of the measured advance length 
and the ping timing interval 

 ,L uv   (1) 

where L  is the target advance length between pings and u  is the advance length error.  
The ideal ping timing interval, , is given by, 

 
0

,L
v

  (2) 

where 0v  is the platform velocity.  It can be shown that the standard deviation of the 
measured velocity is given by, 

 2
0 0

1

1 ( ) ,
N

u
v i

i
v v v

N L
  (3) 

where N  is the number of observations and u  is the standard deviation of the 
displacement measured. 

From (3), it can be seen that the fidelity with which the system can estimate velocity is 
dependent on three parameters.  Both the platform velocity, 0v , and the advance length 
between pings, L , are determined by the system configuration.  The CVL's displacement 
estimation error, u  must be calculated using either an analytic or numerical model.  In 
Sec. 2, an analytic model is developed based on the spatial coherence determined using the 
van Cittert-Zernike theorem. 

2. ANALYTIC DISPLACEMENT MODEL 

In Sec. 1 it was shown that accurate velocity estimation requires accurate estimation of 
the displacement of the peak of the spatial coherence function.  The analytic model for this 
displacement that is developed here restricts analysis to a sonar system that consists of a 
pair of measured covariances.  The geometry for this model is shown in Fig. 3.  One of the 
pair of sample covariances, 13ˆ , is collected with zero displacement between the phase 
centers.  The other sample covariance, 12ˆ , is collected with one phase center collocated 
with those used for 13ˆ  and with one phase center separated by some distance u .  In this 
model, if 13 12ˆ ˆ  the displacement will be correctly estimated.  If, however, 12 13ˆ ˆ  the 
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peak will be misestimated.  A model for displacement error follows from a calculation of 
the probability 12 13ˆ ˆ( )P .  This method is based on an approach first presented by 
Atkins and Smith [5]. 

For each pair of phase centers the sample covariance, ˆ
ij , for the time series ( )iv t  and 

( )jv t  can be written as 

 

( | |)
2

( | |)
2

1ˆ ( ) ( ) ( ) ,0

T

ij i j
T

v t v t dt T
T

  (4) 

where 0i jv v  and  is the lag between the signals.  In the typical CVL operating 
geometry, the signals arrive on the hydrophone channels simultaneously and the peak 
covariance is at a lag of zero 

 
2

2

1ˆˆ ( 0) ( ) ( ) .

T

ij ij i j
T

v t v t dt
T

  (5) 

 

 
Fig. 3: The analytic model measurement geometry only considers a pair of transmission 

for a pair of channels. 

Adopting the usual assumption of zero mean normally distributed time series results in 
sample covariances that are described by the Wishart distribution.  For the case where T  
is sufficiently large, this distribution can be approximated as normal [6, pg.578].  The PDF 
of the sample covariances is then 

12 12 13 132 213 1312 12

12 12 13 13
2

12 13 2
12 13

ˆ ˆ2 ( )( ) ˆˆ

exp
2(1 )

ˆ ˆ( , ) .
2 1

( ) ( )
[ ]

f   (6) 

where mn  is the population covariance, 2
mn  is the variance of the sample covariance and 

 is the correlation coefficient between the variates. By defining 

 213
12 13 12 12 13

12

ˆ ˆ( ) ( ) 1   (7) 

the bivariate normal distribution can be written as the product of a pair of normal 
distributions [7, pg.193] 
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The probability of a displacement estimation error is given by integrating this bivariate 
density over the range where 12 13ˆ ˆ . 

 
12

12 13 12 13 13 12
ˆ

ˆ ˆ ˆ ˆ ˆ ˆ( ) ( , )P f d d   (9) 

This inner integral can be evaluated to give the product of a normal PDF and a normal 
CDF, and the outer integral can then be evaluated using Owen [8, eq.10010.8] to give 

 13 12
12 13

13 12 12 13 ] ]
ˆ ˆ( ) 1

ˆ ˆ ˆ ˆVar[ Var[ 2Cov[ ]
,P   (10) 

where  is the normal cumulative density function.  In order to proceed with evaluation 
of 12 13ˆ ˆ( )P  expressions must be developed for each of the arguments of the CDF.  Sec. 
1.1 develops expressions for 12  and 13 .  Sec. 1.2 develops expressions for 12ˆV [ ]ar  , 

13ˆV [ ]ar , and 12 13,ˆ ˆC v[ ]o .  Finally, in Sec. 1.3 all of these terms are combined and a 
displacement estimation error is formed. 

1.1. Population Covariance - mn

The dependence of the population covariance on the phase centers displacement is 
described by the van Cittert-Zernike theorem [9, pg.207].  This theorem is a central result 
in the field of statistical optics where it is used to describe the spatial coherence of light 
emitted by an incoherent radiator.  It is assumed that the incoherent radiating surface is in 
the far field of the two field measurement points separated by a distance u.  The radiator is 
assumed to be “quasi-monochromatic”, which is similar to a narrow band approximation.  
Application of the van Cittert-Zernike theorem provides a Fourier transform relationship 
between the spatial density of the seafloor scattered intensity and the spatial coherence of 
the scattered field.  The sea floor scattered intensity has been modeled for a sonar system 
operating at a center frequency of 40 kHz with transmitter and receiver beamwidths of 20 
and 30 degrees, respectively.  The seafloor scattering strength was modeled using the 
Kirchhoff approximation assuming an isotropic, homogenous and fluid seafloor with a 
power-law roughness spectrum and properties given by the “Medium Sand” bottom type 
in [10].  Based on this model, the two dimensional covariance was estimated using the 
Fourier transform relationship defined by the van Cittert-Zernike theorem.  A one 
dimensional slice through the peak of the normalized covariance is shown in Fig. 4, where 
it is compared to a Gaussian 

 
2

2( ) exp ,
2 b

uu   (11) 

with b  scaled to provide the best fit based on the sonar configuration and bottom type.  
Based on this fit, the model development will continue using a spatial coherence of the 
form given by (11) with the b  scaled to give the best agreement for a particular bottom 
type. 

1.2. Variance and Covariance of Covariance - ˆov[ ˆC , ]ln mn
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Equation (10) requires an expression for the variance and covariance of the two sample 
covariances.  A general expression for the covariance of the sample covariance is provided 
by Jenkins and Watts [11].  This expression can be reduced for this case to give 

 12 13 11 23 13 12
1 | |ˆ ˆCov[ ( ) ( ) ( ( ) ., ] ) 1( )( )

T

T

rr r r r dr
T T

  (12) 

Assuming each of the time series, 1( )v t , 2 ( )v t , and 3( )v t , are band limited and distributed 
2( ) ~ (0, )nv t N  then 

 ( ) sinc( ).mn mn wr B r   (13) 
Substituting (13) into (12) yields 

2 211 23 13 12
12 13

0 0

2( ) 1ˆ ˆCov[ sinc ( ) sin, ] c ( )
T T

w wB r dr r B r dr
T T

  (14) 

Evaluation of (14) requires the following pair of integrals.  The first can be evaluated by 
parts to give 

 
22 2 2

2
0 0

sin sin sin sinSi(2 ) ,
x xt a x xdt da x

t a x x
  (15) 

where Si( )x  is the sine integral.  The second is evaluated using [12, eq.5.2.2] to give 
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2 2
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  (16) 

where  is Euler's constant and Ci( )x  is the cosine integral.  Using these expressions 
gives 

 11 23 13 12
12 13

2( )ˆ ˆCo , ,]v[
N

  (17) 

where 

 21 log(2 ) Ci(2 )Si(2 ) sin ( )
2

N NN N
N

  (18) 

Similarly the variances can be written as 
 2 2]ˆVar[ ( )mn mm mn   (19) 

1.3. Displacement Estimation 

The results from Sec. 1.1 and Sec. 1.2 provide the components necessary to complete 
(10).  Since 13ˆ  is estimated at the peak of the spatial coherence function we can, without 
loss of generality, specify 13 1 .  Additionally, the displacement between phase centers 2 
and 3 is equal and opposite to that between 1 and 2; consequently 23 12 .  Combining 
these results with (11), (17) , and (19) it is possible to write for (10) 

 12
12 13 2 2 2 2

11 11 12 11 12 12

1ˆ ˆ( ) 1 ,
( 1) ( ) 2( )

P   (20) 

The normal CDF can be approximated to first order as [12] 

 1 1 1( ) 1 erf
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If it is assumed that the displacement errors are normally distributed the standard deviation 
of displacement can be found by solving for the displacement where 12 13ˆ ˆ( ) 1 3P . 
Solving 

 12
2 2 2 2
11 11 12 11 12 12

1 2
6( 1) ( ) 2( )

  (22) 

for 12g  gives the value of 12g  at the phase center offset that corresponds to the standard 
deviation of displacement.  This can be written as 

 
2 2

11 11 11
12

1 1 1 2 ,
1 1 1

  (23) 

where 
18

.  The displacement error can then be written by combining (11) and (23) 

and recognizing uu  to give 

 
2 2

11 11 111 1 1 22 log .
1 1 1u b   (24) 

Finally, 11 , which is the peak covariance for two co-located phase centers from a pair of 
transmissions, is given by 11 1 1 SNR . 

3. CONCLUSION AND FUTURE WORK

The displacement estimation error model presented in (24) has been evaluated for three 
bottoms types with varying levels of roughness.  The results of these simulations are 
shown in Fig. 5, where the error is seen to fall with increasing roughness.  This is 
explained by considering the physical mechanisms that determine the spatial covariance of 
the scattered field.  It was shown in Sec. 1.1 that the spatial coherence and the seafloor 
intensity distribution are Fourier transform pairs.  The intensity of the scattered field off 
normal incidence increases with bottom roughness.  Consequently, the width of the spatial 
coherence function is narrower and the displacement estimates are more accurate for 
rougher bottoms, assuming all other parameters are unchanged. 

An analytic model for the displacement or velocity error of a CVL has been developed 
assuming a simplified collection geometry.  This model ignores the impact of more 
complicated array geometries and signal processing implementations.  Future work will be 
directed at the development of numerical modeling techniques to address these issues.  
Additionally, this model will be compared to field data suitable for validation. 
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Fig. 4: The spatial coherence is well 

approximated as a Gaussian. 
 

 
Fig. 5: Displacement error is proportional 

to the width of the spatial coherence 
function.
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Abstract: Active sonar operations in shallow waters are important both for autonomous underwater 
vehicles (AUV) with synthetic aperture sonar (SAS) or sidescan sonar, and for hull-mounted forward-
looking sonar. One of the challenges in shallow water operations is that the direct bottom return is 
often contaminated by other signal returns, either from scattering off both surface and bottom, or by 
direct surface backscattering. The contributions of different multipaths depend on the sensor depth, 
the vertical beam patterns and the environment. In this paper we present a method for adapting the 
sonar parameters to the environment in order to minimize the multipath contamination.  
The method is developed for AUV-mounted interferometric sidescan sonar systems, supporting depth 
estimation using two vertically displaced receiver arrays. The relative time delay of the direct signal 
and the multipath signals will differ between the two arrays. This allows for a measure on the degree 
of multipath contamination as a bi-product of the depth estimation. We use these measurements to 
calibrate a simulator which predicts the strength of both the direct signal return and each multipath 
return in the measured environment. The simulator is then rerun with different sonar settings in a 
search for minimum multipath contamination.
The method is demonstrated on data recorded with the HISAS 1030 sonar on a HUGIN 1000 AUV 
developed by the Norwegian Defence Research Establishment (FFI) and Kongsberg Maritime. The 
best sensor depth and steering of the 16-element vertical transmitter array is suggested. This allows 
for in situ adaptation to the environment, and also provides validation of the suggested settings. 

Keywords: adaptive sonar, adaptive transmit beam, autonomy, sonar performance modelling, 
AUV, sidescan sonar 
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1. INTRODUCTION 

We investigate a concept for automatic adaptation of sonar 
settings to the environment by calibrating a model to a 
measurement and simulating the performance with other sonar 
settings. The sonar system consists of an interferometric HISAS 
1030 sonar on a HUGIN autonomous underwater vehicle 
(AUV), see Figure 1.  

When a sidescan sonar is used in shallow water, i.e. where 
the depth is less than half the maximum sonar range, multiple 
reflections off the sea floor and sea surface may interfere with 
the direct signal return from the sea floor [1]. An example of 
how severe such multipath induced image degradation can be is shown in Figure 2. Without a large 
vertical array, we cannot use beam forming to prevent this. In very shallow water, the multipath's 
angle of arrival may be very similar to the direct signal return, which would require a prohibitively 
large vertical array to create a narrow beam. This, in turn, would require detailed a priori knowledge 
of the scene bathymetry in order to find the correct direction of arrival. Instead, we propose to adapt 
the transmit beam in order to limit the generation and strength of the multipath signals. For this 
purpose the HISAS 1030 has a 16-element vertical array transmitter, which creates a defocused beam 
with controllable width and direction.  

 
Figure 1: A HUGIN 1000 AUV. 

 
Figure 2: Example of a seabed on the coast of Horten, Norway, where we have imaged the same scene 
twice with the same sonar settings, but on different dives about six days apart. Vertical red lines mark 
the range every 50 meters. The upper image shows severe degradation, primarily caused by multipath, 
and features low bathymetric coherence compared to the lower image. The AUV depth is 2.8 meters, 

and the total sea floor depth is 9.8 meters. The upper image is collected with winds of about 3 m/s from 
south-southwest, while the lower image was collected with winds of about 10 m/s from south, reported 

from the nearest meteorological observation station.
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Our concept for the environmentally adaptive sonar process is illustrated in Figure 3. First, a 
measurement is collected and processed for sidescan bathymetry and bathymetric coherence [2]. The 
coherence is used to estimate a measured signal to noise ratio (SNR). The bottom type and surface 
state is estimated by fitting a simulated SNR from a sonar performance model to the measured SNR. 
With these environment parameters resolved, the sonar performance model is used to simulate 
performance using other sonar parameters, and even other measurement geometries, like different 
vehicle altitudes. We use the swath width to compare new solutions to the measurement, defined here 
as the length of the largest continuous range-segment with SNR larger than 0 dB. Finally, if the best 
swath width simulated with new settings is an improvement, we apply these sonar settings for the next 
measurement.  

 

 

Figure 3: Flowchart describing the adaptive sonar process. A sonar performance model is used both 
for estimating the ocean environment and for simulating the SNR with various sonar parameters.  

2. SONAR PERFORMANCE MODEL 

We need a sonar performance model to provide parameters that describe the environment, and to 
predict the sonar performance with different sonar settings. For this purpose we have used the 
modeling software SMURF [3], developed by the Norwegian Defence Research Establishment (FFI).  

The SMURF model is a 2-dimensional (depth and range) ray tracing model for sonar performance, 
particularly developed for shallow water. In order to simulate the path of sound in the water, many 
different aspects of how pressure waves travel through viscous media need to be considered. The most 
significant factors are refraction, multiple specular and diffuse reflections (scattering) off the sea floor 
and surface, and attenuation and geometrical spreading in the water. In addition, the beam patterns of 
the transmit and receive antenna arrays are significant.  

3. METHOD 

The result of the simulation in the sonar performance model SMURF is a simulated SNR. In order 
to resolve the environmental parameters, i.e. the bottom type of the sea floor and the roughness of the 
sea surface, we tune these and compare the simulated SNR to the measurement until we find a good fit 
between the simulated and measured SNRs.  

The measured SNR is estimated from the bathymetric coherence, which is the normalized cross-
correlation of the two coregistered images from the interferometric HISAS 1030 sonar setup [1,4]. 
High coherence means more coherent signal energy, which will be the direct signal return since the 
angle of arrival matches between the two coregistered images. Low coherence means more noise, 
which comprise the multipath returns since they don’t have the same angle of arrival as the direct 
signal return, and thus will not be coherent in the coregistered images.  
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The bathymetric coherence, , of the two coregistered images is calculated by finding the peak 
value in the coherence function  

 
, 

 
where  is the time lag applied to one of the signals in the coherence function. This is to say that the 
phase shift which results in the maximum total coherence between the two measured signals is the 
shift that makes them coregistered. This coherence has a known bias towards higher values because 
the correlation is performed with data series of a finite number of samples. An expression for the 
variance exists, and shows that the bias increases with decreasing number of samples [4,5].  

An estimate of the SNR in a sonar image can be expressed by the coherence as [4] 
 

. 
 

In shallow water, where the main cause of signal degradation is multipath, this SNR estimate is a 
good measure of signal to multipath ratio [3].  

In order to search for new and improved sonar parameters, the model must be calibrated to match 
the current environment. This calibration is a search for fitting environmental parameters, i.e. bottom 
type and sea state. The sonar settings and geometry are input, as well as the measured sound speed 
profile and the measured sidescan bathymetry. Then, the two environmental parameters are varied to 
simulate SNR results with different combinations of bottom types and sea states. The measured SNR 
estimate is then compared to these simulated SNRs with varying environmental parameters. The best 
fit in the least squares sense between the measured and simulated SNRs is selected. This is 
implemented by discretizing the sea states and performing a greedy search algorithm in the bottom 
type dimension, and selecting the best result found.  

Using the now calibrated model, we investigate new settings by performing a search for improved 
simulated performance by using the sonar settings as variable parameters. We test both a brute force 
search, trying all solutions for analytic purposes, and a hill climbing algorithm, for shorter runtime.  

The brute force search was performed for beam 
widths from 10 to 80 degrees in steps of 5 degrees, 
and electronic beam steering of -60 to 40 degrees in 
steps of 5 degrees, positive down from the horizon. 
In addition to the electronic steering, the sonar array 
is mounted with a mechanical direction of 22 
degrees down from the horizon.  

The hill climbing algorithm was allowed to use 
beam widths from 10 to 80 degrees, electronic beam 
steering of -50 to 20 degrees, and altitudes from 
minimum 3 meters above the sea floor up to 
maximum 80 meters above the sea floor, though 
never less than 2 meters depth. The reason for 
slightly reducing the set of available steering angles 
compared to the brute force search was simply that 
the extreme values direct the beam too far away 
from the scene, and thus only contribute to 
increasing the runtime of the algorithm.  

Figure 4 Scatter plot showing brute force solutions 
for the deep water. Lower and upper swath limits 

are shown on the axes, i.e. the outer limits of 
where we can typically make a good sonar image. 
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In order to experimentally verify our method, we have collected sonar data using various sonar 
settings and vehicle altitudes. These data are collected in deep water, at about 196 meters, and in 
shallow water, at about 10 meters. For one of these measurements, we calibrate the SMURF model 
and use it to simulate the performance with the other settings for which we have measurements. This 
process is then repeated for all the measurements. Finally, the results and mean results are plotted, 
together with the actual measured performance, to illustrate the validity and accuracy of our method.  

 

4. RESULTS 

With the brute force results we investigate the 
simulated performance of various sonar settings 
for the two different environments.  

For the deep water environment, the plot in 
Figure 4 shows a scatter plot of the achieved 
lower and upper limits, and the mean swath SNR-
level. The distinct vertical groupings reflect the 
lower swath limits, which are largely the same as 
the vehicle altitude. This is due to the vertical 
beam pattern of the receiver, which limits the 
minimum range to that of about 45 degrees down 
from the horizon. There are many solutions which 
result in good swath widths. There is also a weak 
trend indicating increasing SNR with decreasing 
swath width, which is expected as more energy is 
focused in a smaller area.  

The plot in Figure 5 shows the swath width, 
i.e. the difference between the upper and lower 
limits, as a function of beam direction and beam 
width of the transmit beam, for a given altitude of 
46 meters. If the beam is directed too high or too 
low the swath width suffers, but good results are 
achieved for many combinations of directions and 
beam widths. The results were largely the same 
for different altitudes, up until about 100 meters 
altitude, where the surface return arrives at the 
same time as the bottom return, and down to 
about 15 meters altitude, where the grazing angles 
gets very low at large range, and thus give less 
backscatter.  

Figure 6 shows the model verification, which 
has each of the 30 measurements with different 
sonar settings as a function of the lower and upper 
swath limits on the range-axis. We can see that the 
measured swath limits in red match well with the 
simulated results, based on each of the other 

Figure 5: Simulated swath width for measured 
deep water environment (about 196 meters depth) 
for vehicle depth 150 meters, which was the best 

result. Comparable, good results are achieved for a 
wide vehicle depth interval.  

Figure 7: Scatter plot showing brute force 
solutions for the shallow water. Lower and upper 
swath limits are shown on the axes, i.e. the outer 

limits of where we can typically make a good 
sonar image.  
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measurements. Each simulation result, i.e. the simulation of all the other settings based on the 
calibration from a single measurement, is added in light gray for an indication of the variance of the 
simulations.  

For the shallow water environment, Figure 7 shows a scatter plot comparable to that of the deep 
water environment in Figure 4. The group of large swath widths is not as large in shallow water, and 
there is much to be gained from picking the right solution. Notice that we see the same distinct groups 
of lower swath limits, which correspond to the altitudes. Here it is more prominent that smaller swath 
widths allow for larger SNRs.  

Figure 8 shows the simulated swath width for vehicle depths of 2, 4, 6 and 8 meters. The best 
results are achieved close to the surface with 8 meters altitude, or 2 meters depth, and a narrow beam 
directed slightly down from the horizon.  

Figure 9 shows a model verification plot for the shallow water environment. The variance is larger 
than it was for the deep water environment, but most of the simulations are close to the measurements. 
The simulations that are very far off all originate from the same measurements, and is the result of 
outlier (and presumably wrong) bottom types and sea states found when calibrating the model.  

Running a simple, unrefined implementation of the suggested, automated algorithm using a basic 
hill climbing search, we successfully found settings which are reasonable compared to the brute force 
solutions in about 97% of the cases for the deep water environment, and 85% of the cases for the 
shallow water environment. The runtime on a simple desktop computer for the deep water 
environment was lower than 5 seconds, while for the shallow water environment the average runtime 
was 34 seconds.  

Figure 6: Model verification plot for the deep water measurements. It shows lower and upper limits 
(range-axis) for each measurement (horizontal axis). The red lines indicate the measured swath width 

for each measurement, while the blue lines indicate the average simulated swath width for each 
measurement based on calibration from each of the other measurements. The grey lines are the 

simulated results based on each of the measurements, indicating the variance visually.  

Figure 9: Model verification plot for the shallow water measurements.  
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5. DISCUSSION AND CONCLUSION 

Comparing the brute force search results based on the measurements from the deep and shallow 
water environments, we observe that the number of beam patterns with good performance is much 
smaller in shallow water with multipath presence. Thus, a standardized, fixed sonar setting may work 
well in deep water, even with changing environmental conditions, like sound speed profile and bottom 
type. In shallow water, however, the settings must be more precise and based on the current 
environmental conditions. The accuracy required for good performance in shallow water also 
increases the requirements on the simulation model. This means that it is important to accurately 
model the real antenna beam patterns, the sound velocity profile and the rest of the ocean 
environment.  

Figure 8: Simulated swath width for measured shallow water environment (about 10 meters depth) 
for vehicle depths 2, 4, 6 and 8 meters. In this case, the best swath widths are achieved with the 

vehicle close to the surface.   
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We performed a model verification experiment, where we collected sonar data with different sonar 
settings in two different ocean environments. The results have some variance, particularly in the 
shallow water case, which is the most challenging one to simulate because of multipath presence. 
However, the simulations from each measurement seem to be relatively correct, meaning that the best 
measurement is also the best simulated result based calibration from any other measurement. This is a 
desirable quality when we want to be able to pick the best sonar settings, as it is sufficient to find 
improved settings, without necessarily predicting the actual performance with high accuracy.  

Several challenges in adaptive sidescan sonar applications remain. Examples include rapidly 
adapting to very rough bathymetry, adapting to sloping sea floors, and imaging towards the shoreline, 
or even very steep, near-vertical bathymetry often found in fjords. We intend to address some of these 
challenges with further development of the adaptive sonar concept.  

The quality of the sonar image is, of course, affected by more than the swath width given by the 
SNR [1]. More advanced prediction and estimation of sonar quality [6] will improve the robustness of 
this concept, and could also be expanded to autonomously improving the image quality.  

The hill climber algorithm for adaptively improving sonar performance will be implemented in a 
HUGIN AUV ultimo 2013. This will be the real proof of concept for this method, as changing ocean 
environments require the adaptation to be performed in situ for the simulation to still be valid. 
Additionally, we will couple the result of this adaptation with automated mission planning and 
adaptive line spacing. This can improve range and area coverage rate autonomously, i.e. without 
involving the AUV operator.  

6. ACKNOWLEDGEMENTS  

Thanks to Kongsberg Maritime for providing a HUGIN vehicle and mission time to perform the 
data collection.  

This work is more thoroughly documented in the master thesis Environmentally Adaptive Sonar on 
an Autonomous Underwater Vehicle [7].  

REFERENCES 

[1] R. E. Hansen, H. J. Callow, T. O. Sæbø, S. A. V. Synnes, “Challenges in Seafloor Imaging 
and Mapping with Synthetic Aperture Sonar,” IEEE Trans. Geosci. Remote Sensing, vol. 49, no 10, 
pp. 3677-3687, October 2011.  

[2] T. O. Sæbø, “Seafloor depth estimation by means of interferometric synthetic aperture sonar,” 
Ph. D. thesis, University of Tromsø, 2010.  

[3] S. A. V. Synnes, R. E. Hansen, T. O. Sæbø, “Assessment of shallow water performance using 
interferometric sonar coherence,” In UAM 2009, Nafplion, Greece, 2009. 

[4] R. F. Hanssen, “Radar Interferometry: Data Interpretation and Error Analysis”, Dordrecht, The 
Netherlands: Kluwer Academic Publishers, 2001.  

[5] G. Carter, C. Knapp, A. Nuttall, “Statistics of the estimate of the magnitudecoherence 
function”, IEEE Transactions on Audio and Electroacoustics vol. 21, no 4, pp. 388-389, 1973.  

[6] R. E. Hansen, T. O. Sæbø, “Towards Automated Performance Assessment in Synthetic 
Aperture Sonar,” in Proceedings of Oceans 2013 MTS/IEEE, Bergen, Norway, June 2013. 

[7] O. J. Lorentzen, “Environmentally Adaptive Sonar on an Autonomous Underwater Vehicle”, 
Master thesis, University of Oslo, November 2012.  

1st International Conference and Exhibition on Underwater Acoustics

590



 

  RESULTS AND ANALYSIS OF COHERENT CHANGE 
DETECTION EXPERIMENTS USING REPEAT-PASS SYNTHETIC 

APERTURE SONAR IMAGES 

Vincent Myersa,   Isabelle Quidub, Torstein Sæbøc and Roy Hansenc 

a Defence R&D Canada – Atlantic, 9 Grove St., Dartmouth, Canada 
b ENSTA-Bretagne, 2 Rue François Verny, Brest, France  
c Norwegian Defence Research Establishment (FFI), Kjeller, Norway 

Vincent Myers 
Defence Research and Development Canada – Atlantic 
9 Grove St., Dartmouth, Nova Scotia, Canada, B3A 3C5 
Tel: 1 (902) 426-3100 ext 167; Fax: 1 (902) 426-9654  
E-mail: vincent.myers@drdc-rddc.gc.ca 

Abstract: Coherent change detection (CCD) uses a reduction in the cross-correlation 
between two complex repeat-pass sonar images as a metric to identify changes between 
two surveys.  This is made challenging by other sources of coherence loss that cannot be 
attributed to specific changes.  This paper presents results from an automated co-
registration method for the purpose of CCD applied to data obtained from an Autonomous 
Underwater Vehicle (AUV) equipped with a 100 kHz high-resolution synthetic aperture 
sonar (SAS).  Two sites with varying complexity and seabed composition were repeatedly 
surveyed with and without objects with time intervals of 2/3/5/8 days. An automated 
method is presented that uses a series of increasingly fine control point matching and 
warping techniques in order to achieve sub-pixel accuracy in image co-registration.  The 
coherence between a number of image pairs shows that it is possible for this environment 
to maintain coherence over time periods of operational relevance.  It is also possible to 
detect changes using a drop in coherence, including very subtle changes not immediately 
detectable by visual inspection.  A brief analysis of the sources of decorrelation, in 
particular the temporal decorrelation rate is also given.   
Keywords: coherent change detection; temporal coherence; synthetic aperture sonar. 
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1.  INTRODUCTION 

Route survey operations with high-frequency (generally  80 kHz) imaging sonar 
typically focus on change detection where newly acquired sensor data is compared to 
historical data in order to detect differences between the two, usually objects of interest 
that have been placed on the seafloor [1].  It is often the most reliable tactic to use in areas 
of high clutter or when no a priori information about the nature of the target is available.  
In general, only the magnitude of the images is used with either landmark-based [2] or 
image-based [3] techniques, or visual inspection [4].  Recently, interest has grown in 
exploiting the complex imagery, i.e. using the phase of the beamformed image, for repeat-
pass processing such as interferometry [5]  and coherent change detection (CCD) [6].  
This technique is common in the field of Synthetic Aperture Radar (SAR) but has seen 
limited application in high-frequency underwater acoustics. 

CCD uses a reduction in the cross-correlation between a pair of complex repeat-pass 
images as a metric for identifying areas where a change may have occurred.  To perform 
this technique, images must be processed interferometrically which places stringent 
requirements on the acquisition, processing and co-registration of the image pairs.  Steps 
must be taken to mitigate unwanted sources of decorrelation [7] due to i) acquisition 
geometry, i.e. baseline decorrelation; ii) the stability of the environment between 
acquisitions, i.e. temporal coherence; and iii) residual misregistration between the two 
images.  While the requirements for magnitude-only change detection are less severe, 
CCD promises the ability to “detect very subtle scene changes” [8]. 

This paper reports on experimental results from CCD trials carried out in 2011.  
Sources of decorrelation are first examined in Section 2, including geometric, temporal 
and misregistration errors. For this last case, a technique is briefly described which uses an 
iterative algorithm to produce an increasingly accurate co-registration of two repeat-pass 
synthetic aperture sonar (SAS) images.  The LARVIK experiment, where a SAS-equipped 
autonomous underwater vehicle (AUV) was used to collect repeat-pass data in two 
different areas near the Oslofjord in Norway, is then described in Section 3. The results of 
the co-registration method and CCD are presented in Section 4, as well some discussion 
on the interpretation of the results including the stability of the environment and some 
suggestions of areas of future investigation.  

2.  INTEREROMETRIC PROCESSING OF REPEAT-PASS SAS IMAGES 

Consider an interferometric pair of SAS images and , called the primary and 
repeat-pass images, collected at times and .  The maximum likelihood estimator of the 
coherence magnitude between two vectors  and  is defined as: 
 

 (1)
 

where  is the number of pixels in an -pixel neighbourhood that is used for a 
spatial average.  For simplicity,  is often denoted   Two important sources of loss of 
coherence for AUV-based imaging sonars are geometric and temporal decorrelation.  
These are defined below. 

1st International Conference and Exhibition on Underwater Acoustics

592



 

Geometric decorrelation 

Geometric decorrelation is caused by differences in the viewing geometry.  The 
decorrelation due to baseline can be explained using the wavenumber shift [9].  The loss 
of coherence due to geometry for a narrowband system is defined linearly as a function of 
the various baselines:  

 
 

 (2)

where   is the critical baseline and is the perpendicular baseline (see [7 pp. 34, 
102]). 

Temporal decorrelation 

Temporal decorrelation occurs as the distribution of the scatterers at the wavelength of 
the SAS operating frequencies changes between acquisition times.  This can be attributed 
to a change in the seafloor roughness over time caused by littoral processes (sediment 
transport, currents, waves) and biological activities.  The correlation between two signals 
from the same area of seafloor is computed from the power spectral density of the seafloor 
relief evaluated at the Bragg wavenumber vector . For backscattering, the Bragg 
wavenumber for the grazing angle  is defined as  where  is the acoustic 
wavenumber in water.  In [10], a model for the evolution of the seabed roughness was 
given based on the diffusion equation [11], yielding: 

   , (3)

for a set of constants where  is the magnitude of the wavenumber vector and  is the 
horizontal diffusion coefficient.  In this model the decay constant  of the seafloor is a 
function of  such that: 

   , (4)

 Equation (3) shows that the temporal decorrelation will be faster at higher frequencies.   

Misregistration errors 

One of the crucial steps in CCD is the ability to co-register image pairs to within a 
fraction of a wavelength.  Previous work [12] required access to raw signal data in order to 
bootstrap the co-registration process [13].  The present method functions entirely on 
beamformed, basebanded SAS images and is analogous to existing SAR processing 
methods.  These single-pass SAS images are made using the back-projection algorithm 
onto a ground plane estimated from the sidescan interferometric bathymetry. 
Corresponding images from repeated passes cover the same geographical region based on 
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vehicle navigation data, with a typical offset of a few meters.  The steps of the co-
registration method are briefly summarized as follows: 

 
Rough co-registration:  The images are first shifted linearly to obtain a very 

approximate co-registration.  The amount of shift is computed by using the normalized 
cross-correlation of the entire magnitude images: 
 

    (4)

where  and  are the mean and standard deviation of magnitude image .  
Occasionally this step will fail; in this case the user is required to select a single pair of 
control points to start the co-registration process. 

Fine co-registration:  The normalized cross-correlation from (4) is once again 
used in this stage of the co-registration process except this time a small moving window of 
size  is used on the magnitude images.  The peak of , after a parabolic 
interpolation, is used to define a number of control points as long as it exceeds some 
threshold .  These control points are used to compute a warping surface based on a 3rd 
order polynomial function. 

Very fine registration:  Sub-pixel accuracy in co-registration is achieved by once 
again applying a moving window, now of size  where  using an FFT-

Figure 1 Example images of Sites 1 and 2, showing the positions of the deployed targets.  The approximate 
locations of the sediment samples are indicated with an arrow. 

Table 1 Results of sediment analysis for the two sites.  The sediment types are expressed as percentages of the 
total sample.  Mud is the combination of Silt and Clay.  The mean and standard deviations of the grain size 
are also shown using  where D is the diameter of the grain size expressed in millimetres.  The 
samples were obtained by divers from the Norwegian Coast Guard at the locations shown in Figure 1.

 Gravel  Sand Silt Clay  Mud μ   
Site 1 0.02 6.82 62.07 31.08 93.16 6.87 2.10
Site 2 26.19 38.15 22.45 13.21 35.65 2.53 4.35
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Figure 2 Coherence images from Area 1 with varying temporal baselines. 
 
based cross-correlation on the complex-valued images [14].   A B-spline registration is 
then used to warp the repeat-pass image onto the primary image. 

Other sources of decorrelation 
 
Other sources of decorrelation include volume effects, change in sound propagation 

conditions, and remaining uncertainties in the bathymetry, which amounts to a residual 
registration error, and shifts in the Doppler frequency caused by differences in yaw of the 
platform during the two passes.  This latter effect is mitigated to some extent during the 
interpolation step by applying a compensation factor equivalent to the squint for each 
along-track position [15 p. 140]: 

    (5)

where  is the acoustic wavelength, is the estimated speed of the platform and  is the 
yaw angle. An 11-point truncated sinc interpolation method is used to minimize phase 
errors. 

3.  EXPERIMENT 

In April of 2011, an international experiment took place in the Oslofjord outside the 
town of Larvik in Norway [13] on-board of the HU Sverdrup 2, the Norwegian Defence 
Research Establishment’s (FFI) research ship.  A HUGIN Autonomous Underwater 
Vehicle, which is equipped with a Kongsberg HISAS 1030 operating at a centre frequency 
of 100 kHz with a 30 kHz bandwidth was used to collect SAS data.  The pixel size for the 
sonar images in this paper are 2 cm in both the across- and along-track directions.  Two 
separate measurement areas were chosen, with the intent to find a relatively simple, low 
clutter area and a more complex, highly-cluttered area.  The set of targets consisted of two 
concrete cubes measuring 40 cm per side, a Slocum Glider and a water- and gravel-filled 
polyvinyl reinforced bag. Site 1 was repeatedly surveyed at varying ranges and aspects, 
after which the targets were removed and the area resurveyed.  The process was repeated a 
third time, resulting in several temporal baselines with which to examine.  An analogous 
procedure was carried out in Site 2, except the targets were deployed between the first and 
second surveys.  
 

Table 1 shows the results of sediment analysis of the two areas.  Site 1 was deemed a 
benign area with the seafloor consisting mostly of mud.  Site 2 was significantly more 
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complex:  the seafloor at the location of the sample is more heterogeneous, consisting of 
larger particles.  It does appear visually to have an area (where the glider object is 
deployed) with a similar composition to that of Site 1, although this cannot be confirmed 
empirically as no sediment sample was obtained from that zone.  The area also has a 
considerably higher density of rocks, boulders and clutter objects, which represents a 
challenging task for conventional target classification methods.  The water depth was 
between 20-30 meters for both areas.  Two images, one for each area, are shown in Figure 
1.  

4.  RESULTS AND DISCUSSION 

Figure 2 shows the results of the interferometric processing of three pairs of images 
from Site 1, one of which is shown in Figure 1a.  The four targets are detectable in the 
second and third images by the drop in coherence caused by their presence.  There is 
strong coherence over much of the area after three days (80% of the image with  
and is still retained after 8 days (62% with , using  pixels and  
pixels. A careful inspection of the coherence map around the targets, shown in Figure 3, 
detects features that do not appear in the magnitude images:  what appears to be a line 
going to the water bag target, possibly created by disturbances by the divers during the 
object recovery, as well as the area below the target, also perhaps caused by recovery or 
scouring around the object by underwater currents.    Some horizontal bands of drops in 
coherence can be observed in this set of images, particularly around 30 meters along track 
in the 5 and 8 day baseline images.  Application of Equation (2) to predict the reduction in 
coherence due to the geometric baseline decorrelation shows very little anticipated effect.  
This was confirmed by numerical modelling.  The position of these areas is not consistent 
between files, leading one to believe that they are not due to the temporal decorrelation of 
the seafloor.  They can perhaps be attributed to interference from other sensors or 
remaining registration errors.  Further investigation is required.   

Figure 4 shows the results of the coherent change detection for Site 2, with one of the 
images shown in Figure 1b.  Here, the results are mixed.  While some coherence is still 
present after 5 days, it is concentrated in the area near the polyvinyl bag target (upper right 
in Fig. 1b).  In fact, in this area the rough registration step was not successful and required 
user input to initiate the co-registration process.  The final coherence was sensitive to 
where this initial control point was selected and the warping procedure was not as robust 
in this area, with not enough control points over the entire image.  The matching control 
points that exceeded were concentrated in the area of higher reflectivity, with little to 

  
 (a) (b) (c) 

Figure 3 Close up of (a) water bag, (b) smooth cube and (c) rough cube targets, with the coherence 
map from Figure 2b overlaid on top of sonar image of Figure 1a. See the text for details. 
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no control points in the low-reflectivity area.  A warping method robust to this distribution 
may be helpful to handle this case.  In addition, the ping-to-ping coherence (not shown) 
computed during the SAS image formation process was low in the areas where the repeat-
pass coherence was low; it is reasonable to expect that coherence cannot be recovered 
where there was none in the first place, as is evident by the shadow zones behind the 
objects shown in Figure 4.  

Finally, the decay constant in Equation (4) was computed using data from Site 1.  
Using three data points from different grazing angles and fitting exponentials of the form 

 and values for  ranged from 28 days at shallow grazing angles and 3 days at 
steeper angles.  Solving for the diffusion coefficient results in values for 

( ) to  ( ), compared 
with  presented in [10].  The dependency on grazing 
angle is possibly due to residual errors in the co-registration.  In [16], Paulis et al. report a 
drop in coherence to 0.55 within a day for a 300 kHz SAS in an area near La Spezia, Italy 
and in  [11] Lyons and Brown obtain drops in coherence to 0.375/0.655 after 15 hours for 
the SAX04 experiment in the Gulf of Mexico, where they concluded that CCD would not 
be possible above 30 kHz for temporal baselines greater than a day.  Contrary to the 
conditions at that specific site, the stability of the Larvik site shows that it is possible to 
retain some coherence even after a 8 days of temporal baseline at 100 kHz, given 
favourable hydrodynamic conditions and low levels of biological activity. 

ACKNOWLEDGMENTS 

The authors would like to thank: Michel Legris and Benoit Zerr at ENSTA-Bretagne for 
useful discussions on baseline decorrelation; Tony Lyons at Penn State University and 
Anna Crawford at DRDC on temporal coherence; and Owen Brown at the Bedford 
Institute of Oceanography for carrying out the sediment analysis using in this paper.  
Finally, thanks to the work of the crew of the HU Sverdrup 2 and the Norwegian Coast 
Guard ship KV Nornen during the LARVIK experiments. 
 
REFERENCES 

(a) (b) (c) 
Figure 4 Coherence images from Area 2 with varying temporal baselines.  In (a) the temporal baseline is 2 days, 
in (b) it is three days, and in (c) it is 5 days.  The coherence is greater for the 5 day baseline, suggesting some 
other source of decorrelation other than temporal in (a) and (b).

1st International Conference and Exhibition on Underwater Acoustics

597



 

[1] V. Myers, A. Fortin, and P. Simard, "An automated method for change detection 
in areas of high clutter density using sonar imagery," presented at the Underwater 
Acoustics Measurements (UAM), Nafplion, Greece, 2009. 

[2] J. Ferrand and N. Mandelert, "Change detection for MCM survey mission," 
presented at the International Conference on Underwater Remote Sensing, Brest, 
France, 2012. 

[3] W. Shuang and H. Leung, "A Markov Random Field Approach for Sidescan 
Sonar Change Detection," IEEE Jour. of Oceanic Engineering, vol. 37, pp. 659-
669, 2012. 

[4] R. H. Poeckert, "Change Detection Using "Blink" Comparison of Route Survey 
Sonar Imagery," Defence Research Establishment Pacific1991. 

[5] S. A. Synnes, H. J. Callow, R. E. Hansen, and T. O. Sæbø, "Multipass coherent 
processing on synthetic aperture sonar data," presented at the European Conference 
on Underwater Acoustics Istanbul, Turkey, 2010. 

[6] D. D. Sternlicht, J. K. Harbaugh, and M. A. Nelson, "Experiments in coherent 
change detection for synthetic aperture sonar," presented at the OCEANS 2009, 
Biloxi, MI, 2009. 

[7] R. F. Hanssen, Radar Inteferometry: Data Interpretation and Error Analysis: 
Springer, 2001. 

[8] M. Preiss and N. J. S. Stacy, "Coherent Change Detection: Theoretical 
Description and Experimental Results," Defence Science and Technology 
Organisation (DSTO), Australia 2006 2006. 

[9] F. Gatelli, A. M. Guamieri, F. Parizzi, P. Pasquali, C. Prati, and F. Rocca, 
"The wavenumber shift in SAR interferometry," IEEE Trans. on Geoscience and 
Remote Sensing, vol. 32, pp. 855-865, 1994. 

[10] D. R. Jackson, M. D. Richardson, K. L. Williams, A. P. Lyons, C. D. Jones, K. 
B. Briggs, et al., "Acoustic Observation of the Time Dependence of the Roughness 
of Sandy Seafloors," IEEE Jour. of Oceanic Engineering, vol. 34, pp. 407-422, 
2009. 

[11] A. P. Lyons and D. C. Brown, "The Impact of the Temporal Variability of 
Seafloor Roughness on Synthetic Aperture Sonar Repeat Pass Interferometry," 
IEEE Jour. of Oceanic Engineering, vol. 38, pp. 91-97, 2013. 

[12] I. Quidu, V. Myers, Ø. Midtgaard, and R. E. Hansen, "Subpixel image 
registration for coherent change detection between two high resolution sonar 
passes," ICoURS'12, 2012. 

[13] Ø. Midtgaard, R. E. Hansen, T. O. Sæbø, V. Myers, J. R. Dubberley, and I. 
Quidu, "Change detection using Synthetic Aperture Sonar: Preliminary results 
from the Larvik trial," in OCEANS 2011, 2011, pp. 1-8. 

[14] M. Guizar-Sicairos, S. T. Thurman, and J. R. Feinup, "Efficient subpixel image 
registration algorithms," Opt. Lett., vol. 33, pp. 156-158, 2008 2008. 

[15] I. G. Cumming and F. H. Wong, Digital Processing of Synthetic Aperture Radar 
Data: Artech House, 2005. 

[16] R. D. Paulis, C. Prati, S. Scirpoli, F. Rocca, A. Tesei, P. A. Sletner, et al., "SAS 
Multipass Interferometry for Monitoring Seabed Deformation Using a High-
Frequency Imaging Sonar," in OCEANS 2011, Spain, 2011. 

 
 

1st International Conference and Exhibition on Underwater Acoustics

598



 

APERTURE COHERENCE FOR ACTIVE SONAR IMAGE 
ENHANCEMENT: A REVIEW 

Andreas Austenga,  Ann A.E. Blomberga,  Roy E. Hansena,b 

aDept of Informatics, University of Oslo, POBox 1080, Blindern, NO-0316 Oslo, Norway. 
bNorwegian Defence Research Establishment (FFI), NO-2027, Kjeller, Norway. 

Contact author: Andreas Austeng, Dept of Informatics, University of Oslo, POBox 1080, 
Blindern, NO-0316 Oslo, Norway. Fax: +47 22 85 24 01. Andreas.Austeng@ifi.uio.no. 

Abstract:  Modern active sonars usually employ an array of transducers for reception, where 
the signals received by the individual sensors are combined through beamforming to form an 
image based on the recorded time series. An array of multiple receivers also makes it 
possible to measure the similarity of the sound field across the array, or the aperture 
coherence. This quantity has interesting properties and has proven useful in sonar imaging.  
In this work we review the aperture coherence technique and how it can be used as a quality 
metric and as an image enhancement technique. The concept is based on the fact that a 
noise-free plane wave impinging on the array will result in a sound field with little variation 
between the sensors. Random noise and signals arriving from off-axis directions will be less 
similar across the array, causing the aperture coherence to drop. When focusing the receiver 
toward a given point, high aperture coherence indicates that the signal is likely to arrive 
from a reflector, while low aperture coherence indicates that the signal is likely to arrive 
from multiple directions (speckle), from within the sidelobe region of the array, or from 
additive noise that is uncorrelated across the receiver array. The aperture coherence takes 
values between 0 and 1, and may be used as an image enhancement technique by pixel-wise 
combination with the beamformed sonar image.  The resulting image appears less noisy since 
pixels affected by interference and spatially random noise are suppressed while pixels 
containing only contributions from coherent sources and point scatterers are preserved. 
Speckle, being random variability of the signal, may be suppressed more than desired for 
some applications. We also describe an alternative technique: the Scaled Wiener Postfilter 
(SWiP), where a parameter can be tuned to obtain suitable performance in speckle regions. 
We show examples of aperture coherence and SWiP weighted images on real data from the 
active sonar imaging systems SX90 fishery sonar and the HISAS 1030 from Kongsberg 
Maritime. 
 
Keywords: Adaptive imaging methods, aperture coherence, coherence factor, scaled wiener postfilter 
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INTRODUCTION

Sonar images are usually formed using an array-based system, where a transmitter emits 
waves into the medium and the scattered or reflected waves are subsequently received by a 
set of sensors. An image with intensities representing physical parameters of the medium is 
formed through beamforming of the received signals. In conventional delay-and-sum (DAS) 
beamforming, the processing for each image point involves delaying the received signals at 
each sensor such that when summed, a reflection/echo from the point will be added 
constructively. This can be expressed as 

 
 

DAS  (1)

 
where is the properly delayed data for a pixel n at sensor m, and  is a scalar weight 
applied to sensor m. Ideally, a sonar image would only contain information about the actual 
backscatter parameter of the imaged scene. In a real situation, the ideal image is blurred due 
to a finite resolution and disfigured with noise. Another limiting factor of any imaging system 
is that it is impossible to focus a wavefield perfectly (at either transmission or reception) 
using a finite size aperture. As a consequence, the image intensity is measured in an area 
defined by the system’s resolution, and it represents both the backscatter energy originating 
from inside the resolution cell and noise and interference from other directions, in addition to 
system noise. The signal-to-noise ratio (SNR) varies throughout the image and depends on 
the signal energy in the transmitted wave and by that the range to the target, the backscatter 
coefficient of the target, the scene that is imaged and the amount of interference it causes, the 
background noise, the medium parameters like the speed-of-sound, and the array gain of the 
transmitter and receiver, among other factors.  

To analyse the backscattered ultrasonic signal from scattering media, Mallart and Fink [1] 
introduced a coherence-based metric that describes the focusing quality in the targeted 
medium. It is based on an underlying assumption that when the receiver is steered towards a 
backscattering point in space, the signal of interest is coherent across the array of receivers, 
while random noise and interfering signals generally are not. Hollman et. al [2] defined the 
metric as the coherent sum of signals across an aperture to the incoherent sum of these 
signals, and named it the coherence factor (CF). In ultrasound imaging, the CF has been used 
as an index of focusing quality and as an adaptive weighting factor to each image point. 
Adaptive weighting of an acoustical image by the aperture coherence in order to reduce the 
influence of noise and interference has since then attained considerable interest in the 
literature. Several papers discuss alternative approaches including the generalized coherence 
factor [3], combination of CF and adaptive beamformers [4] [5] [6], the Scaled Wiener 
Postfilter (SWiP) [7] [8], phase coherence [9], and short-lag spatial coherence [10].  

In this paper we will review the CF for sonar imaging and discuss its pros and cons. We 
will also discuss the SWiP and show how it gives a more balanced weighting for images of 
speckle scenes. 
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THE COHERENCE FACTOR (CF) 

The coherence factor is defined as the sum of coherent energy to the sum of incoherent 
energy across the array of receivers:  

 
 

 (2)

where is the properly delayed data for pixel n at sensor m, and M is the number of 
receive sensors. The CF attains values between 0 and 1. According to [2], a high CF value 
indicates a high directionality, i.e. it indicates a high-quality image pixel. A low value 
indicates low directional sound field, or a low-quality image pixel. In medical ultrasound 
imaging, CF was originally used as a quality measure for phase aberration correction. In 
seismic processing, the same quotient is known as semblance, and is used among other things 
as a similarity measurement to determine seismic velocities, to track reflected events, and 
measure signal-to-noise ratio [11] [12]. Hollmand et al. [2] proposed to multiply the CF with 
the DAS beamformer output forming an adaptive imaging method that reduces the effects of 
focusing errors: 
 
  (3)

As an adaptive imaging method or postfilter, the CF has potential in a range of sonar 
imaging applications. We show examples from a fish finding sonar and a sidescan sonar in 
the following section. The method is intuitively appealing, simple to implement, and has a 
strong noise- and interference reduction capability. Since it is applied as a postfilter through 
pixel-wise multiplication with the sonar image, the process is easily reversible. Still, care 
should be taken when using the CF as an imaging method since it overestimates the noise by 
a factor M, potentially introducing image artifacts in low-SNR regions of the image. Speckle 
scenes are in this context considered regions of low-SNR, because of their spatially random 
scattering behaviour. The closely related Scaled Wiener Postfilter (SWiP) was proposed as a 
less aggressive alternative to the CF.  

From (2) it is obvious that a high CF value (close to one) does mean that the signals on all 
elements need to be close to equal. In far-field imaging, this is most often the case when the 
SNR is high. When the target has to be regarded as distributed, which often is the case in 
near-field imaging, the signal statistics will depend on the incident angle and therefore differ 
over the aperture. In such cases, CF and similar measures will not be optimal and their value 
will be lowered. When doing extreme near-field imaging as for instant full aperture SAS, 
only true point sources can give the same signal on all elements. For the CF to give a high 
value in such a situation will depend on the SNR and proper correction of pathway losses.  

THE SCALED WIENER POSTFILTER (SWiP) 

Under the assumption that the noise is spatially white, the CF can be interpreted in the 
context of Wiener filtering and Wiener postfiltering and shown to be equal [7]: 
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 (4)

where  is an estimate of the signal power, is the 
beamformer weights of the unweighted DAS beamformer,  is the noise covariance matrix, 
and . The second term in the denominator can 
be interpreted as an estimator of the pre-beamformer noise. Eq. (4) shows that the CF is a 
Wiener postfilter for the uniformly weighted DAS beamformer, but that it overestimates the 
output noise power by a factor M. In high SNR scenarios, the overestimation of the noise has 
little impact. In low SNR scenarios, the nominator of the CF will become much too large.  
In an attempt to improve the behaviour of CF in low SNR scenarios, Nilsen and Holm [7] 
introduced the Scaled Wiener Postfilter (SWiP) defined as: 
 
 

 (5)

where A is the amplitude of the desired signal, , is the 
beamformer weights of the DAS beamformer, and  is the noise covariance matrix. Both A 
and  need to be estimated. The most obvious choice of the signal power estimator is [7] 

 as given in Eq. (1). The output noise power can in the case of spatially 
white noise be estimated as in Eq. (4) as 
 
 

 (6)

where  is the identity matrix. For this choice of noise covariance matrix, the SWiP will be 
equal to CF for  and equal to the Wiener Postfilter for . By choosing  between 

 and , it is possible to control the behaviour of SWiP. In cases when the noise cannot be 
assumed white,  can be estimated by the spatially and temporally smoothed sample 
covariance matrix [7] [13]: 
 
 

 (7)

where  is the number of sub-arrays of length ,  contains the delayed data 
samples from sub-array , and  is the number of temporal samples used.  

The SWiP is preferred to the CF when imaging speckle scenes, since the CF significantly 
underestimates the backscattering strength in this case. The parameter alpha is chosen 
empirically to allow the performance to move between that of the CF (strong noise 
suppression and poor amplitude preservation) to that of the statistically optimal Wiener 
postfilter. The argumentation for not always choosing the latter end of the scale is that the 
implementation of the Wiener postfilter requires an estimate of the signal power as well as 
the noise power. In practice, correct estimates are normally not available and alpha >1 can be 
chosen empirically to compensate for this.  
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APERTURE COHERENCE FOR IMAGE ENHANCEMENT - EXAMPLES 

The aperture coherence may be used as an adaptive image enhancement technique in a 
range of sonar applications. Figure 1 illustrates how the CF can be used to enhance the image 
quality in a fish finding application by suppressing sidelobes and background noise. The data 
was collected using the 2D cylindrical Simrad SX90 sonar; a low frequency, long range fish 
finding sonar [14]. Data from each row in the array was coherently summed prior to the 
beamforming to syntisize a 32-element cylindrical stave array. 13 stave elements at the time 
were used to form the receive beam. The experimental setup consisted of a corner reflector 
placed in the water column at 5 m depth and at a range of approximately 100 m. The obtained 
results show that the images using DAS and DAS w/Hanning weighting have a sidelobe 
levels at around -15 dB and a noise floor at around -30 dB. For both the SWiP ( =  and 
the CF, the sidelobe level and the noise floor are significantly reduced. The best results are 
obtained with the CF, where both the sidelobe level and the noise floor are reduced by 
approximately 30 dB at the expense of a slightly reduced amplitude response. 
 

 

 

 

Fig. 1: Images of a corner reflector using the Simrad SX90 sonar.  
Upper left, the full sector images for DAS and CF are shown. In the right column from top to 

bottom the zoomed sections of the corner reflector for DAS, DAS w/Hanning weighting, SWiP, and 
CF are shown. In the lower left corner, a cut through the response for the corner reflector is shown. 

In high SNR scenarios such as targets in the water column, the adaptive CF imaging 
shows very promising results. If a reduction in noise and interference in the image is of high 
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importance and a slight reduction in the backscatter amplitude of the target is tolerated, this 
method gives the best results. In low SNR scenarios, for instanse when imaging speckle 
scenes, the CF has a tendency to significantly underestimate the backscattering strength, 
especially close to strong targets. Figure 2 shows results from simulated multibeam sidescan 
data from a complex speckle scene using a 32 element Kongsberg Maritime HISAS 1030 
sonar operated in sidescan mode. The scene is illustrated in Figure 2(a), and consists of a 
vertically oriented cylinder placed at 35 m range and raised 1 m above the ground, and two 
point sources placed in a speckle background. The cylinder and the points had a scatter 
reflectivity 6 times stronger than the background. The sonar altitude is 5 m such that an 
acoustic shadow appears behind the cylinder. Figure 2(b) shows the imaged scene using the 
(unweighted) DAS beamformer. Enlarged images of the indicated white box are shown in 
Figures 2(c) (f) using DAS, DAS w/Hanning weighting, SWiP( =  and CF, 
respectively. All images are normalized by their mean speckle level. Further details about the 
simulation can be found in [8]. 

 

 
(a) (b) 

 
(c) (d) (e) (f) 

      

Fig. 2: Simulated speckle scenes using a HISAS 1030 sonar operated in sidescan mode. 
(a) Illustration of scene, (b) Imaged scene using (unweighed) DAS, (c) (f) Image details using  

(c) unweighted DAS, (d) DAS w/Hanning, (e) SWiP, and (f) CF. 
 

Figure 2(c) shows that the DAS beamformer has high sidelobes and low shadow contrast. 
Sidelobes from the two points are visible in both the speckle and the shadow area. The DAS 
w/Hanning beamformer (Figure 2(d)) suppresses the sidelobes at the cost of wider point 
extent and a narrower shadow area. Both the SWiP (Figure 2(e)) and CF (Figure 2(f)) 
maintain narrow and well-defined points and a wide shadow area with improved contrast. 
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The CF is, however, much more aggressive and suppresses speckle leaving a black band 
resembling empty space in the position of the visible sidelobes in Figure 2(c).  

The methods were also tested on experimental data from the HISAS 1030 sonar operated 
in sidescan mode imaging the wreck of the oil tanker “Holmengrå”. The wreck is about 68 m 
long and 9 m wide, and rests on the seafloor at a depth of 77 m. Figure 3 shows the image 
obtained using (a) DAS w/Hanning weighting, (b) SWiP, and close-up looks using (c) DAS 
w/Hanning, (d) SWiP, and (e) CF. All images are normalized by their mean speckle level. 
The figure shows that DAS w/Hanning gives a well-defined shadow area, but reveals few 
details on the wreck due to smearing. Both SWiP and CF effectively suppress sidelobes and 
incoherent noise and produce images with well-defined shadow areas as well as sharp edges 
and more details. (Comparing SWiP and CF show that the CF over-compensates for noise 
leaving artificially black areas around the wreck.) 

(a) (b) 

 
(c) (d) (e) 

Fig. 3: Sidescan images of the wreck “Holmengrå” using the HISAS 1030 sonar in 
sidescan mode: (a) DAS w/Hanning, (b) SWiP, (c) DAS w/Hanning, (d) SWiP, and (e) CF. 

CONCLUSIONS  

In this paper, we have described aperture coherence (CF and SWiP) and how it can be 
used as a quality metric and as an adaptive image enhancement technique. We have shown 
that aperture coherence (CF and SWiP) is a potential adaptive sonar image enhancement 
technique. The CF supresses random noise and interference in the images. It is able to 
increase shadow contrast and highlight point targets. It has, however, a tendency to 
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underestimate the true amplitude in low SNR scenarios. The SWiP is less aggressive than CF, 
and more suitable for imaging speckle scenes. None of the discussed approaches are directly 
applicable to SAS imaging due to angular dependent backscatter statistics. But true point 
targets should give high CF values for SAS images, and the methods could, therefore, 
potentially be used for persistent scatter recognition.    
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SAS IMAGE COHERENCE IN THE WAVELET DOMAIN: 
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Abstract: A method is presented for separating the broadband acoustic target response
from the background seafloor reverberation based on the multi-look synthetic aperture 
sonar (SAS) image coherence. The method computes the coherence in the wavelet domain 
and uses this to distinguish between the target and background, which are assumed to be 
comparatively coherent and incoherent respectively. A wavelet shrinkage technique is 
applied to perform the separation whilst preserving phase and image resolution. The 
method is demonstrated on experimental data from a low-frequency broadband sonar 
developed for detecting buried objects.
We also present preliminary results using a similar approach to obtain a coherence-based 
metric for seafloor complexity. Results are shown from a high-frequency imaging sonar. 

Keywords: Synthetic aperture sonar, coherence, wavelets 

1. INTRODUCTION 

Two operational short-falls of conventional seafloor mapping sonars for naval mine-
hunting are: 1) a limited capability for detecting buried objects; and 2) high false alarm 
rates in cluttered environments; this is particularly problematic for automated target 
recognition (ATR) algorithms. Attempts to address these issues are being made by use of 
low-frequency (LF) broadband sonar [1]. Low frequencies are capable of penetrating into 
the seafloor sediment facilitating the detection of buried objects, while broadband signals 
have the potential to provide useful classification features based on the multi-aspect 
acoustic colour in the resonant scattering regime. 
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In this paper, we contribute to improving the performance of low-frequency broadband 
synthetic aperture sonar (SAS) by introducing a resolution and phase-preserving method 
for separating the target response from the background seafloor reverberation. We achieve 
this by consideration of the multi-look SAS image coherence in the wavelet domain. 
Furthermore, based on this technique, we investigate a new coherence-based metric for 
evaluating seafloor complexity. Such metrics are useful for developing performance self-
assessment capabilities for ATR and decision-making procedures in future systems with 
autonomous underwater vehicles (AUVs) [2]. 

2. TARGET / BACKGROUD SEPARATION 

The broadband acoustic signature of a target can be isolated from the background 
seafloor reverberation in a SAS image by applying a window function followed by 
reversal of the SAS imaging procedure [3]. However, the fidelity of the extracted response 
is dependent on the choice of window: a smaller window achieves better background 
suppression but at the risk of truncating the target’s response.

A recently proposed wavelet shrinkage de-noising method from the field of medical 
imaging [4] offers a more optimal solution. The method uses a coherence metric to 
determine the similarity of wavelet coefficients between independent looks, i.e., similar 
images of the same scene with statistically independent noise realisations. The wavelet 
coefficients that have high coherence between looks are assumed to correspond to the 
noise-free (reverberation-free) measurements of the targets, whereas the coefficients with 
low coherence are assumed to correspond to the reverberation. Under these assumptions, 
the coefficients with low coherence are attenuated to obtain the de-noised image. 

2.1. Multi-Look Coherence in the Wavelet Domain 

To generate multiple looks, we partition the image wavenumber space into blocks and 
randomly assign the blocks into one of two complimentary sets, i.e., 

),(w,, yxpyxyxp kkkkIkkI           (1) 

),(w1,, yxpyxyxp kkkkIkkI ,         (2) 

where yxikkI yx ,FT,  is the 2-D Fourier transform of the image yxi , , x and y are 
the along-track and across-track image coordinates, and kx and ky are their respective 
wavenumbers; 

y

yy

x

xx
pyxp k

kk
k
kk

akk 0,0, round,round),(w         (3) 

is a window function that implements the random block assignment over a grid with 
centres at the wavenumbers yyxxnymx knkkmkkk 0,0,,, ,, , where nmap ,  is a 2-
D pseudo-random noise sequence drawn from a binary distribution, xround  is the 
nearest integer to x , and the subscript p denotes the pth sequence realisation. 
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The SAS images for complimentary looks can then be obtained via an inverse Fourier 
transform, i.e, 

yxpp kkIyxi ,FT, 1           (4) 

yxpp kkIyxi ,FT, 1 .          (5) 

Other schemes can also be conceived to obtain the multiple looks, including using 
vertically separated receivers or multiple passes. 

The wavelet domain is good for yielding sparse image representations, meaning that the 
important information tends to be contained within only a few coefficients whereas noise 
is distributed more evenly. It is therefore, a good domain for separating targets from noise 
and has been used for resolution-preserving de-noising in many imaging applications. 

The wavelet-domain images for the complimentary looks are obtained via the wavelet 
transform, i.e., 

yxiyxC pp ,WT),','( s           (6) 

yxiyxC pp ,WT),','( s ,          (7) 

where the operator s,',',:  WT yxyx  denotes the wavelet transform and 
),,( xyyx ssss are the wavelet scales. The transform is phase-preserving when symmetric 

/ anti-symmetric wavelet pairs are used, and this is important for retaining the phase 
information in subsequent signal processing. 

The coefficients corresponding to targets or noise are distinguished by considering a 
measure of their similarity between the looks. The similarity is quantified here using the 
coherence, i.e., 

2/1

2/1,

2*
2/1

2/1,

2

2/1

2/1,

*

,',',','

,',',','
,','

N

Nnm
p

N

Nnm
p

N

Nnm
pp

p

ynyxmxCynyxmxC

ynyxmxCynyxmxC
yx

ss

ss
s (8) 

for an N N averaging window, where x, y are the pixel dimensions. The variance of 
the coherence estimate can be reduced by averaging over a larger window (i.e., larger N)
at the cost of reduced spatial resolution. The variance can also be reduced by averaging 
over a number P of different look realisations, i.e., 

P

p
p yx

P
yx

1
,','1,',' ss ,          (9) 

where, for example using the scheme presented here, different looks can be obtained by 
repartitioning the data with different realisations of the pseudo-random noise sequence in 
(3). 

2.2. Wavelet Shrinkage Algorithm 

Having computed the coherence of the wavelet coefficients between looks, a weighting 
scheme can be used to attenuate those coefficients that are deemed to be incoherent and 
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therefore designated as background reverberation. We use here a simple user-defined soft 
threshold, i.e., with weights 

otherwise
,','
,','
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,0
,1

),','( min
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minmax
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s yx

yx

yx
yxA      (10) 

where coefficients with coherence less than min  are attenuated completely and 
coefficients greater than max  are retained completely, with a linear graduation between 
these thresholds. The derivation of an optimal weighting scheme will depend on the 
assumed properties of the targets, background reverberation, and the system parameters 
and is an interesting subject for future research. 

Using the coherence-based weights, the wavelet coefficients of the full image are 
adjusted and then inverse wavelet transformed to yield the image containing only the 
coherent targets, i.e., 

yxiyxAyxi ,WT,','WT),(' 1 s ,       (11) 

where i(x,y) is the full SAS image. 

3. EVALUATION OF SEAFLOOR COMPLEXITY 

The coherence of the wavelet coefficients computed in the interim steps (8) and (9) of 
the target / background separation procedure can provide potentially useful information 
for other purposes and also for conventional high frequency SAS. For example, the high 
and low-coherence images can be fused to show both intensity and coherence information 
simultaneously, thus conveying more information to an operator; or properties of the 
coherence distribution could be used as features for automatic target recognition and 
seafloor classification. Another use for the coherence is as an indicator of seafloor 
complexity. 

It is reasonable to assume that a seafloor with areas of high coherence can be 
considered more complex than those with comparatively low coherence. For example, 
contributors to high coherence include: specular scattering from bottom objects such as 
rocks and debris; seafloor morphology, such as sand ripples and scours; and vegetation. 
On the other hand, unresolvable surface and volume backscattering from a benign seafloor 
is expected to have low coherence. 

Complexity metrics can be conceived that are based on the coherence distribution of 
the wavelet coefficients, e.g., statistical moments, modality, tail index, etc. Furthermore, 
the metrics can be tailored to the expected wavelet scales for the targets of interest. 
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4. EXPERIMENTAL RESULTS 

Use of the multi-look coherence in the wavelet domain is demonstrated here for 
background suppression and target signature enhancement using the TNO MUD sonar and 
evaluation of seafloor complexity using the MUSCLE sonar from NATO’s Centre for 
Maritime Research and Experimentation (CMRE). 

4.1. TNO MUD LF SAS 

TNO’s MUD sonar was developed for experimentation on detecting buried objects 
such as naval mines and unexploded ordnance [1]. It is a hull-mounted side-scan SAS 
which operates over the frequency bands 1-4kHz, 4-9kHz, and 11-26kHz.  

A SAS image acquired by the system in the 4-9kHz band is shown in Fig. 1(a), with a 
close-up view of a buried cylindrical object. The proposed target / background separation 
method was applied to the image and the resulting division into target and background 
images are shown in Figs. 1(b) and (c), respectively. The various stages in the procedure 
are demonstrated in Fig. 2 and the following parameters were used: the wavenumber space 
was partitioned into a grid of 32×32 blocks to generate the complementary looks; a 
window of N = 5 pixels was used to estimate the coherence (image pixel size of Δx = 0.2 
m and Δy = 0.1 m); the coherence was averaged over P = 100 look realisations; and a soft 
threshold of ρmin = 0.4 and ρ max = 0.5 was used to weight the wavelet coefficients. 

It can be clearly observed that the contacts have been well isolated from the 
background and that resolution has been preserved. The resulting reverberation-free 
images yield improved signatures for subsequent target analysis [1].

4.2. CMRE MUSCLE HF SAS 

The MUSCLE AUV developed by CMRE has a 300 kHz imaging sonar for high-
resolution seafloor mapping [5]. Three example images from the MUSCLE SAS are 
shown in Figs. 3(a), (c) and (e) for seafloors of differing complexity. For each image, the 
multi-look coherence values of the wavelet coefficients were computed (using the same 
parameters as above) and used to make the distinction between coherent scatterers and 
incoherent background. In the figures, the coherent images are superimposed in colour 
over the incoherent background images to convey the intensity and coherence information 
simultaneously. The coherence distributions of the wavelet coefficients are shown in Figs. 
3(b), (d), and (f) for each of the images, clearly illustrating the different characteristics 
exhibited by the different areas of seafloor: the benign seafloor has a Rayleigh-like 
distribution with low average coherence whereas the rocky and rippled seafloors are much 
more coherent and have heavier tails. These preliminary results indicate that the coherence 
of the wavelet coefficients have potential for exploitation in evaluating seafloor 
complexity, and possibly for seafloor classification and ATR. 
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(a)  

(b) 

(c) 

Fig.1 – Imagery from the 2011 MUD sea trial: (a) SAS image and close-up view of the CMRE EVA cylinder; 
(b) image of the isolated coherent contacts; and (c) image of the residual background reverberation noise. 

5. SUMMARY 

A wavelet-based technique has been described that is capable of separating SAS 
images into coherent and incoherent parts without loss of phase or resolution. We have 
demonstrated two uses for this: 1) for separating the coherent target response from the 
incoherent background reverberation to enhance the acoustic signature of targets; and 2) as 
a potential complexity metric for catagorising seafloor imagery. The technique has been 
demonstrated on data from the TNO MUD sonar and the CMRE MUSCLE sonar. 
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(a) (b)

(c) (d)
Fig. 2 – Stages in the target / background separation procedure: (a) Fourier-domain generation of a look 
realisation; (b) wavelet transform of the look; (c) coherence between complimentary looks; and (d) average 
coherence over multiple realisations.
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(a)    (b) 

(c)     (d) 

(e)     (f) 

Fig.3 – Example images from the MUSCLE SAS demonstrating (a) benign, (c) rocky and (e) rippled 
seafloors. The distribution of coherence values for the wavelets coefficients are shown in (b), (d), and (f) 
respectively, demonstrating a broader distribution and a higher average coherence (indicated by the 
magenta arrows) for more complex seafloors. 
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Abstract: A large-scale study is undertaken to assess the capability of detecting 
underwater objects in sonar imagery. The data used in the analysis are synthetic aperture 
sonar (SAS) images containing various man-made objects. The data were collected with 
the MUSCLE autonomous underwater vehicle (AUV) during six large sea trials, 
conducted between 2008 and 2012, in different geographical locations with diverse 
environmental conditions. The detection algorithm for which performance is assessed is a 
cascaded, integral-image-based approach. The analysis examines detection performance 
for specific target shapes as a function of target-sensor aspect, range, image quality 
(based on spatio-temporal coherence), and environment (defined in terms of two seabed 
features). To our knowledge, this study – covering approximately 158 square kilometers of 
seabed imagery, and involving over 1400 target detection opportunities – represents the 
most extensive such systematic, quantitative assessment of object detection performance 
with SAS data. The analysis reveals that, for detection performance, the image quality (or 
spatio-temporal coherence) is a more important quantity than range, aspect, or shape. 
Dependence on the environment, and in particular seabed characterized by sand ripples, 
is also established. It is then explained how these results can be exploited, by intelligently 
adapting AUV survey routes, to maximize detection performance over an area of interest.  

Keywords: Detection, synthetic aperture sonar (SAS), image quality, performance 
assessment, autonomous underwater vehicle (AUV), adaptive surveying.  
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1. INTRODUCTION

   Using an autonomous underwater vehicle (AUV) equipped with side-looking sonar – 
and in particular, high-resolution synthetic aperture sonar (SAS) – has become a feasible 
approach for detecting objects on the seafloor. However, the subsequent performance 
assessment associated with this task often relies on subjective, qualitative estimates of 
environmental characteristics, such as seabed composition, that are notoriously 
challenging to predict accurately. Alternative approaches that employ theoretical sonar 
prediction models to estimate performance do not overcome this problem, for the models 
are extremely sensitive to estimated parameters that are difficult or impossible to measure 
accurately in situ. We argue that performance assessment would be more reliable if it were 
instead based on rigorous quantities computed using through-the-sensor data. To this end, 
in this work, we seek to establish the quantities that have the most significant impact on 
object detection performance. This information could then be used to develop a new 
approach for performing AUV planning and evaluation with high-resolution SAS imagery. 
The results can also be exploited to ensure collection of the most valuable data at sea. 
   The remainder of this paper is organized as follows. Sec. 2 describes the SAS data that 
are used in the study. Sec. 3 provides an overview of the quantities for which detection 
performance is assessed. The detection results are shown in Sec. 4, and ways to exploit the 
findings are given in Sec. 5. 

2. DATA 

   This study examines object-detection performance using sonar data collected during six 
major sea trials conducted by NURC/CMRE between 2008 and 2012; the trials were 
Colossus 2 (2008), CATHARSIS 1 (2009), CATHARSIS 2 (2009), AMiCa (2010), 
ARISE 1 (2011), and ARISE 2 (2012). This collection of data spans diverse environments 
in terms of seafloor characteristics, including flat hard-packed sand, soft mud, seabed 
characterized by sand ripples, and seabed covered in posidonia. In each sea trial, different 
groups of objects (i.e., targets) were laid, and AUV surveys were then performed over the 
target areas. The principal target classes considered here are cylinders, truncated cones, 
and wedge-shaped objects; other objects are also included in the analysis. In all, the study 
spans SAS imagery covering an area of approximately 158 square kilometers of seabed 
and involves over 1400 target detection opportunities.   
   All of the data used in this study were collected by the CMRE's SAS-equipped 
MUSCLE AUV. The center frequency of the SAS is 300 kHz and the bandwidth is 
approximately 60 kHz. The system allows the formation of high-resolution sonar imagery 
with a theoretical across-track resolution of 1.5 cm and a theoretical along-track resolution 
of 2.5 cm. 

3. EXPERIMENTAL SET-UP 

      The target-detection algorithm described in [1] is used as the basis for detection 
performance assessment. The algorithm is an integral-image-based approach that makes 
(delayed) real-time detection possible onboard an AUV. The cascaded algorithm 
architecture is designed to minimize computational costs by operating on progressively 
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smaller portions of an image at each of three major stages: shadow detection, ripple 
detection, and echo detection. The algorithm exploits extensive domain-specific 
knowledge and is tailored to the fundamental underlying physics and geometry of the 
problem. (In addition, the algorithm can also take image quality into consideration. In 
regions with poor image quality, where shadows are expected to be impure and hence 
unreliable, detection can instead be based solely on echoes.) 
   The detection performance as a function of several quantities is studied. These quantities 
include the target-sensor aspect, the range from the sensor to the target, the image quality, 
and two environmental features – the anisotropy and complexity of the seabed.  
   The mean correlation value of consecutive ping returns, as a function of range, is 
employed as a surrogate measure of the image quality. This quantity is computed within 
the displaced phase-center antenna (DCPA) algorithm [2] of the SAS processing and 
effectively exploits both spatial and temporal coherence properties of the problem; for this 
reason, we refer to it as spatio-temporal coherence, or simply a generic coherence.  
   The two environmental features considered measure the anisotropy and complexity of 
the seabed, which were introduced in [3]; modifications were made to the manner in 
which the features were computed, with this described in [4]. The anisotropy feature 
measures the variation of filter responses with an image in different directions. For the 
SAS images, this effectively quantifies the degree to which the seabed exhibits directional 
features. The complexity feature measures the average of filter responses with an image in 
different directions. For the SAS images, this effectively quantifies the degree to which 
the seabed contains objects or other sources of irregularity.  
   To ensure that the presence of the object on the seabed does not skew the environment 
features, the responses of the detections are masked prior to the feature calculations. As a 
result, these environment features should be independent of the object around which they 
are computed. Evidence of the ability of these features to capture the characteristics of the 
seabed is provided in Fig. 1. Specifically, we show the distribution of these features in 
three distinct environments: (i) on flat seabed, (ii) on seabed characterized by sand ripples, 
and (iii) on the boundary between flat and rippled seabed.  In all three cases, the features 
are extracted from the area of seabed around the same target shape, namely a truncated 
cone. For each case, multiple views of the object were obtained from various aspects. One 
example SAS image from each of the three environments, along with the distribution of 
the features, is also shown in Fig. 1. 
 

    
(a)            (b)        (c)           (d) 

Fig.1: Example SAS image of the same target shape (a) on flat seabed, (b) on the 
boundary between flat seabed and ripples, and (c) on seabed characterized by sand 
ripples; (d) the distribution of the two environment features extracted from the various 
views of this target shape at these three locations. 
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4. RESULTS 

   Detection performance as a function of various quantities for all of the data described in 
Sec. 2 is presented here. It should be noted that the case indicating “All” in the figures 
encompasses several additional target types beyond the three specific shapes named. The 
average number of detection opportunities for each of the three specific shapes is about 
300; the total number of detection opportunities for all targets is about 1400. In all of the 
subsequent figures, the x-axis tick marks and labels indicate the bin ranges used when 
quantizing the given quantity under study. 
   Detection performance as a function of image quality, or what we term spatio-temporal 
coherence, is shown in Fig. 2. It can be seen that detection performance exhibits a strong 
dependence on image quality, which can be attributed to the fact that shadows become 
unreliable at lower image-quality values because they tend to “fill in.” This insight 
suggests that image quality may also be a useful parameter to consider in other algorithms 
that exploit shadows, such as segmentation methods used for feature extraction. 
   If the detection algorithm takes image quality into account, effectively ignoring shadow 
information, the detection rates at lower image quality values (below 2/3) can be raised 
substantially. (The performance reflecting this version is indicated in Fig. 2 with markers.) 
The remaining results are based on this more effective version of the detection algorithm. 
 

Fig.2: Detection performance for each object type across all trials, as a function of image 
quality (C=cylinders, TC=truncated cones, W=wedge-shaped targets, All=all targets). 
The markers indicate performance when the detection algorithm is modified to ignore 
shadows and rely only on echoes when the image quality is below 2/3. 
 
 
   Detection performance as a function of range is shown in Fig. 3. In general, range does 
not strongly impact detection performance in SAS imagery, which makes sense because 
the resolution in SAS images is independent of range. This is in contrast to side-scan sonar 
imagery, where the resolution – and hence, detection performance – is indeed range-
dependent. Therefore, for planning and evaluation purposes, constructing models for 
detection probability as a function of lateral range – so-called “P(y) curves” – is less 
helpful when dealing with SAS data (compared to side-scan data). The results in Figs. 2-3 
are in agreement with another smaller scale study [5] that also found image quality (based 
on coherence) to be more relevant than range for detection purposes. 
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Fig.3: Detection performance for each object type across all trials, as a function of range 
(C=cylinders, TC=truncated cones, W=wedge-shaped targets, All=all targets). 
 
 
   Fig. 4 shows the detection performance as a function of the two environment features, 
seabed anisotropy and seabed complexity. Based on the results in Fig. 1, it was clear that 
the division between non-rippled seabed and rippled seabed occurred near an anisotropy 
value of 2/3. Therefore, Fig. 4(a) shows the detection performance separated at this 
threshold. High anisotropy values, which are indicative of sand ripples, corresponded with 
a lower detection rate. This result makes intuitive sense because the shadows cast by 
targets can merge with the shadows cast by ripples, making detection difficult. Similarly, 
the highlight of a target can blend in with the highlight due to ripples, which effectively 
obscures the targets. In terms of complexity, a low value is indicative of a benign seabed, 
so it is not surprising that detection rates were high in that regime. Taken together, the 
results of anisotropy and complexity support the long-held view that detection capability is 
a strong function of the environment. Being able to reliably establish the environment 
quantitatively using through-the-sensor data, however, is a key advance. 
 

  
                  (a)      (b) 

Fig.4: Detection performance for each object type across all trials, as a function of seabed 
(a) anisotropy and (b) complexity (C=cylinders, TC=truncated cones, W=wedge-shaped 
targets, All=all targets). 
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   Although one cannot necessarily change the environment in which the detection is to be 
performed, additional results suggest that collecting data at certain target-sensor aspects 
can mitigate the adverse effects of the environment. In Figs. 5-7, detection performance is 
shown as a function of target-sensor aspect on polar-coordinate plots. In these figures, the 
radius and angle of the plot indicate the probability of detection and the target orientation, 
respectively. Concentric grid-rings are shown on these plots in 0.25 increments. The space 
of target orientations is divided into four non-overlapping sets each spanning 90°, 
corresponding to the front, rear, and each side of the target. 
   In Fig. 5, we present results for the cylinder and wedge-shaped targets – the truncated 
cone is rotationally symmetric – considering only instances where the objects were on flat 
seabed (i.e., excluding instances in ripple fields). For both target shapes, very little aspect 
dependence was observed. This result is somewhat surprising because it is generally 
accepted that, for example, cylinders viewed at endfire (where there are fewer pixels on 
target) are more challenging to detect than cylinders viewed at broadside. Instead, the 
results suggest that the more important quantity for determining detection performance is 
the image-quality score.  

 

                       
             (a)                                                                          (b) 

Fig. 5: Detection performance across all trials, on flat benign seabed, as a function of 
target orientation, for (a) cylinder targets and (b) wedge-shaped targets.

 
   The more interesting results concerning target aspect are for the cases of targets in ripple 
fields. It was observed in Fig. 4(a) that detection capability has a strong dependence on the 
presence of sand ripples. However, the orientation at which the sand ripples are surveyed 
also has a dramatic impact on performance. This can be best observed in Figs. 6-7, which 
correspond to targets laid in sand ripple fields. (These results are admittedly only 
anecdotal, based on a small sample-size of about 20 detection opportunities per case.) In 
Fig. 6, the targets are rotationally symmetric truncated cones, but detection performance is 
still aspect dependent; specifically, detection performance is much better when the sonar 
viewing aspect is looking along a ripple crest (or trough). Therefore, when sand ripples are 
present, it is recommended that one surveys such that the sonar looks along ripple crests 
(and troughs) rather than across them. In this way, one minimizes the chance that targets 
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will be obscured by the ripples, either from target and ripple highlights melding or from 
ripple shadow concealment. 

 

                            (a)                                                                     (b) 
Fig. 6: Detection performance for two truncated cones as a function of target orientation. 
The targets were laid in sand ripple fields oriented at (a) 160°/-20° and (b) 130°/-50°. 

 
   The results in Fig. 7 also reveal another interesting phenomenon regarding detection 
performance of targets in ripples. That figure shows the results for the same target type 
(cylinder), with the major difference being only the relative orientations of the targets with 
respect to the sand ripples. The target associated with the results in Fig. 7(a) was oriented 
nearly parallel to the ripple crests, whereas the target associated with the results in Fig. 
7(b) was oriented nearly orthogonal to the ripple crests. This arrangement produced strong 
aspect dependence for detection in the former case, but no aspect dependence in the latter 
case. Collectively, these results suggest that the relative orientation of targets to sand 
ripples also has a major impact on detection ability, with the most challenging case being 
when the principal axis of the target and a ripple crest align. This result makes intuitive 
sense because it is in such cases that the highlights of the target and ripples would 
coincide, effectively masking the target response. 
 

                   
             (a)                                                                        (b) 

Fig. 7: Detection performance for two cylinders as a function of target orientation. The 
targets were laid in sand ripple fields oriented at (a) 175°/-5° and (b) 115°/-65°. 
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5. CONCLUSION 

   Although this study examined the performance of only one particular detection 
algorithm, the results indicate that strong dependence with certain quantities does exist. 
Moreover, the results presented here can now serve as substantial evidence to support the 
intelligent adaptation of AUV surveys for improving target detection performance. 
    The most common reasons that targets were not detected were due to poor image 
quality, concealment by sand ripples, and imaging at unfavorable or “unlucky” target 
aspects. These issues can be mitigated by intelligent surveying in the following ways. To 
guard against poor image quality, the tracks of an AUV survey can be adapted to ensure 
that high image-quality data are collected over the entire area of interest [6, 7]. Regarding 
sand ripples, once they are detected, the principal orientation of the AUV survey can be 
adjusted so that the tracks are oriented orthogonal to a given sand ripple crest (i.e., parallel 
to the direction in which the ripple “waves” propagate) [8]. To prevent viewing targets at 
only unfavorable aspects, an additional survey that exhibits substantial aspect diversity 
(such as a 90° orientation difference) can be executed [9].  
   In addition, the results hint that segmentation algorithms used to extract features for the 
subsequent classification stage may benefit from using knowledge about the image 
quality, since the detection analysis obliquely revealed that the purity of shadows (and 
hence the ease of segmentation) is a strong function of image quality.  

REFERENCES 
 
[1] D. Williams and J. Groen, “A Fast Physics-Based, Environmentally Adaptive Underwater 
Object Detection Algorithm,” in Proc. OCEANS, 2011. 
[2] A. Bellettini and M. Pinto, “Theoretical Accuracy of Synthetic Aperture Sonar 
Micronavigation Using a Displaced Phase-Center Antenna,” IEEE Journal of Oceanic 
Engineering, Vol. 27, No. 4, pp. 780-789, 2002. 
[3] O. Daniell, Y. Petillot, and S. Reed, “Unsupervised Sea-Floor Classification for Automatic 
Target Recognition,” in Proc. International Conference on Underwater Remote Sensing, 2012. 
[4] E. Fakiris, D. Williams, M. Couillard, and W. Fox, “Sea-Floor Acoustic Anisotropy and 
Complexity Assessment Towards Prediction of ATR Performance,” in Proc. International 
Conference on Underwater Acoustics, 2013. 
[5] S. Synnes, R. Hansen, and T. Sæbø, “Assessment of Shallow Water Performance Using 
Interferometric Sonar Coherence,” in Proc. International Conference on Underwater Acoustic 
Measurements, 2009. 
[6] D. Williams, “On Optimal AUV Track-Spacing for Underwater Mine Detection,” in Proc.
IEEE International Conference on Robotics and Automation, pp. 4755-4762, 2010. 
[7] D. Williams, A. Vermeij, F. Baralli, J. Groen, and W. Fox, “In Situ AUV Survey 
Adaptation Using Through-the-Sensor Sonar Data, IEEE International Conference on Acoustics, 
Speech, and Signal Processing, 2012. 
[8] D. Williams, “AUV-Enabled Adaptive Underwater Surveying for Optimal Data Collection,” 
Intelligent Service Robotics, Vol. 5, No. 1, pp. 33-54, 2012. 
[9] M. Couillard, J. Fawcett, and M. Davison, “Optimizing Constrained Search Patterns for 
Remote Mine-Hunting Vehicles,” IEEE Journal of Oceanic Engineering, Vol. 37, No. 1, pp. 75-
84, 2012. 

1st International Conference and Exhibition on Underwater Acoustics

622



Session 10
Underwater Soundscapes: Definition and quantification 

Organizers: Jennifer Miksis-Olds and Mark Prior 

1st International Conference and Exhibition on Underwater Acoustics

623



1st International Conference and Exhibition on Underwater Acoustics

624



 

WHAT IS AN UNDERWATER SOUNDSCAPE? 

Jennifer L. Miksis-Olds 

Applied Research Laboratory, The Pennsylvania State University, P.O. Box 30 Mailstop 
3510D, State College, PA, USA 

Contact Author: Jennifer L. Miksis-Olds, Applied Research Laboratory, The Pennsylvania 
State University, P.O. Box 30 Mailstop 3510D, State College, PA, USA.  Fax: 1 (814) 
863-8783.  Phone: 1 (814) 865-9318. Email: jlm91@arl.psu.edu 

Abstract: The term “soundscape” has been used in music and across multiple social and 
natural science disciplines for the past four decades.  The interpretation, definition, and 
presentation of the term differs slightly from discipline to discipline.  However, there is 
broad agreement that the soundscape is composed of 1) biotic, 2) natural abiotic, and 3) 
anthropogenic sources.  Reference to soundscapes in the field of underwater acoustics is 
relatively new, and we are faced with the challenge of defining this term from an 
underwater perspective.  Here I discuss the concept of the underwater soundscape in 
terms of a measured physical property that can be selectively decomposed and visualized 
to gain a greater understanding of the sources and environmental dynamics contributing 
to and shaping the temporal and spatial patterns of the measured sound.  The 
interpretation of a dataset and its associated soundscapes is highly dependent on the 
sound level parameter used to generate the soundscape.  Data from the Preparatory 
Commission for the Comprehensive Nuclear Test Ban Treaty Organization International 
Monitoring System (CTBTO IMS) is used to illustrate the sensitivity of parameter 
selection in generating soundscapes.  Recommendations for soundscape standards and 
comparison are presented for discussion. 

Keywords: soundscape, ambient sound, noise, visualization 
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1. INTRODUCTION

The use of the term “soundscape” is currently used in multiple disciplines of study 
including music, cognitive psychology, acoustic ecology, bioacoustics, and now acoustical 
oceanography.  Historical use of the term soundscape has an inherent bias towards humans 
and terrestrial environments due to the familiarity of people with their terrestrial 
surroundings.  The term soundscape was first used in urban planning to describe the 
relationship between the acoustic environment and human perception of space in a city 
setting [1].  Southworth (1969) [1] discriminated between sounds informative to humans 
from background sound.  Schafer (1977) [2] later used the term soundscape in the context 
of music composition where natural sounds were used to create music. He used the 
concept of soundscapes to describe how acoustic characteristics of an area [landscape] 
reflect natural processes referring using terms such as “soundmarks” and “keynotes” [2].  
Pijanowski et al. (2011) [3] recently coined the term soundscape ecology as a field in 
ecology using terms of biophony, geophony, and anthrophony to discriminate source 
categories of sound.  Soundscape ecology is defined as the combination of all sounds 
[biologic, geophysical, and anthropogenic] emanating from a given landscape to create 
unique acoustical patterns across a variety of spatial and temporal scales [3].   

Despite the difference in vocabulary among the disciplines using the concept of 
soundscape, all fields acknowledge that the acoustic environment is composed of 
contributions from natural (biologic and geophysical) and human activity (anthropogenic).  
Pijanowski et al. (2011) [3] argue that soundscape ecology shares considerable parallels 
with landscape ecology, because processes occurring within landscapes can be tightly 
linked to and reflected in patterns of sounds in landscapes.  The conceptual framework and 
use of soundscapes within the terrestrial environments and disciplines exceeds that of 
underwater environments.  This is largely a function of 1) the ease of recording sound in 
air compared to underwater, 2) the ability of humans that are dominantly visual creatures 
to link sound production to visible sources, and 3) the relative ease of exploring human 
perception and auditory experience compared to that of aquatic animals in their natural 
habitat.  There is much to be learned from our terrestrial counterparts as the field of 
underwater acoustics develops its use and framework for defining, visualizing, and 
comparing acoustic environments.  Developing a common vocabulary, measurement 
parameters, and standard method for displaying acoustic data is critical for a field that 
strives to understand an environment where sound, as opposed to vision, is the dominant 
mode of communication and obtaining information, and where the visual link between 
sound production and source is often limited by distance and the physical barrier of the 
water surface. 

 Here I discuss the concept of the underwater soundscape in terms of a measured 
physical property that can be selectively decomposed and visualized to gain a greater 
understanding of the sources and environmental dynamics contributing to and shaping the 
temporal and spatial patterns of the measured sound.  Ocean sound is not linear or 
stationary; thus, examining the spectrum as a whole and as the sum of its different parts 
provides insight to ocean dynamics that would not be identified otherwise.  The value of 
using multiple parameters within the same dataset to assess sound levels, patterns, and 
trends is demonstrated with data obtained from the Preparatory Commission for the 
Comprehensive Nuclear Test Ban Treaty Organization International Monitoring System 
(CTBTO IMS).  The dataset used in this study was low frequency (1-120 Hz), but the 
methods and analyses employed are directly applicable to datasets of any bandwidth. 
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2. METHODS

Acoustics recordings from the CTBTO IMS at Diego Garcia (H08: Indian Ocean), 
Ascension Island (H10: Atlantic Ocean), and Wake Island (H11: Pacific Ocean) were 
obtained from the AFTAC/US NDC (Air Force Tactical Applications Center/ US National 
Data Center).  Each CTBTO IMS location consists of a triad of hydrophones deployed on 
opposites sides of and island and positioned in the deep sound channel at a depth of 600 to 
1400 m, depending on location.  This work utilized data from the North 1 (N1) 
hydrophones at each ocean location.  Data was sampled continuously at a 250 Hz 
sampling rate and 24 bit A/D resolution.  The hydrophones were calibrated individually 
prior to initial deployment in January 2002 and re-calibrated while at-sea in 2011.  All 
hydrophones had a flat (3 dB) frequency response from 8-100 Hz.  Information from 
individual hydrophone response curves was applied to the data to obtain absolute values 
over the full frequency spectrum (5-115 Hz).  Data less than 5 Hz and from 115-125 Hz 
was not used due to the steep frequency response roll-off at these frequencies.   

The acoustic time series at each location was first assessed by decomposing the 
spectrum by frequency and sound level.  Mean sound pressure levels were calculated in 
three 20 Hz bands (10-30 Hz, 40-60 Hz, and 85-105 Hz) for comparison to the full 
spectrum (5-115 Hz).  The bands were selected to target the dominant frequencies of 
source types with the understanding that the full spectrum of any source (i.e. shipping) has 
the potential to contribute energy to more than one band.  The 10-30 Hz band reflects 
contributions from blue and fin whale vocalizations [4, 5, 6, 7].  The 40-60 Hz band 
reflects energy contributions from shipping, animal vocalizations, and seismic airguns 
making this a “transitional” band.  The 85-105 Hz band was selected to target 
contributions from distant shipping.  Three daily percentile parameters (P1, P50, P99) 
were identified from 1440 minute averages calculated each day.  Each daily percentile 
value represents the level below which a certain percent of measurements fall within a 
single day.  The P1 value is representative of the sound floor (quietest ambient 
conditions).  The P50 value is the daily median, and the P99 value reflects the most 
extreme sound levels occurring within a day.  All mean sound pressure levels (SPL) are 
reported as spectral levels in decibels (dB re 1 Pa2/Hz).  Mean spectral levels were 
calculated using a 15,000 point FFT Hann window with no overlap to produce sequential 
1-min averages over the duration of the dataset.  Averages were computed using intensity 
levels and were then converted back to dB units.  

Variability within each sound level parameter (P1, P50, P99) was evaluated by plotting 
mean band levels against the mean full spectrum SPL (Figure 1).  This created a two-
dimensional visualization of level and variation in frequency space.  The level of 
contribution from each band to the full spectrum SPL is assessed by considering the level 
of correlation and location of the data cluster in frequency space.  Clusters falling below 
the 1:1 slope line indicate that the frequency band depicted on the y-axis contributes less 
to the overall spectrum level compared to clusters located on or above the line.   

Acoustic trends were assessed using all data available from the date of inception at 
each island location to 11 January 2013 (Table 1).  A linear regression model with the 
sound level and dates was fit for each of the time series to explore the long-term trend of 
the sound level.  No inferential conclusions were drawn from the linear regression models 
due to the non-Gaussian distribution and serial correlation of the data. 
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Location CTBTO 
IMS Code 

Ocean Start Date Data 
Gaps 
[days] 

Diego Garcia H08 Indian 21 Jan 2002 40 
Ascension Island H10 Atlantic 04 Nov 2004 4 

Wake Island H11 Pacific 25 Apr 2007 14 
 
Table 1: Data availability from CTBTO IMS locations from date of inception to the 
present. 

3. RESULTS 

Decomposing the acoustic time series by frequency and sound level afforded the 
opportunity to examine details of the ambient sound that would not have been observed 
with traditional descriptive statistics of the full spectrum. The 20-Hz band levels (10-30 
Hz, 40-60 Hz, and 85-105 Hz) were plotted against the full spectrum SPL to create 2-D 
visualizations (Figure 1).  The sound floor (P1) showed distinct and separate clusters for 
each ocean across all frequency categories (Figure 1).  The P50 plots displayed greater 
levels of variability compared to the sound floor distributions, but the clusters remained 
separate.  At the maximum sound levels (P99), there was little to no separation between 
the sound level distributions across the different oceans.   

Contributions from the three different band levels were assessed by position of the 
clustered sound levels from each ocean to the 1:1 ratio line (Figure 1) and by linear 
regression analyses between the band level and full spectrum level (Table 2).  Clusters 
falling above the 1:1 line indicate that energy within the specific 20-Hz band is 
dominating the full spectrum levels.  The further the cluster falls below the line, the less 
that specific 20-Hz band level contributes to the full spectrum.  In figures plotting the 10-
30 Hz band levels and full spectrum levels, the clusters were consistently located above 
the 1:1 line indicating that the energy in this band contributed most to the full spectrum 
levels and acoustic signatures (Figure 1, top row).  Regression analyses also returned the 
greatest correlations between the 10-30 Hz band levels and the full spectrum levels, with 
the exception of very low correlation values in the Pacific Ocean for the P1 and P50 sound 
level parameters (Table 2).  The low coherence and variability of the P1 and P50 data 
clusters in the Pacific Ocean raised the question of whether system noise was a limiting 
factor at low sound levels at this location. Clusters representing the ratio of sound levels 
for the 85-105 Hz band and full spectrum fell the furthest below the 1:1 line and did not 
have the greatest correlation in any ocean or for any sound level parameter (P1, P50, P99) 
(Figure 1, bottom row).  The clusters depicting the clusters of the 40-60 Hz band levels 
and full spectrum closely followed the 1:1 line and were positioned between the clusters 
from the other 2 band level results (Figure 1, middle row).   

Linear regression analyses on the full time series at each location showed no consistent 
trends across ocean basins, and trends within an ocean were frequency dependent (Figure 
2).  In the Indian Ocean, there has been a consistent increase in the sound floor (P1), but 
the P99 levels decreased over the past decade.  The P50 trend in the Indian Ocean showed 
a strong increase in the 85-105 Hz band, whereas the trend minimally increased for the 
other 3 frequency categories.  In the Atlantic Ocean, there was an overall decreasing trend 
for the sound floor in the full spectrum, 40-60 Hz band, and 85-105 Hz band.  There was 
no change in the 10-30 Hz sound floor at this location over the past 8 years.  The median
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A) Indian Ocean 
            (H08) 

B) Atlantic Ocean 
            (H10) 

C) Pacific Ocean 
            (H11) 
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Fig. 2:  Summary of linear trends for the full spectrum and 20-Hz band analyses from the 
A) Indian Ocean (H08N1), B) Atlantic Ocean (H10N1), and C) Pacific Ocean (H11N1).   
 
 

Sound 
Level 

Parameter 

Location 10-30 Hz 40-60 Hz 85-105 
Hz 

P1 H08 Indian 0.52 0.64 0.41 
 H10 Atlantic 0.78 0.27 0.30 
 H11 Pacific 0.02 0.88 0.71 

P50 H08 Indian 0.76 0.53 0.26 
 H10 Atlantic 0.96 0.31 0.70 
 H11 Pacific 0.07 0.81 0.57 

P99 H08 Indian 0.89 0.32 0.15 
 H10 Atlantic 0.88 0.44 0.42 
 H11 Pacific 0.83 0.24 0.16 

Table 2: Linear regression coefficients for correlations between the full spectrum (5-115 
Hz) and each 20-Hz band for the P1, P50, and P99 sound level parameters illustrated in 
Figure 1.  Shaded boxes indicate the largest coefficient within each ocean for each sound 
level parameter.

 (P50) levels over the same time period increased 0.5-1 dB in the full spectrum and 10-30 
Hz band while remaining approximately the same in the 40-60 Hz and 85-105 Hz bands.  
The most extreme levels in the Atlantic Ocean showed the greatest difference in the 40-60 
Hz band level, most likely associated with an increase in air gun activity [6].  The extreme 
sound levels either decreased slightly or remained the same for the other three frequency 
categories.  The Pacific Ocean time series spanned 5.5 years.  During this time there was 
an overall decrease in sound level for the P1 and P50 sound levels.  The exception to this 
overall trend was an increase in the 10-30 Hz band for the P50 levels.  There was no 
consistent trend in the P99 levels in the Pacific Ocean at Wake Island. The full spectrum 
showed the greatest increase, whereas the 40-60 Hz and 85-105 Hz levels showed a 
decrease of approximately 0.5 dB. 

4. CONCLUSIONS 

The rise in North Pacific ambient sound levels at a rate of 2-3 dB per decade from the 
1960’s to the early 2000s has sparked concern about the impact of rising sound levels on 
the marine environment [8, 9, 10, 11, 12], but there has been a lack of detailed studies on 
ambient sound trends in other areas for comparison.  This work presents trends from the 
Equatorial Pacific, South Atlantic, and Indian Oceans over the past 5-10 years.  Parsing 
the soundscape into frequency categories and sound level percentiles allowed for detailed 
examination of the acoustic environment that would not have been possible with a single 
analysis of the full spectrum or with a single sound level parameter.  2-D visualizations of 
selected band levels in comparisons to the full spectrum levels provided information on 
the dominant component of the soundscape and identified possible system noise in the 
Pacific Ocean that would limit analyses and interpretations at low sound levels.  The use 
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of percentiles was valuable in discriminating between trends in the sound floor, median 
levels, and loudest sound levels.  Analysis of the different sound level parameters 
indicated that a single parameter trend analysis is not sufficient for a comprehensive 
understanding of sound level dynamics at any one location.  Based on the inconsistency of 
patterns and trends across sound level parameters and frequency at a single location, it is 
recommended that the soundscape of any region be decomposed into multiple frequency 
and sound level components to obtain a full understanding of the acoustic dynamics. 
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Richard Dewey, Tom Dakin and Kim Juniper  
 

Ocean Networks Canada, 155-2300 McKenzie Ave, Victoria BC, Canada, V8P 5C2 
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Abstract: Ocean Networks Canada operates two advanced cabled networks on the west 
coast of British Columbia, Canada. VENUS, the coastal network has two cabled arrays 
with four Nodes reaching an isolated fjord (Saanich Inlet) and the busy shipping corridor 
near Vancouver, the Strait of Georgia. The NEPTUNE Canada network is a large looped 
array extending off the west coast of Vancouver Island, with five Nodes covering the 
marine environments from the continental shelf, down the continental slope, the 
continental margin, the abyssal plane, and out to the Endeavour Ridge hot vent field 
(2300m). The cabled networks provide power and high bandwidth communications to a 
wide range of oceanographic instrument systems, including both passive and active 
acoustics. The acoustic environments sampled by these observatory systems are varied, 
with distinct sources and propagation characteristics. The presentation will highlight 
hydrophone samples of the soundscapes for coastal, shelf, slope, and deep ocean 
environments and discuss the specific technologies and acoustic signatures needed to 
characterize distinct soundscapes. 

Keywords: ocean observatories, cabled networks, hydrophones, soundscapes, sonar, 
marine mammals, ships, noise, passive acoustics. 
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1. OCEAN NETWORKS CANADA’S OCEAN OBSERVATORIES

Sampling the ocean has always required scientists and engineers to lower devices into 
the water, whether it’s as simple as a bucket, or a CTD with Rosette and LADCP. 
Moorings allowed marine scientists to leave instruments for longer periods, logging 
parameters autonomously and revealing the observations only once the mooring was 
successfully recovered. With the advent of intercontinental telecommunication technology 
and data transfer via electrical and optical means, the concept of a cabled observatory was 
first realized in the 1950’s with the deployment of the SOSUS arrays. Since then, many 
smaller specialized cabled systems were deployed from marine institutes, more often for 
short durations and specific experimental purposes. By the 1990’s however, the concept of 
a communal, permanent, multi-purpose, Internet linked cabled ocean observatory had real 
potential. 

In 2001, a group of marine scientists gathered near Victoria BC Canada to discuss plans 
to design and build the world’s next generation of cabled ocean observatories in the water 
around southern Vancouver Island, aptly named the Victoria Experimental Network Under 
the Sea (VENUS). By 2003, the more ambitious North East Pacific Time-series 
Underwater Networked Experiments (NEPTUNE Canada) regional scale cabled 
observatory, spanning the entire Juan de Fuca tectonic plate, was proposed. Both 
initiatives were led by the University of Victoria. In 2006, VENUS came on-line, with 
cables and Nodes in both a sheltered fjord, Saanich Inlet and the busy Strait of Georgia 
sea-way. In 2009 NEPTUNE lit-up the fibres off the west coast of Vancouver Island along 
an 800km looped cable architecture, with five primary Nodes accessing five distinct 
marine provinces. Ocean Networks Canada now operates, maintains, and manages both of 
these advanced cables observatories (Fig. 1) on behalf of a growing international research 
community. 

 
Fig. 1: Ocean Networks Canada’s Cabled Ocean Observatories, VENUS (coastal) and 

NEPTUNE (off-shore), with 8 primary Nodes. 
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The observatories are ideally suited for the application of acoustic devices, although 
there are many additional instruments and sensor systems which utilize the high power, 
the wide data bandwidth, and the live Internet interactivity afforded by these advanced 
systems. Core instruments include water property devices, such as CTDs and chemical 
detectors (i.e. dissolved Oxygen), optical turbidity and back-scatter devices, acoustic 
current meters and profilers, scanning sonars, seismometers, bottom penetrating probes, 
and interactive cameras and imaging systems. Research topics similarly span a wide range 
of disciplines, including forensics, benthic and water column ecology, sediment dynamics, 
tsunami and earthquake detection, estuarine and tidal dynamics, wave research, gas 
hydrate and sub-bottom geophysics, marine mammal monitoring, and biogeochemical 
studies, to mention a few. This paper, however, will now focus on the technologies 
specifically supporting the use of active and passive acoustics for marine science. 

2. OBSERVATORY TECHNOLOGY TO SUPPORT ACOUSTIC DEVICES 

The observatories were designed and build to host the widest possible range of known 
and anticipated marine sensing devices. However, due to the nature and demands of 
acoustic measurements, the infrastructure is particularly well suited for acoustic systems. 
The supporting architecture provides three primary services: 1) power, 2) 
communications, and 3) data handling. The core infrastructure includes a shore station that 
provides primary power to the subsea array and back-haul communications to the data 
archives. Along the subsea cable are primary “Nodes”, which are sophisticated Network 
and power hubs, to which instrument systems can connect. The observatories use standard 
marine telecommunication cables, with single copper and multiple fibres, and various 
degrees of protective armour. Instrument and extension cables connect to the Nodes via 
specialized wet-mateable under-water plugs, primarily supplied by Teledyne ODI. 

 
POWER

High voltage DC power is supplied down the back-bone cable from the shore station 
via the single conductor in the submarine cable. The electrical circuit is completed using 
sea-water return, with anodes deployed near the shore stations and local cathodes at each 
Node. With no absolute ground, current leaks and ground faults are monitored throughout 
the system by monitoring any current losses. Depending on the array, shore power ranges 
from 400VDC to 10kVDC, with the shorter 3km VENUS cable system in Saanich Inlet 
requiring only 400VDC, and the longest 800km NEPTUNE array requiring 10kVDC. 
Medium voltage converters in the Nodes step down the high DC transmission voltage to a 
more manageable 400VDC at each Node port. Current though any Node science port 
connector is then limited to 10A at roughly 360VDC, for a maximum power of 3600 
Watts. Down-stream from the Node ports, instrument multiplexors, either “junction 
boxes/cans” (JBs) or “science instrument interface module” (SIIMs), further step down the 
power to multiple science instrument ports, with standard voltages ranging between 12, 
24, 48 and 360 VDC. Since most off-the-shelf oceanographic instruments have been 
designed to run efficiently on batteries, it is rare to see more than a few amps of in-rush on 
any instrument line. Charging high-capacity capacitors in an ADCP or in a camera flash 
are two such relatively high-current examples. Monitoring all of the hotel currents and 
voltages along each line, both out and returning (ground-fault), make for the largest single 
type of continuous data logged by the observatory. 
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COMMUNICATIONS 

Although the back-bone network and infrastructure protocols are all TCP/IP Ethernet 
based, the instrument level systems can support either Ethernet or older serial protocols. 
Typical serial baud rates are up to 115kbps, but if required full GB fibre data rates can be 
supported. Hand-shaking is primarily dealt with using two services, either through an 
observatory developed “driver” or by hosting a dedicated computer/software interface 
back at the shore station with a virtual direct link connection. The ONC instrument 
“drivers” play a simple, but curtail role for most instruments on the networks. This 
software layer acts as a smart coms interface to send instruments commands and receive 
instrument responses. They are “smart” in the sense that each instrument has a drive 
design specifically for it, or at least for that manufacturer’s product line. The drive knows 
how to wake-up an instrument, query it for status, retrieve from a database and send 
configuration settings, and parse received data records. All communications, to and from 
an instrument are time stamped using network time at the shore station, where the drive 
runs. Driver logs are stored in flat daily ASCII files, with binary records converted to 
HEX. If the instrument interface requires a dedicated computer, running specific software 
for configuration, control, and data logging, although less desirable due to scaling 
limitations, this has proven to be a workable solution. 

Device drivers can be instructed to interact with each other, in particular there is the 
ability to have this software layer provide master-slave trigger control. This is most useful 
when two active acoustic devices are co-located and their pings need to be interlaced. 
There are options that both can be slaved to a master clock, with various delays, or one 
device can act as the master, triggering the slave device. Often a small amount of trial and 
error is required to reach a steady state of interlaced pings and non-interfering acoustic 
reception. 

 
DATA HANDLING 

Once a device has been configured and started, data flows to the shore station driver or 
software, where it is buffered into files and transferred back to a central archive for 
database ingestion. In general all communications to and from an instrument are time-
stamped and make up the raw data log. For acoustic devices, these logs and raw files can 
be large. A typical active single frequency echo-sounder might collect 100MB each day, 
while a broadband or multi-frequency active or passive device, sampling at up to 200kHz, 
may accumulate several GB of data each day. Since the networks are designed to run 
continuously, for several decades, dealing with a multi-year dataset that might exceed 
several TB is a non-trivial challenge for the end user. 

Once archived, these data are then available for product generation and/or data 
download. For many instruments, automatic routines run on a regular scheduled basis to 
process and plot the content, which is then displayed on the observatory web sites in data 
browsing galleries. For passive hydrophones, this may include the generation of MP3 
audio files for web-based listening and access. Researchers can also register with the 
archive and gain access to download both raw or processed data files, and data products. 
In most cases, a default data product is the native manufacturer’s file format, so that data 
may be read directly into standard software packages or existing user developed routines 
for display and analysis. 
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3. EXAMPLES OF PASSIVE OBSERVATORY ACOUSTIC DATA 

With continuous power and high bandwidth communications, both active and passive 
acoustic devices are well suited for cabled observatories. Although some observatory 
components are designed to physically extend up into the water column, the penetrating 
nature of acoustic sampling allows for a very bottom-centric Node and instrument system, 
as the ONC observatories are at present, to sample the entire water column and 
surrounding area. Table 1 provides a list of the core acoustic devices deployed across the 
ONC observatories. 

 
Type of Device Manufacturer Make Model/Frequencies 
Hydrophones Burns CD-100 BB 

Reson 4032T BB 
HiTech HTI-99 BB 
Naxys 2345 BB 
Ocean Sonics icListen LF and HF 

Table 1: Passive Hydrophone Devices on Ocean Networks Canada Observatories (2012). 

PASSIVE HYDROPHONES 

Some of the first systems designed and deployed on both VENUS and NEPTUNE were 
passive hydrophones intended to listen to ambient sound, both natural and anthropogenic. 
Researchers were asking to collect long records of the environmental sounds (wind, rain, 
breaking waves, and thunder), marine mammal vocalizations, and ship traffic noise. Both 
analog and digital hydrophones have been deployed, where analog elements are supported 
on centralized power and synchronized digitization units. Digitization rates vary between 
default settings between 8 and 44kHz for our low and broadband units, and up to 200+kHz 
for calibration and limited duration event logging. Data formats vary from custom highly-
compressed multi-channel data files, to simple WAV or MP3 audio files. Data display is 
most commonly in the form of a colour spectrogram, with time along the x-axis and 
frequency increasing along the y-axis. The latest versions of MATLAB (R2011a and 

onward) for example, includes a good built-in spectrogram routine, as shown in Fig 2. 
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Fig. 2:  A simple spectrogram of raw digital counts showing Orca whale vocalizations 
recorded at 170m depth in Strait of Georgia (VENUS). 

SOUNDSCAPES 

Although there is no agreed to formal definition of a marine soundscape, we 
characterize the range and types of sounds recorded at each site and ambient back-ground 
noise levels, such that similarities and differences between sites allow for the 
identification of comparable and distinct marine acoustic environments, or soundscapes. 
Table 2 summarizes the key soundscapes recorded so far on both the VENUS and 
NEPTUNE cabled ocean observatories. Preliminary recordings were from uncalibrated 
hydrophone systems, so absolute levels are not readily available. Further examples will be 
presented at the conference. 
Site Background 

Noise [~dB re 
1 Pa] @1kHz 

Environmental Sounds Anthropogenic Sounds 
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Saanich Inlet Low (~40) - Atmospheric: rain, wind, 
distant thunder 

- Small boat traffic, 
between dawn and dusk. 
- Occasional tug and 
barge. 
- Occasional sea-plane 

Strait of Georgia – 
Fraser River Mouth 
100m depth 

High (~60) - Atmospheric: rain, wind, 
wave breaking 
- Geologic: submarine 
landslides 
- Marine Mammals, Orca 
Whales 

- Frequent tug and barge 
- Frequent small fishing 
vessels 
- Seasonal fishing winch 
noise 
- Periodic deep sea 
freighters 

Strait of Georgia – 
East Node, 170m 
depth 

Medium (~50) - Atmospheric: wind and 
wave breaking, thunder 
- Marine Mammals, Orca 
Whales 

- Frequent deep-sea 
freighters  
- Seasonal cruise ships 
- Periodic ferries 
- Periodic tug and barge 
- Seasonal transit of 
fishing vessels 
- Seasonal pleasure craft 

Strait of Georiga – 
Central Node, 300m 
depth 

Low (~40) - Distant marine 
mammals, Orca Whales 

- Frequent deep-sea 
freighters 
- Seasonal cruise ships 
- Periodic ferries 

Folger Passage, 
100m depth 

Medium (~50) - Atmospheric: wind, rain, 
waves 
- Marine mammals, baleen 
and Orca whales 

- Seasonal fishing and 
small boat traffic 

Barkley Canyon, 
800m depth 

Low (~40) - Marine mammals, baleen 
whales 

- Periodic deep-sea 
freighters 

ODP 889, 1250m 
depth 

Low (~40) - Marine mammals, baleen 
whales 

- Periodic deep-sea 
freighters  

Cascade Basin, 
2600m depth 

Low (~30) - Occasional marine 
mammals, baleen whales 
- Geophysical, earthquakes

- Infrequent, distant deep-
sea freighters 

Endeavour Ridge, 
2300m depth 

Low (~40) - Marine mammals, baleen 
whales, 
- Geophysical, earthquakes 
and tectonic eruptions 

 

Table 1: Soundscapes Across Ocean Networks Canada Observatories (2012). 
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Abstract: Noise soundscape represents the characteristics and spatial distributions of the 
ambient noise level under various noise source mechanisms. This is a significant index 
while describing an underwater acoustic environment, especially in the subjects related to 
marine mammal protection. Under the effects of topography, sediment, and 
oceanographic features, underwater soundscape varies with time and space. This paper 
focuses on estimating mean soundscape of wind driven noise and its spatial and temporal 
variability in the coastal region east of Taiwan Strait which is the main habitat of the 
Sousa Chinensis. The ambient noise is studied numerically and local wind field is applied 
to generate noise source field. As for the ocean environment, the time varying/spatial 
dependent temperature profiles generated by the ocean model (Taiwan Coastal Ocean 
Nowcast/Forecast System, TCONFS, formulated on the basis of the Princeton Ocean 
Model) is used for water column variability, and both topography database and geo-
acoustic database are used to describe the bottom. The modelling results demonstrate the 
temporal/spatial variability induced by ocean environment. (This work is supported by 
National Science Council of Taiwan.) 

Keywords: Soundscape, Ambient noise level, Ocean model 
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1. INTRODUCTION

The characteristics of underwater ambient noise level are significant indexes in the 
subject related to marine mammal protection, which are affected by source mechanism 
and ocean environment. To explore the noise soundscape, it is essential to simulate and 
estimate the mean noise fields under various circumstances.  Major source mechanisms 
include shipping, wind/wave, and human activities, and the induced noise characteristics 
vary greatly. This research focuses on wind driven noise and develops a noise model for 
estimating underwater noise and studying its temporal and spatial variability. 

Taiwan Strait, located between Taiwan and China, spans over 500 km with water depth 
mostly less than 100 meters. Since the Taiwan Strait belongs to shallow water area, the 
effects of bottom topography and sediment type on underwater acoustic environment are 
non-negligible. This paper presents the ambient noise modelling using Gaussian Beam 
Theory (for frequencies higher than 1 kHz) as acoustic propagation algorithms to evaluate 
the noise statistics for mid-frequency band, including temporal coherence and spatial 
variability offshore western Taiwan. Fig.1 presents the flow chart of noise modelling. The 
algorithm for calculating complex sound field are presented in next section. 

 
Fig.1: The flow chart of noise modelling. 

2. AMBIENT NOISE LEVEL MODELING 

In order to conduct the noise level estimation, noise source levels and transmission loss 
(TL) are combined via superposition, as shown in Eq. (1) [1]. This equation assumes that 
there are N source points distributed on the source plane, and the received noise level is 
the contributions of N sources.  

, , ,
N

NL f z f TL f z                   

(1) 
where f  is frequency, z  is the receiving depth,  is the wind speed, and  represents 
the source level. Assume SPLj is the sound pressure level induced by the jth noise source, 
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the method of “superposition” is based on Eq. (2) below, which is the summation on 
sound intensity. 

 

1 2
1

2 2 2
10 1 2

...

10log ...

N

j N
j

N

SPL SPL SPL SPL

p p p
                                                                            (2) 

2.1. Calculation of Transmission Loss 

Because sound propagation will be affected by waveguide boundaries including ocean 
surface, bottom and the volume, it is necessary for acoustic propagation simulation with 
inputs most resembling the true ocean environment. This noise model estimates ambient 
noise level of ship noise and wind driven noise, which covers a frequency band from 1 
kHz to 25 kHz. For efficiently and precisely predicting acoustic transmission loss, the 
NTURAY model [2] is used to calculate TL in this frequency band. The NTURAY model 
is a ray model based on Gaussian Beam Method. All environmental parameters inputted to 
this noise model are range-dependent. In the Gaussian Beam Model, the ocean bottom can 
be a range-dependent half space or a layered bottom, and the Rayleigh Reflection 
Coefficient is used to describe the bottom properties. The sea surface was assumed to be a 
pressure release boundary with a reflection coefficient equal to -1. When the propagating 
beams hit the boundaries, the reflection coefficients are counted in thus affect the reflected 
sound field. Furthermore, the calculation in this model includs finite beams which are 
transmitted at different initial angles and which are computed sequentially and summed up 
to obtain the total field. 

2.2. Environmental Input 

For carrying out the acoustic numerical simulation, topographic, geo-acoustic, and 
water column data are required in this noise model. Fig. 2 (a) shows the bathymetry 
offshore western Taiwan, which is a typical continental shelf area. Moreover, Fig. 2 (b) 
shows the surficial sediment type in this area, demonstrating that sand is the main 
sediment type in the southern part and in the north-eastern part of this area. But there is 
some silt sediment and sandy-silt sediment distributed in the middle part of this area. The 
spatial variations of bathymetry and sediment bottom are the major factors for acoustic 
propagating in this waveguide. In this noise model, a 500-m resolution topographic 
database of the National Science Council  is used in the simulation. As for the sediment, 
the surficial sediment type database and the Hamilton empirical function ([3]-[5]) are 
combined to give the geo-acoustic parameters. 

Beside the effect of bottom, the characteristics of water column are more significant to 
TL. Under the intrusion of Kuroshio and other currents, the water column offshore 
western Taiwan is complicated temporally and spatially, and will consequently affect TL 
distribution. For describing this complex temporal and spatial distribution, the Taiwan 
Coastal Ocean Nowcast/Forecast System (TCONFS) is used to give the temperature and 
salinity profiles for acoustic simulation. TCONFS is a real-time Ocean Nowcast/Forecast 
System for the waters off the coast of Taiwan. It is formulated on the basis of the 
Princeton Ocean Model (POM; [6]). With an area of coverage extending from 18 N to 
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27 N and 117 E to 125 E, the system produces such daily nowcast variables as sea level 
variation, 3D ocean current, temperature, and salinity.  

(a) (b) 
Fig.2: (a) The bathymetry data offshore western Taiwan. (b) The surface sediment type in 

the sea area around Taiwan. 

2.3. Calculation of Noise Source Strength 

As shown in Fig. 3, in modelling of noise source field, it assumes that there is a noise 
source plane below mean sea level. The center of cylindrical coordinate system is the 
receiving location. In order to distribute N sources within the single source plane, the 
model divides the noise source plane into grid in advance, and the area of each grid is 
related to the noise intensity contributed. Define (f, ) as the dipole noise source level of 
an unit area of 1 meter square, with the uniformly distribution assumption, the noise 
source strength of the jth grid is written as 

10, , 10 logj jf f a                                                                                      (4) 

where ja is the area of the jth grid. The frequency-dependent noise source levels of an unit 
area corresponding to various wind speed are given in Table 1. In Table 1, the parameter 
marked as bold below is refer to the data of Wilson [7]. Refer to the conclusion in [8], the 
noise source level has a decay of 3 dB when wind speed increases from 1 knot to 10 knots. 
Moreover, the noise level also has a decay of 23 dB when frequency increases from 1 kHz 
to 25k Hz. Thus, according to the relationships, the noise source strength corresponding to 
various frequency and wind speed could be calculated. In this program, both frequency 
and wind speed can be inputted by user. 

 
Fig.3: The sketch of the dividing of noise source field. 
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Table 1: The source level of wind driven noise (Unit: dB re 1 Pa2/Hz/m2) 

3. THE UNDERWATER SOUNDSCAPE  

This section presents the estimated noise field and the soundscape. Fig. 4 (a) shows the 
receiving points in the noise modelling. The receiving depth is 5 m below sea surface. 
Take 5 kHz for example, the spatial distribution of the noise field is presented in Fig. 4 
(b), which is highly correlated with the spatial distribution of bottom characteristics. The 
estimated wind noise in the area with silty bottom is less than the other area with sandy 
bottom. Furthermore, the estimated wind noise increases as water depth decreases. 

Since mean sound speed field of each month outputted by the TCONFS is used to 
calculate wind noise, the temporal variations observed at 3 locations are presented in Fig. 
5 (a). The estimated noise level has clear and slight (< 1dB) seasonal variation.  As for the 
spatial variation, the probability density function of the noise level in the Taiwan Strait on 
January, April, July, and October are presented in Fig. 5 (b). From this figure, we observe 
that the spatial variation (> 10dB) of the noise field is much larger than the temporal 
variation in each month.  

 

(a) (b) 
Fig.4: (a) The receiving points in noise modeling. (b) The estimated noise field at 5 kHz. 

 

4. SUMMARY

This work presents the development of an ambient noise model and the estimated noise 
field. The ambient noise field is simulated by using real ocean bottom data and the sound 
speed profiles estimated via an ocean model as inputs. Temporal and spatial variations of 
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the ambient noise are analysed and shown that the spatial variation induced by bottom 
characteristics are much greater than the temporal variation. 

 
 

 
(a)                                                                       (b) 

Fig.5: (a) Temporal variation and (b) spatial variations of the estimated noise 
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Abstract: Acoustic data recorded at cabled observatories employing sound-channel 
hydrophones are described. Data are gathered for the purpose of monitoring a global 
nuclear-test-ban treaty and the frequency range of interest is between 1 and 100 Hz. High-
level summaries are needed to allow the continuously acquired data to be surveyed and 
two such methods are described. In the first, stacked noise spectra are displayed over a 
long time-base to illustrate temporal trends in noise in different frequency bands. In the 
second, the time and azimuth distribution of discrete signals are displayed in the form of a 
2D histogram. These two representations of the ocean 'soundscape' are tailored to the 
needs for which the data were gathered. Stacked spectra allow detection calculations to be 
performed and continuous monitoring of spectra helps to identify equipment-related 
problems such as calibration drift or electrical spiking. Time-azimuth histograms allow 
the important sources of noise at the station to be identified. Such noise sources include 
ice-breaking, seismic T-phases and marine mammal sounds. Each of these sources has 
particular characteristics that are highlighted in the histograms. Examples of the use of 
representations of the soundscape are given for two cases related to marine mammal 
sounds. The views expressed are those of the authors and do not necessarily reflect those 
of the Preparatory Commission of the CTBTO. 

Keywords: Soundscapes, ambient noise, cabled observatories, CTBTO, seismic. 
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1. INTRODUCTION

The term ‘soundscape’ originated in the field of acoustic ecology [1] and arose from 
concerns regarding the detrimental effects of noise pollution on quality of life. Definitions 
of the term emphasise the ambience – as perceived by the human listener – created by 
sound. In this context, a soundscape may be considered to be ‘an aural landscape’, in that 
it is a collection of the sounds characteristic of a location, in the same way that a landscape 
is a collection of visual images.  

In recent years, the term has begun to be used in the field of underwater acoustics. This 
is at least in part due to increasing concern about the harmful impact that anthropogenic 
sound may have on marine life [2]. In qualitative terms, an underwater acoustic 
‘soundscape’ may be considered to be the typical combination of sounds that might be 
detected in a marine environment. However, the translation of the term to the underwater 
world is not without difficulty. 

Aerial soundscapes are primarily associated with concerns about the impact of sound 
on a single species: Homo sapiens. This places implicit bounds on the frequency range of 
interest, restricting it mainly to the audible region. In underwater environments, however, 
different forms of marine life use, or are susceptible to, sounds over a wide range of 
frequencies. Thus, the frequency bounds that cover the soundscape are not well defined. 
This lack of definition is exacerbated by imperfect knowledge of the sensitivity to sound 
of different forms of marine life. Whereas the impact of sound on humans can be assessed 
by controlled experiments or surveys, similar procedures cannot be carried out on marine 
life. Thus, the problem of the definition of an oceanic version of an aerial soundscape is 
somewhat open-ended.  

Although the term ‘soundscape’ originated in acoustic ecology its use need not 
necessarily be limited to that field. The term may be used to describe the background 
against which acoustic measurements and observations are made for technical or scientific 
purposes. This extends the scope of the data required to describe the soundscape to include 
statistical properties of the sound that may influence the performance of signal processing 
strategies [3]. In this way, the soundscape of an ocean area may be a description of the 
acoustic background, over and above simple numerical measures of decibel ambient noise 
levels. This puts forward the possibility of specific soundscapes which contain all the 
information relevant to a particular ocean-acoustic application. 

The comprehensive nuclear-test-ban treaty organisation (CTBTO) operates a global 
network of sensors, referred to as the International Monitoring System (IMS). This 
network includes hydrophones that are deployed in the SOFAR channel [4] and attached 
to shore by cables that provide power to, and retrieve data from, the sensors. These 
systems are monitored continuously and have been in operation for more than a decade in 
some cases [5]. The hydrophone sensors are part of a seismic-acoustic-infrasound 
monitoring system intended to detect signals produced by any explosion made in breach of 
a global nuclear-test-ban treaty [6]. To perform their role successfully, the hydrophone 
stations of the IMS must reliably detect signals while maintaining a false-detection rate 
that does not result in excessive workloads for the analysts who review the results of 
automatic data processing routines. Data processing algorithms to be used with IMS 
hydrophone data must also classify discrete signals identified against the diffuse 
background of sound received at hydrophone stations. This classification process 
describes each signal in seismological terminology as either H-, T-, P- or N-phase. H-
phase signals originate from in-water explosions and propagate to the hydrophone via 
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waterborne paths. T-phase signals are generated by events in the Earth’s crust but the 
seismic vibrations from these events couple into waterborne sound at coastal boundaries 
then travel through the water to the hydrophone. P-phase signals are also generated in the 
earth’s crust but travel to the hydrophone through the crust. The term ‘N-phase’ is used to 
denote ‘noise’ and in the context of global nuclear-test-ban monitoring, this encompasses 
signals from marine mammals, ice-breaking events, air-gun surveys and other human 
sources. 

The successful design of data-processing algorithms for CTBTO purposes requires 
knowledge of the properties of both H-, T- and P-phase signals and all the various forms 
of N-phase. Thus, desired signals must be identified against a background of discrete and 
diffuse noise signals. The acoustic conditions at each hydrophone station can be described 
in terms of an ocean soundscape particular to that location, limited to the band in which 
the system operates. This band lies roughly between 1 Hz and 100Hz.  

This paper uses two methods to describe the ocean soundscape at IMS hydrophone 
stations. These methods are tailored to the requirements of the CTBTO mission and treat 
separately the decibel level of ocean sound and the distribution of discrete signals 
identified by automatic processing algorithms. The following section gives brief details of 
the equipment and data processing used in CTBTO operations. The data display methods 
are then described and two examples are discussed in which the presence of marine-
mammal noise is illustrated. 

2. CTBTO HYDROACOUSTIC STATIONS AND DATA 

Hydrophone stations in the IMS consist of an underwater portion combined with shore-
based acquisition and communications equipment. The underwater equipment comprises 
acoustic sensors, undersea electronics and an undersea cable that connects the facility to 
shore. At the seaward end of the cable, risers connect seafloor units to three sub-surface 
buoys under which hydrophones are mounted. The length of the risers is set by the local 
water depth and sound-speed profile so that hydrophones are at the channel axis. Cable 
deployment is arranged so that the hydrophones form an approximately equilateral triangle 
– known as a triad – in the horizontal plane with side 2 km.  The onshore station includes 
data storage and acquisition computers, state-of-health monitoring and satellite 
communication systems. Stations are usually based on islands and, to prevent blockage of 
some arcs by the island itself, most stations have a northern and a southern triad. The only 
hydrophone station with a single triad is at Cape Leeuwin, Australia. 

The requirements for basin-scale ocean monitoring impose restrictions on the 
frequency band of operation. Hydrophone systems have high-pass filters that reduce the 
influence of seismic noise at the sub-1-Hz range, although signals from this regime can 
still be observed in hydrophone data. A low-pass filter at 100Hz suppresses high-
frequency signals that might result in aliasing because of the system sampling frequency 
of 250 Hz. The system self-noise is designed to be more than 10 dB below Urick’s deep 
ocean low-noise curve [4] throughout the passband. The system’s dynamic range, defined 
as the difference between the rms clipping level and system noise, must be at least 120 dB 
and this is achieved with digital sampling at a 24-bit resolution. This range is sufficient for 
the hydrophones to detect large explosions without clipping while still being able to 
measure in-water (rather than system) noise across the entire band.  

Data gathered on hydrophone systems are transmitted via satellite links to the 
International Data Centre (IDC) in Vienna, Austria. Upon reception, data are analysed 
with automated routines to detect and characterise discrete signals (arrivals) that stand out 
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against the diffuse background of ocean sound. Hydrophone arrivals are then combined 
with seismic and infrasound arrivals in a process known as global association [6]. This 
process yields an automatic seismic bulletin comprising the times and locations of events 
that are hypothesised as being responsible for the observed signals. The automatic bulletin 
is subsequently reviewed by expert analysts who remove false events, add missed events 
and improve location accuracy by additional, interactive analysis of the data. This results 
in a reviewed event bulletin and one such bulletin is produced for every data day, the first 
having been produced in June 1999. 

Hydrophone data gathered on IMS stations are high quality and contain a wealth of 
information. Signals received on the stations are not limited to earthquake T-phases and 
arrivals from distant explosions. Noises from ice-breaking events are common on stations 
that have unblocked paths to Antarctica. These signals are often observed on particular 
azimuths that point to ice-tongues on the Antarctic coast. In other cases [5] ice signals are 
observed arriving from directions that change with time and that have subsequently been 
shown to match satellite-derived tracks of icebergs in southern oceans. Marine mammal 
noises are also frequently heard on IMS hydrophone stations. The spectral and temporal 
characters of these signals vary from station to station and with season at individual 
stations. In addition to waterborne sound from distant earthquakes (T-phases), hydrophone 
stations also record seismic phases. These signals tend to be concentrated at frequencies 
below the design band of the hydrophone stations but they can nonetheless be recovered 
with careful filtering of the data. For example, crustal Rayleigh waves with periods of 
around thirty seconds (f~0.03Hz) can clearly be seen in hydrophone records and these may 
be associated with their generating events in CTBTO bulletins. 

The low attenuation of sound in water means that the effective monitoring range of 
hydrophone stations is very large and can be considered to be of the order of an ocean 
basin. Examples include small (40 kgTNT) explosions off the coast of Japan [7] that were 
detected off Chile – a distance of more than 16,000 km. Also, the station at Ascension 
Island in the Atlantic Ocean often detects signals from airguns used in hydrocarbon 
seismic surveys and the observed azimuths indicate that sources off both Africa and South 
America are detected. Table I provides a list of station names and locations, along with a 
brief indication of some particular types of signal that are observed on each station.  

3. CTBTO SOUNDSCAPES 

The ocean soundscape in a CTBTO context can be defined as “a depiction of the 
acoustic signals received at a hydrophone station, described to a scope and detail 
sufficient to allow the station’s historic performance to be understood and its likely future 
performance predicted”. As such, the soundscape is determined by the properties of the 
observing system and not by the acoustic capabilities and vulnerabilities of any animal 
species. Under this definition, the soundscape must be viewed in at least two different 
ways.  

First, the absolute levels of acoustic pressure are described across the system’s 
operating band. The pressures in this context include both time-spread (diffuse) signals 
and high-amplitude transient signals. The sound level can be expressed in terms of a 
decibel “ambient noise” level, quoted in dB re 1μPa2 in a 1-Hz band.  

While the ambient noise level at a location is an important descriptor, it does not 
contain all the information necessary to understand detection performance of a 
hydrophone station. Transient and diffuse signals both contribute to the level so that 
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intermittent, high-amplitude noises, such as seismic surveys, might make the same 
contribution as lower-amplitude continuous signals, such as those from distant ships. 

 
 
 

Station Name Latitude
(deg. N) 

Longitude
(deg. E) 

Notable types of signal 
observed on station 

Cape Leeuwin, Australia  -34.892 114.153 Ice noise from Antarctica and free-
roaming icebergs. Whale noise (blue 
and fin) – seasonal.  

Juan Fernandez Island, Chile (N)  -33.441 -78.911 Whale noise. T-phases from local 
seamounts 

Juan Fernandez Island, Chile (S)  -33.843 -78.905 Little data due to early loss of system. 
Replacement planned for 2014. 

Crozet Islands, France (N) -46.160  51.779 Little data due to early loss of system. 
Replacement planned for 2016. Crozet Islands, France (S) -46.840  51.913 

Diego Garcia, UK (N)  -6.342  71.014 Whale noise (blue). Seismic waves 
from local seismicity. Explosions 
from Arabian Sea 

Diego Garcia, UK (S)  -7.645  72.474 Ice noise from Antarctica. Blast-
fishing signals from Indonesia. T-
phases from Indonesian seismicity. 
Whale noise (blue). 

Ascension, USA (N) -7.845 -14.480 Seismic surveys from Africa, 
S.America. Iceberg noise. T-phases 
from mid-Atlantic ridge and Pacific 
via Drake Passage. 

Ascension, USA (S) -8.941 -14.648 Seismic surveys from Africa, 
S.America. Iceberg noise. T-phases 
from mid-Atlantic ridge and Pacific 
via Drake Passage. 

Wake Island USA (N)  19.713 166.891 Seismic T-phases from around 
Pacific Basin, esp. East Japan. 
Explosions off Japan.  

Wake Island USA (S)  18.508 166.702 Seismic T-phases from around 
Pacific Basin, esp. East Japan. 
Explosions off Japan.  

 
Table 1: Station names, locations and particular signal types. 

Although the acoustic energy received from these two sources might be equal, their 
effects on station detection performance are not. Impulsive sources result in the detection 
of discrete arrivals and present the potential for erroneous association with other signals, 
leading to the formation of spurious events. Continuous sources raise the background level 
against which detections must be made and pose problems of potential missed detections.  

Thus a second soundscape descriptor is used at CTBTO hydrophone stations. This 
descriptor is a measure of the number of discrete signals detected at the station over the 
period of a year. Since many signals have characteristic temporal dependencies, a simple 
total is not used and a distribution with time is presented. Similarly, particular noise 
sources are often associated with well-defined arrival azimuths and to help in their 
identification, the number of arrivals is displayed in a two-dimension histogram as a 
function of time and azimuth. Examples of the two descriptors of the soundscape are 
shown in Figs. 1 and 2. 
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Fig.1: Stacked noise spectra at Diego Garcia (North) 

 
Fig.2: Arrival histogram at Diego Garcia (north) for 2012. 
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The stacked noise spectra shown in Fig. 1 were calculated [8] using one-hour periods to 

produce individual spectra and monthly averages over these were then taken to produce 
the data shown in the figure. The same information is shown twice, once as an isometric 
surface with noise equating to height and once as a shaded image projected onto the z=0 
plain. Data for the entire operating period of the station at Diego Garcia (North) in the 
Indian Ocean are shown and this long time-base allows a very high-level view of the data 
to be obtained. The noise peaks just below 0.3 Hz correspond to the frequency regime of 
the microseism field that is generated by non-linear interactions between sea-surface 
waves [9,10]. The height of the peaks shows a pronounced temporal variation and reaches 
a maximum during local monsoon conditions. Between 3 and 10 Hz, the slope of noise 
with frequency shows a marked reduction. For lower frequencies, the sound field is 
dominated by seismic signals but above this boundary, whale noise is also seen. These 
noises tend to be seasonal and appear in the stacked spectra as time-constrained peaks. 
Several different forms of noise are observed with, for example, peaks in the early parts of 
2009 showing increases in noise over a broad band. Data in late 2012, however, show 
peaks that are concentrated around 30 Hz. These signals may have different consequences 
for data analysis at the IDC. Explosive signals are usually broadband and impulsive and 
there is the potential for the broadband whale noise to be misclassified H-phase. However 
the whale noises more concentrated at 30 Hz are unlikely to be mistaken for explosions 
because they will not result in detections in all the processing bands used at the IDC.  

The arrival histogram in Fig. 2 shows the time and azimuth distribution of arrivals at 
Diego Garcia (North). The map on the right of the figure shows land masses, plotted as a 
function of range and azimuth, as measured from the hydrophone station. The blue marks 
on the map show areas where the seafloor is relatively young and highlight seafloor 
spreading sites which are commonly associated with T-phase signals. The light line 
running across the figure at approximately 320 degrees can be traced onto the map to 
show that it covers the azimuths corresponding to the Carlsberg Ridge. The line represents 
a high density of arrivals from seismic events on this ridge. Similar lines are seen between 
200 and 230 degrees where a spreading ridge covers a wider range of azimuths. 

Bright lines in the arrival histogram that continue throughout the year and are 
concentrated in particular azimuths are indicative of consistent seismic activity. Lines 
which are broad in azimuth but narrow in time indicate whale noise. The broad range of 
azimuths is a consequence of the fact that most marine mammal sounds are detected when 
the animals are quite close to the station [11]. As a pod of whales passes by the 
hydrophone triad, the observed azimuth changes rapidly. Since the transit may take only a 
day, the signals appear as a narrow line in the histogram. Periods of whale noise shown 
around February in Fig. 2 are common in hydrophone data in that the activity is 
concentrated in a small number of days and there is a significant gap between periods of 
activity. However, the period around December shows an unusually high level of whale 
noise, consistent with a group of whales remaining in the locality of the hydrophone 
station for some time. During the peak of this period, more than 150 signals per day were 
observed on individual hydrophones in the Diego Garcia (North) triad.  

4. SUMMARY

In the context of CTBTO operation, the working definition of an ocean soundscape is 
“a depiction of the acoustic signals received at a hydrophone station, described to a scope 
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and detail sufficient to allow the station’s historic performance to be understood and its 
likely future performance predicted”. As such, the soundscape does not include all 
information necessary to understand or predict the impact of ocean sound on all marine 
species. Similarly, the practical limitations of the hydrophone sensors restrict the use of 
the soundscapes in sonar performance prediction studies, to systems that operate in the 
same frequency band. The two representations of the ocean soundscape provide 
summaries of average noise levels and the time-azimuth distribution of discrete signals 
detected on CTBTO hydrophones. These representations allow periods to be identified in 
which particular types of signal are prevalent. This, in turn allows a better understanding 
to be obtained of the capabilities of the hydrophone components of the IMS global 
monitoring network of sensors. 
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Abstract: Periodic changes in ambient noise have been observed on various timescales.  
Available long term measurements of periodic noise fluctuations are reviewed, with 
particular emphasis on those exhibiting periodicity appearing to coincide with that of the 
Sun.  Evidence is offered supporting the suggestion that such fluctuations can be caused 
by diurnal and seasonal changes in sea surface temperature.  (The diurnal changes are 
related to the well known “afternoon effect”, applied here to the noise instead of the 
signal.) If this hypothesis is confirmed, it implies that any future increase in noise due to 
increasing shipping would be at least partly offset by any increase in sea surface 
temperature.

Keywords: Underwater ambient noise, periodic fluctuations, long term trends, CTBTO
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1. INTRODUCTION  

Systematic measurements of underwater ambient noise have been carried out since at 
least the 1960s [1].  Early interest was in the effect of noise on the performance of military 
sonar, while much recent work is motivated by possible detrimental effects (such as 
masking or increased stress) of noise on marine life [2, 3].  Spectra of ambient noise 
(predictions as well as measurements) are widely available [1, 4, 5], but the dependence 
on time of such spectra is not well documented.  The present paper reviews selected 
published measurements of time varying noise, with particular emphasis on two papers [6, 
7], both chosen because they exhibit periodicity appearing to coincide with that of the 
Sun’s position in the sky. 

Reference [5] presents measurements at Cape Leeuwin made with a hydrophone of the 
International Monitoring System of the Comprehensive Nuclear-Test-Ban Treaty 
Organization (CTBTO).  The data are shown in Fig. 1, in the form of a spectrogram 
(spectral density vs frequency and time) covering the approximate frequency range 10 
mHz to 100 Hz, from 2002 to 2010, inclusive.  The spectra exhibit a clear annual cycle, 
attributed in Ref. [5] to wave-induced noise (~ 0.3 Hz), ice noise (~ 3-20 Hz), and whale 
noise (~ 25 Hz).  Seasonal variations at frequencies below 30 mHz are also clearly visible, 
but no explanation is offered for these.   

 
 
 
 
Fig.1: Spectral density level [dB re 1 Pa2/Hz] vs frequency [Hz] and time [years] at 

Cape Leeuwin. From [5].  
 
Figure 1 provides an indication of the rich information content of a long-term noise 

spectrum.  Measurements exhibiting a diurnal cycle (12 hour or 24 hour period) are 
described in Sec. 2, followed by those with an annual cycle (Sec. 3) and long term trends 
(Sec. 4).  An explanation for the periodicity and trends is offered in Sec. 5, followed by 
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some Closing Remarks (Sec. 6), including implications for prediction and use of ambient 
noise. 

2. DIURNAL AND RELATED CYCLES (24 AND 12 HOUR PERIODS) 

Wenz [6] presented ambient noise measurements from six different sites, identified as 
“location A” to “location F”.  The precise locations are not specified in Ref. [6] but are 
within 45 deg longitude of one another.  The duration of Wenz’s measurements is of order 
50 days (at least 450 hours in all cases).   

At locations C to F, the total broadband sound pressure level in the frequency band 20 
Hz to 400 Hz was recorded. A 24 hour cycle in the value of this quantity is clearly visible 
(Fig. 2), especially at location E, with a peak at midnight local time.  At location C, a 12 
hour cycle is also visible at some times of year.  A 12 hour cycle was also recorded at 
location A.  A spectral analysis of these recordings features spectral peaks at frequencies 7 
and 14 cycles per week [6].   

 
 

Fig.2: Broadband noise level (20 Hz to 400 Hz; dB re arbitrary reference) vs time of 
day; locations C-F. All four sites exhibit a cyclic behaviour with a period of 24 hours and 
a maximum close to midnight (00:00 local zone standard time).  A 12 hour cycle is also 

visible at location C. From [6].  
 

3. ANNUAL CYCLES (1 YEAR PERIOD) 

Data similar to that of Fig. 1,  from CTBTO stations in the Indian, Pacific and Atlantic 
Oceans are presented in Refs. [5, 8, 9], with additional sound sources including airguns 
(from distant seismic surveys) and earthquakes.  Andrew et al. [7] reported measurements 
from four sites in the north-east Pacific Ocean approximately covering the ten year period 
1995-2005.  Of particular interest, because of the clear annual cycle, are the data from 
“system g”, off USA’s west coast close to northern California, with a seasonal maximum 
in the winter (Fig. 3), each year occurring during or close to the month of February. 
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Fig.3: Third octave band spectral density level [dB re 1 Pa2/Hz] for centre 
frequencies 25 Hz to 50 Hz (with levels offset successively in 5 dB steps as indicated in the 

legend) vs time since 1 Jan 1995 [years]. Data are for system g from Ref. [7], which 
exhibits a cyclic behaviour with a period of one year and a maximum in the winter.  A 

slight downward trend is also apparent between 1995 (year 1) and 2005 (year 11).  
 

4. LONG TERM TRENDS  

Measurements capable of observing changes, periodic or otherwise, on a multi-year 
timescale are scarce.  The author is aware of three publications demonstrating long-term 
changes in ambient noise at four sites in the north-east Pacific Ocean during the last three 
decades of the 20th Century [7, 10, 11].  All three of these publications show an increase of 
between 5 and 10 dB over about 35 years at frequencies usually associated with shipping 
noise, while during the 11 year period 1995-2005 there was a slight downward trend at 
some locations [11] .  Part of the 35-year increase can be explained by the increase in the 
number and size of ships during the same period [12].  Neither the larger than expected 
increase up to 1995 nor the levelling of (and possible decrease) from 1995 to 2005 has 
been explained to date.   

5. PROPOSED EXPLANATION  

5.1. Annual cycle and long term trend 

Regarding the clear annual cycle visible in the third octave bands centred at 30 Hz and 
above, Ref. [7]  remarks, citing Ref. [13], that “[l]evels in this spectral band, particularly 
at the higher frequencies, are known to correlate well with local wind speed ... and 
therefore these episodic features represent periods of above-average surface winds and 
possibly storms” and “[b]ands [centred at 63 Hz and above] are also dominated by a 
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seasonal cyclicity [that] is probably closely related to weather.”  At the same time Ref. [7] 
designates the bands centred between 25 Hz and 50 Hz as “traffic noise” and makes no 
further attempt to explain the annual cycles in these bands.  The present author suggests 
that the observed seasonal fluctuations are the result of seasonal variations in sea surface 
temperature (SST), which modulate the distant shipping noise by their effect on the local 
critical angle at the source as described by Ref. [12]:   

“In the absence of other changes, the expected effect of a long term increase 
in sea surface temperature is to decrease the global average noise level 
through a process of refraction (surface heating decreases the proportion of 
radiated power trapped in the ocean and consequently decreases the global 
average mean square sound pressure). Any long term trend would be 
punctuated by strong seasonal fluctuations.”   

The mechanism proposed by Ref. [12] is closely related to the well known “afternoon 
effect” [14] explained by the measurements of Iselin and Batchelder in 1937 (see Ref. 
[15]).  The original afternoon effect was a sharp reduction in target echo level due to the 
creation of shadow zones close to the sonar.  Here we are concerned with a (usually small) 
reduction in ambient noise due to a reduction in the proportion of radiated energy from 
multiple distant sources that is trapped in the deep sound channel.  Both effects are caused 
by an increase in SST due to warming from the Sun. 

During the decade 1995-2005 the SST increased steeply in the northern hemisphere 
(see Fig. 1 from Ref. [16]).  This increase is about 0.4 °C, but the precise value is subject 
to uncertainty caused by natural fluctuations with an amplitude of several tenths of a 
degree.  Using the sensitivity of 8% reduction in noise intensity per 0.1 degree increase in 
SST suggested by Ref. [12] (equivalent to 3.3 dB/°C) results in an expected decrease in 
the noise level of 0.13 decibels per year during these ten years, which compares with 
approximately 0.2 decibels per year inferred from Fig. 7 of Ref. [7].  We should not expect 
perfect agreement (in addition to the above-mentioned fluctuations, the temperatures 
reported in Fig. 1 of Ref. [16] are averages over the entire northern hemisphere) but the 
prediction is of the correct order of magnitude. 

5.2. Daily cycle 

Wenz considers many alternative explanations for his observed diurnal behaviour (Fig. 
2), including distant shipping, biological sources, tides, microseisms and even cosmic 
radiation, eventually ruling out all of these.  For example, he refers to “good evidence that 
ship traffic noise is not the explanation”.  According to Ref. [17], published in 1983, “the 
origin of [the diurnal cycle observed by Wenz (1961)] remains a mystery”. 

As with the annual cycle, daily temperature fluctuation would have the effect of 
increasing noise when the sea is coldest, which in the case of the Atlantic Ocean can be 
expected at dawn in western Europe, corresponding to midnight on the USA east coast, 
precisely on cue to explain Wenz’s data if these are assumed to be measured in the 
Atlantic Ocean.  Reference [6] does not specify whether the measurements are made on 
the Atlantic or Pacific coast of the USA, and in the absence of a specific geographic 
location in longitude, such temperature fluctuations provide a plausible explanation of 
Wenz’s mystery.  However, it is known from other sources  [17, 18] that the 
measurements reported in Ref. [6] were made in the Pacific Ocean, for which the timing 
does not work out for shipping noise.   
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6. CLOSING REMARKS 

6.1. Insights into annual and daily signatures 

Fluctuations in SST are proposed as a potential cause of some annual cycles in ambient 
noise. If the proposed explanation is confirmed, for as long as both global shipping traffic 
and the global average SST continue to rise, future trends in global shipping noise will be 
determined by a balance between the increasing traffic and increasing temperature.  It also 
means that if SST falls in the future, one can expect noise levels to increase.   

In order to investigate annual cycles, of particular value are datasets, like that of Figs. 1 
and 3, collected continuously over a period of several years [5, 7-9].  Although the daily 
signature observed by Wenz (Fig. 2) is not explained in terms of daily variations in SST, a  
daily SST-driven signature is nevertheless expected from the same simple reasoning as for 
the annual one, and this should be easier to confirm because a recording duration of a few 
weeks is then sufficient [6].  The global and remote nature of CTBTO’s hydrophone 
network makes it ideally suited to investigate SST driven cycles, whether annual or daily, 
in the acoustic frequency range 1 Hz to 100 Hz. 

6.2. Noiseonomics or global thermometry? 

 
Frisk [19] has suggested that long term economic forecasts might be used as a proxy for 

changes in noise.  The increase in ambient noise in the approximate frequency range 20 
Hz to 200 Hz during the last three decades of the 20th Century seems inextricably linked to 
an increase in global shipping traffic over the same time period [12], but the expected 
sensitivity to SST complicates matters.  Any economy-based forecast would need to be 
adjusted for SST, which might be dominant during periods of rapid warming (or cooling).  
As suggested in Ref. [12], it might even be possible to exploit the SST driven noise 
changes, corrected for any known changes in shipping, as an indication of locally or 
globally averaged sea surface temperature. 

6.3. Near-surface sources other than ships 

Other surface or near-surface sources that contribute to the noise spectrum below 1 kHz 
include wind [1, 13], baleen whales [5, 7, 8, 11, 13, 20-22] and airguns [9, 20, 21].  A 
similar SST-related effect can be expected from such sources but it is probably not 
straightforward to disentangle these from seasonal and diurnal variations in the location 
and strength of the sources themselves.  

In the case of whale calls the expected SST effect is in any case weaker because baleen 
whales are known to vocalise at a depth of several tens of metres [23], away from the 
surface where the largest diurnal changes in temperature occur.  Deeply submerged 
sources (beneath the thermocline) are not expected to be affected by changes in SST.   
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Abstract: In the low-frequency range (1-125 Hz), the deep-ocean ambient noise field is 
produced by seismic, marine life, ship traffic, and wind-dependent hydrodynamic noise 
mechanisms. Since the ambient noise field is the result of many different sources acting over 
a wide expanse, it can be difficult to isolate the contributions of different noise sources to the 
ambient noise field. This study presents statistical methods that may be used to quantify the 
predominant sources driving the noise levels in different frequency regions. These methods 
will be demonstrated using low-frequency deep-ocean ambient noise data from the Pacific, 
Atlantic, and Indian Oceans, recorded over a period of several years by the Comprehensive 
Nuclear-Test Ban Treaty Organization (CTBTO) hydroacoustic monitoring system. 

1.1. Keywords: Ambient Noise 
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2. INTRODUCTION

In recent years, concern for the effect of man-made ocean noise has risen greatly. It is well 
known that excessive noise levels can cause injury to marine mammals, as well as impede 
their ability to forage, communicate and avoid predation [1]. Also, ambient noise can have a 
significant effect on the effectiveness of sonar systems. 

 
The underwater ambient noise field is generally understood to be driven by a mixture of 

biologic, seismic, anthropogenic and fluid dynamic sources. Below 5 Hz, ambient noise 
levels are predominantly the result of nonlinear interactions of oppositely travelling surface 
gravity waves [2] [3]. Since the surface wave amplitude is strongly tied to the surface wind 
speed, noise levels within this microseism region are well correlated with surface wind 
speeds [4]. In the absence of extremely loud transient events, microseism noise can be seen 
continuously throughout ambient noise recordings. Above the microsiesm band, the ambient 
noise field tends to be much more dynamic, resulting from a mixture of transient events. 
Marine earthquakes along oceanic ridges produce very high energy acoustic signals which 
can be detected hundreds of miles away from the epicenter. These episodic signals typically 
have a duration of less than 2 minutes, and contain high levels of broadband acoustic energy 
up to 100 Hz. Cargo ships produce low-frequency acoustic signals which can be detected for 
several hours as the ship approaches the reciever. At full speed, noise from passing ships is 
predominantly caused by cavitation at the propeller blades and the diesel engine firing cycles. 
Both of these mechanisms produce a fundamental tone related to the speed of the ship, as 
well as harmonics due to the number of propeller blades or engine cylinders [5]. Another 
common anthropogenic noise source is the result of oil and gas exploration. During 
geological surveys, towed airgun arrays produce high amplitude impulsive noise every 10-20 
seconds. Though this is not a complete list of low-frequency sound sources, each of these 
sources contributes significantly to the low-frequency ambient noise field. 

The goal of this paper is to discuss a method for identifying and isolating sources present 
in large low-frequency ambient noise datasets. This method compares the time series of noise 
levels in pairs of frequency bands to see how strong the correlation is between the noise 
levels in the two bands. If the noise levels within a pair of frequency bands are highly 
correlated over time, it is likely that the noise fields in those bands are the result of the same 
source mechanism. The results of this method will be demonstrated using large datasets of 
low-frequency ambient noise data recorded by the Comprehensive Nuclear-Test-Ban Treaty 
Organization (CTBTO) hydroacoustic monitoring system. 

3. DATA 

The hydroacoustic branch of the CTBTO’s International Monitoring System (IMS) 
consists of 6 hydrophone stations and 5 T-phase seismic stations. This study uses data from 
three of the hydrophone stations. These stations were designed for the purpose of monitoring 
the world’s oceans for unsanctioned nuclear weapons testing. Each station consists of two 
triangular hydrophone arrays, with a hydrophone spacing of roughly 2 km. The two arrays are 
positioned between 20 and 190 km away from a host island, on opposite sides in order to 
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minimize the size of any acoustic shadow zone created by the island. The hydrophones are 
each moored in the local SOFAR axis, where sound can propagate for long distances with 
minimal transmission loss. Each hydrophone is equipped with a wet-end preamplifier and 
250 Hz digitizer. The digitized signal is transmitted via fiber optic cable to the host island, 
where it is then transmitted by satellite to the CTBTO headquarters in Vienna for real time 
monitoring. A generic schematic of the station setup can be seen in Fig. 1. 

 
Fig. 1: Generic Schematic of a CTBTO hydrophone station

This study primarily uses data recorded in 2010 from three of the hydrophone stations. 
The three stations are based at Diego Garcia in the Indian Ocean, Ascension Island in the 
Atlantic Ocean, and Wake Island in the Pacific Ocean. The locations of these stations can be 
seen in the map in Fig. 2. 

 

 
Fig. 2: Map of the three hydrophone stations used in this study 

Wake 
Island

Ascension 
Island 
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Garcia
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4. ANALYSIS 

For this study, the ambient noise data recorded in the year 2010 by one hydrophone from 
each of the six arrays were analyzed. To reduce the amount of data processing required, each 
hour of data was replaced by a three minute segment of data selected randomly from within 
that hour. This greatly reduced the computational time required for processing, while still 
capturing the important characteristics of the data. Each of these samples was then 
transformed into the frequency domain using a 7500-point (30 second) fast Fourier transform, 
with Hann windowing and a 50% overlap between the 7500-point samples. This process 
produced a frequency spectrum for each three minute segment, with a 1/30 Hz frequency 
resolution. The sequence of the individual spectra creates an hourly time series of noise levels 
for each 1/30 Hz frequency band. 

To quantify the similarities between noise levels at different frequencies, the correlation 
coefficient matrix, C=C(f1,f2), was computed for the set of noise level time series. The f1 by 
f2 entry in the matrix corresponds to the correlation coefficient between the noise level time 
series in the f1 and f2 frequency bands. By plotting the correlation coefficient matrix, we can 
easily see frequency regions with high noise level correlation, implying that the noise levels 
within these regions is likely dominated by the same source mechanism. The correlation 
coefficient matrices computed from one hydrophone from each site can be found in Fig. 3(a)-
(c). Similar analysis can also be seen in Curtis et al. [6]. It is important to note that both 
frequency axes have logarithmic scales, so that an individual 1/30 Hz by 1/30 Hz data point 
covers much more plot area on the lower end of the frequency scale than on the upper end. 

 

 

(a).  
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Fig. 3: Frequency correlation coefficient matrices calculated from low frequency ambient 

noise data near (a) Diego Garcia, (b) Wake Island, and (c) Ascension Island 
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The correlation plots in Fig. 3 reveal a number of interesting characteristics about the 
ambient noise field. In the lower left corner of each plot, a strongly correlated region, labeled 
region 1, represents the frequency band dominated by microseism noise. This region extends 
up to about 2.5 Hz at Ascension Island and Wake Island, and up to 5 Hz at Diego Garcia. 
Above the microseism range, the noise field is much more dependent on location. Region 2, 
seen at Diego Garcia and Wake Island, is the result of broadband earthquake noise. Since the 
Pacific Ocean is more seismically active than the Indian Ocean, earthquake noise begins to 
dominate microseism noise at around 3 Hz at Wake Island, whereas this transition occurs 
closer to 5 Hz at Diego Garcia. A similar broadband region of high correlation can be seen in 
region 3 at Ascension Island, above 4 Hz. Noise in this region can be attributed to airguns 
used in seismic surveys. Airgun noise typically extends up to higher frequencies than most 
episodes of earthquake noise, so the high correlation regions produced by these two sources 
have different high frequency cutoffs. Region 4, which can be seen at Ascension Island and 
Wake Island, is the result of fin whale vocalizations. Fin whales produce series of highly 
stereotyped short pulses between 18 and 25 Hz [7]. At Wake Island, fin whale vocalizations 
result in a highly correlated region, which truncates the upper end of the earthquake noise 
region. This block appears to contain a wider band component as well as a narrowband 
component, although the narrowband component, at roughly 18.8 Hz, appears to be from a 
separate, unidentified source. At Ascension Island, the fin whale region is significantly less 
distinct than at Wake Island, implying that, in the Atlantic Ocean, fin whale vocalizations 
have significant competition from airgun noise. Region 5, seen at Diego Garcia, shows a 
feature created by harmonic ship noise. Since ship propellers produce constant frequency 
tones harmonically related to a ship-dependent fundamental frequency, diagonal lines appear 
parallel to the primary diagonal where the ratio between f1 and f2 is a simple fraction (usually 
1/2, 1/3, 2/3, or 3/4). The lines circled in region 5 represent a frequency ratio of 1:2, 
demonstrating the high correlation between the fundamental tone and the second harmonic, 
between the second and fourth harmonics, and so on. Similar lines can be seen for frequency 
ratios of 1:3, 2:3 and 3:4, though these lines are harder to see than the 1:2 line. 

5. CONCLUSIONS 

The purpose of this paper was to demonstrate the usefulness of calculating the correlation 
coefficients between the noise levels in pairs of frequency bands. Plotting the correlation 
coefficient matrix helps to point out frequency ranges in which noise is likely produced by 
similar source mechanisms. In the case of band-limited noise, such a correlation plot 
produces a distinct box of high correlation with a high contrast to the uncorrelated regions of 
the spectrum. These boxes have been seen to identify microseism, earthquake, airgun and 
whale noise. In the case of harmonic noise, such as ship propeller noise, this method produces 
a number of diagonal lines corresponding to harmonic relationship between the components 
of the signal. This type of behavior can be easily hidden in large datasets, so this analysis can 
be particularly advantageous in revealing the presence of ship noise. Although the correlation 
coefficient is limited in the amount of quantitative information it can provide, it is still a 
useful test in revealing the dominant sources within large sets of ambient noise data. 
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Abstract: Results are presented of a preliminary feasibility study of a sea bottom mounted 
system with Hydroflown particle velocity sensors. This technology should enable 
measurements of the direction of arrival (DOA) of under water sound waves. Hydroflown 
probes are particularly sensitive at low frequencies where difficulties are experienced 
with other localisation techniques. 

In the last decades Microflowns sensors have been developed, which are capable of 
measuring the particle velocity of a sound wave in airborne sound fields. Acoustic vector 
sensors consist of three orthogonally placed Microflowns and a sound pressure 
microphone. They are used to measure the DOA in various military and non-military 
applications.

Based on similar principles, Hydroflown particle velocity sensors that are suitable for 
underwater tests are now being developed. In this paper, the localisation and tracking of 
ships is investigated. Measurements in two rivers with a prototype Hydroflown based sea-
bottom-placed system are reported and results of several ships that have been measured 
are shown. These early tests are promising as it is possible to successfully measure ships. 

Keywords: Sound source localisation, Acoustic vector sensors, Low frequency 
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1. INTRODUCTION

Normal underwater acoustic sensors (i.e. hydrophones) are not or hardly direction 
sensitive. Multiple spatially distributed hydrophones are required to form arrays and get 
directionality. Arrays to obtain information at low frequencies are long and heavy. Arrays 
must have a length of at least one acoustic wavelength to listen in a specific direction. 
Since the wavelength becomes longer as the frequency drops, the lowest usable frequency 
of an array is determined by its length. The spacing between the sensors determines the 
highest usable frequency of the array. If the spacing between the sensors is more than half 
an acoustic wavelength, the array exhibits aliasing, which implies that it is sensitive in 
several directions. Given these two limitations to array design, it is clear that an array that 
works for a wide range of frequencies must have a large size and a small spacing, leading 
to a large number of hydrophones and data acquisition channels. 

Another technique to obtain directional information is with accelerometers [1]. Systems 
comprising accelerometers can be small, but are unsuitable for low frequency localisation. 

Acoustic vector probes do not have this limitation. These probes measure the sound 
pressure and the particle velocity at a single point in space. The relation between both 
quantities is frequency independent, thus theoretically probes can determine the DOA at 
any frequency. Sound pressure can be measured with a hydrophone. A true particle 
velocity sensor for underwater use called the Hydroflown is now being developed. They 
are modified versions of Microflown sensors which measure particle velocity in air [2]. 

Hydroflown sensors offer some unique capabilities for detection and sensing [3, 4]. 
Since particle velocity is a vector, the sensor has a figure-of-eight sensitivity pattern. This 
directionality is useful for sound source localization and shielding of particular sources. In 
addition, the small sensor size and the possibility to measure direction in one spot is 
advantageous when the array size should be kept small. Furthermore, there is no left-right 
ambiguity as experienced with linear arrays. With one probe the direction of sound can be 
measured, even if the time of the event is not accurately known. With multiple probes also 
the location can be found using triangulation [5]. There can be many applications of 
Hydroflown probes; non-military (oil finding, navigation, communication, etc.), as well as 
military (localisation of surface vessels, underwater vessels, and torpedoes, border 
protection, etc.) [6]. 

Since the Hydroflown sensor is new, its capabilities are not fully explored yet. In the 
laboratory it was already demonstrated that the sensor truly measures particle velocity, and 
that it should be sensitive enough for real life sound sources. This paper is a report of a 
preliminary feasibility study involving in-field tests. The test system containing a 
packaged sensor is described, and the results obtained are presented and discussed. 

2. HYDROFLOWN BASED MEASUREMENT SYSTEM 

Acoustic vector sensors in air consists of three particle velocity sensors and one sound 
pressure microphone, see Fig.  1, left. These sensors can localize sound sources in a broad 
band (1 Hz-20 kHz) in three dimensional space as well as determine sound power and 
absorption coefficients. For measurement in water the Hydroflown sensors are isolated 
from sea water by immersing them in a non-conductive fluid contained within a special 
sealed housing. The current 3D Hydroflown probe consists of three orthogonally placed 
particle velocity sensors. Up to now, they are most sensitive at low frequencies (10 Hz to 
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3 kHz), although the frequency range may be extended by further enhancing the design. 
With an additional hydrophone next to the sensor the complete sound vector can be 
measured. A small and easy to deploy platform has been developed, which consists of a 
frame and weights to firmly position it on the bottom, see Fig.  1 right. 

 

 

Fig.  1. Left: conventional 3D vector sensor for air tests. Right: Hydroflown test set-up. 

3. RIVER MEASUREMENTS 

3.1. Ship Radiated noise measurements from RWS16 

With the Hydroflown based measurement platform tests were performed in two rivers. 
The first measurement was performed at 28-11-2012 at the Rijnkade quay in Arnhem, the 
Netherlands. During all measurements the Hydroflown was positioned at a depth of 3,45 
meter, see Fig.  2. The width of the river was 120 meter at the test site. In these tests, 
signals received by Hydroflowns were recorded. 

During this measurement law enforcement vessel was RWS16 moored, and the 
acoustic noise radiated from this vessel was tracked by the Hydroflown probe. A piece of 
recording is shown in Fig.  3. The signal levels shown are in dB, although the absolute 
level is unscaled because no corrections for the sensitivities of the sensors were applied. 
Blue parts indicate low signal strength and red parts indicate high signal strength. Even 
after signal processing the signals were rather noisy due to the ambient noise but the x and 
y channel show different signatures. This indicates that the ship can be tracked, although it 
was impossible to calculate its location because of all reflection present in the river. 

 

Hydroflown probe
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Fig.  2. Left: Cross-sectional view of the test site. Right: The RWS16 boat moored. 

 

Fig.  3. Amplitude versus time and frequency of the Hydroflown sensor signals in the x  
direction (left) and y direction (right). 

Based on the signals shown in Fig.  3, the DOA is calculated for a frequency band of 
800 Hz to 1200 Hz, see Fig.  4. 

 

 
Fig.  4. The DOA of the sound wave generated by the RWS16 vessel as function of time 
 
From this test, the sound of the ship is clearly audible and the Hydroflown probe is able 

to track a vessel in a river up to at least 200 meter. The highest signal is found between 
800 Hz and 1200 Hz. From earlier laboratory investigations the main signal was expected 
at low frequencies (approximately between 10 Hz and 1 kHz). A possible explanation is 
that the water depth and the confined river strongly attenuates sounds at low frequencies. 

Probe position

3,45m

Harbour wall
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In addition, the particle velocity is lower near the wall and noise emission of the vessel 
may be weak at low frequencies. 

3.2. Ship Radiated noise measurements from EWA SR6295 

For the second measurement, the electronics were upgraded to improve the 
signal-to-noise ratio. This measurement was performed at 28-11-2012 in the IJssel river in 
Zutphen, the Netherlands. The same underwater test set-up employed during the first tests 
was used, which was positioned at a depth of 3 meters. The width of the river is 110 meter 
at the measurement site. Several ships passed by during the tests. Here, measurement 
results are shown of the EWA ship, see Fig.  5 and Fig.  6. 

     

Fig.  5. The EWA SR6295 ship, courtesy www.marinetraffic.com. 
 

 
Fig.  6. Left: measurement area overview. Right: amplitude versus time and frequency 
of the Hydroflown sensor signals in the x  direction (top) and y direction (bottom). 
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Similar results were obtained as during the first measurement, but now it was possible 
to detect a vessel up to even 600 meters. Again, highest signals are found in the 800 Hz –
 1200 Hz band and the sound of both ships is clearly audible on the Hydroflown channels. 
After post-processing, it could be distinguished if the ship was navigating in positive or in 
negative direction. However, the acoustic environment in the river is rather complex 
because of all the reflections and therefore it was impossible to determine the ship’s 
location. Future tests should be performed in open water to measure location. 

 
 

4. CONCLUSION AND OUTLOOK 

Hydroflown sensors are a new type of underwater sensors measuring acoustic particle 
velocity. Hydroflown probes offer opportunities for military as well as non-military 
applications. Most interesting is the capability of measuring the direction of arrival of 
sound sources in three dimensions, in one small spot, and at low frequencies. A 
preliminary study has been described where a package with Hydroflown sensors was 
tested. The results were promising, although the conclusions drawn have to be verified 
with more experiments. Tests in a river revealed that ship radiated noise can be measured 
from at least 600 meters. Some directional information has been obtained, but because the 
experiments were not conducted in open water it was impossible to verify if the 
Hydroflown probe was truly directional as in the laboratory and in measurements in air 
because of all reverberation present in the river. Future research will focus on determining 
the sensitivity and thus the detection range, and the development of more sensitive sensors 
and better probe packages. 
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Abstract: The Microflown acoustic directional sensor utilizes pairs of hot-wire 
anemometers to directly infer the acoustic particle velocity of the surrounding air medium 
in which it is designed to operate.  The flow of air across a pair produces a displacement 
of the temperature field, and the temperature differential between the wires can be 
measured and used to correlate with the particle velocity.  This study investigates the 
feasibility of adapting the Microflown air directional sensor for underwater use. A 
Microflown PU-Match sensor, containing a pressure sensor and one-dimensional velocity 
sensor, is encapsulated in a Flexane 80 urethane shell filled with castor oil.  In order to 
predict the sensitivity of the encapsulated sensor, the performance ratio is determined 
between the sensitivity in air and in the castor oil. Temperature dependency is introduced 
in the relevant parameters to be able to model the sensitivity at various operating 
temperatures. The measured sensitivity from the calibration report is then used to predict 
its performance. The theoretical sensitivity model is verified by experimental data 
gathered from calibration studies at NUWC-Newport, RI. The verified model is then used 
to analyze the consequences of changing critical operating parameters like the distance 
between the filaments and the operating temperature. Based on these calculations, 
recommendations are made for changes to the existing prototype to improve performance. 
Eventually a new design is proposed that increases sensitivity significantly and is better 
adapted to operate in the filling fluid. 

Keywords: Underwater sound detection, directional sensor, temperature dependency, hot-
wire anemometers 
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INTRODUCTION

Hot wire anemometers have been used in fluid mechanics since the late 1800s. These 
thermal transducers are widely used to study turbulence and unsteady laminar flows. The 
principle of hot wire anemometry is relatively simple. A current is passed through a fine 
filament. When molecules flow by the filament they will transfer heat away from the wire. 
The rate of heat transfer will be determined by the flow speed and flow temperature, as 
well as the physical properties of the medium and filament. The cooling of the wire will 
change the resistance of the filament. The variation in the resistance can be measured.  

The Dutch company Microflown Technologies pioneered a different approach in order 
to be able to measure lower particle velocities using hot filaments. They use two parallel 
filaments in close proximity. The temperature upstream is slightly less than the 
temperature downstream. Therefore, the downstream wire is heated more by the upstream 
wire and vice versa when the flow changes direction. The temperature difference between 
the two wires then becomes a measure for the flow speed and direction. Using this 
principle it can operate in a flow range of 100 nm/s to 1 m/s [1,2]. In air, this means that 
sound pressure levels (SPL) from 3.3dB  to 143dB re 20 Pa  can be measured. These dB 
values represent sound just over the sensitivity threshold of the human ear to well over the 
pain threshold. In seawater, particle velocities are much smaller due to the increased 
impedance of the medium.  For the same flow speeds, the equivalent water units of SPL 
would range from about 100dB to 240dB re 1 Pa, respectively.  However, due to the 
differences in thermal diffusivity and other parameters, it is unclear whether these same 
limits exist when the sensor is encapsulated in a fluid medium such as oil.  Other design 
changes are possible to improve the sensor’s sensitivity, and these will be discussed later 
in this paper. 

Although many properties are the same for both the hot wire anemometer and the 
Microflown PU match, there are two properties that motivated us to consider only the PU 
match. In water, the particle displacement and velocity are much smaller than in air, but 
the particle density is much higher. Since the PU match can measure much smaller flow 
speeds, it could be well-suited for underwater sound detection and directionality estimates.
  

 
Fig. 1: Microflown PU match (picture by Microflown Technologies, left) and velocity 

sensor beam pattern in air at 2000 Hz. 
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During an in-air experiment to evaluate the sensor telemetry, it became apparent that 
the vibrations of the turntable had a considerable effect on the data. Using a high pass 
filter at 1 kHz and measuring the beam pattern with frequencies above 1 kHz reduced this 
noise to acceptable levels, as depicted in Fig. 1 (right), showing the normalized response 
at 2 kHz over a 360  rotation. Although a frequency of 2 kHz produced the clearest 
results, all three frequencies showed the expected figure eight beam pattern provided in 
the data sheet. 

The corrosive properties of seawater make encapsulation of the sensor necessary. This 
provides challenges common to underwater sound transducers. The encapsulation should 
be some kind of outer shell filled with a non-conducting liquid (usually oil based). In order 
to reduce reflection losses the impedance of both the shell and the liquid must be matched 
to the impedance of seawater. This impedance match will also limit refraction, which will 
introduce uncertainty in the source direction.  

MEASUREMENTS 

The capsule in which the sensor will be placed consists of two basic parts; the outer 
shell and the filling fluid. For the outer shell both the material and the shape will 
determine the effect on sound transmission and direction. The filling fluid needs to be 
non-conducting and have an impedance close to that of average seawater. Other selection 
criteria were the cost and availability. Since the goal of the study is to determine the 
feasibility to develop an underwater directional sensor based on Microflown technology, it 
was considered acceptable and efficient to work with materials with less than optimal 
properties.   

The shell was constructed using Devcon Flexane 80 urethane. This material is readily 
available and often used for hydrophones. The capsule has the shape of a cylinder with a 
hemispherical end cap (see Fig. 2). This guarantees a uniform shell thickness to all sides 
about a centralized response axis.  

 

 
 

Fig. 2: Complete encapsulated sensor along cm scale. 
 
Castor oil, Baker DB grade, is widely used in hydrophones because of its excellent 

acoustic properties and compatibility with other transducer materials [3]. Furthermore, this 
castor oil is readily available at limited cost.  

The first and most important part of predicting the performance of the sensor 
underwater is to estimate how the thermodynamic properties of the filling fluid will affect 
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the heat distribution. Particle displacements due to sound waves are much smaller in a 
liquid than in a gas. The density of a liquid is much greater than that of a gas, so a lot more 
molecules are available to transfer the heat. Furthermore the heat capacities of the two 
media are very different. In addition, the diffusion speed needs to remain large compared 
to the forced convection caused by the sound wave, so that the influence of the particle 
displacement due to the sound wave can be treated as a small alteration to the temperature 
profile. The start of the prediction is therefore to calculate how all these factors influence 
the performance. 

Including the effect of the heat capacity of the sensors, the complex temperature 
difference ratio can be shown to be [4]  
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a distance between wires m , L width of the filament m , and 1K x modified 
Bessel function of the 2nd kind of order 1.  Since the sensitivity is proportional to the 
temperature difference between the wires, this ratio can be used to scale the sensitivity 
function and thus predict the performance.  

  In order to compare the performance in air to the performance in castor oil the 
calculations will be based on the same amount of acoustic intensity. The ratio between 
particle speed amplitudes ( v ) will therefore be based on the same IL. 

The total frequency response of the Microflown can be approximated by [4]  
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  This approximation will make it much easier to 

model the frequency response. Since T is proportional to the actual response of the 
Microflown, the performance of the sensor in castor oil can be predicted from the relative 

incoherent magnitudes of the temperature differences by calculating the ratio .air
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To be able to predict the response, the calibrated sensitivity in air is needed. The 

calibration report provides a graph of the sensitivity and a formula to calculate it. In the 
preceding section the sensor response in air was confirmed to agree with this formula. 
Figure 3 shows the calibrated sensitivity of the Microflown PU match in air as calculated 
from this formula prior to encapsulation.  

Since the comparison of the sensitivity in air and castor oil is calculated and the 
sensitivity in air is known, we can predict the sensitivity in castor oil by 

 

 _
air

castor oil
SensitivitySensitivity

Ratio
  .                                   (4) 

 
 

 
Fig. 3: Sensitivity of sensor in air based on calibration report. 

 
At NUWC, two sets of measurements were collected using the encapsulated 

Microflown PU match. These measurements were some done a few weeks apart. Only one 
set of measurements collected using a single orientation axis are reported here. The axis 
was empirically aligned to correspond to the maximum response axis of the particle 
velocity sensor. During the experiments, the encapsulated sensor was submerged in an 
anechoic tank with a sound source and a well-known A47 SN 16 reference hydrophone. 
The bandwidth between 50 1000Hz was swept both linear and logarithmic at SPL’s 
between 90 170dB  re 1 Pa . These values were provided for further analysis and 
comparison to the theory. 

Experiments conducted with SPL 110dB  re 1 Pa gave irregular results. Sensitivity 
seemed to randomly vary at different SPLs.  Additional experiments showed that the 
traveling field was not created well at pressure levels 110dB  re 1 Pa .[5] Since the 
acoustic particle velocity cannot be inferred from the reference hydrophone when the 
contributions of the standing wave components are unknown, these experiments could not 
be used. 
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To better understand the sensitivity of the encapsulated Microflown PU match in 
comparison with the model, all experimental data for SPL 110dB  re 1 Pa were 
converted to their values without any gain and then averaged, as depicted in Fig. 4. 

 
Fig. 4: Averaged sensitivity without gain. Blue is incoherent ratio, red is coherent, data 

are circles connected by green line segments. 
  
The data shows that the encapsulated sensor is able to detect sound underwater. The 

envelope of the sensitivity roughly agrees with predictions using the calibrated sensitivity 
in air and the calculated sensitivity ratios, showing better agreement with the incoherent 
ratio. The oscillations in the sensitivity are not predicted by the theory and need additional 
measurements to investigate. Calibration problems in the traveling wave tube might 
explain some periodicity in the apparent sensitivity of the Microflown Titan sensor 
element. Electronic noise also seems to have influenced measurements around 60Hz . 
Further research is needed to determine its contribution to the apparent sensitivity at 
higher frequencies. 

EFFECTS OF SENSOR MODIFICATIONS 

The higher impedance of both seawater and castor oil compared to air will result in a 
much decreased particle displacement and velocity caused by sound of the same Intensity 
Level (IL). The amount of molecules available per unit volume to carry heat from one 
filament to another, however, is much larger in castor oil than in air. These parameters 
directly affect the optimal separation at which the filaments should be placed. 

Considering the temperature dependency for castor oil, the effect of altering the 
operating temperature and the distance between the wires on the predicted ratios can be 
predicted. The experimental results have confirmed that the sensitivity in air can be scaled 
to the sensitivity in castor oil at a different operating temperature. This will be used to 
determine the sensitivity of the encapsulated sensor at operating temperatures 40 313 C
at any given distance between the wires.  

Reducing the distance between the wires will decrease the sensitivity at very low 
frequencies. However, the sensitivity will be increased at higher frequencies [6]. The 
crossover point of the encapsulated sensor is 5Hz , so that sensitivity is in general 
increased for all frequencies of interest greater than that. (see Figure 6 in [9]).  
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Lowering the temperature will also lower the sensitivity over the whole frequency 
range. Still, it is necessary to investigate the sensitivity at lower temperatures in order to 
prevent decreased performance by dissociation and/or boiling of the castor oil. The 
temperature at which the oil is free of boiling is dependent on the pressure and therefore 
the operating depth of the sensor, but will not be treated here. Studies in this field by H. 
Eckelmann [7] however, suggest that below half the boiling temperature, dissociation 
becomes insignificant. For castor oil, an optimum operating temperature lies somewhere 
between 100 200 C at standard atmospheric pressure. 

 

 
Fig.5: Distance dependence of the sensitivity at 313 C  (left) and 200 C  (right). 

Distances computed range from 20 m (blue) to 100 m (magenta). 
   

From Fig. 5, it can be concluded that decreasing the distance between the wires has a 
much larger effect than changing the temperature in the ranges of interest. Based on the 
predicted ratios of the temperature differences between the wires, decreasing the distance 
between the filaments to 40 m  will result in an 8dB gain in sensitivity at both 313 C and 
200 C . Decreasing the distance to 20 m  will result in a 14dB gain for both temperatures. 
A filling fluid with similar impedance and with a much higher boiling point might 
improve this gain even further. 

It is worth noting that spikes in the data were observed in the vicinity of optimal 
response for the sensor, just below 100Hz . Reducing the distance between the wires 
might increase sensitivity to the point that the sensor is overdriven over some bands. In 
that case, a design with two sensor elements could be considered with one sensor element 
optimized for frequencies 150Hz and one optimized for higher frequencies. The size of 
the elements (only a few millimeters) enables stacking them without any significant 
increase in overall sensor size. 

CONCLUSIONS AND RECOMMENDATIONS 

It seems feasible to adapt the Microflown PU match for underwater use. Experiments 
seem to indicate that the theories to predict its performance hold when the sensor is 
submerged in oil. However, the oscillations of the measured sensitivity and the high peak 
in measured sensitivity around 60Hz  (likely system noise related) are not predicted by our 
model and need further investigation. The influence of the calibration error in the 
experimental set up and the influence of electronic noise need to be determined.  

Based on its acoustic and electric properties, castor oil is a good choice as a filling 
fluid. Additional gain can be achieved by finding a more stable filling fluid with similar or 
better acoustic and electric properties, but a much higher boiling point.  Operating the 
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sensor in a liquid instead of a gas will require some adaptations to the sensor. The 
operating temperature needs to be well below the boiling point of the oil. Coating the 
filaments will be necessary to overcome catalytic effects of the platinum wires. Further 
strengthening of the wires may be required to prevent damage when operating in a much 
denser medium. 

At the current distance between the filaments, sensitivity underwater is low. Decreasing 
the distance between the filaments will increase the sensitivity over the whole bandwidth 
of interest. A gain of 14 21dB could be achieved if the distance between the wires is 
reduced to 20 40 m . Reducing the operating temperature to 200 C  does not 
significantly reduce sensitivity at these distances. 

ACKNOWLEDGEMENTS  

The authors wish to acknowledge the assistance of NUWC-Newport (especially John 
Whitacre), and the USWAG at NPS.  This work was supported by the Naval Postgraduate 
School and is based on the thesis of Marnix Hezemans (LCDR Royal Netherlands Navy, 
Msc.), 2012.[9]  

REFERENCES 
[1] A. E. Perry, Hot-wire anemometry, Oxford, Great Britain: Oxford University Press; 
New York: Clarendon Press, pp. 1-13, 1982. 
[2] H. de Bree, "An overview of microflown technologies,"  Acta Acust.  United Acust., 
vol. 89, pp. 163-172, Jan-Feb, 2003.  
[3] R. N. Capps, C. M. Thompson, "Transducer fill fluids," in Handbook of Sonar 
Transducer Passive Materials, 1st ed. Washington D.C.: Naval Research Laboratory, pp. 
159 - 200, 1981. 
[4] J. W. van Honschoten, G. J. M. Krijnen, V. B. Svetovoy, H. E. de Bree, M. C. 
Elwenspoek, "Analytic model of a two-wire thermal sensor for flow and sound 
measurements,"  J. of Micromech. Microeng., Vol. 14, pp. 1468-1477, 2004.  
[5] J. W. Whitacre, private communication, 6 Dec 2012. 
[6] J. W. van Honschoten, G. J. M. Krijnen, V. B. Svetovoy, H. E. de Bree, M. C. 
Elwenspoek,"Optimization of a two-wire thermal sensor for flow and sound 
measurements," in 14th IEEE International Conference on Micro Electro Mechanical 
Systems, pp. 523-526, 2001. 
[7] H. Eckelmann, "Hot-wire and hot-film measurements in oil,"  DISA Info., Vol. 13, pp. 
16-22, 1972.  
[8] L. E. Kinsler, A. R. Frey, A. B. Coppens, J. V. Sanders., Fundamentals of 
Acoustics, New York: Wiley, Ch. 6, pp. 149-163, 2000. 
[9] M. J. M. Hezemans, “Feasibility study to adapt the Microflown vector sensor for 
underwater use,” M.S. Engineering Acoustics, Naval Postgraduate School, Monterey, CA, 
December, 2012. 
 

 
 

1st International Conference and Exhibition on Underwater Acoustics

686



Session 12
Detection and Classification of Underwater Targets 
Organizers: John Fawcett, Johannes Groen, Wolfgang Jans and Yan Pailhas 

1st International Conference and Exhibition on Underwater Acoustics

687



1st International Conference and Exhibition on Underwater Acoustics

688



 

SEAFLOOR SEGMENTATION USING THE TEXEM MODEL 

Florian Langnera, b, Wolfgang Jansa, Christian Knauerb, Wolfgang Middelmannc 

a Bundeswehr Test Center for Ships, Naval Weapons, Maritime Technology and Research 
- Research Department for Underwater Acoustics and Geophysics (WTD 71-FWG), 
Berliner Str. 115, 24340 Eckernförde, Germany, {florianlangner, wolfgangjans}@bwb.org 
b Institut für Informatik, Universität Bayreuth, 95447 Bayreuth, Germany,  
{florian.langner, christian.knauer}@uni-bayreuth.de 
c Fraunhofer IOSB, 76275 Ettlingen, Germany, wolfgang.middelmann@iosb.fraunhofer.de 

Abstract: A central problem in automatically locating and classifying man-made objects 
in side scan sonar images on the sea floor is to estimate the probability of detection. Sea 
bed properties such as the bottom backscatter affecting the object and/or shadow contrast 
in the image, the existence of ripples which may alter the object and/or shadow shapes in 
the image, or partial burial of objects which may result in a changed object and/or 
shadow size / contour in the image have a strong influence on the detection process. Thus, 
the probability of detection for man-made objects in side scan sonar images depends on 
seafloor properties and is generally, for example, higher for a flat, hard seafloor 
compared to a soft, structured or a vegetated seafloor.
In order to investigate this influence of seafloor properties on the outcome of automatic 
target recognition (ATR) systems, a segmentation software was developed which divides 
side scan sonar images of the seafloor into areas of similar characteristics. In the 
presented study a segmentation procedure known from optics - based on the TEXEM 
model - is used for this purpose [1].  
In a first processing step, a simple but robust algorithm for an image-dependent 
resolution reduction is required, in order to process the large amounts of data from 
synthetic aperture sonars (SAS). The near optimal resolution for seafloor segmentation is 
estimated. Then a pyramid of the same side scan sonar image with different resolutions is 
generated. Each of these images with different resolution is segmented using the EM 
algorithm and the TEXEM model. Fusion of the regions within the individual images and 
the results for different image resolution leads to the final seafloor segmentation for side 
scan sonar images. Different examples are shown based on SAS data recorded with the 
MUSCLE AUV NURC / CMRE.

Keywords: Seafloor segmentation, TEXEM  
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1. INTRODUCTION

The aim of seabed segmentation is to obtain an overview of the different seafloor types 
and structures and their spatial distribution present in a side-scan sonar image. This is of 
great interest since seabed properties have a strong influence on an automatic target 
recognition process with respect to the detection and false alarms probabilities, because, 
for example, the bottom backscattering strength affects the object and/or shadow contrast 
in an image, the existence of ripples may alter the object and/or shadow shapes in an 
image, or for some sediments (partial) object burial may occur which results in a changed 
object and/or shadow size / contour in an image. 

The seabed segmentation provides information about the seabed structure and type. 
This information opens up the possibility to roughly assess the difficulty in finding objects 
in a side scan image depending on the observed seabed properties. For example, the 
probability to detect an object is typically higher for a flat, hard seafloor compared to a 
soft, structured or a vegetated seafloor. Furthermore, the estimation of the seafloor type 
and structure is a first step in order to use algorithms for the detection and classification 
specially adapted for certain seafloor types (e.g. ripple fields). 

In this paper a seabed segmentation method is presented, which is purely based on 
image processing. A segmentation method known from optics - based on the TEXEM 
model - is used for this purpose [1]. This method uses all pixels of image snippets of any 
size as features for the segmentation process. This is in contrast to traditional segmentation 
approaches (see e.g. [2]), which use a set of features calculated from the sonar image. 

This paper is organized as follows: In subsection 2.1 an overview of the processing 
chain is given. Subsections 2.2 to 2.6 briefly present the different processing steps in more 
detail. In section 3 some examples are given and section 4 gives a summary and an 
outlook.  

2. SEGMENTATION USING THE TEXEM MODEL 

The developed software divides a side scan sonar image of the seafloor into areas of 
similar characteristic. This is based on the TEXEM model [1] and is described in detail in 
the following subsections.  

2.1. PROCESSING CHAIN 

The processing chain to segment an SAS image with respect to different seabed types 
present in an image is shown in Fig. 1. First, the high-resolution SAS image is reduced in 
resolution to ensure efficient processing. Then, the new image is further reduced in 
resolution to generate a sequence of versions of this image with decreased resolution 
forming a resolution pyramid. The segmentation is performed for each of the images of 
the resolution pyramid individually. Afterwards, segmented patches which belong to 
similar classes are fused. This is done in order to properly handle seafloor areas with  
complex bottom structures. Finally, the segmented images of the resolution pyramid are 
combined into the final result. 
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Fig.1: Processing chain  

2.2. RESOLUTION REDUCTION 

The goal of the resolution reduction is to minimize the image resolution preferably 
without losing texture information in order to ensure efficient processing in later stages. 
The two-dimensional discrete Fourier spectrum F(u,v) of the SAS image I = |A(x,y)|² is 
the starting point for the resolution reduction. In the next step this spectrum is squared to 
|F(u,v)|² and, since the constant part in the sonar image does not contribute to the image 
information, the content of cell |F(0,0)|² is excluded. 

For further processing, the background noise level needs to be estimated. The 
assumption used is that the real and imaginary part of the complex 2d noise spectrum in 
the frequency domain owns a normal distribution. Using this assumption the magnitude 
noise spectrum |N| shows a Rayleigh distribution, and the squared magnitude noise 
spectrum |N|² follows an exponential distribution [2]:  

2
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The parameter  of the exponential noise distribution can be estimated using a 
Maximum-Likelihood-Estimator by assuming that the spectral components at the margin 
of the spectrum contain only noise energy [2]:    
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Nx and Ny correspond to the number of frequency components in u and v, respectively. 
F(0, 0) is in the center of the spectrum. Integrating over the probability density function 
for noise from Eq. (1) gives the cumulative probability P depending on a threshold value 
D. Rearranging the resulting equation gives a defining equation for D depending on the 
chosen cumulative probability P for noise:    

    )1(log PD e  (3)
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Using this threshold value D, the noise and signal components in |F(u,v)|² can be 
separated. Based on |F(u,v)|² a matrix Fs(u,v) is defined which identifies the cells in the 
two-dimensional discrete Fourier spectrum F(u,v) of the SAS image with significant 
texture information: 
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Usually, after applying this threshold D to |F(u,v)|² the resulting matrix FS still contains 
cells with a significant probability for noise. These cells are characterized by the fact that 
they occur in isolation. In the image such cells represent an ideal sinusoidal oscillation, 
which is implausible. Those cells are removed by the morphological operators erosion 
followed by dilatation with a 3x3 structuring element.  

The frequency range up to which the spectrum |F(u,v)| contains significant texture 
information can be determined from the matrix FS. This is done by stepwise bisecting the 
bandwidth of an ideal 2d-low-pass filter starting with the maximum spatial frequencies in 
the 2d-spectrum until the number of significant cells with FS(u,v) = 1 falls below a 
predetermined threshold. The calculated maximum frequency fmax or bandwidth B 
corresponds to a minimum required sampling rate BfTA /12/1 maxmin, . With this sampling 
rate the SAS image I is reduced in resolution be resampling in order to get a modified side 
scan image I´ for further processing.  

2.3. RESOLUTION PYDRAMID 

To segment the image I´, TEXEMs of different scale are required. Alternatively and 
more sfficiently, a fixed size TEXEM can be used to separate scales of an image in a 
resolution pyramid [1]. To decompose the image I´ into a sequence of images with 
decreasing resolution, the image J(n) is convoluted with an appropriate Gaussian mask, and 
then down-sampled using the operators G  and S . l indicates the number of resolution 
levels: 

1,...2,1,,´, 11 lnJGSJIJ n
nn  (5)

2.4. TEXEMs AND EXPECTATION-MAXIMIZATION CLUSTERING 

The TEXEM model described in [1, 3] is used to segment the image I´ and thereby 
separate the different textures present in the image. In the TEXEM model the texture of an 
m x m image snippet with n pixel is characterized by the neighborhood relation Zi(n) 
between the center pixel and all other pixels of this snippet. For all pixels of the image this 
neighborhood relation is projected into the n-dimensional feature space Z(n). Each 
dimension of this space corresponds to the neighbor relation of a single pixel relative to 
the central pixel. In this feature space a TEXEM is formed by clustering points 
representing similar neighborhood relations. It is assumed that for each TEXEM mk(n) in 
Z(n) the corresponding probability density function is an n-dimensional Gaussian 
distribution with mean k(n) and covariance k(n). The probability that the neighborhood 
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relation Zi(n) belongs to the kth TEXEM can then be calculated as follows [1, 3]: 
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Here, N is the number of pixels in the image, K is the number of TEXEMs in the 
feature space Z(n), and k(n) is a scaling factor with 11

)(K
k

n
k . 

In the simple case that the center pixel represents the entire snippet, this TEXEM model 
results in a 1-dimensional histogram. This histogram may show a few maxima, which, for 
example, may represent areas with soft sediments, sand and rock present in an image. The 
corresponding probability density function for each of these maxima is given by a 
Gaussian distribution in this model. For more details see [1, 3]. 

The actual segmentation of the image I´ is done by the EM algorithm. This algorithm 
consists of the expectation and the maximization step which are repeated. The 
segmentation process starts with the image in the resolution pyramid with the lowest 
resolution. The initial parameter set (0) required for the first iteration step of the EM 
algorithm is set randomly. In the expectation step the probability that a neighborhood 
relation Zi(n) belongs to the kth TEXEM mk(n) is estimated by applying Bayes’ rule [1, 3]: 
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Here, (t) denotes the iteration. In the maximization step the parameters are recalculated 
taking into account the class membership probabilities p [1, 3]:  
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(7)

This procedure is repeated until the parameters converge. The TEXEMs can be 
calculated by transforming the estimated means and covariances in the image domain.   

One difficulty with this algorithm is that the dimension n grows rapidly with the size of 
the image snippets used for the TEXEM model. For example, for a pixel snippet of size 
15x15 the dimension of the feature space is 225. This results in significant requirements 
for memory and computing time. To mitigate this effect, a principle component analysis is 
used to reduce the dimension n by roughly a factor of 10. 

2.5. COMBINING TEXEMs 

Some textures cannot be described by just one single TEXEM, but only through a 
combination of TEXEMs. Therefore a method is needed which combines several 
TEXEMs belonging to the same texture. The following approach is taken from [4] and 
was slightly modified. The basic idea is to group TEXEMs based on their spatial 
coherence. This grouping process is used to form a new combined class c from a TEXEM 
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group Gc. It is defined as follows: 
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Here, K̂  is the number of TEXEM groups or combined classes. According to Eq. 9 the 
pixel i in the center of the neighborhood Zi is assigned to the class c, which maximizes the 
probability ci cZp ˆ)|(ˆ .   

The measure used for the merger of several correlated TEXEMs to a combined class cj 
is the model descriptiveness Dj: 
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Here, E stands for calculating the expectation value relative to p(Zi). The idea behind 
this method is that D is maximized during the combination process for the combined 
classes. This assumes that the descriptiveness D drops rapidly when separated regions in 
an image are combined - but only slowly when regions with correlated TEXEMs are 
combined.  

Since the combination of TEXEMs into combined classes c is done iteratively, a 
termination criterion is required. In the original approach this is achieved by specifying a 
number of classes into which the image should be divided. Since this number is not always 
known, our approach uses a threshold, which defines the maximum possible change in 
descriptiveness when two TEXEMs are merged. 

2.6. FUSING SEGMENTATION RESULTS FOR THE RESOLUTION PYRAMID 

Each pixel of an image has to be assigned to a texture class C = {1, 2, … K}for image 
segmentation. So far, for each image in the resolution pyramid with the resolution n a 
texture class membership probability has been calculated for each position (x(n), y(n)). This 
probability is given by )|()),(|( )()()()()( n

i
nnnn Zcpyxcp . Since the images in the resolution 

pyramid are arranged hierarchically, there is a relationship between the segmentation 
results in different resolution levels. The algorithm only considers class membership 
dependencies between consecutive levels. The segmentation array C(n) is given by Markov 
chain structures with respect to the resolution n [1]:   
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Here, l
ni

nn cc 1
)()( }{  corresponds to the class membership in all resolution levels coarser 

than the nth level and )()|( )()1()( lll cpccp  as long as l represents the coarser resolution 
level. For estimating the final segmentation classes for each pixel on the highest resolution 
level, the quad tree structure is used as described in [1]. 
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3. SOME RESULTS 

The developed segmentation method was tested with several SAS data sets. The data 
was recorded in the Eastern Baltic and Mediterranean Sea with the MUSCLE System and 
provided by the NATO-STO Centre for Maritime Research & Experimentation (CMRE). 
Fig. 2 shows an example based on SAS data from the Eastern Baltic Sea [5]. The top row 
displays the original SAS image with a ripple field and different patches of a structured 
seafloor (left), the result for combining TEXEMs (middle, subsection 2.5), and the 
segmentation result indicated by white lines (right). The second row presents more details. 
The first two images of the resolution pyramid (subsection 2.2, 2.3) and the corresponding 
results for the EM algorithm (subsection 2.4) are given.  

 

   
Image I - full resolution,  I´(1) combined TEXEMs,  Segmentation result 

    
Images I´(1) and I’(2) - resolution reduced by 43 resp. 44, and the correspond. results of the EM algorithm 

Fig.2: Example for segmenting an SAS image from the Baltic Sea 
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4. SUMMARY AND OUTLOOK 

For all tested data sets the developed segmentation algorithm was able to clearly 
separate bottom image regions with different backscatter characteristics. This opens up the 
opportunity to choose adequate algorithms for object detection and classification 
depending on the observed seabed structure and type. 

Tests have shown that the size of image snippets should not be too small in order to 
capture a significant portion of the texture information in the image. On the other hand the 
snippets should not be too large in order to avoid offsets in the transition regions between 
bottom types.  

To further optimize the running time, the principle component analysis in the 
processing step during the EM clustering needs to be improved. In addition, the maximum 
number of Gaussian distributions used during estimating the different TEXEMs (see 
subsection 2.4) is set to a fixed, quite large number. This number should be chosen 
depending on the data analysed. Similarity, the approach used to combine TEXEMs (see 
subsection 2.5) uses a fixed threshold for the maximum allowed change in descriptiveness. 
Again, this number should also be chosen depending on the data analysed. 
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Abstract: An efficient model for the Target In Environment Response (TIER) of buried/half 
buried, mine-like objects and UXOs is essential for the development and training of 
automatic target detection and classification methods and for use in sonar performance 
prediction models. For instance, to investigate the influence of burial depth and 
orientation on the TIER of an object, a prediction is required for a range of burial depths 
and object orientation angles. This implies the need for an efficient model since the TIER 
must be calculated for a considerable number of cases. An efficient computational 
technique for predicting the TIER of proud, buried, and partially, obliquely buried axially 
symmetric mine-like objects and UXOs is presented. The method is based on a hybrid 
model that consists of an incident field model, a Finite Element (FE) model describing the 
local response of a target, and a Helmholtz-Kirchhoff Integral model describing the 
resulting wave propagation to greater distances. For most cases of interest, the FE model 
can be replaced by a lookup table yielding the local response to a set of linearly 
independent ‘non-physical’ incident fields. Linear combinations of these responses can be 
used to reconstruct the response of an arbitrary incident field by decomposing it in terms 
of the components of this pre-calculated set. Test results for an obliquely buried 
aluminium cylinder demonstrate that the use of a look-up table speeds up the calculation 
process considerably when multiple Synthetic Aperture Sonar (SAS) runs are simulated, 
with no loss of accuracy. Typically, building the lookup table can be done in the time 
needed to evaluate a single SAS run with the FE based model. For the considered case, 
evaluation of subsequent SAS runs using the lookup table is 20 times faster compared to 
using the FE based model. 
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INTRODUCTION

The development and training of automatic target detection and classification 
techniques for proud, partially and fully buried objects such as mines and unexploded 
ordnance (UXO) shells requires knowledge on their (acoustic) Target In Environment 
Response (TIER). Ideally, an approximate TIER of the object of interest is obtained using 
efficient computational techniques, avoiding the need to perform costly experiments or use 
of large parallel computing facilities. On the other hand, the fidelity of the results provided 
by a numeric modelling approach must be such that the modelled TIER, be sufficiently 
accurate to complement or replace actual experimental data. The presented models and 
techniques are aimed at balancing model accuracy and the required computational efforts. 

In previous studies [1,2,3], a hybrid model based on Finite Element (FE) modelling and 
a Helmholtz Kirchhoff Integral (HKI) model was developed to predict the TIER of axially 
symmetric objects. The model can be used to predict the response to an arbitrary (non-
axially symmetric) incident field for proud/buried/half buried axially symmetric objects of 
arbitrary composition, having arbitrary orientation with respect to the sea floor.  

Typically, the TIER needs to be evaluated for a large number of incident fields. For 
instance, when simulating a Synthetic Aperture Sonar (SAS) run, the TIER is required for 
a large number of source positions. Furthermore, the TIER of an object depends on its 
burial depth and its orientation with respect to the sea floor, implying multiple simulated 
SAS runs are required to investigate the effects of burial depth and orientation on the 
TIER. 

In the present study, the FE model is simplified by assuming the object is immersed in 
a single homogeneous fluid, irrespective of how the plane describing the seafloor might 
intersect with the object. Note, that the influence of differences in material properties on 
sound propagation is taken into account in all other modelling steps. By doing this, the 
impact of variations in object burial depth and orientation on the FE model is limited to 
variation of the loads that are applied (which are associated with variations of the incident 
field due to variations in object positioning). An incident field associated with a given 
source and object position/orientation can therefore be thought of as an FE load case. 

A way to speed up evaluation of the TIER for a large numbers load cases (e.g. different 
target angles or burial depths) is by use of lookup tables. Current hardware makes it 
feasible to calculate and store results for the number of linearly independent incident fields 
needed to form a lookup table for evaluation of arbitrary load cases. This strategy for 
improving the efficiency of the hybrid model is the main topic of the present study. 

HYBRID FE–HKI MODEL 

The model that was developed is commonly referred to as a “hybrid model” and 
consists of three coupled models: An efficient source model (usually based on analytical 
expressions) describing the field incident onto the target, a high fidelity FE based model 
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for the solution of the local target scattering component of the problem [1], and an 
efficient (approximate) model based on the Helmholtz-Kirchhoff boundary integral 
accounting for the propagation of the local scattered field to receivers located anywhere in 
the water column [1,2]. The coupling between the different models is schematically shown 
in figure 1.  

The FE model is a linear frequency-domain axially symmetric structural/acoustic 
model. The 3D elastic displacement equations for the solid domains and the Helmholtz 
equation for the acoustic pressure in the fluid domain, are decomposed into an (infinite) 
series of independent 2D FE equations using a Fourier expansion around the azimuthal 
coordinate of the cylindrical coordinate system in which the target geometry is described. 
The solutions to the independent 2D equations are referred to as azimuthal modes.  

Each 2-D problem is substantially smaller than the original 3-D problem in terms of 
size of the system of equations and associated memory and computing requirements. 
While the solution of the 3-D problem is not possible without resorting to a massively 
parallel architecture, the present approach makes it possible to obtain results on standard 
desktop workstations.  

It can be shown that for a given frequency, higher order modes above a certain mode 
number only produce an evanescent field and contribute little to the scattering field at 
longer ranges. The infinite series of modes can thus be truncated, with the number of 
azimuthal modes that are used to represent the solution to the 3-D problem controlling the 
accuracy of the decomposition. The details of the formulations that are implemented are 
given in the references [1,2,3]. 

 
Figure 1. Schematic representation of the hybrid modelling approach 

EFFICIENCY INCREASE USING LOOKUP TABLES 

When simulating a SAS run, it is common to evaluate a few hundred load cases (aspect 
angles). For many cases, this number is larger (or on the order of) the number of 
individual points, known as Gauss points, that are used to couple the incident field to the 
FE model (see figure 1). Since the FE model is linear, this implies that a response to a new 
incident field (needed, for instance, when doing a SAS run under different conditions) can 
be reconstructed as a linear combination of the responses calculated previously. In matrix 
notation this process can be expressed as: 

Pre-processing 
decomposition of (arbitrary) incident field 

Solver 
FE calculation- 

close range 
response 

Post-processing 
HKI calculation – long-range response 

FE input - incident field 
sampled at FE Gauss Points 

FE output - scattered field 
sampled at HKI points 
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Where  and  are the pressure of the incident wave at the Gauss points and the 

pressure of the scattered field at the HKI points, respectively, associated with a given 
mode . The normal of the object/HKI surface is indicated by . The matrix  contains 
the response associated with mode  (pressure and its derivative) at the HKI sample 
points for previously calculated load cases. The matrix  contains the incident field 
associated with mode  (pressure and its derivative) at the Gauss points for previously 
considered load cases. 

As an alternative to using the response of load cases in a SAS run to populate the 
matrices  and , the response for loading (or exciting) individual gauss points can be 
calculated. In that case, the matrices , becomes the unitary matrix, making their 
inversion trivial. If the response to loading each individual gauss point by prescribing a 
unit pressure and unit normal acceleration is known, the response to evaluating an 
arbitrary incident field is thus obtained by simply summing the response for loading each 
individual gauss point, scaling the contribution of each response by the level of the 
appropriate incident field component at the associated Gauss point. 

To obtain the response at the receivers, the FE response only needs to be known at the 
HKI surface points which couple the FE model to the HKI model (see figure 1). The 
number of HKI points is much smaller than the number of DOFs of the FE model. Since 
the number of Gauss points, HKI surface points and azimuthal modes are limited, it is 
possible to store the response at the HKI points for loading each individual gauss point for 
each azimuthal mode and frequency. The method requires a relatively large amount of 
disk space and thus disk access time, however, a significant increase in efficiency is 
achieved. For a typical simulated circular SAS run (involving 360 load cases/aspect 
angles) calculation times are reduced to a couple of hours instead of days. 

Once this lookup table is built, evaluation of new incident fields can be done very 
efficiently with eq. 1 by simple matrix multiplication and summing (without doing 
additional FE calculations). For many cases the number of Gauss points in the FE model is 
of the same order as the number of load cases in a typical SAS run. This implies using a 
lookup table is already advantageous if more than one SAS run is required.  

EXAMPLE: OBLIQUELLY HALF BURIED CYLINDER 

One of the main limitations of the current model (besides being restricted to axially 
symmetric targets) is the inability to account for discontinuities or changes in the sound 
speed and density of loading medium surrounding the target. Such changes can be 
modelled correctly only if they are perpendicular to the targets axis of symmetry. 
Validation with experimental data [4,5,6] and full 3-D FE models [5] suggests that in for 
proud objects this effect does not play a major role in predicting the relevant target 
classification features of the acoustic template plots. The example presented below shows 
that this is also the case for a partially obliquely buried cylinder. 

The experimental data that were used for model verification was taken during the 
PondEx09 trials conducted by APL-UW and NSWC-PCD [7]. A photo showing the target 
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burial conditions during the experiment is given in figure 2. In addition, the 
target/source/receiver layout as it was modeled is shown. 

 
Figure 2. Image of the target; a 60 cm long solid aluminum cylinder with a 15 cm radius 
(top left). The burial conditions during the PondEx09 trials, involving a 20 degree tilt 
angle  (bottom right). The source and receiver array (middle), and a schematic overview of 
the target/source/receiver layout and the measured/modeled aspect angles (right). 
 

The incident acoustic field is approximated by plane waves. The target studied is the 60 
cm aluminum cylinder with a 15 cm radius depicted in figure 2. In the experiments, the 
target was insonified at incidence angles (defined in the xz-plane which is parallel to the 
sea bed, and referred to here as “aspect” angles, see figure 2) from -20 degrees to +20 
degrees, with 0 degrees representing broadside. The angles were obtained by moving a 
tower with a source and receiver array mounted at a height of approximately 4m (see 
figure 2) along a rail. 

Acoustic templates of target strength (TS) as a function of aspect angle and frequency 
for the target obliquely buried at a 20 degree tilt angle and at a distance of 10 m from the 
rail are shown in figure 3. The aspect angles in the simulation were varied from -20 
degrees to +20 degrees in 0.5 deg increments, and the frequency sweep was from 1 kHz to 
30 kHz in 100 Hz increments.  

The model captures the main features of the TIER fairly well, with the main differences 
being the lack of asymmetry in the modelled data at frequencies below 4 kHz and the 
lower predicted TS levels at broadside around 10 kHz. Possible explanations for the 
observed differences include neglecting the impedance discontinuities on the target 
surface (in the FE model) due to the fact that part of the target is in contact with the 
sediment and another part is in contact with the water. Another factor of uncertainty 
concerns the accuracy of the measured tilt angle, since it was determined based on photos 
that were taken from the burial site. 

For the considered case, calculations times using a lookup table were approximately 20 
times shorter than using FE calculations (excluding the time required for building the 
lookup table). The resulting acoustic templates using both methods are identical (apart 
from small relative errors due to numerical loss in precision).

[-20, 20] degree aspect angle 

source/receiver array 

direction of 
incident field 

Obliquely 
buried cylinder

20 deg 
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Figure 5. Acoustic templates for the aluminum cylinder, obliquely buried at a 20 degree 

tilt angle, at 10 m distance from the rail. Model result (left), and experimental result 
(right). The color scale represents the target strength (TS) in dB. 
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Abstract: A new classification framework is developed to explicitly account for 
environmental dependence in the underwater mine classification problem. Information 
describing the local environment of each object is quantified in the form of a novel feature 
characterizing the seabed; this auxiliary feature is then used in the classifier construction 
stage to automatically adjust the relative contribution of each training data point to the 
learning process. Multiple classifiers are constructed, with each classifier associated with 
a particular range of environmental feature values. The class prediction for a new 
unlabeled data point is a weighted average of the classifiers’ outputs, with the relative 
weightings determined by environmental similarity. An extension to handle the case in 
which the environment is characterized by multiple features is also provided. Importantly, 
all algorithm parameters are learned automatically from the data itself, with no 
specialized tuning required. Experimental results on an underwater mine classification 
task using a large database of synthetic aperture sonar (SAS) imagery collected at sea 
demonstrate the promise of the proposed approach. 

Keywords: Classification, synthetic aperture sonar (SAS), environmental adaptation, 
underwater mines, automatic target recognition (ATR). 
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1. INTRODUCTION

An implicit assumption made in most statistical learning algorithms is that the labeled 
data used to train a classifier will be representative of – i.e., generated by the same 
underlying distribution as – the unlabeled testing data for which predictions must 
subsequently be made. For the task of discriminating underwater mines from natural 
clutter objects in sonar imagery, this assumption of data homogeneity can be violated 
because of a strong dependence on the environment in which the data is collected. For 
instance, it is common to encounter different types of clutter objects at different 
geographical locations.  

Additionally, the seabed composition can also lead to mismatched feature distributions. 
For example, features that are based on the segmentation of an object’s shadows or 
highlights can be systematically distorted by the shadows and highlights associated with 
background sand ripples. The undesirable influence of the environment can also manifest 
in ostensibly robust features, such as those tied to physical properties of an object. 
Consider a feature that measures the height of an object on the seafloor (e.g., using 
interferometry data, or using geometry based on the length of the shadow cast and the 
range from, and altitude of, the imaging sonar). If a seabed is composed of soft mud, 
objects can sink into the seafloor and become partially buried, thereby decreasing the 
observable object height. In contrast, on a seabed of hard-packed sand, objects are likely 
to remain proud on the seafloor, so the measured heights will be correspondingly larger. 
The result is that the height-feature measurement for the same given object can be very 
different in these two environments. If the environmental characteristics causing 
fundamental mismatches between the data sets used for training and testing are not 
recognized and addressed, classification performance can suffer.  

In this work, we create a new classification framework that adroitly compensates for 
data mismatch by first quantifying the environmental conditions under which each data 
point is collected. This auxiliary information is then incorporated into a learning process 
that constructs multiple classifiers. The key is that the relative importance of each object 
(i.e., data point) during the learning phase for a given classifier is controlled via a 
modulating factor computed by comparing the object’s environment feature with an 
analogous environment feature assigned to each classifier.  

Substantial research has explored various versions of the transfer learning problem [1-
4], which seeks to improve classification performance when the underlying distributions 
generating training data and (future) testing data differ. However, to our knowledge, no 
one has addressed the specific scenario considered here: purely supervised classification in 
which no test data – neither features nor labels – are available during the training phase, 
but auxiliary information in the form of a meta-feature associated with each training data 
point is available. 

   The remainder of this paper is organized as follows. The proposed classification 
algorithm that exploits auxiliary environmental information is described in Sec. 2. 
Experimental results are shown in Sec. 3, before concluding remarks are made in Sec. 4. 
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2. PROPOSED CLASSIFICATION ALGORITHM

The proposed classification algorithm exploiting auxiliary environmental information is 
outlined in detail here. To avoid interrupting the flow of the derivation, a more thorough 
discussion explaining the rationale surrounding various aspects is withheld until Sec. 2.7. 
For the sake of clarity, we first present the algorithm assuming the environment is 
represented by a single scalar meta-feature; later in Sec. 2.6 we present the extension to 
the general case of a vector of meta-features.

2.1 Preliminaries 

Let  denote a (column) vector of d features representing the ith object of a 
training set of N such objects. Let  denote a scalar meta-feature that quantifies 
auxiliary information about the conditions under which the ith object was collected. We 
refer to this meta-feature as the environment feature. Let  denote the class 
label (e.g., mine or clutter) that corresponds to the ith object, . Collect the N sets of 
object features, class labels, and environment features as , ,  and 

, respectively. 
The objective is to perform binary classification using the training data {X, Y, Z} where 

the presence of the auxiliary environment information, Z, distinguishes the task from 
standard supervised classification tasks. It should be noted that the proposed algorithm is a 
purely supervised approach, assuming no knowledge of, or access to, the testing data on 
which classification is to be performed subsequently. 

2.2 Establishing Data Importance 

In the proposed algorithm, rather than learning a single classifier, a set of C>2 
classifiers are learned. The jth such classifier will be associated with an assigned 
environment feature value, . The specification of C and the construction of the set 

will be addressed below shortly. 
A weight modulating the relative importance of the ith object during the learning of the 

jth classifier is calculated using the Boltzmann distribution:  

    (1) 

where >0 is a fixed scaling parameter and  is the distance between 
the ith object’s environment feature and the environment feature associated with the jth 
classifier. It is here that the key auxiliary environment information is exploited. It should 
also be noted that the denominator in (1) is a normalizing constant ensuring 

. 
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2.3 Parameter Selection 

The above formulation relies on three as-yet-unspecified quantities: C, the number of 
classifiers to be learned; , the set containing the environment feature associated with 
each classifier; and the scaling parameter . These quantities are determined in the 
following manner. The first and last elements of  are set to be the smallest and largest 
values of the training set’s environment features, respectively:  and 

. The remaining C-2 elements, , are then assigned values that divide  

into equal partitions. By selecting the extrema of Z for inclusion in , the learned 
classifiers will span the greatest range of potential testing data environment values (which 
are unknown a priori) for which training data exists. 

Next,  and  are determined jointly by performing a brute-force (yet very 
easy and fast) search to find the ( , C) pair that maximizes the entropy of the importance 
weights  calculated using all N training data points. (Recall that  
depends on both  and C.) That is, for a given ( , C) pair, the entropy 

  (2) 

is calculated, where  is the relative frequency with which the (continuous-valued) 
weights  are mapped to the kth element in the discrete alphabet of quantized 
weights . The ( , C) pair that maximizes the entropy of the weights is then selected. 

2.4 Learning of Classifiers 

With C selected, all  are specified. With  determined, all  can be readily 
computed as well, via (1). Let  be the set of weights associated with 
the training data, {X, Y, Z}, for the jth classifier. The jth classifier is then learned using 

 – the information contained in Z having been fully transferred to  – by 
modulating the contribution of the ith object, , by  in the (base) classifier’s 
objective function. This weighting effectively controls the trust placed in each data point 
for the given classifier. 

Many standard classification algorithms can be employed here as the base classifier 
within this framework, but we do assume that the classifier used will produce probabilistic 
predictions. In the experiments presented here, we use a modified form of the relevance 
vector machine (RVM) [5] with no kernel, so the classifier parameters are weights on the 
features themselves rather than on basis functions. (This choice has the added benefit that 
the learned parameters can be analyzed in terms of feature selection.) The RVM is also 
convenient because it provides probabilistic predictions that can be easily combined. 
Moreover, employing the RVM requires only a minor modification to the original 
objective function and, for the learning phase, its gradient and Hessian with respect to the 
classifier parameters, . (This particular modification is straightforward and does not 
affect the theoretical properties of the RVM, but care must be taken to ensure the same if 
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one chooses to use a different base classification method.) The modified RVM objective 
function to be maximized under the proposed framework for the jth classifier becomes  

  (3) 

where  is a diagonal matrix of hyperparameters associated with the sparsity-promoting 
prior,  is the vector of classifier parameters to be learned, and 

 is the sigmoid function. (To recover the original objective function, one must 
simply remove the  factor.) Standard classifier learning is then undertaken as one 
normally would; the culmination of this process for the jth classifier is the vector of 
learned classifier parameters, . 

2.5 Prediction 

Let  collect all of the learned classifiers. Then given a new unlabeled 
test object, , with environment meta-feature , class prediction is made using a 
weighted average of the C classifiers’ predictions; this weighting is again specified by 

, measuring the similarity of the test object’s environment feature with each 
classifier’s environment feature, computed using (1). Thus, the probability that test object 

belongs to class is given by  

, (4) 

where  is the prediction of the jth classifier. For the modified RVM 
used in this work, . 

2.6 Extension: Multiple Environment Meta-features 

The above algorithm can easily be extended to handle the case in which the 
environment is represented by multiple meta-features, rather than a single scalar meta-
feature. Let  denote a vector of F meta-features that quantifies 
auxiliary information about the conditions under which the ith object was collected. 

The weight modulating the relative importance of the ith object during the learning of 
the jth of C total classifiers is then modified to be calculated as  

 (5) 

where  is a fixed scaling parameter and is the distance 
between the ith object’s fth environment feature and the fth environment feature associated 
with the jth classifier. The distance calculation is made feature-by-feature, and a unique 
scaling parameter is included for each meta-feature, to prevent the contribution of one 
feature from unfairly dominating. 
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In the case of a scalar meta-feature, C was the number of classifiers to be learned 
because there were C unique meta-feature values associated with the classifiers. When 
there is a vector of meta-features,  will correspond to the number of unique classifier-
associated values of the fth meta-feature. The assumption is that the vector of meta-feature 
values associated with a given classifier will be formed from the Cartesian product of the 
individual meta-feature value sets. This means the total number of classifiers to be learned 
will be . Despite the unfavorable scaling, if the meta-feature dimension F is 
low, jointly learning the unknowns  and  for all f by maximizing the entropy of the 
weights will still be feasible. Once all , , and  are obtained, classifier learning and 
prediction proceeds as in the scalar meta-feature case. 

2.7 Discussion 

The principal insight being leveraged in the proposed framework is that the values of 
features extracted to represent objects at a given site can be strongly influenced by (and 
correlated with) a meta-feature summarizing environmental properties of the area. This 
environmental dependence is exploited by learning multiple classifiers, each associated 
with a particular environment. The data that are used to learn each classifier are 
automatically weighted according to their relevance (i.e, similarity) to the environment 
under consideration. In this way, all available data are always used to learn each classifier, 
yet classifier diversity (across different environments) is still achievable via unique 
weightings. 

To enhance the rigor of this weighting, we appealed to the idea of Boltzmann 
distributions and the concept of energy states of a system. In this analogy, the probability 
that the system is in a specified state is equivalent to the contribution of an object to the 
learning process of the specified classifier. Just as low-energy states of a system are more 
probable, the contribution of an object to a classifier will be stronger when the 
environments associated with the object and classifier have low dissimilarity. 

It should be noted that the normalization in (1) ensures that the total (summed) weight 
associated with each data point is unity. That is, although a given data point may 
contribute a different amount to each classifier, each data point will, in aggregate, 
contribute the same amount to the overall training process. So, to paraphrase George 
Orwell, “All data are equal, but some data are more equal than others.” 

To determine the values of the scaling parameter  and the number of classifiers C, the 
entropy of the weights, , was maximized. The rationale behind this decision is that when 
the entropy of the weights is maximized, the diversity of the different learned classifiers 
will tend to be large because the contributions (weights) associated with each data point 
will be highly varied. This classifier diversity is important because we want to encourage 
different classifiers to be learned in different environments (as much as the data can 
support such a result). If  is too small, each data point will have one weight near unity 
and all others near zero. In this case, effectively, each classifier would be learned using 
only a subset of the data (namely the data points whose environment is most similar to the 
classifier’s under consideration). If  is too large, each data point will have virtually equal 
contributions (weights) for each classifier. As a result, each classifier learned would be 
nearly identical, thereby eliminating any potential for improved performance. 

Because the environmental meta-feature is a continuous variable, we quantize this 
space into C discrete values. The discretization is particularly important because if C is too 
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small, the classifiers will not be tailored finely enough to the environment of interest. 
Similarly, if C is too large, the contribution of each data point to learning each classifier 
will be weakened, in turn decreasing the data set diversity among the classifiers, and the 
resulting classifiers will be too similar. In the Boltzmann distribution analogy referenced 
earlier, C, the number of different environments possible, is the number of possible states 
of the system. 

3. EXPERIMENTAL RESULTS 

All of the data used in this study were collected by CMRE’s MUSCLE autonomous 
underwater vehicle (AUV), which is equipped with a synthetic aperture sonar (SAS) 
system. The data, which spans eight different geographical sites, encompasses diverse 
environments in terms of seafloor characteristics, including flat hard-packed sand, soft 
mud, seabed characterized by sand ripples, and seabed covered in posidonia. 

The detection algorithm described in [6] was applied to a huge database of SAS 
imagery containing over a thousand views of various man-made mine-like targets. A set of 
27 object features was then extracted for each alarm (i.e., detection). In addition, two 
environment meta-features were also extracted for each alarm. The two environment 
features considered measure the anisotropy and complexity of the seabed. These features 
were introduced in [7], but they are computed here using the modifications described in 
[8]. The anisotropy feature can discern the presence of sand ripples, while the complexity 
feature can characterize the amount of background clutter in an area. All of this data was 
then used to perform binary classification with the goal of discriminating mine-like targets 
from clutter.  

The experiments considered here exploit the extension of Sec. 2.6 permitting the use 
of multiple environment meta-features (here, anisotropy and complexity). (Similar results 
were obtained when only the seabed anisotropy feature was used.) We compare the 
classification performance of five approaches: (i) a standard classifier constructed on the 
27-d feature data; (ii) a classifier constructed on the augmented 29-d feature space (FS) 
that includes the two environment meta-features as additional features; (iii) weight 
aggregation (or “wagging”) [9], which learns C different classifiers after adding Gaussian 
noise to the contribution of each data point, and then averages the C predictions; (iv) the 
proposed method; and (v) a method that treats an alarm’s score from the detection stage as 
its final classification prediction. A modified RVM with no kernel is employed as the base 
classifier for all methods in these experiments. For the case of wagging, the noise added to 
each weight is mean zero with a standard deviation of 2, as suggested in [9]; for direct 
comparisons, C is set to the value learned by the proposed method. The alternative 
methods are considered to demonstrate that performance gains achieved by the proposed 
approach are due to the comprehensive algorithm architecture as a whole, rather than one 
particular component (such as the use of multiple classifiers or the availability of 
additional environment features).  

For each experiment, data from seven different sites are used as training data and then 
data from an eighth site are used as testing data. Each of the sites was treated as the test 
site once, for a total of eight experiments. The performance of the five methods is shown 
in terms of receiver operating characteristic (ROC) curves in Fig. 1 for two representative 
cases. (Space constraints prevent showing the results from all eight experiments here.) In 
Fig. 1(a), the test site (from the Colossus 2 sea trial) spans both benign flat seabed as well 
as seabed characterized by sand ripples; in Fig. 1(b), the test site (from the AMiCa sea 
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trial) consists of only flat seabed. The training sites are characterized by multiple, different 
environments. As can be seen from the figures, the proposed method achieves superior 
performance. When the environment of the test data is diverse – and hence the 
classification problem is more challenging – the gains in performance are more 
pronounced.  

 
                         (a)                                                                 (b) 

Fig. 1: Classification performance for (a) a case in which the test data spanned both flat 
and rippled seabeds, and (b) a case for which test data was exclusively from flat seabed. 

 
 

4. CONCLUSION 

A new classification framework that incorporates auxiliary information about the 
environment in which the data has been collected was introduced. One of the particularly 
attractive aspects of the proposed algorithm is that there are no free parameters (“knobs”) 
that must be tuned or tweaked. All of the necessary quantities are automatically learned 
from the data by the algorithm itself. Experimental results on an underwater mine 
classification task using SAS data demonstrated the superiority of the approach over 
alternative methods in which the environmental information is ignored or used differently. 
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Abstract: This paper addresses automatic change detection in synthetic aperture sonar 
(SAS) imagery with time intervals ranging from two days up to several years. This is a 
vital parameter in change detection, as temporal decorrelation of the seafloor may 
exclude coherent processing of high frequency sonar data for survey intervals exceeding a 
few days. Due to the high costs of large area underwater surveys, however, relevant time 
intervals are significantly longer than this for many change detection applications, such 
as route surveys for mine counter measures (MCM), pipeline inspection and 
environmental monitoring.

An incoherent processing chain for SAS change detection is described. The method can be 
applied for both short and long intervals. After image preprocessing, the SURF algorithm 
is used to extract and match feature points in the reference and repeat pass SAS images 
for coregistration. The reference image is then spatially transformed onto the pixels of the 
repeat pass image, and a difference image is produced by pixel-wise subtraction. Mutual 
sonar responses from e.g. rocks are suppressed in the difference image, thus enhancing 
the temporal changes. The difference image can be thresholded to detect changes or 
further processed to enhance specific response change patterns. The method is tested on 
data recorded in Norwegian waters with HISAS 1030 sonar mounted on HUGIN 
autonomous underwater vehicles (AUV). The results show that change detection 
significantly increases object detection performance, as permanent clutter objects are 
effectively filtered out, even for long survey intervals. As expected, the temporal variations 
in the seafloor sonar response increase with interval length, though.

Keywords: Incoherent Change Detection, Synthetic Aperture Sonar, Repeat Pass Surveys 
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1. INTRODUCTION

Change detection (CD) is the process of identifying objects or other phenomena of 
interest as temporal differences by observing a scene at different times. It has received 
widespread interest over the last decades due to a large number of applications within e.g. 
remote sensing, manufacturing quality control, video surveillance and medical diagnosis. 
As manual analysis of sequential images is tedious and prone to errors, significant efforts 
have been put into the development of automated systems that can compare sets of 
imagery and report only the changes relevant for the given application [1-3].  

 
CD approaches can be categorized based on the data level where the temporal matching 

takes place: decision or image. Decision level methods match the output labels from a 
classifier operating independently on the new and old image data. The classifier must be 
generated based on explicit models or training data for the case. Changes are detected as 
class transitions between the two data sets. The CD accuracy is decreased by errors in the 
individual classifications and data association, but is otherwise unaffected by varying data 
acquisition conditions and background changes. On the other hand, image level methods 
match new and old image data, either for regions or individual pixels. Regions (image 
windows) can be compared by correlation or statistical measures calculated from the 
pixels’ values. Many image level methods produce a difference image which needs 
interpretation to detect changes, typically by applying some statistical threshold. Their CD 
accuracies are limited by data coregistration errors, differences in imaging conditions (e.g. 
sensing geometry, noise and signal propagation) and irrelevant scene changes. Within the 
satellite remote sensing literature, decision and image level approaches are often referred 
to as supervised and unsupervised, respectively. 

 
Mine hunting is an important underwater application of CD. Reference sonar imagery 

of strategic ports, inlets or sea lines of communications is recorded during route surveys, 
when the seafloor is assumed to be free of mines. After a new survey, mines are 
recognized as objects that are only present in the current imagery. CD can be the only 
feasible option when the seafloor clutter density is high, or when the mine’s physical 
characteristics are unknown, as for improvised explosive devices (IEDs). Other promising 
CD applications include Intelligence, Surveillance and Reconnaissance (ISR), seafloor 
pipeline inspection and environmental monitoring of e.g. deep water coral reefs and 
offshore installation surroundings. Due to the high costs of large area underwater surveys, 
relevant time intervals may be in the order of one year or more.  

 
Automated CD in sonar imagery is a relatively young research area, and has been 

focused on object detection using decision [4-8] level methods. This is due to several 
challenges imposed by the underwater environment regarding geographical coregistration 
of the data (no readily available GPS position updates), sensor trajectory control and 
complex signal propagation conditions. Additionally, traditional side-scan sonar (SSS) has 
severe limitations caused by poor and varying along track resolution. The introduction of 
synthetic aperture sonar (SAS) mounted on autonomous underwater vehicles (AUV) with 
aided inertial navigation systems has partly remedied these problems and triggered a 
growing research activity on image level methods [6,9-14]. The survey intervals in these 
studies have typically been a few days or less. The technical contribution of this paper is 
to investigate the feasibility of image level SAS CD for operationally realistic intervals. 
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2. SAS CHANGE DETECTION PROCESSING 

Both detection sensitivities and operational requirements vary significantly between the 
CD approaches for SAS imagery.  

 
Decision level methods detect objects or other features independently in the data from 

both surveys and correlate their positions to identify unmatched detections. This imposes 
no restrictions on the similarity of sensor trajectories or seafloor backgrounds, as long as 
all mutual targets are detected for both passes. Construction of the detector, however, 
requires that the relevant types of changes are defined in advance. Coregistration only 
needs to facilitate correct association of detections, so the vehicle navigation solution may 
suffice in areas with little clutter. Detection sensitivity is however bounded from above by 
the single pass detection performance, which can be poor for seafloors with heavy clutter 
and roughness. The method is thus best suited for benign seafloors and the detection of 
specific features.  

 
Image level methods for coherent sensors like SAS can compare data either coherently 

(using both pixel magnitude and phase values) or incoherently (magnitude only). The 
former performs complex correlation of small, coregistered windows in the new and old 
images, and detects new objects and other changes as locations with reduced coherence 
(data similarity). It is the preferred method for synthetic aperture radar CD [3], and its 
detection sensitivity is excellent. Because the method utilizes both signal amplitude and 
phase, it can detect even small, subtle changes that are invisible in the magnitude SAS 
image. However, the operational demands are stringent [9,10,14]. The data must be 
coregistered to within one-tenth of the pixel size and the sensor trajectories offsets must be 
small enough to avoid degraded coherence due to different imaging geometry (baseline 
decorrelation). Further, high repeat pass coherence can only be achieved when the signal-
to-noise ratio (SNR) is high in both single pass images. The method is thus vulnerable to 
e.g. surface multi-path signal pollution and inevitably marks sonar shadows of mutual 
objects as low coherence areas. Still, the main challenge for the operational use of 
coherent SAS CD is arguably temporal decorrelation. As the method is sensitive to the 
distribution of individual sonar scatterers within a resolution cell, only minute changes of 
the seafloor caused by waves, currents or biological activity is sufficient to reduce the 
repeat pass coherence. One study [15] concluded that the maximum interval length for 
coherent SAS CD will be between hours and a few days for sonar frequencies above 30 
kHz.  

Fig. 1: Incoherent, image level change detection processing used in this study. 
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Incoherent, image level CD can only detect changes that are visible in the magnitude 
sonar images, but it also has weaker requirements, as coregistration accuracy at most 
needs to equal the pixel size. It is also more tolerant to sensor track offsets, temporal 
seafloor changes and signal propagation variations. One implementation has demonstrated 
promising capabilities for object detection within dense clutter [11], and was also used in 
this study. The processing chain is shown in Fig. 1 and is shortly described below. 
 

The back-projection algorithm is initially used to create single pass SAS images onto a 
ground plane with grid size 2cm x 2cm, which is slightly smaller than the theoretical 
resolution of HISAS 1030. Corresponding images from repeated passes cover the same 
geographical region based on vehicle navigation data, with a typical offset of a few 
meters. The images are down sampled by averaging to grid size 4cm x 4cm to obtain 
independent neighbor pixels. A logarithmic transform is applied to emphasize sonar 
highlights and shadows more equally. After image speckle filtering, the SURF algorithm 
[16] is used to extract and describe feature points in both SAS images. Matching point 
pairs are identified and used to estimate the parameters for affine transformation of the 
reference image onto the pixels of the repeat pass image. After this spatial transformation, 
pixel-wise subtraction produces the difference image. This image can be thresholded or 
further processed to detect specific response change pattern dependent on the application.  

3. EXPERIMENTS 

The sensor data in this study was recorded at two different sites in Norwegian coastal 
waters using various HUGIN AUVs equipped with HISAS 1030 sonar (centre frequency 
100 kHz) and TileCam camera system. The small scale sonar response of both areas was 
expected to change over time, as the seabottoms consist of grained deposits and are 
affected by biological activity. TileCam optical images from both sites are shown in Fig. 
2. Both sites were repeatedly surveyed, with time intervals ranging from a few days 
between the first two surveys, up to a year or more between the first and last surveys 
(Table 1). Different vehicles, and thus sensor units, were used in the first and last survey at 
both sites. The surveys in January 2009 were performed by Kongsberg Maritime with their 
vessel Simrad Echo, while the other surveys were conducted by the Royal Norwegian 
Navy Mine Warfare Service and FFI with the naval vessels KNM Karmøy and KNM Tyr.  
 

  
 

Fig. 2: TileCam optical images of the two test sites. Left: Mud seafloor with debris and 
animal induced pits at site A (image size: 3.6m x 2.4m). Right: Concrete cube on textured 

sand seafloor at site B (image size: 6.5m x 4.3m, recorded February 2011). 
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Test site A 
mud seafloor, depth around 70 m  

B 
sand seafloor, depth around 25 m 

Survey 
date 6-1-2009 8-1-2009 16-6-2012 10-2-2011 14-2-2011 6-2-2012 

Vehicle HUGIN 1000-MR HUGIN 
1000-HUS HUGIN 1000-KM3 HUGIN 

1000-MR 

Targets None None Concrete 
cube 

Cube +  
GRP shell 

Table 1: Summary of SAS surveys used in this study. 

The seafloor in site A is fairly flat and consists of soft deposits (presumably mud) with 
various scattered debris and isolated rockfields. Water depth is around 70 m, and TileCam 
imagery has documented biological bottom activity due to e.g. crawfish, sea cucumbers 
and annelids. No targets were deployed between the surveys in this area, as the aim was 
merely to study temporal background changes. The seafloor in site B is also fairly flat and 
consists of sand with pebbles, shell fish and sparse kelp. Water depth is around 25 m. A 
concrete cube (40 x 40 x 40 cm) was permanently deployed at the seafloor just before the 
second survey, and a thin, cup-shaped shell (height 47 cm, top diameter 1 m) of glass-
reinforced plastic (GRP) was temporarily deployed during the third survey.  

4. RESULTS AND DISCUSSION 

SAS images covering 120m x 120m were produced for all surveys from both test sites. 
Despeckled sub images measuring 30m x 30m are presented in Fig. 3 (site A) and Fig. 4 
(site B) together with the difference images. Dynamic range is 45 decibels for all images.  

 
The images recorded two days apart at site A (Fig. 3a,b) look identical, with similar 

responses from debris objects, seafloor drag marks and pits. The most striking difference 
is perhaps the large cross track shift of almost 15 meters, as evident by the scale on the 
horizontal axis. This far exceeds the typical position error for the case of repeated survey 
lines with aided navigation on HUGIN AUVs. In spite of this large offset, the response 
dynamics have been almost perfectly eliminated in the difference image (Fig. 3d). At short 
ranges, however, this change in viewing geometry alters object shadow lengths which 
leave a small residual in the difference image. Similarly, shadows may be only partly 
suppressed for input images with different SNRs, as the shadow contrast to the 
surrounding seafloor will differ. The repeat pass image for a time separation of almost 3½ 
years (Fig. 3c) is obviously different from the two previous images. The drag scars are 
heavily eroded and many new pits have appeared. The corresponding difference images 
(Fig. 3 e,f) thus contain a lot of pit responses as well as some faint, inverted drag scars, but 
the stationary debris responses are effectively filtered out. The similarity of these two 
difference images strongly indicates that the method produces consistent results when the 
sensing conditions are compatible.  

 
The ability to produce a difference image where mutual variations are suppressed, 

while temporal changes are presented as they appear in the single pass images, is one 
significant advantage of the proposed CD method. It enables the detection of general 
changes rather than only specific features and makes it intuitive to interpret the changes, 
e.g. to differentiate between appeared and disappeared objects. Dedicated processing of 
the decluttered difference image can be used to extract only the relevant changes. 
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Fig. 3: SAS image snippets (30m x 30m) from site A surveys (top row) and their temporal 

difference images (bottom row). 
 

 
Fig. 4: SAS image snippets (30m x 30m) from site B surveys (top row) and their temporal 
difference images (bottom row). A concrete cube was deployed before the second survey 

and a glass fiber shell before the third survey. 

The reference image from site B (Fig. 4a) does not contain any large bottom features, 
but has an overall small scale texture due to the spatial distribution of pebbles, shell fish, 
etc. This background texture is accurately replicated in the repeat pass image recorded 
four days later (Fig. 4b), albeit with a minor offset caused by relative errors in the vehicle 

a) 10 Feb 2011 b) 14 Feb 2011 

e) Diff c-b f) Diff c-a d) Diff b-a 

c) 6 Feb 2012 

a) 6 Jan 2009 b) 8 Jan 2009 c) 16 Jun 2012 

f) Diff c-a d) Diff b-a e) Diff c-b 
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navigation solutions. When this offset is corrected by feature point coregistration, the 
corresponding difference image (Fig. 4d) has an almost perfectly smooth background, thus 
enhancing the concrete cube response. The image recorded almost one year later (Fig. 4c) 
reveals a shortened cube shadow, suggesting that the object is now partly immersed into 
the seafloor. The newly deployed, semi-transparent glass fiber shell is also visible as a 
weak highlight and shadow in the lower part the image. Comparison with the reference 
image shows that the images’ background details now are completely different. For two 
uncorrelated backgrounds, the fluctuations (variances) accumulate when the images are 
subtracted, rather than diminish. The resulting difference image (Fig. 4f) thus has 
somewhat more background fluctuations than either of the two input images. Although 
both targets are visible in the difference image, their responses are not enhanced compared 
with the single pass image. The difference image between the two last surveys (Fig. 4e) 
shows that the cube response now is suppressed, except for the inconsistent shadow tail 
and a couple of hollows (possibly due to scouring), while the shell response is preserved.  

 
The amount of stationary background features obviously affects the feature point 

processing. For the full 120m x 120m images, more than 3000 matching point pairs were 
found with four days interval for site B, while only 16 and 11 matches were found with 
one year intervals. The shortage of permanent clutter or other features which can be used 
for accurate coregistration makes site B a challenging case for the proposed CD method. It 
also makes it feasible to use decision level methods. However, the results show that the 
proposed method works even for a seafloor where stationary sonar features are scarce. The 
method thus holds potential as a general method that can be applied both in cluttered and 
benign areas. The cases where coregistration does not work due to fundamental 
background changes, e.g. a flat seafloor that has become rippled after a storm, can be 
automatically flagged by their lack of feature point matches.  

5. CONCLUSIONS 

This study has demonstrated that incoherent, image level change detection can suppress 
stationary clutter (e.g. rocks and debris) in SAS imagery, even for time intervals of one 
year or more and with up to 15 m survey track offset. The method produces a difference 
image which may prove useful in many SAS change detection applications, including 
mine hunting, pipeline inspection and environmental monitoring. The results have been 
obtained on sonar data recorded at two sites in Norwegian coastal waters, constituting two 
different seafloor environments.  

 
As expected, the temporal background changes caused by biological and geophysical 

processes on the seafloor increase with survey interval length. For intervals of a few days, 
the difference image backgrounds were almost homogeneous, while separation of a year 
or more yielded considerable small scale variations.  
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Abstract: We designed and produced an aspherical lens with an aperture diameter of 1.0 
m for Ambient Noise Imaging (ANI). The prototype system was developed by mounting the 
hydrophone array on the image surface of this lens. This system was deployed through the 
barge ‘OKI SEATEC II’ moored in Uchiura Bay on November 8-13, 2010. The analysis 
results of the target detection trials showed that we successfully created a conventional C-
mode-like image using transients of target scatterings under snapping shrimp dominant 
noises. In this study, we tried to estimate a target range using the transients of target 
scatterings detected in the trial. We proposed a method of target range estimation using a 
numerical simulation of sound propagation based on the principle of the time-reversal 
mirror. Here, the target range estimation was conducted using simulated target scattering 
obtained in a forward propagation similar to the sea trial in 2010. Assuming that the time-
reversed wave of the scattering wave was reradiated from each receiver position in the 
backward propagation, the sound pressure distribution was calculated using the finite 
difference time domain method. It was possible to estimate a target range using the ANI 
system with an acoustic lens, because the maximum position of the reradiated sound 
pressure field was close to the target position. In the near future, a B-mode-like image of 
the target, which shows the intensity vs. look direction and range, will be created by the 
reradiated sound pressure fields calculated from the target scatterings actually detected in 
the sea trial in 2010. 

Keywords: Ambient noise imaging, Acoustic lens, Target range estimation 
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1. INTRODUCTION

Buckingham et al. developed the radical idea of viewing ambient noise as a sound 
source rather than a hindrance, and as neither a passive nor an active sonar [1]. The 
method based on this concept is often called ambient noise imaging (ANI), and some 
experimental systems incorporating ANI have been built. The Acoustic Daylight Ocean 
Noise Imaging System (ADONIS), consisting of a 3-m-diameter spherical reflector with 
an array of 126 hydrophones attached to the focal surface, was built by Epifanio et al. [2]. 
The Remotely Operated Mobile Ambient Noise Imaging System (ROMANIS), consisting 
of a 2-D sparse array of 504 hydrophones fully populating a 1.44-m circular aperture, was 
built by Venugopalan et al. [3]. Both systems successfully detected silent target objects 
under snapping shrimp dominant noises. Recently, Chitre et al. rebuilt the ROMANIS and 
succeeded in creating stable target images and estimating the target range using the voting 
algorithm with noise source positions [4]. 

In our previous studies, we analyzed various sound pressure fields focused by lenses 
constructed for an ANI system [4-7]. Recently, we designed and fabricated an aspherical 
lens with an aperture diameter of 1.0 m to develop a prototype ANI system. In 2010, an 
ANI ocean experiment was conducted with this prototype system, which was constructed 
by mounting the hydrophone array on the image surface of this lens. We verified that this 
acoustic lens realizes directional resolution with a beam width of 1 degree at the center 
frequency of 120 kHz over the field of view from 7 to +7 degrees [8]. A sea trial of silent 
target detection was conducted under only background noise in Uchiura Bay, Japan on 
November 8-13, 2010. There were many transient sounds in the data received by each 
hydrophone, which was arranged on each image point. The received transients were 
classified roughly into directly received noises and target scatterings. We proposed a 
classification method to extract only transients classified as target scatterings. By 
analyzing the transients extracted as target scatterings, we verified that the power 
spectrum density levels of the on-target directions were greater than those of the off-target 
directions in the higher frequency band (over 60 kHz). These results showed that the silent 
targets were successfully detected under ocean background noise generated mainly by 
snapping shrimp [9]. 

In this study, we tried to estimate a target range using the transients of target scatterings 
detected in the trial. We already proposed a method of target range estimation in ANI with 
an acoustic lens using a numerical simulation of sound propagation based on the principle 
of the time-reversal mirror [10]. Figure 1 shows our approach. In the forward propagation, 
the scattering waves from the target are generated by the natural ambient noise sources 
and are converged by the lens. The receivers on the focal plane then record the converged 
scattering waves. In the backward propagation, the time-reversed waves derived from the 
received waves are reradiated from all receiver positions. We can assume that the 
maximum position of the refocused sound pressure distribution matches the target position 
when the media including the water and lens maintain reciprocity between the forward and 
backward propagations. Here, the target range estimation was conducted using simulated 
target scattering in a forward propagation based on the sea trial in 2010. Assuming that the 
time-reversed wave of the scattering wave was reradiated from each receiver position in 
the backward propagation, the sound pressure distribution was calculated using the finite 
difference time domain (FDTD) method.  
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Fig. 1: Approach for target range estimation using ANI system with acoustic lens. 
 

2. NUMERICAL SIMULATION 

We calculated that the scattering waves of rigid target objects in an acoustic noise field 
generated by a large number of point sources are converged by the lens in forward 
propagation, and we also calculated the refocused sound pressure distribution assuming 
that the time-reversed wave of the scattering wave was reradiated from each receiver 
position in backward propagation. Figure 2 shows the arrangement of the analysis domain 
using the FDTD method. Here, the lens, receivers, and targets are arranged similarly to the 
arrangement in the sea trial in 2010. The analysis domain of the forward propagation 
shown in Fig. 2(a) is the area bounded by the absorption layer (shown here in gray). A 
rigid target with a width of 3 m was set 30 m away from the lens (Target A). Another rigid 
target with a width of 1 m was set 15 m away from the lens (Target B). The direction of 
‘Target A’ was 6 degrees from the center axis. Twelve point sources were arranged to 
generate a noise field and were separated into two groups. Each group was composed of 
six point sources that were arranged on the side of the lens 30 cm apart from each other. 
Each point source independently radiated Gaussian noise. The frequency band of the 
noises was then limited from 40 to 120 kHz. The rigid shields and absorption layers were 
mounted on both sides of the lens, so that the noises from the point sources were not 
directly within the focusing area. The lens shape and receiver positions were arranged 
according to the designed values [8]. The time series of sound pressure on each receiver 
point was recorded at all time steps of the analysis. The areas of the domain of analysis 
ranged from 5 to 5 m along the x-axis and from 2.5 to 35 m along the y-axis. The 
increments were x=1.25 mm in space and t=0.25 s in time. The sound speeds and 
densities were 1482 m/s and 1000 kg/m3 in water and the absorption layer, and 2727 m/s 
and 1200 kg/m3 in the lens, respectively. The attenuation constant was 0.0 dB/ , because 
attenuation in water was neglected. In the lens, the attenuation constant was 1.0 dB/ . In 
the absorption layer, the width was 75 mm, and the attenuation constant was 5 dB/ . Here, 

 is the wave length. Mur’s first-order absorbing boundaries were applied to the exteriors 
to eliminate the reflection wave from the outer boundary of the analysis domain. Figure 
2(b) shows the arrangement of the analysis domain for the backward propagation. This 
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analysis domain was similar to that of the forward propagation. All the parameters of the 
media were the same as those used for the forward propagation. There was no target. The 
point sources were arranged at the same positions of the receivers in the forward 
propagation. These reradiated the time-reversed waves of the received scattering waves. 

Figure 3 shows the reradiated pressure distributions. The relative sound pressure field 
was extracted through the maximum point parallel with the y-axis at each target. Each 
maximum pressure point can be seen to be close to each target position. 
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Fig. 2: Analysis domains of numerical simulation for target range estimation using the 
ANI system with an acoustic lens. (a) Forward propagation; (b) backward propagation. 

 

 

Fig. 3: Results of the reradiated pressure distribution. 
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3. CONCLUSION 

In this study, we tried to estimate a target range using the ANI system with an acoustic 
lens based on the principle of the time-reversal mirror. In a numerical simulation similar to 
the sea trial in 2010, it is possible to estimate the target range, because the maximum 
pressure position of the backward propagation is close to the target position.  

In the sea trial in 2010, there were many transient sounds of target scatterings in the 
data received by the receivers, which were arranged on the image points of the lens. 
Figure 4 shows an example of a transient sound of target scattering detected in the trial. 
We will reradiate the time-reversed wave of these detected transients in the 3-D numerical 
model soon. In the near future, a B-mode-like image of the target, which shows the 
intensity vs. the look direction and range, will be created by the reradiated sound pressure 
fields calculated from the target scatterings actually detected in the sea trial in 2010. 
 

s  

Fig. 4: An example of a transient sound of target scattering detected in the sea trial in 
2010.
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Abstract: Passive target ranging algorithms are widely used in underwater acoustic systems. 
These algorithms are based on various well-known physical methods that have different 
accuracies and different restrictions in their specific applications. In practice, passive target 
ranging is performed with simultaneous use of several methods. This being so, the challenge 
is to construct a passive ranging algorithm using several methods.  The attempts to construct 
heuristic algorithms for combining methods, such as averaging of target distance estimates 
obtained by different methods, have been ineffective because these estimates are usually 
correlated. The purpose of the work is to design a methodology for the synthesis of an 
optimal (from the standpoint of the maximum likelihood criterion) algorithm using several 
different passive ranging methods. 

Keywords: underwater acoustics, passive target ranging, physical ranging methods, 
methodology for synthesis of an optimal algorithm, maximum likelihood criterion. 
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1. INTRODUCTION
 
Passive target ranging (PTR) algorithms are widely used in underwater acoustic systems. 

These algorithms are based on the well-known physical methods [1–7], the main 
characteristics of which are shown in Table 1. 

 

Method name Measured signal parameters 
The main factors which (in 

addition to SNR) determine the 
method accuracy

Energy method Absolute signal level 

Knowledge accuracy of 
the source signal level, 
the channel transfer 
characteristic. 

Spectral method Shape (inclination) of the 
broadband signal spectrum 

The bandwidth and knowledge 
accuracy of 

the source signal level and 
spectrum shape, 
the channel transfer 
characteristic. 

Ray method Vertical angles of signal rays 
at antenna input 

The height of antenna and 
knowledge accuracy of the 
channel transfer characteristic 

Bearing rate method Target bearing rate 

Knowledge accuracy of  
the target speed, 
the source level, 
the channel transfer 
characteristic. 

Triangulation method Target bearings from several 
horizontally spaced antennas The distance between antennas 

Horizontal time-
difference method 

Relative signal delays on 
several horizontally spaced 

antennas  

The distance between antennas 
and signal bandwidth 

Vertical time-
difference method 

Relative signal ray delays on 
one antenna 

The height of antenna and 
knowledge accuracy of the 
channel transfer characteristic 

Table 1: Characteristics of passive target ranging methods. 
 

 
All these methods are well investigated. But all of them have different accuracies and 

different restrictions in their specific applications. That is why in practice the PTR is fulfilled 
with the use of several physical methods simultaneously. This fact creates the problem to 
construct the passive ranging algorithm that uses several methods. The attempts to construct 
the heuristic algorithms to combine methods (for example the averaging of the target distance 
estimates obtained by different methods) did not give the good profit because these estimates 
are usually strongly correlated.  
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The purpose of the work is to design the methodology of synthesis of the optimal (from 
the standpoint of maximum likelihood criteria) algorithm using several different physical 
PTR methods.  

 
2. A METHODOLOGY FOR THE SYNTHESIS OF AN OPTIMAL PASSIVE 

TARGET RANGING ALGORITHM 
 
Assume that we have to perform PTR with the use several physical methods. In so 

doing, all the signal parameters which are used to realize these methods are combined in 
vector X  ( SN  is the number of parameters in vector X ). 

The stochastic model of the s th parameter of vector X  can be written as follows: 
ˆ ,s s s sX R XZ  (1) 

where ˆ
sX  is the estimate of the sX  parameter; R  is the true (but unknown) target distance; 

sX  is the estimation error of sX  parameter; ,s sR Z  is a non-random function of the 

random arguments, which links the true value of the sX  parameter with the target distance 
R  and vector sZ , which combines the parameters of the target position (depth), motion 
(velocity), signal radiation, and, consequently, the channel transfer characteristics:  

,s s sX R Z  (2) 
In general, for different s , vector sZ  contains a different number of parameters. 

Taking in account that ,s sR Z  is a non-random function, from (1) it follows that if 

the values of distance R  and vector sZ  are fixed, the probability density function (PDF) of 

estimate ˆ
sX  is fully defined by PDF of its estimation error and can be written as follows:  

ˆ / , / , ,
ss s s s X s s sX Rg x r g x rZ z z , (3) 

where ˆ / , / ,
s s s sX Rg x rZ z  is a conditional (depending on distance R  and vector sZ ) PDF 

of estimate ˆ
sX ; 

sXg y  is an unconditional PDF of estimation error sX ; , sr z  are non-

random analogues of random distance R  and random vector sZ , respectively. 
Also taking in account the fact that, as a rule, estimation errors are mutually 

independent, from (1) it follows that if the values of distance R  and vector sZ  are fixed, the 
joint conditional PDF of the estimates of all the parameters combined in vector X  can be 
calculated as multiplication of PDFs (3): 

ˆ / ,
1

/ , ,
S

s

N

X s s sR
s

g r g x rX Z x z z , (4) 

where Z  is the random vector that combines all parameters belonging to, at least, one vector 
sZ ; z  is a non-random analogue of random vector Z . 

If we want to obtain the PDF of vector of estimates �X , which depends only on target 
distance R , we must integrate ˆ / , / ,Rg rX Z x z  along the definition field of vector Z : 

ˆ ˆ/ / ,/ / ,R Rg r g g r dZX X Z
z

x z x z z  (5) 
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Substituting the vector of estimates X̂  in PDF ˆ / /Rg rX x  instead of the non-random 

vector argument x , we obtain the likelihood function (LF) ˆ /
ˆ /Rg rX X which depends only 

on target distance [8]. The value of the target distance which corresponds to the maximum of 
LF ˆ /

ˆ /Rg rX X  will be the maximum likelihood estimate (MLE) of the target distance: 

ˆ /
ˆ ˆarg  max /opt Rr
R g rX X  (6) 

The a posteriori variance of the target distance estimate can be calculated as in [8]:  
2

ˆ /
2

ˆ /

ˆ ˆ /

ˆ /

opt R
r

R

R
r

r R g r dr

g r dr

X

X

X

X
 (7) 

If the dimension of vector X  is greater than that of vector Z , the MLE of the target 
distance can be also obtained by maximizing LF ˆ / ,

ˆ / ,Rg rX Z X z  respectively target 

distance R  and vector Z  [8]: 

ˆ / ,,
ˆ ˆ ˆ, arg  max / ,opt opt Rr
R g rX Zz

Z X z  (8) 

In this case the a posteriori variance of the target distance estimate can be calculated as 
follows: 

2

ˆ / ,
2

ˆ / ,

ˆ ˆ ˆ/ ,

ˆ ˆ/ ,

opt optR
r

R
optR

r

r R g r dr

g r dr

X Z

X Z

X Z

X Z
 (9) 

Let us summarize the above-said: when we use several PTR physical methods, the 
optimal MLE of a target distance can be obtained according to (6) or (8), and its variance – 
according to (7) or (9). 
We should emphasize that algorithm (6) was constructed with only one simplifying 
assumption about mutual independence of estimation errors sX  (not estimates ˆ

sX !). In 
practice this assumption is usually true due to different physical nature of parameters being 
estimated, usage of spaced antennas, different time intervals, etc. However, there is nothing 
to prevent us from ignoring this assumption and complicating algorithm (6).  

The methodology presented here can be used to determine the a priori PTR accuracy with 
the use of several physical methods. A priori variance of the target distance estimate with the 
use of algorithm (6) can be calculated as follows: 

22
ˆ /

ˆ /R opt RR R g R dX
x

x x x , (10) 

where R  is the true target distance value; ˆ
optR x  is the optimal distance estimate 

calculated as follows: 

ˆ /
ˆ arg  max /opt Rr
R g RXx x . (11) 
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3. CONCLUSION 
 

The methodology for the synthesis of an optimal passive target ranging algorithm using 
several different physical passive target ranging methods has been suggested.  

According to this methodology, the maximum likelihood estimate of a target distance 
can be obtained using formulas (6) or (8) and its variance using formulas (7) or (9). 

The designed methodology can also be used to determine a priori accuracy of passive 
target ranging with the help of several physical passive target ranging methods (formula 
(10)). 
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Abstract:. The Comprehensive Nuclear-Test-Ban Treaty Organization (CTBTO) triad 
hydrophones stations are at about the depth of the sound channel with 2 km triangular 
spacing. We have used data from these stations in the few tenths of a Hertz and below 
regime to effectively utilize these stations as water column seismometers by transforming 
the hydrophone configurations to vector sensors. An assortment of signal processing on 
hydroacoustic data from the December 26th 2004 Great Sumatra Earthquake has been 
compared to seismograph data of the same event indicating that the hydrophone stations 
can indeed be used as surrogate seismometers. Further, a measure of the 
hydroacoustic/seismometer sensitivity vs that of a nearby seismic station has been 
estimated from the data. 

Keywords: seismic, hdyroacoustic, IMS, CTBTO, vector sensor, earthquake 
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1. INTRODUCTION

Collecting seismic data from the deep ocean typically requires ocean-bottoms 
seismometers, with all the deployment, coupling, and data recovery problems inherent in 
such instruments. Hydrophones, on the contrary, are intrinsically simpler, but provide only 
the scalar pressure rather than the vector quantity desired. However, it should be possible 
to emulate seismic data by taking the appropriate spatial derivatives of data from 
hydrophone arrays. We explore this possibility using the International Monitoring System 
(IMS) triangular hydrophone arrays with 2 km sides in the ocean. Spatial derivatives are 
then approximated by first differences. Pressure sensors, therefore, spaced within a small 
fraction of a wavelength of each other can be used to measure particle displacement, 
velocity or acceleration analogous to measurements from a seismometer. 

The IMS is a valuable source for studying a broad range of scientific problems in the 
oceans: monitoring acoustics of nuclear explosions [1], estimating the rupture length of 
the December 2004 Great Sumatra earthquake [2], T-wave propagation [3], shipping noise 
[4], seismo-acoustics of ice sheets [5] and localization of Antarctic ice breaking events [6]. 
These studies, however, are at frequencies above 1 Hz and are predominantly of T-waves, 
which are generated by earthquakes along the plate margins [7]. 

In this paper, we show how low frequency, vector seismic data can be extracted from 
hydrophone array data by computing pressure gradients. From the appropriate pressure 
gradients we can emulate vertical, radial, and transverse velocity traces, although the 
transverse traces will not show Love waves since Love waves do not couple significantly 
into the water column as the viscous slip layer in the water column is only on the order of 
10m [8]. We test this concept by processing hydroacoustic data from the Comprehensive 
Nuclear-Test-Ban Treaty Organization's (CTBTO) IMS stations in the Indian Ocean, and 
by comparing the obtained seismograms to velocity records from a nearby island seismic 
station. We demonstrate the procedure with simple analyses of records of the Great 
Sumatra-Andaman Earthquake of 2004 and show that water column data can be used to 
emulate seismometer measurements. 

2. VECTOR SENSOR EMULATION FROM THE IMS HYDROPHONE TRIAD  

The IMS hydroacoustic stations are horizontal triplets of hydrophones with sides of 
approximately 2 km length; each station is deployed at or near the depth of the deep sound 
channel. To be able to use the hydroacoustic stations at this low frequency regime (f= 0.01 
- 0.05 Hz), hydrophone data are transformed to vector velocity using pressure gradients. 
Measuring the pressure gradient between two closely separated (with respect to 
wavelength) points is equivalent to a velocity measurement [9]  

Referring to Figure 1, we take this velocity sensor to be located at the center of the 
three hydrophones and use a Taylor series expansion of the acoustic pressure field 
between each couple of hydrophones [10]. To get the radial and transverse components of 
the velocity relative to a specified direction, the horizontal components are rotated based 
on azimuthal angle. 
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Fig.1: Schematic of IMS triangular array with explanation of vector quantities 

3. HYDROACOUSTIC AND SEISMIC DATA 

 In this section, we compare the IMS hydroacoustic data from the 26 December 2004, 
Mw 9.1 Sumatra earthquake with seismograph data of the same event, available from 
Global Seismic Network (GSN) of the Incorporated Research Institutions for Seismology 
(IRIS). Given the large magnitude of this earthquake, clear arrivals are recorded by the 
hydroacoustic stations at very low frequencies even though the hydroacoustic station data 
processing is not typically intended for these low frequencies. However, we have 
corrected the frequency response of the instruments, using the filter characteristics 
provided by CTBTO down to 0.1 Hz to be able to compare to the seismic station DGAR, 
so the results given here are recovered. Indeed, single hydrophone IMS data have already 
produced an unclipped spectrogram of the combined earthquake and subsequent tsunami 
arrival [11]. We converted hydroacoustic and seismic data to Seismic Analysis Code 
(SAC) format, and analyzed it with SAC software [12]. Arrival times are calculated using 
its TauP toolkit, Flexible Seismic Travel-Time and Raypath Utilities. Given earthquake 
information (event location, time, magnitude) and stations' location information, the TauP 
Toolkit embedded in SAC calculates arrival times of the body waves based on the earth-
model embedded in the SAC toolbox.  

The study region is shown in Figure 2. The region 70km northwest of Diego Garcia is 
the Chagos Bank, the largest atoll structure in the world. The archipelago is a large 
bathymetric obstruction between northern stations, so signals observed at one triad might 
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completely or partially be blocked at the other triad [11]. We have used data from these 
stations in the very low frequency regime over 0.01 - 0.05Hz band where the wavelengths 
of interest are above 30km. The depths of hydrophones at DGN station are 1248m, 1243m 
and 1182m, and at DGS station are 1413m, 1356m, and 1359m, respectively. To 
determine the vertical component of particle velocity we have used two particular 
hydrophones that give the maximum depth difference at each station.  The depth 
differences of the hydrophones are taken as 66 m at DGN station and 57 m at DGS station. 
With regard to the relative sensitivity of the hydroacoustic vs seismic data, analysis 
indicates that the smallest earthquake detected by IMS station would be about one 
magnitude larger than for the seismic station [10]. 

 Fig.2: Maps of the study region. a) Main shock of the Sumatra earthquake is symbolized 
with yellow star. Blue triangle indicates Diego Garcia North hydrophone triad, DGN 
(6.30S, 71.00E), green triangle indicates Diego Garcia South hydrophone triad, DGS 
(7.60S, 72.50E). Red circle labeled as DGAR (7.41S, 72.45E) is the seismic station on the 
Diego Garcia Island. The DGN, DGS and DGAR are located 2970 km, 2870 km,and 2865 
km to the southwest of the earthquake location, respectively. b) Map of the Diego Garcia 
region in details. The DGN and DGS are located 200 km to the northwest and 25 km to 
the south of the DGAR, respectively. 

We extract the three velocity components using the hydroacoustic pressure data (shown 
in Fig. 3) at DGN and DGS, in the band f=0.01 - 0.05 Hz and normalize to the maximum 
of each to compare to the seismic data of the same frequency band. Figure 4 shows radial, 
vertical and transverse velocities at both sites. Arrival times of P and S waves, calculated 
using the TauP toolkit, are indicated as black vertical lines on each time series. 
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Fig. 3. Hydroacoustic data of f=0.01-0.05 Hz are shown. Arrival times of P and 
S waves calculated using TauP are indicated as black vertical lines on each time series. 
The most prominent arrivals in the hydroacoustic pressure data correspond to the 
Rayleigh wave arrival after 800 sec. The offset between north and south stations are 
simply from path length. 

 Referring to Fig. 4, Rayleigh waves are dominant in the radial and vertical components 
at t= 800 s - 1000 s for DGN, t= 750 s - 950 s for DGS, and t= 750 s - 950 s for DGAR 
seismic station, and match each other very well. Moreover, one can see the same arrival 
cycles at t= 750 s - 850 s at both DGS and DGAR vertical components. Transverse 
components do not show a good agreement, which is consistent with the physics that the 
water column only supports longitudinal waves, and transverse Love waves do not couple 
into the water column [8]. The comparison is also consistent with the relative locations 
noting that DGS is much closer to DGAR than DGN is.  

 
We have also generated synthetic mode seismograms (not shown) to aid in the 

identification of seismic modes. The fundamental Rayleigh mode is large, as expected, 
arriving at DGAR at about 775 seconds. The synthetic seismogram for the one-
dimensional preliminary reference earth model (PREM) using the Mineos programs [13], 
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Fig. 4. Hydroacoustic and seismic data of f=0.01-0.05 Hz are plotted using Seismic 
Analysis Code (SAC).  R: Radial, Z: Vertical, T: Transverse. Blue lines represent the DGN 
hydroacoustic data (top plots), green lines represent the DGS hydroacoustic data (middle 
plots), and red lines represent the DGAR seismic data (bottom plots).  The x-axis 
corresponds to the time after event [200-1200 sec], y-axis corresponds to normalized 
velocity.Arrival times of P and S waves calculated using TauP are indicated 
as black vertical lines on each time series. 

produces a fundamental mode of about 150 seconds in length.  Adding 9 overtones yields 
a packet of about 75 seconds in length, preceding the arrival of the fundamental mode. 
The data in Fig 4 show a similar behaviour: the Rayleigh arrival is preceded by higher 
Rayleigh modes that are evident in the vertical components of DGS and DGAR. The 
match between DGS and DGAR at the onset of the Rayleigh arrival is consistent with 
them being located within a wavelength of each other. Further analysis is given in [10] 
including a demonstration that each triad station can independently find the horizontal 
direction of the earthquake signal from a pressure slowness analysis. 

4. CONLCUSION 

We have demonstrated that hydroacoustic data can be converted to seismic signals. 
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Abstract: This paper considers the underwater hydroacoustic component of the Comprehensive 
Test Ban Treaty (CTBT) International Monitoring System (IMS) in the context of recent 
technological advances.  The IMS presently consists of six hydrophone stations located near 
coastlines or islands.  Each is a set of three hydrophones suspended in the Sound Fixing and 
Ranging (SOFAR) channel and separated by 2 km.  Since an island creates an acoustic shadow, 
island-based stations have two three-hydrophone sets diametrically opposite each other.  The 
present system design is over a decade old and does not take advantage of more recent technology 
advances, many related to the emergence of underwater, cabled-to-shore, ocean observatory 
systems.  Further, two of the six systems are presently inoperative and need to be replaced.  The 
CTBT Organization is considering options for replacement designs that will ensure continuous 
data availability, enable rapid repair, and facilitate insertion of future new technologies.  The 
Applied Physics Laboratory of the University of Washington is presently engaged in the design, 
development and deployment of a cabled ocean observatory network off the west coast of the 
United States whose features, such as fiber optic links with data rates up to 10 Gb/s, underwater 
junction boxes with wet-mateable connectors for instrument attachment and removal, and ample 
power delivery are candidates for a new version of the hydroacoustic portion of IMS.  In this 
paper we describe the design and technical attributes of the observatory with emphasis on those 
aspects applicable to the IMS.

Keywords: CTBTO, IMS, hydrophone, cabled observatory, undersea node, instrument. 
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1. INTRODUCTION

The Preparatory Commission for the Comprehensive Nuclear-Test-Ban Treaty 
Organization (CTBTO) was established in 1996 to promote and create a verification 
regime for the Comprehensive Nuclear-Test-Ban Treaty (CTBT).  This verification regime 
consists of three pillars, the International Monitoring System (IMS); the International Data 
Centre in Vienna, Austria, which records and distributes data from the IMS; and on-site 
inspections to investigate suspected nuclear explosions [1]. 

The IMS utilizes four technologies to detect nuclear explosions: seismic, 
hydroacoustic, infrasound, and radionuclide stations.  Eleven hydroacoustic stations have 
been installed, of which ten have been certified to date.  Each station consists of two pairs 
of three hydrophones suspended 2 km apart in the SOFAR channel on opposite sides of an 
island.  These stations are widely dispersed across the world’s oceans and are generally 
located in remote regions [2].  Of the four IMS detection technologies, hydroacoustic 
systems are the most difficult and costly to install and commission. 

Although the IMS hydroacoustic systems are effective, their design is over ten years 
old.  As the installed systems age, they will be renewed with more robust and capable 
equipment, which will require the use of underwater facilities to support the test and 
verification needs inherent with mission-critical upgrades of this nature. 

2. OCEAN OBSERVATORY NETWORKS 

In the period since installation of the IMS began, the concept of cabled undersea 
observatories has made the transition from vision to reality.  A prominent example is the 
Dense Oceanfloor Network System for Earthquakes and Tsunamis (DONET), created and 
operated since 2006 by the Japan Agency for Marine-Earth Science and Technology 
(JAMSTEC) for a specific mission: to monitor the seafloor off the coast of southeast Japan 
for earthquakes and tsunamis [3]. 

Other types of cabled undersea observatories have been created to support long term 
scientific research of a more wide-ranging nature.  The Monterey Accelerated Research 
System (MARS) is one such system that was installed in 2008, having an undersea node at 
a depth of 900 m in Monterey Bay, California, USA [4].  Neptune Canada, installed in 
2009, is an example of a larger cabled observatory off the west coast of Vancouver Island, 
British Columbia, Canada, having six nodes in ring topology, located at depths ranging 
from 15 to 2700 m [5]. 

The most recent long-term, cabled undersea observatory is the Regional Scale Nodes 
system, having 16 instrumented nodes in star topology that will be installed off the coast 
of Oregon, USA in 2013 and 2014, at depths ranging from 80 to 2900 m. 

3. REGIONAL SCALE NODES 

The Regional Scale Nodes (RSN) system is part of the Ocean Observatories Initiative 
(OOI), which is funded by the US National Science Foundation (NSF) [6].  RSN is 
directed by John Delaney, Professor of Oceanography at University of Washington, and is 
designed to offer high power and high bandwidth for a broad range of research initiatives 
over a large geographical area for 25 years.  APL-UW is providing the engineering team 
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that is implementing the system from design, testing and construction through deployment 
and operation, and has been a key partner with the NSF throughout the process. 

RSN is a cabled infrastructure designed to enable full-time and long-term access to 
instruments across the Juan de Fuca plate in the northeast Pacific Ocean for seafloor and 
water column measurements (see Figure 1).  This infrastructure comprises 960 km of 
telecom-grade cable with seven backbone nodes, 16 scientific nodes with instruments, and 
three hybrid moorings, each with two different profiler systems.  A total of 32 different 
types of instruments will be deployed in 2013 and 2014, of which approximately 80% are 
commercial units and the balance being purpose-built for the project.  While all these 
devices are core instruments, meaning they will be in place for many years to enable long-
term measurements of specific ocean parameters, RSN has been designed for flexibility 
and expansion, and is capable of supporting many additional instruments with a range of 
power and communications requirements.  The RSN communication infrastructure is 
based on the Ethernet protocol and is designed for near-real-time data delivery via the 
Internet to researchers, educators, and the public.   

 

 
Fig 1: RSN network, showing main cables and nodes 

(Image courtesy of OOI Regional Scale Nodes Program and Center for Environmental 
Visualization, University of Washington) 

 
APL-UW, using a systems engineering approach to manage the total cost and life cycle, 

specified and contracted the backbone infrastructure design and installation to L-3 
MariPro in order to capitalize on telecom industry technology for the main cable and 
primary distribution nodes.  These primary distribution nodes (the red squares in Figure 1) 
convert power from 10 kVDC to 375 VDC and distribute power and fiber optic 
communications to the scientific infrastructure. 

The scientific infrastructure is a network of nodes, designed and built by APL-UW, that 
distribute power and communications to instruments.  Also part of the scientific 
infrastructure, three specialized moorings will provide subsurface platforms as well as two 
different types of profilers to enable full water column measurements in areas of particular 
interest. 

Connections between the backbone and the scientific infrastructure, as well as between 
nodes and instruments, use both dry-mate and ROV wet-mate connectors with a variety of 
cable types.  Installation and maintenance of this infrastructure and specific instruments 
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has been designed to be performed by deep water ROVs.  ROV operators have been 
partners from the beginning of the design process to maximize system serviceability. 

The design and construction of the scientific nodes, referred to as J-Boxes, has been a 
focus of APL-UW.  These J-Boxes have been designed to interface with a wide range of 
instruments (e.g. seismometers, hydrophones, fluorometers, mass spectrometers, physical 
samplers, CTDs, cameras), all of which have significantly different power and 
communication needs.  An optical instrument may only draw 50 mW of power with no 
start-up surge and have an older serial interface such as 1960s vintage RS-232, while a 
mass spectrometer may require 200W on start-up and 50W at steady state, and have a 
100BaseT Ethernet interface.  RSN will accommodate a wide range of instruments such as 
these, as well as an HD camera with 10 GbE interface and controllable focus, aperture, 
pan, tilt and lighting.  Where necessary, the J-Boxes convert serial instrument interfaces to 
Ethernet.   

Our solution for managing the diversity of instrument interfaces has been to optimize 
each port on the J-Boxes to the particular instrument by means of custom built hardware 
and software, developed and implemented by our team.  The RSN network includes both 
Low and Medium Power J-Boxes (see Figure 2) for efficient use of resources, and to 
minimize the concentration of waste heat plumes. 

 

 
Fig 2: A Deployed Medium Power J-Box 

RSN J-Boxes can be connected to one another to extend the physical footprint of the 
network, allowing the distribution of instruments over a large area.  The RSN J-Boxes and 
their capabilities are listed in Table 1. 
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Table 1: RSN J-Box Types and Capabilities 

 
The RSN network also offers IEEE-1588 Precision Time Protocol (PTP), enabling 10 

microsecond time-stamping of science data.  If an instrument can accept this timing 
information, it is folded into the data stream.  For instruments that cannot accept it, the 
timestamp is included in the Ethernet header to an accuracy of 10 milliseconds at the port.  
Instruments, such as some new Ethernet hydrophones being deployed on RSN, accept 
either method and incorporate the PTP timestamp into their own data header. 

Cables and connectors for underwater systems require careful selection to maximize 
reliability and service life.  RSN uses several types of cables, with choice based on power, 
bandwidth, length, weight, durability, and connector compatibility.  Generally, for short 
cable runs, oil-filled cables with either wet-mate or dry-mate connectors have been 
chosen; however, there is a length limit of roughly 90 m for such cables.  For longer runs, 
a Cable Termination Assembly (CTA) is used to couple a long molded cable to an oil-
filled cable.  The CTA can accommodate either a copper pass-through, or an electronics 
package that converts between copper and fiber, and can provide signal multiplexing.   

The RSN cables transiting shallow coastal regions are buried from the shore to 
minimize aggression by fishing gear or anchors, and are armored.  These cables were laid 
by cable ships. 

The RSN sites range from benign to challenging.  Among the latter are a methane 
hydrate formation (Hydrate Ridge) on the edge of the continental shelf, and the caldera of 
an active volcano (Axial Seamount) on the Juan de Fuca Ridge, both located off the coast 
of Oregon.  Hydrate Ridge is a challenging location for heavy infrastructure, since the 
hydrate is in a metastable solid phase, and areas have been known to spontaneously erupt 
tens of square meters of sea floor as the methane transitions to a gas.  Axial Seamount 
presents fissures, collapsed lava tubes, and sharp basalt edges, as well as volcanic 
eruptions approximately every 10-15 years.  Both sites required careful route planning 
prior to laying cables.  RSN used a combination of ship-board multi-beam sonar, AUV 
and ROV mounted multi-beam sonar, and ROV-generated photomosaics to establish 
favorable cable routes and sites for nodes and instruments. 

4. APPLICABILITY OF RSN TO THE DEVELOPMENT OF ADVANCED 
HYDROPHONE SYSTEMS 

 The technologies being developed for and used in modern underwater cabled 
networks – fiber optic cables with high data rates, ample and versatile power delivery 
systems, modular configurations, simple methods for instrument attachment and removal – 
are strong candidates for next generation hydrophone systems such as those operated by 

Number of 
Instrument 

Ports
per J-Box

Instrument 
Voltages

Supported

Maximum 
Power per 

Port

Maximum 
Total Power 
per J-Box

Protocols
Supported

Low Power
J-Box 50 W 150 W

Medium Power
J-Box 200 W >1 kW

12 VDC
24 VDC
48 VDC

10/100BASE-T
EIA-232
EIA-422
EIA-485

8
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the CTBTO and other users.  These features allow for flexible and efficient deployment, 
ease of instrumentation updating, and lower cost repair and service.   The RSN system 
described in this paper is a state-of-the-art cabled networked observatory that can be used 
as a model for the design and implementation of an advanced hydrophone monitoring 
system.  Further, since the development of such a system will require extensive in-water 
testing to ensure performance and reliability, the RSN system offers significant utility as a 
platform for long-term testing of key elements of advanced hydrophone systems.   
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CONCEPT FOR A TEMPORARY, BUOY BASED REPLACEMENT 
SYSTEM FOR CTBTO HYDROACOUSTIC STATIONS
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Abstract: The hydroacoustic network of CTBTO has an inherent possible vulnerability 
against station breakdown due to the small number of stations. A mobile buoy system as a 
temporary replacement for a hydroacoustic sensor can be a valuable asset for CTBTO. In 
2000, FWG drafted a concept for such a buoy and built a prototype buoy that was 
successfully tested in a 4 month deployment in the Skagerak in 2002. Although the buoy 
was never in operation for CTBTO the concept is still interesting, as the breakdown of 
hydroacoustic sensors and stations in recent years shows. Results of the buoy operation 
will be discussed. 
A modernized version of the original buoy system will be presented, that incorporates the 
huge technological advances in several relevant technologies since 2002 and overcomes 
the shortfalls of the old buoy system, namely the restrictions in online data transmission 
capability and life time. It features a fully digitized system with IP-based communication 
over fibre-optic cable, enhanced data processing and redundant storage capabilities with 
solid state memory, increased power supply and a high data rate satellite modem. The 
whole process of data management and signal processing can be remote controlled by 
radio link over the Iridium satellite service. 
The system design consists of three separate parts. The sensor unit with the hydrophone is 
placed in the deep SOFAR channel and performs signal detection, pre-processing and A/D 
conversion with adaptive dynamic adjustment. The signal processing unit, based safely 
below the surface in order to be independent of the sea surface turbulences, hosts the 
signal processing and storage based on a modern low power microcontroller and a solid 
state disc. The battery storage is also integrated in this unit. The communication unit with 
the satellite transceiver and antenna is mounted on a spar buoy on the surface to minimize 
the heaving motion on the sea surface. The life time of system could be improved further 
by integrating energy harvesting mechanisms into the buoy. 

Keywords: International Monitoring System, Hydroacoustic Sensor, Lang Range 
Propagation
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1. INTRODUCTION

The recent failure of several hydroacoustic stations has renewed the interest in a 
temporary mobile replacement system. In 2001 already a prototype for an autonomous 
hydro-acoustic buoy for CTBTO has been developed and built as prototype by the German 
Bundeswehr Research Institute for Underwater Acoustics and Marine Geophysics (FWG, 
now integrated as the research department for Underwater Acoustics and Marine 
Geophysics in the Bundeswehr Test Center for Ships, Naval Weapons, Maritime 
Technology and Research (WTD 71)). This buoy can serve as a temporary replacement for 
a broken hydroacoustic station or as an additional sensor. The buoy was tested 
successfully in 2002 with 6 months operational time at sea, including one 4 month 
deployment in the Skagerak. Apart from the trial it was never deployed due to technical 
limitations regarding transmission of time series data from the buoy to a control station. 
These deficiencies were owed to the technological state of the year 2001. 

Since then, massive technological advancements have been made in several relevant 
fields. The original concept for the buoy has been updated incorporating these advances, 
in order to show the present state of possibilities for an autonomous buoy system for 
CTBTO. In contrast to the old buoy that was built in hardware by FWG in 2002, this is 
just a concept study.   

2. OLD BUOY SYSTEM 

The principal design of the old hydroacoustic buoy system is shown in Fig.1. It consists 
of three main parts, a spar buoy on the ocean surface, a subsurface unit for signal 
processing and data storage and the sensor unit with the hydrophone. 

 
Fig.1: System concept for the old buoy prototype from 2002. 
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The spar buoy that is floating on the surface holds the communication equipment with a 
GPS receiver and the ORBCOMM satellite transceiver and antenna. The spar buoy design 
was chosen because it decouples the acoustic units from sea surface motion. The satellite 
connection via the ORBCOMM service allowed bidirectional email-based communication 
with low data rate. That implied that no complete time series could be transmitted. The 
data had to be analyzed and preprocessed within the buoy. This was done in the subsurface 
buoy that floats at around 100 m depth and holds the A/D converter, a microcontroller, a 
DSP, RAM memory and a power supply.  

The third part is the receiving unit that floats in the SOFAR channel at around 1000 m 
depth and holds the hydrophone, amplifiers and filters. The buoy is anchored at the 
appropriate depth with an anchor stone and can be released by an acoustic releaser to be 
retrieved. The power supplies were dimensioned in order to guaranty a continuous 
operation time of at least two years. 

As already mentioned the main drawback of this system was that the satellite 
connection forbid the transmission of complete time series and therefore preprocessed 
results had to be transmitted.  

A prototype buoy was built by FWG and tested in several occasions, the longest of 
which was a period of 4 months in the Skagerak in 2002. The buoy was anchored at a 
depth of approximately 600 m. The processed data were online transmitted to the German 
National Data Centre at BGR in Hannover. Fig.2 shows the recorded GPS positions of the 
spar-buoy during this deployment, which drifted within a radius of 200 m. The subsurface 
unit was very much fixed.  

 
Fig.2: Left: Deployment of the buoy, Right: Recorded GPS positions of the buoy in the 

2002 deployment in the Skagerak. 

3. NEW BUOY SYSTEM LAYOUT 

The new design bases on the old, proven system but it has several improvements due to 
technological advances made in the last few years. Fig.3 shows an overview over the 
system. The single parts are described separately in the following subsections. 

The spar buoy with the communication unit is basically the same except for the satellite 
transceiver that is replaced with a IRIDIUM modem. This modem supports a higher data 
rate and thus allows the transmission of time series signals.  
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The signal processing unit consists of new hardware, a SD-card storage of original raw 
data and a ring buffer storage for the most recent data. A microcontroller and a DSP 
provide possibilities for data analysis and processing.  

The sensor unit with the hydrophone now holds also the A/D converter and the 
transmission of the signals to the processing unit is done digitally in either fibre optic or 
copper wires. The communication and data transport across the different units of the 
system is completely based on the IP Ethernet protocol. This makes the system both 
flexible and robust. All three sections have their own power supply. The operation time of 
the system can be prolonged by using seawater batteries, modern Lithium batteries or fuel 
cells.  

The hardware is based on microcontrollers (e.g. Atmel Xmega) and DSPs for control 
and signal processing instead of a full computer processor (e.g. ARM or Intel Atom) 
because of the lower power consumption. The performance is still sufficient for the task. 

 

 
Fig.3: System concept for a new buoy. 

3.1. Sensor Unit 

The layout of the sensor unit is shown in Fig.4. It uses a field programmable analog 
array (FPAA) for data acquisition. This device can be programmed flexibly and has a very 
low energy consumption, compared to other, digital processors that could be used. The 
analog to digital conversion is done afterwards in a controlled loop that automatically 
provides an adaptive adjustment of the input range for the conversion. This works like an 
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automatic gain control circuit and provides maximum sensitivity for the conversion with a 
good 16 bit A/D converter. Compared with a direct 24 bit A/D converter this concept leads 
to comparable sensitivity and reduced data rates.  

 

 
Fig.4: Concept for the sensor unit. 

 
The filtering of the input data in the FPAA (primarily low pass filter) can also be 

controlled and adjusted flexibly (e.g. variable filter characteristics, automatic notch filter), 
if desired.  

In contrast to the old design the A/D conversion is done close to the sensor and the 
transmission to the processing and storage unit is done digitally via computer network 
protocols. The signal conditioning is controlled by a microcontroller (e.g. Atmel XMega) 
for low power consumption. The digital transmission makes the system robust and 
flexible. 

The encapsulated design of the sensor unit with A/D conversion and communication 
over network protocols allows the integration of several sensor units in the system, as 
shown in Fig.5. This can be an additional hydrophone (backup) or other sensors for non-
acoustic data (e.g. temperature, depth). The sensor units can be synchronized either 
through a separate trigger line or a network time server. It has to be noted that additional 
sensor units mean increased power consumption. 

 

 
Fig.5: Several sensors can be connected to a sensor network. 
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3.2. Signal processing and data storage unit 

The management of the system is done with an energy efficient micro-controller with a 
real-time kernel that can be accessed via radio control. It manages the signal processing in 
the DSP, data storage and retrieval as well as the forwarding of data to the satellite 
modem. The size of the storage units can be increased at the cost of increasing the power 
consumption. The present concept has a SD-card of 32 GB that can store acoustic data of 
over a year and has low power demand. This data can always be retrieved and sent via 
satellite. An additional Flash-RAM ring buffer allows storing data for more than 24 hours 
of transmission.   

 

 
Fig.6: Concept for the communications unit and the signal processing and storage unit. 

3.3. Communication Unit 

The communication unit integrates the GPS positioning and manages the transmission 
and reception of steering and control commands via the IRIDUM satellite system with a 
maximum data rate of 2400 bit/s. It is also connected to the signal processing unit via 
network protocol over a fibre optic or a copper cable. The GPS unit can provide time 
synchronization for the whole system via network time protocol (NTP). 

For the data transmission the IRIDIUM satellite network can be used. There are two 
possible alternatives for this.  

The IRIDIUM network of low orbit satellites provides data connections for 
asynchronous transmissions and direct internet connections with a maximum data rate of 
2400 bits/s. The modem is fairly small and has relatively low power consumption. 
Nevertheless, the approximately 4-6 W in operation are a major part of the overall energy 
consumption of the system.  

The data rate of 2400 bit/s is fast enough to send large chunks of time series but not 
enough to transmit the time signals continuously. With 16 bit A/D conversion this would 
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require 4096 bit/s for the data and additional capacity for overhead data (protocol headers, 
time information, redundancy padding). This problem can be partly circumvented by 
integrating a 32 MB buffer that allows a 24 hours long transmission of near real time data 
before new samples must be rejected due to a full queue. It has to be remembered that all 
time series data are stored on the disk and can be transmitted later if interest in data from 
specific periods of time arises. 

An alternative to the standard IRIDIUM data service with 2400 bit/s is a connection 
with the IRIDIUM Pilot broadband service. This service is offered to provide ships with 
broadband internet access. It allows connections with up to 128 kbit/s in bidirectional 
mode. However, the hardware requirements for this service are harder to fulfil on a buoy. 
The antenna module weighs 12.5 kg and has a diameter of 57 cm.  

The power consumption for this hardware is much higher than with the standard 
modem. But the system doesn’t have to be switched on all the time. The recorded raw data 
for 1 hour (with 16 bit A/D conversion) amounts to around 2 MB. Provided the maximum 
data rate of 128 kbit/s can be achieved this amount of data can be broadcast in a 2-3 
minute slot every hour.  

3.4. Power supply 

Already in the old buoy system the power supply was split between the transmission 
unit and the data processing and storage unit. Energy consumption of the front end as well 
as the satellite modem was the main design criterion for layout of the buoy. In the case 
that measured raw data were buffered and analysed every 4 hours an operating life time of 
1.5 to 2 years has been demonstrated using lithium ion batteries. A power demand of 
slightly more than 2 kWh per year was calculated, assuming two satellite transmissions 
per day with a duration of 15 minutes each. The transmission process clearly dominates 
the power demand of the overall system.  

The power consumption of the new buoy design is certainly higher than for the old 
system because the new system is designed for continuous data processing and 
transmission. Compared to the old system from 2002 the energy density of Lithium 
primary batteries has more than doubled (Size D battery 2012: 19 Ah,  2002: 8 Ah, 
manufacturer Tadiran). This should cover the increased power demands for the data 
recording and processing units, albeit for a smaller period of time. Details depend on the 
exact hardware components used. 

Other possible energy sources with higher capacities that have been used in underwater 
system are Aluminum-Oxygen semi-fuel cells used in the HUGIN AUV [1] or sea-water 
batteries like the Kongsberg SWB 1200 used in the Japanese WP2 deep-sea seismological 
observatory [2]. In recent years commercial fuel cells have also been used in underwater 
applications. While the first is a compact, self-contained system delivering 50 kWh in the 
HUGIN 3000, the second is an open system, using the oxygen in the seawater as reactant. 
Depending on the size, it can store very high energy densities and allow long operation 
times. But the integration in the buoy is very complex. In recent years fuel cells have been 
increasingly used for AUVs, especially in military context. Civilian examples are the first 
fuel cell powered AUV, the Japanese “Urashima” [3] and the French “IDEFx” AUV [4]. 
The fuel cell approach is probably the most promising direction for a modern system. A 
general overview over possible technologies can be found in the paper from Størkersen 
and Hasvold [5]. 

A completely different way of power supply for a buoy could be an energy harvesting 
technique for gaining energy from the wave motion around the buoy. A possible system 
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that uses the heave motion of a buoy to drive a linear generator with a output in the single 
digit watt range has been proposed by Electro Standard Laboratories and the University of 
Rhode Island [6]. Although these systems are just under development they could provide a 
useful supplement the power supply of a CTBTO buoy. 

4. CONCLUSIONS  

A mobile buoy system as a temporary replacement for a CTBTO hydroacoustic sensor 
or station is proposed. The experimental buoy system of FWG from 2002 has proven itself 
as a capable and reliable system for this task, although it was never in operational duty for 
CTBTO due to shortcomings of the signal processing and transmission capabilities at the 
time. A new concept for a buoy system is presented that is based on the proven design but 
uses the advances made in signal processing, computing power and satellite 
communications since 2002. This allows the storage and transmission of large amounts of 
original time series data. The intelligent data management ensures that all possible 
noticeable nuclear events are detected and resolved properly. Additionally, arbitrary time 
series data can be retrieved via radio control. Continuous operation and data storage for 
more than 12 months is possible, depending on the transmission demands and power 
supply provided. With Lithium-Ion batteries the operation for one year should be possible. 
With an Iridium Pilot broadband connection the time delayed transmission of all time 
series data should be possible. A buoy system according to this design could be a very 
versatile and useful system for CTBTO at acceptable costs for periods of reduced fixed 
stations in operation. 
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Abstract: Arrays of autonomous hydrophones moored in the Sound Fixing and Ranging 
(SOFAR) channel proved to be a very powerful tool for monitoring geological events or 
biological sounds over large areas in remote oceans. We have developed autonomous 
hydrophones capable of continuously recording oceanic sounds at 240Hz (or 480Hz) 
over periods up to 18 months. Data are buffered on a flash card and regularly stored 
on hard disks or on Solid State Drives (about 22 Gigabytes/year/instrument at 240Hz). 
We use 24-bit sigma-delta converters with programmable gain amplifiers. All 
instruments are synchronized with GPS time and have a low power, highly stable 
sampling clock (10-8 drift). They are powered by lithium or alkaline batteries. All 
electronics and batteries are enclosed in a titanium cylinder-case that offers long-term 
corrosion resistance. The cylinder is enclosed inside the immerged buoy and the 
hydrophone sensor is fixed onto the buoy frame. Data are accessible only when the 
mooring is recovered. 
We have been using these instruments since 2010 in the Central Atlantic and Indian 
oceans for monitoring areas from 600x600km to 2000x2000km, resp. On average, we 
detect 30 to 50 times more seismic events that land-based seismological networks do.  
This is due to the high sensitivity of hydrophones and to the remarkable acoustic 
properties of the SOFAR channel, which carries acoustic waves over very large 
distances with little attenuation. As a result, the detection threshold is lowered to a 
magnitude of about 2.5 (Mw). Other sounds of interest include volcanic tremors, 
icequakes, large baleen whale calls and very-low frequency sea-state noise. 
Our objective is to further reduce the power consumption, hence increasing the 
instrument autonomy (up to 5 years), and to facilitate the data access using messengers 
recoverable from ships of opportunity. 

Keywords: hydrophone, underwater acoustics, monitoring 
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1. INTRODUCTION

Due to the exceptional acoustic properties of the ocean to carry acoustic waves over 
long distances with little attenuation, arrays of hydrophones are extensively used to 
monitor environmental sounds in the ocean. In remote and inaccessible areas of the 
world ocean, they proved to be a powerful alternative, if not the only solution, for 
monitoring acoustic events of geological or biological origin over long periods of time 
(e.g. several years or season cycles) [1, 2, 3, 4]. Towards this goal, we developed long-
term autonomous hydrophones capable of continuously recording low-frequency 
acoustic waves in such time frame.  This paper presents the instruments developed at 
the Laboratoire Domaines Océaniques (LDO) in Brest and some examples of data 
acquired in the Indian Ocean. 

2. AUTONOMOUS HYDROPHONES 

2.1. Mooring line 

To take advantage of the acoustic properties of the water column, hydrophones are 
generally moored in the Sound Fetching and Ranging (SOFAR) channel axis.  This low 
sound-velocity layer behaves as a waveguide that carries acoustic waves over very long 
distances (several thousands of km) with little attenuation.  The depth of the SOFAR 
axis varies with the latitude, as it is a function of the temperature gradient in the water 
column; its depth ranges from 1000m at mid-latitudes to the surface at high latitudes 
(over 60˚S or N).  

Our instrument is made of a 90cm-long titanium cylinder that encloses the 
electronics and batteries, can stand depth up to 2000m and offers a long-term resistance 
to corrosion (Fig. 1, right). The titanium case is placed inside the buoy, which provides 
a protection against shocks during deployment or recovery (Fig. 1, bottom left). The 
buoy itself is made of syntactic foam (200kg buoyancy). 

The mooring line is adjusted so that the buoy and the instrument lie in the SOFAR 
channel axis. Below the buoy, the line includes an initial length of 50m polyester braid 
followed by a 1000m-long kevlar-fiber section, in order to limit the strumming noise 
along the line. The rest of the line is made of polyester sections. The line ends by a 
10m-long braided section linked to an acoustic release (IXBlue Oceano 2500) hooked 
to a disposable anchor (400kg of unpainted chain links). The buoy purposes are to 
maintain the mooring line under tension while in operation and to pull the whole line 
up to the surface for recovery. 

2.2. Hydrophone sensor 

The hydrophone sensor is a key component of the instrument. We use an HTI-90-U 
sensor, which is a piezoelectric ceramic cylinder, molded in polyurethane to guarantee 
underwater resistance (Fig. 1). The custom preamplifier mounted inside the ceramic 
cylinder has a gain of 22dB and a power consumption of only 2.3mW. The sensor has 
an average sensitivity of -164dB re 1V/ Pa and a wide and flat response from 2 to 
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20 000 Hz. At low frequencies (< 2 Hz), the bandwidth is dominated by an AC-
coupling capacitor (22μF) and by the preamplifier high-pass filter that cut the signals 
from 0.2 to 2 Hz. This low self-noise hydrophone sensor has an operating range up to 
the ocean depth (6000m). The sensor is fixed onto the buoy frame and is connected to 
the instrument via an underwater connector (Fig. 1). 

 

 

Fig. 1: Parts of the LDO hydroacoustic system: electronic board and hydrophone 
sensor (top left); 90cm-long titanium case enclosing the electronics and 2 batteries 
(right); instrument inside the buoy and sensor fixed to the buoy frame (bottom left). 

2.3. Acquisition system 

The acquisition system consists of a unique board, connected to the batteries, sensor, 
and a hard disk drive to store the data (Fig. 1, top left). Table 1 summarizes its main 
characteristics. As for any acquisition systems, time logging is a key issue. It is all the 
more important when the data analysis is based on the arrivals times of the same 
acoustic event on an array of independent and autonomous hydrophones. The sampling 
clock is driven by a Temperature-Compensated Crystal Oscillator or TCXO quartz, 
which, when properly adjusted, has a drift in the order of 0.1 s/s (i.e. 0.1 ppm). 

The data-logging algorithm is controlled by the clocking system. The internal clock 
is embedded in a small FPGA (Field Programmable Gate Array), which triggers the 
microcontroller (Persistor CF2) and set the sampling frequency of the analog-to-digital 
converter. The microcontroller then retrieves the data from the converter, and stores it 
in a buffer. Files are assembled on a flash card, which in turn is regularly downloaded 
on a hard disk drive. The disk drive is thus activated only a few times per day to 
minimize the power consumption. The A/D converter is a 24-bit sigma-delta converter 
with programmable gain amplifiers, allowing for high dynamics in the signal (3-byte 
samples). 

The board itself is powered at 3.5V while the hard disk drive requires 5V. Lithium 
batteries deliver 7.2V. The board power consumption is in the order of 250 mW. 
Storing the data on a Solid State Drive (i.e. flash card) would only require 3.5V and 
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reduce the power consumption by about 30%. The current autonomy is between 18 to 
21 months; upgrading our system would increase it to 24 to 30 months. Powering the 
system with alkaline batteries would also reduce the operating costs. 

 
Sensor HTI-90-U 
Processor CF2 Persistor 
TCXO internal clock 10-7 to 10-8 accuracy 
Flash card buffer 64 Mb to 1 Gb capacity 
IDE Hard disk drive 160 to 320 Gb 
A/D converter 24-bit sigma-delta 
Gain adjustable 
Sampling rate 240 or 480 Hz (adjustable) 
At 240 Hz sampling rate:  
 File size 16.8 Mb (6h28’21’’) 
 Number of files 1353 files/year 
 Total size 22.7 Gb/year 
Power supply  
 System consumption about 250 mW 
 Lithium battery 2 to 5 packs delivering 7.2V each 
 Autonomy 18 to 21 months 
In a near future  
 Solid State Drive 32 to 64 Gb 
 System consumption 150 mW 
 Lithium battery 2 to 5 packs delivering 3.5V each 
 Expected autonomy 24 to 30 months 

Table 1.  Main characteristics of the LDO hydroacoustic acquisition system 
 
The main task prior to a deployment is to adjust the clock frequency. This is done by 

comparing the elapsed time between two GPS times. When the data-logger starts, the 
clock count is synchronized to a GPS time; at recovery, the clock-board is again 
synchronized with the GPS time and its drift can be deduced from the difference of 
elapsed times between the internal and GPS clocks. From our experience, the drift 
ranges from 0.4 to 4 seconds for a year of operation, that is 10-8 to 10-7 s/s, resp.. 

3. DATA EXAMPLES 

The data shown in this paper were acquired between February 2012 and February 
2013 in the southern Indian Ocean where our laboratory is maintaining since 2010 an 
array of 7 to 9 hydrophones located at 5 different sites. The purpose of this 
hydroacoustic observatory is to monitor the low-level seismicity associated with the 
three spreading ridges in the Indian Ocean as well as the presence and migration pattern 
of large baleen whales. Both objectives require several-year-long time series to 
characterize the seismic climate and the baleen ecology in this remote area of about 
2000x2000 km2. Earthquake generated T-waves and calls from several whales species 
are in the same frequency range (0-120 Hz). 

Fig. 2 displays a year-long spectrogram at one of our site in the southern Indian 
Ocean. This site is particularly rich in baleen whale calls and three different species and 
sub-species can be identified at different times of the year: fin whales (100 Hz), 

1st International Conference and Exhibition on Underwater Acoustics

760



 

Antarctic blue whales (18-28 Hz), Pygmy blue whales of Australian type (70-80 Hz) 
and Madagascar type (30-40 Hz). 

 

 
Fig. 2: Year-long averaged spectrogram of an LDO hydrophone in the southern Indian 
Ocean. Horizontal lines show the seasonal presence of several species and sub-species 
of large baleen whales (see text). The other signals from 0 to 40 Hz are due to seismic 
events, cryogenic tremors, and sea-state microseismic noise. 

In addition, the telluric activity is well recorded and includes earthquake events from 
the Indian spreading ridges and Sunda Trench (Fig. 3) and cryogenic tremors from the 
Antarctic margin and southern latitudes. Also of interest is some very low frequency 
noise (< 2 Hz) attributed to the sea state [5]; despite the sensor high-pass filter below 
2Hz, this signal is clearly discernable (Fig. 4). 

 

 
Fig. 3: Time signal and spectrogram of the April 11, 2012 earthquake (Mw=8.6) off the 
Sunda Trench and other smaller seismic events. The hydrophone is located 5500km 
away from the epicentre. The time window is 6h28’ long (1 file @ 240 Hz). 
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Fig. 4: Spectrogram showing the very low frequency sea-state signature (close-up from 
Fig. 2). Note the cut-off frequency of the hydrophone sensor at 0.2 Hz. 

4. FUTURE WORK 

Acquiring long-term time series of hydroacoustic records in remote areas of the 
world ocean is mainly limited by the ship-time required to deploy and retrieve 
hydrophone arrays. In order to minimize these costs, our objective is to further improve 
the autonomy and reliability of the acquisition systems. First by increasing the 
instrument autonomy to up to 3 or 5 years. Secondly by simplifying the data recovery 
with a system of messengers that could be triggered from the surface and recovered by 
ships of opportunity.  Such improvements would certainly expand the usefulness of 
autonomous hydrophones for monitoring plate tectonic activity (earthquake, volcanic 
eruptions), climate related events (sea state, iceberg calving) or biological activity 
(baleen whale presence and sensing) in inaccessible and inhospitable areas such as the 
southern Ocean. In this respect, long-term stand-alone hydroacoustic stations would 
usefully complement the geographical coverage provided by the few permanent and 
real-time hydroacoustic stations from the International Monitoring System. 
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Abstract: This paper describes a study on baseline calibrations of CTBTO hydroacoustic 
hydrophone stations carried out by NPL. The work has focused on two main areas: 
analysis of the data provided by CTBTO to ascertain the likelihood of changes in system 
sensitivity over time; and assessment of potential calibration methods for the hydrophone 
stations.

The results of data analysis are presented in this paper. The data provided by the 
Commission were examined and analysed in terms of mean value, standard deviation of 
the signal counts and the relative sensitivity from the A/D outputs of the hydrophone 
systems from the hydroacoustic monitoring stations at five locations for a total of 8 triads 
of hydrophone systems. The results of analysing data from the years as early as 2002 were 
compared with data from the year up to 2011 to look for performance changes over the 
time. This was achieved by looking at the ratios of the hydrophone signals to assess their 
relative response.  

Of the 24 hydrophone systems examined, all have maintained an unchanged performance 
since they were installed as judged by their relative levels compared with the original 
calibration uncertainty, with the exception of Hydrophone 1 at station HA08S, South of 
Diego Garcia. The sensitivity of this device appears to have decreased by about 1.5 dB 
across almost the whole frequency band since the early days of its installation. 

Keywords: Hydroacoustic hydrophone stations, Hydrophone calibration. 

1 INTRODUCTION
 
The Preparatory Commission of the CTBTO is an international organization tasked with 
monitoring compliance with the global Comprehensive Nuclear Test-Ban Treaty. Part of 
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the monitoring methodology involves the use of six hydroacoustic hydrophone monitoring 
stations installed in a distributed ocean network. Each station may have one or two triads 
of hydrophones moored approximately 2 km apart in an equilateral triangle configuration. 
Fig. 1 shows the typical arrangement for the hydrophone triad. 

 
Fig. 1 Diagram showing typical arrangement of Hydroacoustic hydrophone stations 
(redrawn from CTBTO web-site). 
 
The Engineering & Development Section of the International Monitoring System (IMS) 
Division of the Commission wished to determine the temporal stability of the hydrophone 
sensitivity, since this parameter is a factor in determining the effective operating range for 
detection of events. Specifically, the Commission wished to investigate the extent to 
which this could be determined from analysis of the existing recorded data from the 
hydrophone stations. Furthermore, the Commission wished to consider whether it is 
necessary to calibrate each hydrophone periodically, and whether calibrations may be 
attempted in-situ.  
 
Acoustic calibration of the sensors post-installation has not been carried out to date, nor 
have the archived acoustic data been closely examined by the Commission for signs of 
change in sensor or system characteristics or response. 
 
In response to the requirement of the Commission, NPL undertook the following work: 
 
(i) Analysis of existing data 
The time domain signal and noise spectra derived from recent acoustic data were 
compared with levels derived from selected archived data extending over the last decade. 
This has enabled the identification of any systematic changes with time in frequency 
response across the available 1-100 Hz band. This has also enabled an estimate to be made 
of the likelihood of any ageing or degradation of hydrophone performance.   
 
(ii) Review and recommendations for calibrations 
A review was undertaken of historical calibration documentation, including the documents 
describing the original hydrophone calibration and end-to-end system response 
determination. Based on the results of this review and the analysis described in (i) above, 
recommendations have been made as with regard to the necessity for in-situ calibration, 
with a range of possible methodologies described.  
 

1st International Conference and Exhibition on Underwater Acoustics

766



 

NPL Management Ltd - Internal 

The review of system calibration has focused on the documentation for the HA03 Juan 
Fernandez station, which was provided by the Commission for scrutiny. In addition, 
summary certification reports were provided for all stations (HA01, HA04, HA08, HA10, 
HA11). The review of potential in-situ calibration methods is not restricted to a specific 
station. The part (ii) of the work is not covered by this paper due to the restriction of the 
length. 
 
The analysis of existing recorded data focused on system performance of the hydrophone 
arrays from five available monitoring stations located in different oceans. The stations are:  

HA01 at Cape Leeuwin  
HA03 at Juan Fernandez Island 
HA08 at Diego Garcia – British Indian Ocean Territory (North and South) 
HA10 at Ascension Island (North and South) 
HA11 at Wake Island (North and South) 

 
 
This paper outlines the data analysing methods for the CTBTO data and presents the 
results of the data analysis. 
 
2 ANALYSIS METHODOLOGY
 
A common hydrophone calibration method is to compare the response of a hydrophone 
under test to that of a calibrated hydrophone, where both devices are insonified by the 
same sound source. Typically, such a calibration is undertaken in free field conditions. 
This method can be accurate provided the acoustic field experienced by each hydrophone 
is the same.  
 
It is also possible for a calibration to be accomplished with only background noise 
received by the hydrophones. The signals received by hydrophones in the open ocean were 
generated randomly by various sources ranging from seismic activities, man-made 
explosions, distant shipping, etc [1]. Although it is impossible to have precisely the same 
ambient noise conditions on hydrophones even though they are reasonably close, the 
sound fields they are exposed to may be quite similar for a very large period of time. This 
condition has been exploited to undertake a calibration where an active source is not 
available [2]. In a recent example, Andrew et al [3] used the method to calibrate the US 
navy Sound Surveillance System (SOSUS) receiver with a number of vertical line arrays 
by assuming the noise level was the same, albeit at a distance of 7 km away from the 
receiver.  
 
It is reasonable to assume that the three hydrophones of the same triad for all the CTBTO 
stations have been subjected to a similar acoustic field for the majority of the time since 
they are positioned close together. In such a situation, the outputs should be similar if the 
hydrophone responses remain the same (or have changed with the same rate). A 
persistently large difference between system responses under similar conditions means one 
of the systems may be faulty.  
 
The method used to check the system performance was to compare the same metric or 
“variable” for the three hydrophone outputs of the same station over two time periods 
(each of one week duration) with the largest possible time separation between the periods. 
A magnitude change of the metric indicates a possible performance change of the system. 
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Cross comparisons of the results for the same time window among the three hydrophone 
systems produce a good indicator of relative differences of the systems. Then, the changes 
of the relative differences between the two time windows are examined to verify if a 
system performance has remained within the required limit between the two time periods 
chosen.  
 
The variables chosen are the mean and the standard deviation of signal counts and the 
relative sensitivity of the hydrophone systems. The mean of signal counts provides 
information on the change of reference level of the hydrophone systems. The standard 
deviation of signal counts is useful to illustrate the received signals in the time domain and 
was used to select signals suitable for further processing. Finally, the relative sensitivities 
of all the hydrophones as a function of frequency were obtained based on the two 
comparisons over the two time windows.  
 
The CTBTO systems were calibrated with an overall uncertainty of 1 dB in absolute level, 
and 0.5 dB relative level, before deployment [4, 5]. A cross comparison for all the systems 
during the first time window in the early days after installation would confirm both the 
initial calibration and the validity of the metrics used here.  
 
The raw data supplied by CTBTO was the output of A/D converter from each hydrophone. 
This was provided in terms of a digit count versus time, along with a scale factor relating 
the count to the acoustic pressure received at the hydrophone. The band-pass (BP) filter 
response and software to read the raw data were also provided by CTBTO. The raw data 
were downloaded from the FTP site at CTBTO.  
 
NPL has examined the system performance in both the time and frequency domains based 
on the recorded data provided. For the time domain analysis, the means and standard 
deviations of signal count outputs from the three hydrophones were compared with each 
other for the same triad. This provides information on the relative performance among the 
hydrophones with regard to these two variables. In order to detect changes in the system 
performance, we first compare the two variables in the early days after installation, and 
then during a time window close to the present day. These two time windows will be 
referred to as old data and new data from now on. The data sets used in our analysis were 
from one week continuous recording for both the old and the new data. The start dates of 
all the used data sets are given in Table 1. In addition during the project, extra data were 
acquired in order to confirm initial analysis results. 
 

 

 
Table 1 The start dates of used data sets at all stations 

 

Station Old New Extra 
HA01W 01/05/2002 01/01/2010  
HA03N 19/07/2003 01/01/2010  
HA08S 19/07/2002 01/01/2010 01/05/2011 
HA08N 19/07/2002 01/01/2010  
HA10S 19/07/2005 01/01/2010  
HA10N 19/07/2005 01/01/2010 01/01/2011 
HA11S 19/12/2007 01/01/2010  
HA11N 19/12/2007 01/01/2010  
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In order to derive the statistical properties of the data, the whole data set was divided into 
sections of 200 seconds over the one week’s worth of recording, resulting in about 3000 
ensembles. The mean and standard deviation of the signal counts are then functions of 
time. The 200 second period is long enough to smooth out the propagation effect on all the 
three hydrophones in the same triad and short enough to show details of signal trend over 
a time scale of days. 
 
The count standard deviation was used to remove data sections with very large signal 
amplitude since these signals may introduce large bias to the statistical properties of the 
data. The signal spectra of the hydrophones were also checked for both the old and the 
new data and, the relative sensitivity of two hydrophones was obtained from the difference 
of the received signal spectra. It is considered that a hydrophone system has not changed if 
the relative sensitivity stays within a range of 0.5 dB between the two time windows. 
 
3 RESULTS OF DATA ANALYSIS 
 
3.1 Mean signal count level 
 
To examine the change in the mean level of signal count, the difference between the old 
and new data for the same hydrophone is normalised by the averaged two mean levels. 
Table 2 shows the results for all the hydrophones. HA01a in the row 2 represents the mean 
level of the old data from station HA01, HA01b is for the new data, and so on for the rest 
of the stations.  
 

 H1 (%) H2 (%) H3 (%) 
2(HA01b-HA01a)/
(HA01b+HA01a)

1.00 1.00 0.94 

2(HA03b-HA03a)/
(HA03b+HA03a)

-0.02 -0.04 -0.11 

2(HA08Sb-HA08Sa)/
(HA08Sb+HA08Sa)

-0.65 0.07 0.14 

2(HA08Nb-HA08Na)/
(HA08Nb+HA08Na)

0.04 0.03 0.07 

2(HA10Sb-HA1S0a)/
(HA10Sb+HA10Sa)

0.02 0.02 -0.01 

2(HA10Nb-HA10Na)/
(HA10Nb+HA10Na)

-0.03 0.02 0.05 

2(HA11Sb-HA11Sa)/
(HA11Sb+HA11Sa)

-0.04 -0.04 -0.07 

2(HA11Nb-HA11Na)/
(HA11Nb+HA11Na)

-0.02 -0.06 -0.14 

 
Table 2 Normalised difference of the mean signal counts. 

 
The mean count levels are quite constant over the time periods for both the old and the 
new data. The mean signal count from the hydrophone output was preset based a reference 
within the A/D. The change of the mean count is most likely to be caused by a drift in A/D 
reference level. It is noticed that all three outputs of the new data set are higher than the 
old ones, meaning the systems have changed in its mean level of the A/D count since the 
old days, but the magnitude of the differences is only about 1%.  The magnitude of the 
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results fully demonstrates very stable system responses over the years to a steady input 
level for all the systems examined here.  
 
3.2 Standard deviation of signal count 
 
The standard deviation observed depends upon two factors: the sensitivity of a 
hydrophone system; and acoustic signal level the hydrophone received. If all hydrophones 
receive the same acoustic level as a stimulus, this metric may be used to check the 
hydrophone sensitivity. There were considerable variations found in the amplitude of the 
standard deviations. These variations were caused by the change of sound pressure levels 
on the hydrophones as the ambient noise level changed. It was generally quieter for the 
week of the new data. The difference might be due to seasonal effects since one was in 
May while the other in January, for example.  
 
It is more useful to remove the large fluctuations of the standard deviation and compare 
only the normalised difference for both the old and the new data between pairs of 
hydrophones. It is apparent that the normalised differences are quite constant over the time 
and the values are small. The results of the same hydrophone are close for both the old and 
the new data. The results indicate the sound fields received by the hydrophones were very 
similar; therefore it is sound to use the data to make comparison for their relative 
performance.  
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Figure 2 Signal spectra over one week old and new data at HA01W 
 
3.3 Comparison of signal spectra 

 
In order to obtain the relative sensitivities for the hydrophones, the spectra of the signals 
were obtained with a 200 s section over the entire data set of one week to generate an 
ensemble of estimate of the power spectra. Signal sections with very large amplitude 
(std>1500) were removed from the ensemble to reduce large bias caused by a few large 
impulsive signals (potentially from local sources). The spectra were also averaged over 
one hertz bandwidth.  
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Figure  shows the spectra of signals over one week period for both the old and the new 
data at station H01W. There were two very distinct groups of spectrum lines. The noise 
level was lower in the old data despite a peak or “hump” between 17 Hz and 30 Hz. It was 
smoother for the new data with a gentle decrease from 3 Hz onwards. It is obvious that the 
old and new data are very close to each other within the same group across the whole 
range of frequency. It is not unreasonable to assume that the noise spectra were very 
similar for the hydrophones over the time periods.  
 
Another noticeable feature in the noise spectra is that there is a general increase of 
background noise level over the most part of the frequency range by about 2.5 dB over a 
decade. However, it is difficult to draw conclusion on the trend of noise level change 
based on only two weeks’ data. 
 
The peaks between 17 Hz and 30 Hz and their harmonics, still visible between frequencies 
50 Hz and 70 Hz, might possibly be due to Blue whales and Fin whales [6]. 
 
The relative sensitivity of a pair of hydrophones was the difference of their noise spectra 
in Figure 2. The relative sensitivity change for the pair hydrophones is the difference 
between the old and new data. The results of the two stations, H01W (dash lines) and 
H08S (solid lines) as a function of frequency are plotted in Figure 3.  
 
The highest relative sensitivity changes are just less than 0.5 dB for the hydrophones at the 
H01W station. The results are in conformance with the claims of the initial calibrations for 
the hydrophones of this station.  
 
The highest relative sensitivity change is greater than 1.5 dB for the hydrophone pairs, H1-
H2 and H1-H3, and less than 0.5 dB for the pair H2-H3 at the H08S station. The results 
indicate that the sensitivity of hydrophone 1 at this station has changed well beyond the 
initial calibration error since its installation. 
 
The changes in relative sensitivity in terms of mean and standard deviation are in Table 3 
for all the hydrophones. The changes are the difference between the results of the old data 
and new data for averaged relative sensitivity across the whole frequency range, and they 
are all well within the potential maximum error of 0.5 dB except the hydrophone H1 at 
HA08S. The relative changes of this hydrophone against the other two are in red in Table 
3. 

 Mean STD 
 H2-H1 H3-H2 H1-H3 H2-H1 H3-H2 H1-H3 
HA01W -0.09 0.14 -0.05 0.05 0.10 0.08 
HA03N -0.09 0.16 -0.07 0.17 0.21 0.19 
HA08S 1.22 0.09 -1.31 0.28 0.17 0.22 
HA08N 0.37 -0.21 -0.16 0.08 0.09 0.10 
HA10S 0.06 0.01 -0.07 0.11 0.12 0.11 
HA10N -0.04 -0.08 0.12 0.20 0.15 0.17 
HA11S 0.06 -0.08 0.01 0.21 0.12 0.23 
HA11N -0.09 0.04 0.05 0.16 0.09 0.21 
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Table 3 Mean and standard deviation of relative sensitivity change (dB) 

4 SUMMARY OF ANALYSIS FINDINGS 
 
The data from CTBTO were examined in terms of mean, standard deviation of the signal 
counts and the relative sensitivity from the A/D outputs of the hydrophone systems. This 
was done for the hydroacoustic monitoring stations at five locations for a total of 8 triads 
of hydrophone systems (24 hydrophones in all). The results of the early data set were 
compared with present day’s data set to distinguish performance changes over time.  
 
There were little changes in terms of the A/D reference level for all the systems examined. 
All the hydrophone systems have remained unchanged since installation with regard to 
their relative sensitivities when compared to the initial calibration uncertainty except 
hydrophone 1 at station HA08S, South of Diego Garcia. The sensitivity of hydrophone 1 
of HA08S has decreased by about 1.5 dB across almost the whole range of the frequency 
band since the early days after its installation. The reasons for such a change are not clear 
without further investigations. It is possible that the change happened quickly. It should be 
straightforward to trace the time at which the hydrophone started to change. The decrease 
in sensitivity may then be taken into account for any analysis of data after that time, and 
for data from any time in the future (until a new calibration is available). 

Figure 3 Change of relative sensitivity of hydrophones at HA01W and HA08S 
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Abstract: Results of acoustic researches of distribution bubbles in subsurface sea layer in 
deep sea and in shelf zone at various wind velocities are presented. Measurements were 
made by method of sound scattering with using of narrow-beam broadband sources in two 
ranges from 10 kHz to 700 kHz. It is shown that function of distribution of bubbles in the 
sizes R in subsurface sea layer has a maximum at R~10 micron and it is revealed that 
distribution of bubbles has exponential recession in subsurface sea layer, depends on 
speed of a wind and essentially influences acoustic characteristics of sea water. It is 
shown that effective acoustic characteristics of sea water with bubbles for even relatively 
not high concentrations of bubbles obtain anomalous values that make them different from 
these parameters in pure water. 

Keywords: Bubbles, subsurface sea layer, sound scattering, acoustic characteristics of 
water 
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1. INTRODUCTION

Subsurface ocean layer is characterized by high concentration of gas bubbles and 
abnormal acoustics characteristics [1-8]. The bubble size distribution function in the sizes 

( )g R  is usually defined as a quantity of inclusions dN in unit volume with radiuses near R 
in an interval dR, ( ) /g R dN dR , so concentration of bubbles in unit volume is equal 

to max

min

( )
R

R
N g R dR . It was established that the depth to which bubbles pass through 

depends on the wind speed U. For U<13 m/s the majority of bubbles are situated between 
the surface and depths z up to z ~1.5 – 8 meters. Figure 1 shows distributions of bubbles in 
the, obtained at the moderate and strong speeds of a wind. Most often function g(R) for 

large bubbles is written as [2, 4] ( )( , ) exp( / )g
n zg R z A z L R  where 

3 2,5
10~ (2 4) 10L U  is given in metres, 10U  is in m/s, an exponent n(z) depends on the 

depth and equals ( ) 2 4 5n z .  
 

 
Fig.1: Distributions of bubbles in the sizes, obtained by different authors at moderate and 
strong wind: 1 – Monahan et al (1988a, 1989) [6], 2 – Deane (1997 [7], 3 – Carey et al. 
(1993) [7], 4 – Medwin and Breitz (1989 [8], 5 and 6 – Farmer (Pacific Ocean, the 
northeast, 1989, 1992), depth of 1 m and 4.9 m [3, 5]; our results: 7 and 8 – Pacific 
Ocean, the northwest, 1986, depth of 2.5 m and 5 m [2, 4, 9],  9 and 10 – The Sea of 
Japan, a shelf, 2008-2011 , depth of 1 m and 5 m, the top curves – storm, the bottom 
curves – before and after storm [4, 10]. 

 
The purpose of this communication is to develop a model of effective parameters of 

water with bubbles and calculate acoustic properties using experimental data for g(R). 

2. BUBBLES SPECTROSCOPY  

The bubble size distribution function in the sizes g(R) can be found using the frequency 
dependence of nonstationary sound scattering coefficient ( )Vm , which connects with the 

scattering coefficient due to bubbles b
Vm  and another inclusions s

Vm  by the formula 
b s

V V Vm m m . It allows us to define the bubble distribution function as [2, 4]: 
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0( )
3

2
( ) V Vb m m

g R
R

, ( )b s
V V Vm m F m ,    (1) 

0

0

1 exp /
( ) 1

/
F , 0

1 ,  03 1( ) PR R . (2) 

where =2 f, f is the frequency,  is the factor of resonant attenuation on frequency f, 
( ) 0F  and 0V Vm m  for 0 , ( ) 1F  and V Vm m  for 0 ,   is the half 

width of the directivity diagram of incident beam,  is the pulse length of sound, c is the 
sound velocity, 0P  is the hydrostatic pressure,  is the density of water,  is adiabatic 
constant of gas within of bubbles (usually for air 1.4 ) . 

Analytically function g(R) can be written down in the form [10]:  
( ) exp ( ) 1n

g p mg R A R n R R R R .   (3) 

where pR  is the radius corresponds to peak of function g(R), mR  is the characteristic 
maximum radius of bubbles in a liquid. The advantage of such function g(R) is the 
practicality and high speed of calculations of effective parameters of liquid.  

3. MODEL OF EFFECTIVE PARAMETERS OF MICROINHOMOGENEOUS 
LIQUID

The effective density e  and the effective compressibility of the microinhomogeneous 
liquid e  [9, 10] is equal to: 

(1 )e x x , max

min

34 ( ) ( ) ( )
3

R

e R
R g R dR xK K ,  (4) 

where max

min

3(4 / 3) ( )
R

R
x R g R dR ,  and ' are the density of the liquid and the PI content, 

respectively; hereinafter, strokes refer to PI. Hereinafter, designations such as ( )x K  
should be understood as indicating the influence of the integral operator x on the function 
( )K , which results in expression max

min

3(4 / 3) ( ) ( )
R

R
R g R dRK , that takes into 

account the PI size distribution. The compressibility K  takes into account both PI 
resonance and relaxation responses to the influence of the external medium, and it is a 
complex function [8, 13, 14]: ( , ) / ( , )K R Q RK= , where resonance factor Q equals 

2( , ) 1 / ( , )Q R R R i R . In the absence of these effects KK=  [9, 10].  
The effective sound velocity ec  in a liquid with phase inclusions may be calculated 

using the generalized Wood’s formula [9, 10]  
1/2

1 1 1 1
( )e

e P e e

c c x xK . (5) 

The real part Re( )e ec c  and imaginary part Im Im(1/ )e ek c  determine the phase 
velocity and the coefficient of attenuation of the wave in the liquid with bubbles as  

1/2
Re 1 1ec c x , / Im (1 ) 1x ,  max

min

34 ( )
3 ( , )

R

R

g R R dR
Q R

. 

(6) 
The nonlinear acoustic parameter  is determined as [9, 10]: 
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2(1/ 2) 1 / 1 / 2P , /P P ,  2 /c P .  (7) 

Using the obtained expressions for e , we can find e  as: 
22

2
11 1 1e Ax x
Q

,    (8) 

2

2 2

1 11 1 1 1 2P P

P

A
Q Q

K .   (9) 

The cavitation strength of real liquid is characterized by the lower value as compared 
with pure liquid, which is usually explained by the occurrence of bubbles and other 
cavitation nucleous in liquid [11, 12]. The rapture of liquid is a typical nonlinear process. 
The problem of relations between the cavitation strength and nonlinear acoustic parameter 
of liquid was discussed in [9], where the following function is revealed: 

1 [2 3( 1) ]kP ,    (10) 
where 0 kkP P P , 0P  is the hydrostatic pressure in liquid and kP  is the threshold 
cavitation pressure in liquid. For pure liquid, the expression kP  was determined by 

Zel’dovich [11, 12] 
1/23

0 16 3 ln( / )kP kT C J , where  is the coefficient of the 
surface tension, k is the Boltzmann constant, T is temperature, ln( / ) 70 78C J  [9, 10, 
11]; for pure water 0 140kP  MPa. It follows from (10) that 5 , which is consistent 
with the values for pure water [11, 12]. Formula (10) may also be generalized for a 
microinhomogeneous liquid. In this case, parameters  and  in (9) should be replaced 
by e  and e , which provides 

2 2
0 1 ( / ) 1 ( / )k kP P x x     (11) 

The cavitation strength kP  of microinhomogeneous liquid is close to 0kP  under low x 
values, decreases 0~ /k kP P x  under 0~ /k kP P x , and tends to a limit value 

0 ( / )k kP P  under * /x x . For water with bubbles, this limit under 
410x  is equal to 4

0~ 10 ~ 14k kP P  kPa. 

4. EFFECTIVE PARAMETERS OF WATER WITH BUBBLES

Figure 2 presents ( )e x , ( ) /ec x c  and ( )x in water with gas bubbles using formulas 
(4) – (6). It follows from Fig. 2 that the concentrations of 10-5 to 10-3 (depending on the 
frequency) result in a significant increase in the liquid compressibility, the dispersion of 
the sound velocity (particularly, at low frequencies), and the coefficient of sound 
attenuation in water with bubbles. A remarkable feature of the concentration dependence 
of the nonlinear acoustic parameter obtained for liquid with bubbles is the maximum of 
the function [9, 13]. For water with bubbles, this maximum is observable under x ~ 10-4. It 
should be noted that the increase in the ( )e x , ( ) /ec x c  and ( )x  is observable precisely 
under such a concentration.  

Figure 3 demonstrates the typical dependence ( )kP x  in a wide interval of x for water 
with bubbles in different sound frequencies. It is seen that the increase in concentration of 
bubbles first results in a significant drop of ( )kP x  and then it stabilize under values 
exceeding x ~ 10-4.  
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Fig.2: Effective parameters ( )e x , ( ) /ec x c , ( )x  calculated for different frequencies in 
the case of polydisperse mixture of bubbles in water. 
 

 
Fig.3: The cavitation strength ( )kP x  for water with bubbles at different frequencies. 

 

 
Fig.4: The dependence ( )kP z  for sea water. 

 
Experimental investigations of the seawater cavitation strength were carried out with using 
of the acoustic transducer in the form of a cylinder with the resonance frequency of 10.7 
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kHz and maximal power 2 kW. Cavitation was registered using acoustic noises inherent in 
the cavitation regime. Experiments were carried out during the autumn season in the Great 
Peter Gulf, the Sea of Japan. Figure 4 illustrates the dependence ( )kP z  for sea water 
which shows that it essentially depends on the depth in the subsurface layer up to 6 m and 
deeper the dependence is vague. Comparison of theoretical calculations (Fig.3) and 
experimental data of ( )kP z  near the sea surface (Fig. 4) give the explanation for low 
values of ( )kP z  by the presence of air bubbles with the bulk concentration of 1.2 10-4. 

Thus, it is shown that the compressibility, sound attenuation and dispersion of its 
velocity, acoustic nonlinearity, and cavitation strength of water with bubbles demonstrate 
anomalous characteristics that make them different from these parameters in pure water. It 
is established that the seawater cavitation strength in the subsurface layer up to depths of 
7–10 m decreases, which is determined by the occurrence of gas bubbles in the subsurface 
layer of seas. 
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Abstract: The ultimate goal of this work was to accurately predict attenuation from large 
tethered encapsulated bubbles used in an underwater noise abatement system.  
Measurements of underwater sound attenuation were obtained during a set of lake 
experiments, where a low-frequency sound source was surrounded by different arrays of 
encapsulated bubbles with various individual bubble sizes and void fractions, and 
compared with an existing predictive model by Church [J. Acoust. Soc. Am. 97, 1510–
1521 (1995)] for the dispersion relation in liquid containing encapsulated bubbles.  
Although Church’s model was originally intended to describe ultrasound contrast agents, 
it was evaluated here for large bubbles (on the order of 10 cm) and fairly good 
quantitative agreement between the data and the model was observed.  A modification of 
Church’s model was made by combining it with Kargl’s model [J. Acoust. Soc. Am. 111, 
168–173 (2002)], attempting to incorporate multiple scattering effects, which may be 
important at high void fractions.  However, a comparison with the data indicates that the 
Church-Kargl hybrid as implemented here may overcompensate for these effects.  These 
results indicate that Church’s model is sufficient for use as a design tool for tethered 
encapsulated bubble screens with void fractions less than 2%. [Supported by Shell Global 
Solutions.] 

Keywords: underwater noise, anthropogenic noise, noise abatement 
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1. INTRODUCTION

The ultimate goal of this paper is to accurately predict the attenuation of sound radiated 
through a collection of large encapsulated bubbles for the purpose of analyzing and 
designing underwater noise abatement systems that employ arrays of large tethered 
stationary encapsulated bubbles [1–3]. Previous work with very thin-walled air-filled latex 
balloons showed that they behaved acoustically much like free or non-encapsulated 
bubbles, and sound propagation in a water-filled waveguide containing such bubbles was 
reasonably well-described by Commander and Prosperetti’s effective medium model of 
bubbly liquids [4, 5]. Unfortunately, such encapsulated bubbles as used in the previous 
work are inappropriate for long-term deployment in the marine environment—a thicker 
and more robust encapsulating shell material is desirable. Additionally, for predictive 
purposes it is important to note that as the thickness and rigidity of the shell material both 
increase, free-bubble models such as Commander and Prosperetti’s no longer accurately 
predict the bubble resonance frequency, dispersion, or attenuation due to the influence of 
the encapsulating shell on the bubbles’ volumetric oscillations. 

A model of sound propagation, in which the bubbles are encapsulated by solid elastic 
shells, was proposed by Church in the context of ultrasound contrast agents [6]. The shell 
material properties that affect acoustic behavior are the shell’s density, thickness, shear 
modulus, and viscous damping, as well as the interfacial tensions at the gas/solid/liquid 
interfaces. In a previous study by the current authors, the resonance frequencies and 
damping of thick-walled (on the order of 1–2 mm) rubber-shelled balloons were measured 
and were found to be in good agreement with Church’s model predictions [7]. While the 
ultrasound contrast agents that the Church model was originally intended to describe are 
microbubbles, with radii from 1–100 μm, it seemed promising that Church’s model should 
equally apply to very large encapsulated bubbles with radii greater than a few centimeters. 

As the void fraction of a bubbly liquid increases, it is expected that multiple scattering 
effects will become more significant. A modification of Commander and Properetti’s 
model to account for this was developed by Kargl [8]. Kargl’s model takes the equation of 
motion for the radial pulsations of a bubble in a host liquid and writes it in terms of the 
effective medium: c cm, m, and μ μm, replacing the sound speed, density, and 
viscosity of the bubble-free liquid with that of the bubbly liquid as a means to account for 
the multiple scattering effects. Due to the fact that the encapsulated bubble arrays intended 
for use in underwater noise abatement applications have relatively high void fractions 
(~1%), a new hybrid model was developed for this work, combining Church’s model for 
bubbles with shells, with Kargl’s method of accounting for multiple scattering. The 
purpose of the paper is to illustrate which of these models provides the most accurate 
attenuation prediction for use in the design of noise abatement systems.  

2. DESCRIPTION OF ATTENUATION MEASUREMENTS 

Attenuation in various stationary arrays of tethered encapsulated bubbles was measured 
at an underwater sound experimental facility in Lake Travis, a fresh water lake in Austin, 
TX. A diagram of the experimental apparatus is shown in Figs. 1(a) and (b). A steel frame 
with a width of 2.1 m and a height of 3.7 m was fabricated to provide support for the 
encapsulated bubbles and sufficient ballast weight for submergence. Netting was attached 
to all vertical sides and the bottom of the frame, and the encapsulated bubbles were 
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attached to the netting. Two additional vertical panels of netting were attached within the 
interior of the frame so that the bubbles formed a three-dimensional volumetric array. A 
compact electromechanical sound source (US Navy J-13) was placed inside of the 
encapsulated bubble array, and the entire assembly was submerged in the lake, such that 
the mean deployment depth of the array was 2 m. The sound source was swept between 
60 Hz and 2 kHz to provide low-frequency broadband excitation. Hydrophones were 
deployed at a horizontal distance of 9.7 m from the source to measure the acoustic 
pressure, and measurements were made at lake depths ranging from 2 m to 20 m in 2 m 
increments. The measurements were made with and without the various encapsulated 
bubble arrays present. 

 
Fig.1: Experimental apparatus used in attenuation measurements. The sound source and 
hydrophone configuration is shown in (a). A schematic of the encapsulated bubble array 
is shown in (b). Example received level spectra. (c) For the three cases with encapsulated 
bubbles, the mean deployment depth effective bubble radius was a = 8.12 cm.  The data is 
from the hydrophone located at a depth of 10 m.  The number of encapsulated bubbles in 

each array and the associated approximate void fractions are labeled. 
 
The encapsulated bubbles used in this experiment consisted of rubber-shelled air-filled 

balloons. The shell thickness was measured to be approximately 1.6 mm. The bubbles 
were not spherical; however, an effective spherical radius a was computed using the 
measured volume Vb of an individual bubble and a = (3Vb/4 )1/3. For a given array, the 
encapsulated bubbles were all filled to identical volumes above the water’s surface, and 
adjustment for hydrostatic modification of this bubble volume was not attempted. Three 
different bubble sizes were used in the experiments with values of a = 6.24, 8.12, and 
12.26 cm at the mean deployment depth. The void fraction  for a given array was 
estimated using the total number of encapsulated bubbles N, the mean deployment depth 
bubble volume Vb , and the total volume contained within the steel array frame Vm by the 
expression  = N Vb /Vm . 

Example measured sound pressure spectra received on one of the array hydrophones, 
for a case with no encapsulated bubbles (labeled bubble-free) and three different 
encapsulated arrays, are plotted in Fig. 1(c). To estimate the attenuation through the 
encapsulated bubble array as a function of frequency from these measurements, the 
spectral levels corresponding to a given array configuration were subtracted from the 
spectral levels from the bubble-free case. This difference was then divided by the distance 
from the sound source to the edge of the encapsulated bubble array. These quantities were 
then depth-averaged to minimize the effects of the sound field’s spatial dependence. The 
empirical attenuation values for all of the various encapsulated bubble arrays are presented 
below in Fig. 3. 

(c) 
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3. SOUND PROPAGATION MODELS 

Various effective medium models for sound propagation in bubbly liquids for bubbles 
both with and without encapsulating shells are compared in this section. For derivations of 
the previously published models, readers are directed to the original publications [5, 6, 8]. 
Since the derivation of the combined Church-Kargl model is analogous to Kargl’s 
derivation, only the results are presented in this paper. The goal is to compare the outputs 
of the models, particularly the attenuation. 

Kargl’s approach accounts for multiple scattering effects in a bubbly liquid by 
replacing the bubble-free sound speed c, density f , and viscosity μf in the background 
medium with their effective medium counterparts. Following this same logic, the 
dispersion relation, damping coefficients bx , and resonance frequency 0m for the Church-
Kargl model are given by: 

(1)

where all of the terms on the right-hand side with the m-subscript denote the effective 
medium quantities. The physical parameter inputs to the model are the density of the shell 
material s , the shear modulus of the shell material Gs , the viscosity of the shell material 
μs , the inner and outer radii of the bubble’s shell a1 and a2, the shell thickness rs = a2  a1, 
the volume of the shell Vs , the interfacial tensions at the liquid-solid and solid-gas 
interfaces 1 and 2, and the polytropic index of the gas inside of the bubble . The 
quantities m and Z, related to properties at the shell interfaces, are analogous to those 
given in Ref. 6. Note that the shear modulus and viscosity of the shell material are in 
general temperature and frequency dependent. 

As Kargl points out in his paper, in relatively dilute bubble-liquid mixtures like the 
ones used here with void fractions on the order of 1%, the approximate equalities 0m  

0, bvm,l  bv,l , and btm  bt may be used because the mixture density m and viscosity μm  
do not vary significantly from the bubble-free case. The approximate form of the 
dispersion relation predicted by the Church-Kargl model used here is then given by: 

(2)
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where the primary deviation from Church’s model is that effective medium wavenumber 
appears on both sides of the equation, which is solved using a self-consistent iterative 
technique. The phase speed cm and attenuation A are computed from the dispersion 
relation using the following relations: 

(3)

For comparison with Eq. (1), Commander and Prosperetti’s model was computed using 
Eq. (35) of Ref. 5, Kargl’s model was computed using Eq. (6) of Ref. 8, and Church’s 
model was computed using Eq. (27) of Ref. 6. A few comments are now made concerning 
the choice of physical parameter inputs to the models. The liquid medium was fresh water 
with f = 998 kg/m3, and μf = 10 3 Pa s. The ambient temperature and pressure were T = 
30 C and p0 = 1.21 × 105 Pa, based on typical experimental conditions and the mean 
deployment depth. The polytropic index  was chosen to be equal to the ratio of specific 
heats  = 1.4 for air for adiabatic conditions. For the initial comparison, the void fraction 
of the mixture was set to 1% and a monodisperse bubble size distribution was used for all 
four models. For the non-encapsulated bubble cases, the bubble radius was a = 7.96 cm, 
and the surface tension at the air-water interface was chosen to be  = 72.5 mN/m. For the 
encapsulated bubble cases, the bubble radius was a1 = 7.96 cm and the shell thickness was 
rs = 1.6 mm. The density of the shell material s = 1476 kg/m3 and the frequency-
dependent Gs and μs were based on tabulated values for butyl rubber [9]. The interfacial 
tensions 1 and 2 were selected such that their sum was equal to 1 + 2 = 30 mN/m, 
which was estimated using tabulated values for the surface free energies of butyl rubber 
[10]. 

 

 
Fig.2: (a) Comparison of phase speed and attenuation predicted by the various propagation  

models.  The CP and Kargl models correspond to non-encapsulated bubbles while the Church and 
Church-Kargl  models correspond to encapsulated  bubbles.  The bubble distribution is 

monodisperse with a bubble radius of 7.96 cm and a void fraction of 1%. Other input parameters 
to the models are given in the text. (b) Comparison between the attenuation predicted by the 

various models (lines) and the measurements (red circles with vertical bars). 
 

The phase speed and attenuation from the various models are compared in Fig. 2(a). 
The differences between the CP and Kargl models are discussed in detail in Ref. 8 and 

(b)(a)
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will not be restated here. The primary purpose of plotting the results from these two 
models in Fig. 2(a) is to contrast them with the models that include bubble encapsulation. 
The resonance frequencies for the non-encapsulated and encapsulated bubbles are 45.0 Hz 
and 93.0 Hz, respectively. Thus, the presence of the encapsulating shell causes the 
bubbles’ resonance frequency to increase, which is in agreement with previous work [7]. 
This also has the effect of shifting the phase speed and attenuation curves in the direction 
of higher frequencies compared to the non-encapsulated cases. Additionally, the 
frequency-dependent shear modulus and shell viscosity have the effect of tempering the 
abrupt transitions in the phase speed and attenuation that are predicted by the Church-
Kargl model for a monodisperse bubble size distribution. The abrupt transitions are not 
shown here in the Church-Kargl model, but they can been seen in the Kargl model. An 
important difference between the Church and Church-Kargl models, particularly in the 
attenuation, is that the inclusion of the additional multiple scattering effects causes the 
peak in the attenuation to both widen and shift upward in frequency by about 22% for 
these particular physical parameters.  

4. COMPARISON OF MODEL PREDICTIONS TO MEASUREMENTS 

For comparison with the attenuation measurements, more realistic bubble size 
distributions were used, as opposed to the monodisperse distributions used in the previous 
section. To approximate the variation of the bubble radius with the depth of the bubble 
array, the following probability distribution function was used in the integral: 

(4)

where a1 was the mean deployment-depth effective spherical radius and s = 0.5 a1 was 
chosen so that the distribution was sufficiently wide to approximate the constant variation 
of bubble radius with depth as an initial starting place, since the true distribution is not 
known. The gaussian distribution function was chosen primarily out of mathematical 
convenience. The upper and lower integration limits were chosen to be the expected 
bubble radii at the minimum and maximum depths of the array, respectively. Finally, the 
amplitude of the distribution function was normalized such that it represented the correct 
void fraction for each experimental case. 

A comparison of the attenuation measurements and all four models is presented in 
Fig. 2(b). The bubble size distribution corresponds to one with a mean deployment-depth 
effective bubble radius of a1 = 7.96 cm and a void fraction of  = 0.0047. Depth-averaged 
values of the measured attenuation are plotted here as red circles with vertical bars, which 
are used to indicate the range of measured values over all of the measurement depths. For 
the encapsulated bubble models, the shell thickness was rs = 1.6 mm. Neither non-
encapsulated bubble model properly describes the data below approximately 100 Hz, 
which is near the expected bubble resonance frequency. For the encapsulated bubble 
models, it is evident that the Church model prediction agrees best with the attenuation 
data, especially near and below the bubble resonance frequency, and it does not appear in 
this case that the Church-Kargl model describes the data as well as the unmodified original 
version does. A potential reason for this discrepancy between the Church-Kargl model and 
the data is that this new model may not properly take into account multiple scattering 
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either, or the ways that the models were combined here is inappropriate. Proposed models 
that attempt to address multiple scattering effects have been a topic of much debate in the 
literature, for example see Refs. 11 and 12 and associated published comments and 
responses. In fact, the measured attenuation appears to be described best by Church’s 
model, even though that model is expected to under-estimate the effects of multiple 
scattering at high void fractions, and it is possible that the modified version of the model 
based on Kargl’s theory actually over-estimates the effects of multiple scattering. 

 
Fig.3: Comparison between the attenuation predicted by the Church model (black) and 
the Church-Kargl model (blue) and the measurements for all the encapsulated bubble 
configurations tested. The measurements are indicated by the red circles with vertical 

bars. For the top row (a)–(c), the mean deployment depth bubble radius is fixed at            
a1 =7.96 cm and the void fraction increases from left to right. For the bottom row (d)–(f), 
the void fraction is approximately fixed at   0.005 and the bubble radius decreases from 

left to right. 
 
To test how well the Church model and the Church-Kargl model agree with the 

attenuation data for different values of bubble radius and void fraction, both models were 
computed for different parameter sets that corresponded to the various experimental 
configurations described in the previous section. This comparison between the data and 
the two encapsulated bubble models is presented in Fig. 3. In general, both models predict 
that the amount of attenuation should increase with increasing void fraction and that the 
range of attenuation should shift to higher frequencies as the mean bubble radius 
decreases. The measured attenuation also follows these trends; however, as seen in the 
previous comparison, Church’s model tends to agree much better with the data near the 
bubble resonance frequency compared to the Church-Kargl model. Near the bubble 
resonance frequency, the Church-Kargl model typically underpredicts the measurements 
by 20% or more while the Church model prediction is typically within 5% to 6% of the 
measured values. Note there is unexplained increasing attenuation (in Figs. 3 a,d,e,f) and 
increasing variation (all cases) in the experimental results at frequencies starting at about 
350 Hz, resulting in increased discrepancy between the measurements and both models at 
these higher frequencies. Again, the error bars indicate the variation in attenuation 
measured at different depths on the array. Neither effect is currently understood, but is 
being studied.  One possible explanation is deviation from free-field behavior at higher 
frequencies. 
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5. CONCLUSIONS  

The goal of this paper was to determine what, if any, effective medium model of sound 
propagation in bubbly liquids best predicts the attenuation through a collection of large 
stationary encapsulated bubbles. This was achieved by comparing measured attenuation 
through a stationary array of tethered rubber-encapsulated bubbles with various model 
predictions. Of the models tested, Church’s model, which treats the bubbles as having 
solid elastic shells, best-predicted the attenuation observed in the experiment. Even though 
the void fraction was expected to be sufficiently large for multiple scattering to be 
significant, a modified version of Church’s model, which attempted to include these 
effects in the dispersion relation, appeared to over-compensate for them, and the model 
disagreed with the measurements near the bubble resonance frequency. 

The use of effective medium bubbly liquid sound propagation models has potential 
advantages when it comes to designing underwater noise abatement systems that employ 
large encapsulated bubbles. For an example of such a system, the reader is referred again 
to Fig. 1(b). While it is true that models employing discrete bubbles (either analytical or 
numerical) could be used to explicitly design such noise abatement systems, discrete 
models typically take more time to establish and more computational resources to run. The 
effective medium approach instead provides a quicker and more convenient way of 
predicting the performance of an encapsulated bubble noise abatement system, particularly 
when the correct model and input parameters are used, and this approach is expected to be 
a highly useful design tool for future systems. 
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Abstract: A range of pulses (including dolphin-like pulses) are used in simulation and 
tank tests to show that BiaPSS (Biased Pulse Summation Sonar) processing is effective 
with sonar at reducing clutter and improving the discrimination between targets and 
clutter. BiaPSS is a generalized form of TWIPS (Twin Inverted Pulse Sonar), which had 
previously been shown to be successful at these tasks in simulation, tank, and sea trials.  
Both BiaPSS and TWIPS work on processing the differences generated by the nonlinear 
scattering by bubbles of pairs of pulses, but whereas TWIPS exploits the differences in 
phase between the two pulses in the pair, BiaPSS exploits the differences in amplitude. As 
such, it is much easier to produce the required sonar pulse. Indeed, whereas there is no 
conclusive evidence of dolphins producing TWIPS pulses, the tendency of some species to 
vary the amplitude of clicks in a train is well-known, and not wholly explained. The paper 
will conclude with a discussion of the possibility of using these schemes in radar. 

Keywords: Sonar, dolphin, target classification 
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1. INTRODUCTION

The authors previously demonstrated (in simulation and tank tests) that Twin Inverted 
Pulse Sonar (TWIPS) could enhance the detection of targets in bubbly water, and to allow 
the user to distinguish between genuine targets and the clutter generated by bubble clouds 
[1]. The method was then successfully deployed in the wakes of vessels having sizes 
ranging from rigid inflatable boats (RIBS) to vessels of up to 4580 dry weight tonnage [2].
The method relies on processing the nonlinear scatter from bubbles when they are 
insonified by two pulses, the second being identical to the first but with inverted polarity. 
However there is no conclusive evidence that any odontocete emit such pulses [1, 3].  

Whilst there is no conclusive evidence that pulse-to-pulse variations in phase are 
controlled, there is evidence that dolphins can exercise some voluntary control of the form 
of their echolocation pulses [4], and a pulse-to-pulse variation in amplitude is commonly 
observed in the echolocation emissions of odontocetes. Here we test whether such a pulse-
to-pulse amplitude variation can also be processed using a generalized TWIPS scheme. 
The enhanced detection and classification of true targets against bubble clutter is provided 
by the way that the nonlinear scattering by bubbles affects the two pulses differently 
because of their different amplitudes (as opposed to their different phases, as was used in 
TWIPS).  This Biased Pulse Summation Sonar (BiaPSS) has been demonstrated in tank 
tests to be effective with a range of pulses, some similar to those emitted by dolphins [5].  
In this paper, tanks tests and a simulation are undertaken to demonstrate the efficacy of 
BiaPSS with a recognized representation of a type of dolphin pulse. 

 
Fig. 1: Processing scheme by which the echoes from a pair of dolphin-like pulses of 
different amplitude are processed to enhance/cancel the nonlinear/linear components of 
the scattering through weighted subtraction and addition of the scattering. The magnitude 
of the second pulse is greater than that of the first pulse by a factor of G. From Leighton 
et al. [5].  

The BiaPSS processing scheme can be described in simplified form through the 
scattering of two adjacent pulses in a click train (Figure 1). Consider that, within a train of 
2N pulses, a pulse, 1c t , of duration T, is followed, after an interval of  seconds, by a 
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similar pulse, 2c t , of different amplitude [5].  These pulse pairs are emitted with a 
period of 

 
seconds.  If this pair sequence is repeated (BiaPSS does not require this to be 

the case), the resulting pulse train can be expressed as: 

1

1 2
0

N

n

p t c t n c t n . 
 

(1) 

Assuming a linear model of propagation and scattering, including a linearly scattering 
target (which can be taken here to represent a fish excited at much higher frequencies than 
the resonance of its swim bladder), the signal at the receiver, y(t), can be modelled as the 
convolution of this signal with an impulse response, h(t). This impulse response models 
the two-way propagation from source to target and the target’s scattering characteristics. 
Accordingly, the model for the received signal is:  

1

1 2
0

N

n

y t y t n y t n . 
 

(2) 

in which ky t  (where 1, 2k ) represents the convolution of the incident pulse and the 
impulse response function, specifically:  

* ' ' 'k k ky t h t c t h t t c t dt  (3) 

If 2 ( )c t  is greater than 1( )c t  by a factor of G, and used as the new excitation, the 
response 2 ( )y t  is then given by:  

2 2 1*y t h t c t Gy t . (4) 

Assume that the detection system uses a matched filter [6] which is scaled such that 
its overall gain is unity. In such circumstances, if the outputs of the matched filter for 

( )ky t  are denoted ( )kY t , it follows that 2 1( ) ( )Y t GY t .  Therefore the subtraction of 1( )GY t  
from 2 ( )Y t , which will be termed P- in this paper, is zero for a linear scatter. This applies 
not just the steady state linear scatter but also linear scatter associated with ring-up [7] and 
ring-down [8].  This allows BiaPSS to discriminate between such linear targets and 
nonlinear scatterers like bubbles, which will in general have a non-zero value for P-.  This 
is because for a nonlinear system, the scattering from a pulse of different amplitude does 
not scale with the linear gain G.  The addition of 2 ( )Y t  and 1( )GY t , referred to as P+ in this 
paper, tends to enhance the linear components of the scattered signal relative to the 
nonlinear ones.  Such processing will not lead to the complete removal of nonlinear 
components, but only serve to partially suppress them. This approach can be regarded as a 
generalization of the TWIPS principle [1, 2], with TWIPS corresponding to the choice of 
G=-1, albeit that in that instance the roles of P+ and P- are reversed. Further details are 
given by Leighton et al. [5].  
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2. METHOD
 

As with the TWIPS processing scheme, the BiaPSS scheme will work with many 
different forms of pulses, but the one selected for this study resembles dolphin-like pulse 
described by Capus et al. [9], but differs in certain aspects to bring its parameters within 
those that our transducer can generate (Figure 2). It contains most of its energy at 
frequencies between 50 and 110 kHz, which are within the typical range found in 
dolphins’ clicks. However, to reduce demand and to keep within the capabilities of the 
transducer, the pulse used in this experiment (figure 2) has a lower amplitude (making this 
a conservative test from that perspective because lower amplitudes excite weaker 
nonlinearities from the bubbles), and has a duration of 120 ms (figure 2), longer than the 
50–80 μs typical for dolphins. This is therefore not an actual dolphin pulse, but as 
representative a test as the hardware can deliver within the model outlined by Capus et al. 
[9]. 

 
 
Fig. 2: The pulse used presented in (a) time domain and (b) frequency domain with a 
peak-to-peak amplitude of approximately 220 dB re 1 Pa m . From Leighton et al. [5]. 

 
The Atlantic bottlenose dolphin (Tursiops truncatus) is typical of dolphin species in 

that, when echolocating for a target (e.g. prey), they emit a sequence of consecutive clicks.  
There are numerous echolocation studies on the Atlantic bottlenose dolphin which indicate 
that such signals are of short duration (50 – 80 s ), high intensity (up to 228 dB re 1  

Pa  peak-to-peak at 1 m range), and broadband [10, 11]. Each click can be modelled as 
two synchronous chirps, each covering a distinct frequency range and both being down-
chirps (i.e. decreasing in frequency as time progresses) [9].  These clicks will be reflected 
back from scattering objects in the water, some of which might be targets of interest (e.g. 
prey) and some of which will be ‘clutter’ (strong scatterers which are not targets of 
interest, but which might be confused as such by the dolphin when it interprets the sonar 
returns).  

The method has been detailed by Leighton et al. [5]. A bubble cloud is generated in a 
freshwater tank measuring 8 × 8 × 5 m3 at the Institute of Sound and Vibration Research, 
University of Southampton, UK. The bubbles in the cloud have a size distribution and 
density resembling that found in the ocean (see Leighton et al. [1] for details). The sonar 
source is placed in the water tank with a target (of target strength of 38 dB) placed at a 
distance of 0.8 m from the source. The target is a 0.05 m diameter solid steel sphere. The 
sonar source used is a custom-made transducer, supplied by Neptune Sonar Ltd. This 
source operates within a frequency bandwidth between 30 and 120 kHz, powered by a 
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wideband amplifier designed to improve the fidelity of the waveform generated. The 
source’s beamwidth has been measured in the 40–100 kHz range, where the 3 dB 
beamwidth is reported as 10  to 30 . A single omnidirectional hydrophone is used 
(Blacknor Technology, D140 with built-in preamplifier, calibrated by the National 
Physical Laboratory) with a flat frequency response (±3 dB) up to 150 kHz.  

A train of pulses is emitted, such that the interval between each pulse pair is 0.5 s. The 
separation between the pulses in each pulse pair is kept at 15 ms. Every other pulse is as 
shown in Figure 2(a), but between them are pulses which have the same form as that of 
Figure 2(a) but with the amplitudes all scaled down by approximately 30%.  The tank data 
are also compared with the results of simulation, and the simulation method is described 
by Chua et al. [12]. The bubble-filled environment is represented in the simulation by a 
uniformly-distributed bubble population, with size distribution based on that used in the 
tank tests, which in turn resemble those found in the oceanic environment [1]. In the 
simulation, the losses during transmission to and from the bubble cloud are imposed by 
applying the attenuation that would be given by linear bubble pulsation [13], the 
attenuation of water [14, 15] and geometric losses.  

This experiment was done to investigate whether this change can be exploited using a 
proposed detection algorithm BiaPSS. The algorithm is used with the pulses of Figure 2 
specifically to test (i) whether BiaPSS is effective at classification, i.e. at distinguishing 
between genuine targets and clutter; and (ii) whether BiaPSS improves target detection, 
which is tested using the standard method of producing Receiver Operating Characteristics 
(ROC) curves. Leighton et al. [1, 2] found that TWIPS was very effective at task (i), and 
could generate some improvement at task (ii). The ROC curves reflect the ability of a 
sensor to detect a target, though they are blind to the abilities in classification described 
above. The ROC curves plot the probability of a true positive (Pd) on the vertical axis, 
against the probability of a false alarm (Pfa) on the horizontal axis. The most useless sonar 
system follows the 45o line (shown in Figure 4) as this equates to ‘flipping a coin’ to 
decide whether a sonar contact is a genuine target or clutter. 

3. RESULTS 
 
Figure 3(a) stacks side-by-side the received echoes from pairs of pulses to form an 

‘echogram’ image. The pairs of pulses are processed using ‘standard sonar processing’ 
(which for each plot shows the average energy of the two clicks with that energy being 
calculated by first matched filtering the return signals, and then temporally averaging the 
envelope of the resulting signal over a time based on the spatial resolution of the matched 
filter). In figure 3(a), the target cannot be distinguished from the bubble clutter (both 
labelled), which would enable prey to hide from the echolocation of a dolphin, and mean 
that during bubble netting, or under breaking waves, a dolphin would have to rely on 
vision only to hunt. Figure 3(b) uses exactly the same set of raw echo data as figure 3(a) 
but processes them in the BiaPSS manner to ensure that, whatever is a real target, 
disappears from the image, leaving only the bubbles. To be specific, the subtraction of the 
return signals from the two pulses, with the smaller wave form of the pair scaled up by 
1/0.3 3.3, is matched-filtered, and then temporally averaged. This is denoted by P . The 
computed values of P  are then similarly stacked side-by-side over 100 runs and presented 
in figure 3(b). The environment is not completely static as in the thought experiment, as 
the bubble cloud moved between the two pulses, but the level of degradation this causes in 
the cancellation of the target scatter is not sufficient to impair the result significantly. 
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In similar vein, if the echo from the second pulse were to be multiplied by 3 (or by 
whatever factor the dolphin from the thought experiment used in reducing the amplitude 
of the second click with respect to the first), then when the echoes of the consecutive 
pulses were added to one another, the backscatter from the linear target would remain in 
the image. Figure 3(c) shows the normalized plot with the addition of the returned signals 
from the two pulses after multiplication by the appropriate gain constant, 3.3 (denoted as 
P+). For consistency, matched-filter processing and temporal averaging have been 
implemented in figure 3(c) as in all plots in figure 3. However, it is noted that the 
backscatters from the target can be similarly distinguished from the bubble clutter by 
simple subtraction and addition of appropriately scaled return signals without using 
matched-filter processing. In this way, a dolphin could (if it could perform subtraction and 
addition) distinguish the target (which remains in figure 3(a) and (c), but is suppressed in 
figure 3(b)) from the bubble clutter (which is enhanced in figure 3(b)). This can be done 
for the same set of received echoes, as there is no need to send out different pulses for the 
two processes. A human operator could readily identify the target by visually alternating 
between the P  and P+ images, the target being the object that flashes ‘on’ in P+. This 
ability to distinguish between a target and clutter would remove the confusion inherent in 
standard sonar processing of exactly the same data (as shown in figure 3(a)). The earlier 
mentioned example illustrates the ability of BiaPSS to discriminate between targets and 
bubble clutter. As with TWIPS [1,2], such effectiveness at discrimination is seen as its 
primary advantage, an enhancement of the ability to detect the target in the first place 
(prior to classifying it) being a secondary, lesser advantage.  

 
Fig. 3: Normalized plots of tank test data using a ‘dolphin’ pulse pair of Figure 2.  Panel 
(a) is the standard sonar processing, (b) P  and (c) P+ processing of the two return 
signals with one appropriately scaled. The plot is normalized to the maximum value within 
each plot. The values are 2.2 × 102, 5.5 × 10 and 1.7 × 103 for (a), (b) and (c), 
respectively. Arrows above each panel indicate the position where the target should 
appear, and some of the bubble locations (which are present throughout the frame). From 
Leighton et al. [5]. 

 
Figure 4 compares the ROC curve for BiaPSS processing of this dolphin-like pulse for 

tank data (figure 4(a)) and for simulation (figure 4(b)).  The difference between the ROC 
curves for the experiment and simulation in figure 4 is explained by the fact that the model 
fails to reproduce certain aspects of the specific bubble cloud in the tank. In particular, the 
cloud formed in an experiment will exhibit spatial and temporal heterogeneity that the 
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model is unable to replicate precisely. The absolute performance, as measured by the ROC 
curves, of the model relative to the experiment suggests that this environmental feature is 
not perfectly modelled. Both ROC curves in figure 4 show improved performance for 
BiaPSS over standard sonar processing, as the BiaPSS curve is consistently above the 
standard sonar, meaning that, for every detection, it produces fewer false alarms. False 
alarms can be damaging to missions. They could cause a dolphin to be distracted from a 
genuine fish by bubbles and waste valuable energy chasing bubbles during a hunt. If false 
alarms occur in man-made sonar, they can needlessly delay a vessel’s progress by causing 
it to reduce speed and deploy mine-hunting divers, change mission plan, etc. 

 
Fig. 4: ROC curves computed from (a) the tank data and (b) simulated data, for the 
scenario described in this paper. The results for BiaPSS P+ (cross symbols) are compared 
with the results for standard sonar processing (circles). The solid line without symbols 
shows the 45o line, which represents the most useless form of sonar (see text). From 
Leighton et al. [5].  

4. DISCUSSION AND CONCLUSIONS 
 
The BiaPSS processing has been shown to improve target detection, reduce false 

alarms, and enable true targets to be distinguished from bubble clutter. The target is 
identified because it stands out in figure 3(c) but is supressed in figure 3(b), and bubble 
clutter is distinguished from it because it exhibits the opposite behaviour. As with TWIPS, 
BiaPSS requires there to be a difference between consecutive pulses, and in BiaPSS that 
difference is in terms of amplitude (whereas with TWIPS it was in terms of phase). Whilst 
a click-to-click variation in amplitude has been observed in dolphins, and has never fully 
been explained, the results of this paper do not prove that dolphins do use BiaPSS 
processing, and indeed to do so they would need to be sensitive to echo information at 
twice the main frequency of the emitted pulse, which is certainly not always the case. 
What has been shown is that click-to-click variations in amplitude can be used by a 
BiaPSS scheme to enhance target detection and classification. 

The efficacy of BiaPSS processing is not limited to sonar. Certain important targets 
scatter nonlinearly with EM radiation e.g. combustion products with LIDAR, and metal-
to-metal and semiconductor junctions with RADAR, as such can be distinguished from 
linearly-scattering objects (foliage, soil etc.). Of course the fundamental requirement of 
TWIPS and BiaPSS remains, that the amplitude of the driving signal be sufficiently strong 
at the target to excite nonlinearities, and this may require a bistatic arrangement for some 
deployments, placing the source close to the target whilst leaving the receiver at a safer 
distance [16].   
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Abstract: The goal of this work is to develop predictive models for broadband sound 
propagation in seagrass meadows, in support of sonar and environmental remote sensing 
applications. Acoustically, a seagrass meadow is a multiphase material composed of 
seawater, plant tissue and gas contained within the plant’s internal structure. In addition, 
photosynthetically-derived free bubbles emanate from leaves and enter the water column. 
Seagrass plant tissue and gas is also present in the upper layers of the sediment, but the 
sediment-borne phases are not considered here. In previous work by the authors, two- and 
three-phase effective fluid models based on Wood’s Equation and precision void fraction 
measurements derived from X-ray micro-computed tomography were found to be 
insufficient to describe low frequency sound propagation in several species, suggesting 
that a full accounting of tissue elasticity and structure is required. Toward that goal, 
recent resonator measurements of the low frequency (1 kHz to 4 kHz) bulk moduli of 
Thalassia testudinum and Halodule wrightii leaf tissue are reported. In absence of 
comparable direct measurements in the literature, bulk moduli extrapolated from other 
reported mechanical parameters were found to agree well with these measured values. 
[Work supported by ONR and Brussels Institute for Research and Innovation.] 

Keywords: seagrass, acoustic properties, effective medium, resonator method 
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1. INTRODUCTION

The acoustic properties of seagrass are of interest in applications ranging from acoustic 
remote sensing of estuarine environmental conditions to shallow water sonar operation 
and mine hunting. To optimize all of these applications a predictive acoustic model of 
sound propagation in seagrass beds is desired. [1]  The purpose of this paper is to review 
recent steps made by the authors toward the development of such a model. In previous 
work by the authors, reviewed here, two- and three-phase effective fluid models based on 
the Mallock-Wood equation [2] and precision void fraction measurements derived from 
X-ray micro-computed tomography were found to be insufficient to describe low 
frequency sound propagation in several species, suggesting that a full accounting of tissue 
elasticity and structure is required. [3, 4] Toward that goal, recent resonator measure-
ments of the low frequency (1 kHz to 4 kHz) bulk moduli of Thalassia testudinum (turtle 
grass) and Halodule wrightii (shoal grass) leaf tissue are reported. In absence of 
comparable direct measurements, bulk moduli extrapolated from other mechanical 
parameters reported in the literature were found to agree well with these acoustically-
measured values. The ramifications of these results are the following: Simple models have 
failed and full knowledge of the elastic and geometric properties of seagrass tissue, in 
addition to knowledge of the gas volume fraction, will be required to predict acoustic 
propagation in seagrass meadows, even at low frequencies. 

2. GENERAL FORMULATION OF THE MALLOCK-WOOD EQUATION 

The modeling discussed in this paper is based on a model first presented by Mallock in 
1910 [5] and then later popularized by Wood in 1930. [2] Mallock’s earlier and equivalent 
work has largely been forgotten so in an effort to give credit where credit is due, the name 
Mallock-Wood is used here. The sound speed c in a fluid is given by 

1
c2 = κρ = ρ

B
, (1)

where the compressibility, density and bulk moduli of the material are   and B, 
respectively. For a multiphase material, mixture rules can be used to determine the 
effective compressibility and density of the mixture. The generalized Mallock-Wood 
equation yields an effective sound speed ceff 
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where i , i , i and ci represent the compressibility, the density, the volume fraction and 
the intrinsic sound speed of phase or component i, and the sum of i over all i must be 
unity. Also note that sound speeds inferred from resonator measurements described herein 
are referred to as cexp, which will be used along with (2) to infer compressibility  of 
various seagrass tissue. For this model to be valid, the acoustic excitation frequency must 
be sufficiently low as to avoid resonance of the largest size particle, structure or bubble 
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within the mixture and relative flow between the phases must be avoided. The formulation 
presented in Eq. (2) has been experimentally validated for both fluid/fluid mixtures and for 
elastic particles suspended in fluids. See Refs. [6] and [7], respectively, for example. In 
this work, two-phase models with air and water, or air and tissue, and three-phase models 
with air, water and tissue were considered. 

3. REVIEW OF EFFECTIVE FLUID MODELS OF SEAGRASS 

Seagrass contains air-filled channels, which are known as aerenchyma, within the 
leaves and rhizomes. [8] Seagrass also produces bubbles that escape from pores in the 
leaves.  These bubbles can remain attached to the leaves and can also detach and move 
freely in the water column. [9] In the 1990’s Hermand and co-workers conducted field 
trials to investigate acoustic propagation in shallow water containing photosynthetically-
active seagrass. The measured impulse response of a shallow water waveguide containing 
seagrass and bubbles produced by seagrass photosynthesis was inverted for the sound 
speed of the seagrass layer. From this work and subsequent analysis they concluded that a 
two-phase effective medium model based on the Mallock-Wood equation, the acoustic 
properties of air and water, and the probable void fraction of the seagrass plants, did not 
describe the inferred sound speed of the layer. One limitation, to be expected because of 
the in-situ nature of the work, was that knowledge of the plant density and the actual gas 
volume was less than ideal. 

In 2009, Wilson and coworkers [3] built upon Hermand’s work by conducting a 
laboratory experiment in which the volume fraction of water, seagrass tissue, and tissue 
gas content could be well controlled. Microscopic cross-sections of seagrass tissue were 
used to determine plant void fraction. In some cases, cross-sections from the literature 
were used, and in other cases, cross-sections from the actual tissue used in the acoustics 
measurements were used. This gave an increased yet still incomplete knowledge of the 
actual tissue and gas volume fractions that were studied acoustically. The effective low 
frequency sound speeds of the seagrass tissue and water samples were inferred through an 
acoustic resonator technique and compared to predictions of the two-phase Mallock-Wood 
equation, where the tissue properties were assumed to be that of water and the second 
phase was the gas within the aerenchyma. The measured sound speeds correlated 
positively with the seagrass biomass, for the three Texas Gulf Coast species that were 
tested, but measured sound speeds were not correctly predicted by a two-phase effective 
medium model that used the acoustic properties of water as a proxy for the tissue. It was 
assumed that the image-based void fractions were the closest to being accurate and the 
acoustically-derived void fractions did not agree with the image-based void fractions. The 
conclusion was that the acoustic properties of seagrass tissue deviated from those of water. 

It also became clear that the shape of the leaf contributed to the acoustic properties. It 
was found that flat-leafed species such as Thalassia testudinum and Halodule wrightii 
were better described by the two-phase effective medium model than the round-leafed 
species Syringodium filiforme. This difference was revealed through an empirically-
derived non-dimensional parameter, the ratio of the image-based void fraction to the 
apparent acoustic void fraction, as shown in Fig. 1. In the flat-leafed species, the 
compliance of the air within the aerenchyma provides most of the restoring force, whereas 
in the round-leafed species the circular structure of the tissue is capable of carrying more 
of the load.  This result provided evidence against the use of an effective medium model, 
since volumetric compressibility as expressed in an effective medium model is typically 
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independent of shape at length scales much smaller than a wavelength, as in the present 
case. 

 
Fig.1: The ratio of the image-based to acoustically-determined void fractions  for 

both leaves and rhizomes of each species. This ratio is a measure of the importance of the 
tissue acoustic parameters. A ratio of unity indicates plants that behave acoustically like 

air bubbles in water. An increasing ratio indicates increasing tissue stiffness, which 
effectively reduces the acoustic contrast of the internal gas and also reduces the acoustic 

contrast of the plant. Figure adapted from [3]. 
 
 

 
Fig.2: The flow charts illustrate the different implementations of Eq. (2) that were 

evaluated to describe the effective sound speed in water containing seagrass leaves. For 
each implementation, the model attempted to describe the only unknown term, which is 

underlined in each section. Scheme (a) was successfully inverted for the leaf 
compressibility leaves of all three species. Schemes (b) and(c) could not describe the 

observed sound speeds of the plant tissue tissue for any of the species. Figure adapted 
from [4]. 

 
 

None-the-less, until this point, complete micro-geometric characterization of the 
seagrass tissue had not been obtained. Two-dimensional slices had been extrapolated to 
yield three-dimensional volume fractions, which was perhaps an invalid assumption, and a 
potential explanation for the mismatch between measurements and models in Ref. [3]. In 
addition, seagrass density and compliance had been assumed to be that of water. Wilson 
and coworkers attempted to overcome those limitations and investigated a three-phase 
effective medium model, whereby the volume fractions of the tissue, the air within the 
aerenchyma, and the water surrounding the plants were all considered as independent 
contributors to the effective acoustic properties through their respective volume 
fractions. [4] Again, the acoustic resonator technique was used to measure the effective 
sound speed of seagrass leaf tissue in water. The same leaves that were used in the 
acoustic measurements were imaged using X-ray micro-computed tomography, which 
yielded direct measurements of tissue, water and air volume fractions. Since all of these 
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volume fractions were known and since the density of the two remaining phases (air and 
water) were also known, a direct inference of tissue density was also obtained. 

Given the resonator-obtained effective sound speeds, and the other known parameters, 
the effective acoustic compliances of the seagrass leaves (including tissue and air) of three 
species were successfully determined using the scheme shown in Fig. 2(a). Although this 
is a useful result, it is limited to low frequencies (a few kiloHertz), and hence to eventually 
extend modelling to higher frequencies, knowledge of the acoustic properties of the tissue 
itself is required. Enough information was available in [4] to assess two versions of a 
three-phase model, as shown in Fig. 2(b) and 2(c), and to attempt to infer the tissue 
compressibility. Unfortunately, both models yielded complex values for tissue 
compressibility, indicating that neither model 2(b) nor 2(c) is valid. Instead a model that 
accounts for both the elastic properties of the tissue and the geometric properties of the 
leaf structure is required. 

4. MEASUREMENT OF SEGRASS TISSUE COMPRESSIBILITY 

One of the requirements for the use of any future model is the determination of the 
elastic properties of seagrass tissue. Urick described a measurement method [10] that also 
utilizes Eq. (2) but is applicable to the present task. Simply, the effect of the structure can 
be eliminated by finely dividing the structure into small particles, and then the particles 
can be homogeneously dispersed throughout a suspending fluid medium with known 
acoustic properties and Eq. (2) used to infer the compressibility of the finely divided 
material, given knowledge of the volume fractions and the density of the suspended 
material. These measurements were carried out [11] for two of the previously-studied 
species, Thalassia and Halodule. 
 

 
Fig.3: Acoustic resonator and measurement instrumentation are shown in (a). A 

photograph (b) of the finely divided seagrass tissue and water mixture is shown inside the 
tube. The stinger and hydrophone sheath are also visible.  Figure adapted from Ref. [11]. 
 

Acoustic measurements were conducted in a one-dimensional acoustic resonator 
apparatus shown in Fig. 3. The borosilicate glass tube was 45.6 cm tall of circular cross 
section with an outer diameter of 6.88 cm and an inner diameter of 5.09 cm. An LDS 
V10 L shaker was placed at the top of the tube to produce periodic wideband chirps 
(50 Hz to 15 kHz). A Reson model 4013 hydrophone placed near the top of the tube was 
used to measure the acoustic pressure response of the system. The air-water interface at 
the top of the tube, and a thin latex rubber membrane and a block of Styrofoam at the 
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bottom of the tube provided approximate pressure release boundary conditions. This 
arrangement results in normal modes composed of integer multiples of half wavelengths, 
and hence the phase speed inside the tube can be determined from the measured resonance 
frequencies. 

Freshly field-collected (within 24 hours from littoral waters near Port Aransas, TX) 
samples of Thalassia testudinum and Halodule wrightii were weighed and measured for 
volume. Each sample was then mixed with artificial salt water (Instant Ocean and distilled 
water, salinity 35.9 ppt) and placed in a food processing blender and processed until the 
composition of the “seagrass soup” was consistent and the particle size was less than 
0.1 mm. The resulting mixture was then thoroughly degassed under vacuum and finally 
placed in the glass tube for the acoustic measurements. Acoustic spectra of the finely 
divided seagrass-saltwater mixtures were measured at five-minute intervals. By visual 
inspection the mixtures had nearly no change in consistency during the span of testing. 

 

 
Fig.4: Acoustic spectra as a function of time during the measurements. Thalassia 

testudinum (left) and Halodule wrightii (right).  Red represents acoustic resonances of the 
system. Blue represents acoustic nulls. For T. testudinum, note two prominent resonance 
peaks near 1200 Hz and 2700 Hz, used to extract phase speed. For H. wrightii, note three 

to four prominent resonance peaks between 1000 Hz and 4000 Hz. 

5. RESULTS

The acoustic spectra are shown in Fig. 4. Note the differentiation between species 
visible in the acoustic response. Effective phase speed of the material inside the tube was 
inferred from the resonance frequencies, and corrections for the elastic waveguide effect 
were made using the procedure described in [3]. The resulting phase speeds are shown in 
Fig. 5. The measured sound speed in seawater alone is also shown at the top of each plot, 
and in both cases the measured values for seawater sound speed correspond well to values 
determined from the experimental temperature and salinity, using the relations of 
Ref. [12], with details given in the figure captions. In both cases, we see an increase in 
measured seagrass tissue phase speed as time progresses inside the resonator. The reason 
for this systematic effect is not known. It is possible that stratification of the material was 
occurring, or that the actual material properties of the tissue were changing as a function 
of time after being disintegrated. Dispersion is observed in both cases as well, and 
discovering its cause will require more work. In general, the sound speed in the Thalassia 
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testudinum mixture was near 1300 m/s and the sound speed in the Halodule wrightii 
mixture was near 920 m/s. 

 
Fig.5: Free-field phase speeds for finely divided Thalassia testudinum (left) and Halodule 
wrightii (right) leaf tissue in seawater (and seawater alone, black curves) after accounting 
for elastic waveguide effects.  At the experimental temperature 27.5 °C (left), the seawater 
sound speed should be 1541 m/s [12], which agrees well with the present measurement. At 

the experimental temperature 23.5 °C (right), the seawater sound speed should be 
1532 m/s, [12] which agrees well with the present measurement. 

 
Since the ultimate goal of this work was to extract the low frequency tissue bulk 

modulus, there was no attempt to keep the volume fractions the same for the two species,  
and hence comparing these sound speed measurements is of little direct value. Instead 
Eq. (2) and the parameters in Table 1 were used to infer the tissue bulk moduli as 
described by Urick [13]. The sound speed ceff (after correction for the elastic waveguide 
effect) was obtained from the measurements presented in Fig. 5 for each species. The 
mean value (across frequency and time in tube) of all of the speeds for each species was 
used. The resulting low-frequency seagrass tissue bulk moduli were 1.11 × 109 (Pa) for T. 
testudinum and 5.35 × 108 (Pa) for H. wrightii.   

Since no previous measurements of seagrass tissue bulk moduli B could be found in the 
literature, the expected bulk moduli was estimated from published values of elastic moduli 
E and the Poisson ratio .  A range of values of the elastic modulus has been reported [14] 
for T. testudinum: 4 × 108 Pa to 2.4 × 109 Pa. No direct reporting of Poisson’s ratio could 
be found for seagrass, but a typical Poisson’s ratio for terrestrial leaf parenchyma is  = 
0.3. [15] From these values and the familiar relationship B = E/3/(1–2 ), the range of 
expected bulk moduli is 3 × 108 Pa to 2 × 109 Pa, which brackets the measurements 
reported here. One might also consider comparing these bulk moduli measurements to 
previously reported low frequency sound speed measurements. Unfortunately, due to the 
differences in plant leaf biomass, internal structure, and gas content, bulk moduli are not 
directly related to the low frequency sound speed, which was one of the original 
motivations for this work. 

 ceff (m/s) eff (kg/m3) grass water Bwater (Pa) B (Pa) 
T. testudinum 1309 908 0.482 0.518 2.47 × 109 1.11 × 109 
H. wrightii 921 965 0.556 0.444 2.46 × 109 5.35 × 108 
Table I: Parameters used with Eqs. (1) and (2) for the calculation of tissue bulk moduli B, 
which is displayed in the right-most column. 
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Abstract:  
Acoustic measurements were carried out in a seawater mesocosm tank system to investigate 
the influence of marine phytoplankton growth on air bubble residence time (BRT). Physical 
and chemical parameters of the tank system such as water temperature, salinity and 
illumination were kept constant throughout the experiment.  
Air bubbles were injected by flushing a water jet into the top of the tank and BRT was 
determined acoustically, using hydrophones of frequency ranges of 40 kHz to 400 kHz. The 
tank was filled with seawater containing a monoculture of the diatom Cylindrotheca 
closterium and growth stimulated by irradiating with artificial fluorescent light. BRT and 
several phytoplankton growth-related parameters (chlorophyll concentration, dissolved 
inorganic nutrients, dissolved organic carbon (DOC), oxygen saturation and bacteria 
numbers) as well as the water viscosity were monitored over a period of 24 days. BRT 
showed a statistically significant covariation with oxygen saturation (r = 0.93,  = 0.01) and 
chlorophyll concentration ( r = 0.76,  = 0.01) during the phytoplankton growth period. An 
increase in BRT of a factor >2 was found during the chlorophyll maximum, when the water 
was sufficiently supersaturated with oxygen (>140%). No clear relationship was evident 
between BRT and measurements of DOC or water viscosity. Model experiments with highly 
oxygen-supersaturated water and an artificial polysaccharide compound indicated that 
oxygen supersaturation alone is not the main factor causing increased BRT during 
phytoplankton growth, but it is most likely a combination of the degree of gas saturation and 
the composition of the organic exudates derived from the microalgal population. 
 
 
Keywords: Bubble residence time, phytoplankton, dissolved organic carbon, oxygen 
saturation, viscosity, acoustic 

1st International Conference and Exhibition on Underwater Acoustics

809



 

1 INTRODUCTION
 
Air bubbles in the upper layer of the ocean play an important role in several physical 

processes of biogeochemical significance act as a vehicle for the transport of material to the 
surface microlayer and the exchange of gases between the atmosphere and the ocean [1]. 
Bubbles produced ship wakes by cavitation may interfere with the successful function of 
acoustic devices by scattering and absorbing sound due to their large acoustic cross section 
[2]. Air bubbles remain in the water column for different periods of time [3]. Reasons for the 
differences in residence time of air bubbles have been found mainly to be due to the physical 
and chemical properties of seawater such as water temperature and salinity [4]. It is assumed, 
that biological factors in the ocean, especially phytoplankton, also have a major effect on the 
residence time of air bubbles through their influence on the gas saturation of seawater [5] and 
through the release of organic substances such as polysaccharides [6]. These substances may 
result in changes in bubble surface tension and the viscosity of seawater and may thus alter 
the rise speed of bubbles as well as the diffusion of gas to and from the bubble [7].  
 
 
2 METHODOLOGY 
 
2.1 Tank system 
 

Experiments were carried out in a plexi-glass laboratory experimental tank system (Fig.1) 
that was operated automatically via a control software. The bubble cloud was monitored 
using Reson ITC 1042 and TC 4034 hydrophones and a TC 4034 receiving hydrophone. It 
was produced by a water jet from the supply tank (duration 2 s, 0.8 l). Constant water 
temperature in the bubble tank was achieved by a cryostat. Temperature and conductivity as 
well as oxygen saturation were constantly monitored. Measurements of BRT were carried out 
with frequencies ranging from 40 to 400 kHz, however, only results of BRT for a frequency 
of 120 kHz are shown here. A measurement cycle began with a 20 min quiescent phase after 
which the acoustic sampling began. Following a 30 s initial period of acoustic sampling, the 
bubble cloud was produced. The acoustic sampling then continued for another 19.5 min. 

 

 
Fig.1: Schematic diagram of laboratory experimental tank system. 
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BRT was determined by initially defining the reference backscatter level of the first 30 s of 
the acoustic measurement phase before the release of the water jet. A mean reference value 
was calculated for all acoustic pings for every frequency. A standardisation was then carried 
out for the remaining pings (from the time the water jet was released until the end of the 
acoustic measurement phase) with the corresponding reference value. The backscatter level 
was determined over time and depth. A value of BRT for a certain frequency was then 
defined by applying a detection threshold of 3 dB and determining the time when the 
backscatter level near the water surface fell below the detection threshold.  
Collection of water samples for measurements of dissolved oxygen saturation, dissolved 
organic carbon (DOC), dissolved inorganic nutrients, chlorophyll a, phytoplankton cell 
counts, bacteria cell counts and measurements of the kinematic viscosity was carried out once 
a day. A description of sampling and analysis methodology is given in [8].  
 
 
2.2 Experimental preparation of the phytoplankton growth experiment 
 

Nutrient medium containing 40 ml of each, nitrate-, phosphate- and silicate solution and 
12 l of a densely grown monoculture of the diatom Cylindrotheca closterium were added to 
filtered North Sea water (salinity 34) on day 1.5 of the experiment. The fluorescent tubes 
were operated on a 12/12 h light/dark cycle and measurements of BRT were carried out for a 
further 22 days at a temperature of 18°C. 

 
 

2.3 Experimental preparation of oxygen supersaturation 
 
BRT measurements were made using deionised water at a temperature of 18°C. After 1.5 

days, the deionised water was bubbled with pure oxygen, increasing the oxygen saturation of 
the tank water from 96.8% to 170%. BRT measurements were then carried out for a further 
1.2 days. 
 
 
2.4 Experiment with Xanthan Gum 
 

The tank system was filled with deionized water and BRT measurements were started at a 
temperature of 18°C. After four days, a solution of 0.008 g l-1 of the polysaccharide Xanthan 
Gum was added to the water. After a further day, the oxygen saturation of the tank water was 
increased to 143% by bubbling with oxygen from a pressurised bottle and the concentration 
of Xanthan Gum was increased again to 0.08 g l-1. Kinematic viscosity of the tank water was 
measured several times throughout the experiment.  
 
 
3 RESULTS 
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Fig.2: Changes in chlorophyll a concentration, BRT and oxygen saturation with time. Grey 
shaded bars: tank illumination was switched off; white bars: illumination switched on. The 

black dashed line indicates the 100% oxygen saturation threshold. 
 

Results for BRT, chlorophyll concentration and oxygen saturation are shown in Fig.2. 
BRT showed strong covariation with oxygen saturation (r = 0.93, p-value = 0.00 and n = 507) 
as well as with chlorophyll concentration (r = 0.76, p-value = 0.00 and n = 21). Further, BRT 
showed distinct light-dark fluctuations with increases during light periods, when the oxygen 
saturation also increased, and decreases during darkness, when the saturation decreased. 
Differences in the BRT values between dark phase and light phase were about 80 s at the 
chlorophyll and oxygen saturation maximum (25 mg l-1 and 150% respectively) during days 
8.0 to 12.0, when BRT reached maximum values of 420 s during light phase. No apparent 
covariation was found between BRT, DOC and viscosity. For detailed results of these 
parameters refer to [8]. This suggests that the main influence on BRT appears to be the 
degree of oxygen saturation of the water as a result of phytoplankton photosynthesis. 
Bubbling of deionised water with pure oxygen resulted in oxygen supersaturation of 170%, 
which then gradually declined (Fig.3). However, no significant change in BRT occurred 
during supersaturation and average BRT remained at approximately 180 s. 
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Fig.3: Changes in bubble residence time and oxygen saturation during the control saturation 
experiment using deionized water. 
 
Therefore it was investigated whether deionised water artificially enriched with a 
polysaccharide compound could have (i) an effect on the bulk water viscosity and (ii) an 
effect on BRT. Additionally, both oxygen saturation and concentration of the model 
polysaccharide were enhanced and the effect on BRT investigated. Average BRT of 
deionised water was approximately 140 s, while oxygen saturation gradually increased from 
55% to 70% within the first 4.5 days of the experiment (Fig. 4). With the addition of Xanthan 
Gum, kinematic viscosity increased slightly from 0.868 mm2 s-1 to 0.900 mm2 s-1, however, 
no detectable increase in BRT occurred. On day 5, oxygen saturation was increased to 142%, 
however, BRT showed only a very slight increase to 160 s. The anew addition of Xanthan 
Gum however resulted in a viscosity increase to 1.272 mm2 s-1 and BRT to ~ 280 s.  
 

Fig. 4: Changes in bubble residence time (black symbols), oxygen saturation and viscosity 
with time for different concentrations of Xanthan Gum and oxygen saturation. 

 
 
4 DISCUSSION 
 

Strong correlation between chlorophyll a concentration and BRT suggests that increasing 
particle concentration may have been a co-factor causing increased BRT by reducing bubble 
rise velocity when particles accumulate on the surfaces of the bubbles [7]. Possibly, 
phytoplankton were acting as bubble nucleation sites of small bubbles with low rise 
velocities, when the tank was supersaturated with oxygen. In turn, no increases in BRT were 
observed in the absence of phytoplankton particles during the oxygen supersaturation control 
experiment. Further the data suggest that a certain threshold of around 110% in oxygen 
saturation must be reached before major changes in BRT become apparent. This is due to the 
dissolution of small bubbles, which is in turn dependent on the level of gas saturation and its 
influence on the stable existence, growth or disappearance of bubbles in near surface waters 
[9]. The reason for oxygen supersaturation in deionised water not having an effect on BRT 
may have been that bubbling the tank water with oxygen resulted in most of the dissolved 
nitrogen being stripped out. This would then not have increased the total gas pressure of the 
tank water and hence shown no effect on BRT. The experiment with the model 
polysaccharide Xanthan Gum proved that a large change in bulk water viscosity can affect 
BRT. The polysaccharide concentrations used during the experiment were highly exaggerated 
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compared to natural concentrations of dissolved organic matter in seawater. The 
concentrations of organic material produced during the growth of the Cylindrotheca 
closterium culture in the tank were too low to have a measurable effect on bulk water 
viscosity. However, some phytoplankton species can have a significant influence on the 
surface shear viscosity of an air water interface and this effect also varies over different 
stages of the phytoplankton growth curve [10]. This supports the assumption made earlier 
that the surface-active nature of organic material released by phytoplankton varies over 
different stages of the growth curve. It also corresponds well with the strong increase in BRT 
during the growth phase.  
 
 
5 CONCLUSION 
 
Phytoplankton growth has a significant influence on BRT in seawater. It can be concluded 
that a combination of factors including oxygen saturation, phytoplankton exudates as well as 
the presence of particles were responsible for the increases and decreases in BRT observed. 
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Abstract: The most recognized gas in sediment is methane which in the form of gas 
bubbles may be retained between solid particles of deposits and escape periodically to the 
water column. Due to high greenhouse potential of methane, characterization of  the gas 
saturated sediments – especially in areas where bubbles can seep and  rise to the atmosphere 
is a relevant issue.

As an alternative to the time-consuming geochemical gaseous sediment 
characterizations, remote acoustic methods were applied to provide faster and larger area 
recognition. Diverse acoustic signals of various frequencies and beamwidth were employed 
to obtain a better identification of a different form of shallow gas saturated sediments.  

In this paper we compare results of acoustic sounding of the bottom, carried out in 
the gas outflows regions in the southern part of the Baltic Sea. Simultaneous usage of several 
single beam echosounders applying CW signals with diverse frequency bands from 12 up to 
200 kHz allowed to distinguish different forms of gas occurrence. Variety of echo envelope 
parameterization methods, commonly exploited in the classification of the sea bottom due to 
the size of sediment particles, were used for the better characterization of the diverse forms of 
the methane saturated sediments - particularly in the gas seepage regions. Comparison of 
energetic, fractal and statistical parameters obtained for various signal in the similar regions 
shows sensitivity of the methods also in the case of the classification of the saturated 
sediments due to the amount of gas bubbles and depth of their occurrence. Several examples 
of echo images obtained in different frequency bands, associated with different forms of gas 
existence in sediments is presented. 

Keywords: Baltic, methane, marine sediments, Gdansk Basin, acoustic anomalies, gas 
pockmark, gas outflows, echo envelope parametrization 
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1. INTRODUCTION

The common occurrence of surface gas saturated sediments and gas outflows from the sea 
floor have been recognized relatively recently in characteristic regions of whole world. So far 
in the area of the Polish Exclusive Economic Zone of the Southern Baltic Sea only a few 
trials were taken to determine the distribution of gas saturated sediments [1,2]. As in other 
shelf seas, gas in the Baltic sediments, consists predominantly of greenhouse gas methane 
Gas bubbles due to their significant influence on acoustic properties of the sediments in 
which they reside, especially in the shallow sea are capable to affect the far range propagation 
of the low frequency sound [3]. Usually, the recognition of gas bubbles presence in bottom 
sediments is performed employing seismoacoustic profiling, but it is also possible to use 
different types of echosounders and sonars due to locate gaseous seeps, or to identify the 
sediment structures associated with gas presence. In this paper we analyzed and characterized 
sound scattered in gas saturated sediments and in sediments without gas bubbles (but with 
similar grain size) in order to determine the classification parameters of the echo envelope 
which allows the classification of sediment due to the gas content 

 

2. STUDY AREA 

The investigations were carried out in the Gda sk Basin region (part of Gda sk Deep, 
external and internal part of Gulf of Gda sk - area under strong anthropogenic influence, 
(Fig.1)). In this regions hydrological conditions are largely influenced by the Vistula river 
discharge. The seasonal thermocline situation and the permanent pycnocline from a few to 
several meters above the bottom surface lead often to the  anoxic conditions in the bottom 
waters [4]. In this region we can observe relatively high primary production and 
contemporary sedimentation rates of rich in organic content matter can be excessively high 
and range in some regions from 1.5 to over 2 mm per year [5]. The combination of these 
factors often leads to the anaerobic production of methane and gas bubbles forming in the 
bottom sediments. In the southern parts of the Gda sk Basin, sediments forming a bottom 
surface structure (layers 1 m. below the sea bottom surface) consist mainly of acoustically 
harder fine and coarse-grained sands while in the Baltic Sea Deep Basins, the topmost layers 
of Holocene sediments are acoustically transparent mud, marine-silty-clay, clayey silts with 
patches of and sand-silt-clays 

 

Fig. 1. Location of the experiment 
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3. MEASUREMENTS 

In order to obtain a better identification of a different form of shallow gas saturated 
sediments in Gda sk Basin regions (especially in the gas seepage areas), several cruises were 
carried out from November 2008 to April 2013. During research, number of  acoustic 
equipment has been used allowing us for employing diverse acoustic signals of various 
frequencies and beamwidths. More accurate bottom diagnosis of the gas bubbles presence in 
the sediments and in the water column was possible through simultaneous using of many 
different types of echosounders previously not applied in such investigations. 

Odom MK III echosounder permanently mounted to the hull of the vessel, working at the 
frequency of 12 kHz, was used as a main tool to acoustic identification of gas saturated 
sediments layers even few meters below the bottom surface. In the most interesting areas due 
to gas discharges observation, Simrad EK60 echosounders operating with the same 
beamwidth in the three frequencies: 70, 120 and 200 kHz were applied during vessel drift. 
All transducers were mounted close to each other in order to allow observation of the same 
bottom fragment.  

Acoustic observations were carried out both during the movement of the vessel at the 
designated transects, vessel drifts within a specified areas and in the selected strategic points. 
The methodology was discussed in details based on the results of the acoustic sounding 
carried out during the vessel drifts over the area of the gas saturated surface sediments, gas 
outflows from the methane pockmark and sediments without significant amounts of gas 
bubbles between solid particles (Fig. 2) 

 

Fig. 2. Echogram (obtained from 12 kHz echosounder) displaying three different studied 
regions: (A) gas saturated muddy sediments wihout wisible gas outflows, (B) gas pockmark 

region with wisible gas outflow, (C) gas free muddy sediments 
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4. ANALYSYS OF RECORDED ECHO 

Various features of the shallow gas accumulations as gas charged layers, acoustic 
turbidity in a geologically diversified bottom and methane pockmarks were observed during 
performing acoustic imagining. In order to enable better identification of the expressions of 
shallow gas in the Gdansk Basin, parametric analysis of acoustic echo based on currently 
available classification methods [6] and volume backscattering strength (Sv) analysis were 
performed.  

In this paper in order to better explain the procedure, in details we present results of the 
parameterization of echoes on the example of signals recorded by using EK60 multi 
frequency echosounder. To observe the differences between the results of the echo 
parameterization, to the analysis echo signals recorded in three regions (significantly different 
in terms of the content of gas bubbles in muddy sediments) were selected  As a first step, 
consecutive envelopes were analyzed to reject signals recorded while significant echosounder 
tilt (caused by waving). The statistical envelope parameters were calculated based on the 
recalculated linear form of the Sv (expressed on a logarithmic scale). The TVG function was 
established  in the form of 20log10 R (where R corresponds to the distance from transducers to 
the bottom). Based on a shape of the echo envelopes, relative depth of penetration of the 
signal into the bottom and depth of occurrence of the most intensively reflecting acoustic 
signal layer, were compared due to the various transmitted signal frequencies and different 
forms of shallow gas occurrence in the sediments. Based on the energy scattered at the 
sediment volume from the first reflection from the bottom to the strongest reflections in the 
sediments layers and the energy scattered at the sediment volume from the strongest 
reflection to the depth of significant attenuation of signal, parameter 1S  which determined the 
ratio of the two phases of the signal was calculated. As a parameter describing diversity of 
echoes reflected from the bottom with various content of the gas bubbles, sets of a few first 
moments of the echo envelope ( i ) were calculated: 

0

)( dzzSvzi
i      (1) 

Where z expressed relative depth of echo envelope fragment (calculated using speed of sound 
in the water). As a next step, skewness  of the echo envelope was calculated as a parameter 
expressed intensity of the attenuation of the signal in the sediment volume: 

3
2

3
~

~
     (2) 

As the last parameter, based on the of the shape of the echo envelope fractal dimension was 
calculated 

 

5. RESULTS AND DISCUSSION

Acoustic properties of sediments are largely dependent on the presence of gas bubbles in 
the bottom. In regions with high concentration of the gas bubbles it is possible to observe 
such effects as acoustic blanking or shadowing. Based on the analysis of the shape of the 
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echo envelope it is possible to distinct sediments where gas bubbles are present. In our 
studies, using three frequencies in order to sediment analyzing in any considered case 
allowed to notice much higher amplitude of the reflected echo and a significant attenuation of 
the signal in areas where gas outflows were noticed (Fig. 3). Strong reflection on the borders 
of sediments without gas bubbles and gas saturated layers is clearly visible also in area where 
currently gas outflows were not observed 

 

Fig.3. Examples of the echo envelopes obtained as a mean value from 10 consecutive pings 
for differentiated regions (A,B,C) and various transmitted frequencies 

Comparing parameter 1S  (for the various transmitted signal frequencies) indicates the 
differences in amount of energy of the signals scattered from the sea bottom. It can be 
observed that in case when acoustic signal penetrates the bottom relatively shallow (120 kHz, 
200 kHz) the 1S  parameter value is lower than in case when signal penetrate sediments a little 
bit deeper (70 kHz) which is associated with a higher attenuation for a highest frequencies in 
the layer of sediments containing gas bubbles Tab.1. The high value of the 1S  parameter 
corresponding to 70 kHz signal in the area of the gas outflows can indicate significant signal 
reflection in a certain volume of the upper layer of gas saturated sediments. 

 

Frequency/area A B C 
200 kHz 9.2193 7.6514 8.4734 
120 kHz 9.7653 7.8822 9.2166 
70 kHz 10.0006 10.7813 9.4319 

Table. 1. Mean 1S  parameter calculated for the scattered signals for differentiated regions 
(AB,C) and various frequencies 
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Calculated parameters of the echo envelope allowed to observe significant differences 
between the signal scattered from the sediments without gas bubbles, gas saturated sediments 
and sediments from with significant gas outflows can be noticed (Fig. 4). Especially in active 
pockmark region it is possible to observe significant changes of all parameters compared to 
parameters calculated for sediments without gas bubbles. This situation can be observed both 
for frequency 70 kHz and higher frequencies 120 kHz and 200 kHz. Less significant but also 
observable difference was noticed in the case of gas saturated sediment without visible 
occurrence of the gas outflows. 

 

Fig.4 Example of an echogram in the three differentiated regions (A,B,C). In the four upper 
panels zero order moment, fractal dimension, second order moment and skewness of the 
envelope are presented. Fifth panel shows echogram from the specified bottom section 

Presented method show a high sensitivity, depending on the level of gas saturation of the 
sea surface sediments. Parametric Analysis of the echo envelope clearly demonstrates that 
presence of the significant amount of gas bubbles in sediments is one of main factors that 
have an influence on acoustic properties of the sea bottom. Differences in the length of the 
scattered signal are particularly noticeable in the case of muddy sediments containing no 
bubbles and in comparison sediments with similar grain sizes containing gas. In the next step 
the calculated parameters can be used for example as an input parameters for the 
classification algorithms of the methane saturated sediments. 
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Abstract: Natural marine methane sources in the Arctic are currently studied by the 
scientific community as they might increasingly impact global atmospheric methane 
concentrations. Dissolved as well as free gas (bubbles) can be released from the seafloor 
at seep sites even in more than 2km water depth. The release is transient in nature and is 
linked to external (pressure changes due to tides, currents, earthquakes) as well as 
internal forces (microbial methane production, gas hydrate decomposition, filling of 
shallow gas pockets, methane supply from deeper sediment horizons). To understand the 
dynamic of this phenomenon, hydroacoustic techniques (single, multibeam, sidescan 
sonar) are important tools to map remotely, without interference of the sensitive gas 
systems, large areas at the seafloor. Using the backscattering produced when sound 
waves interfere with gas bubbles the location, activity as well as the gas flux from seep 
sites can be determined. 
In our research we used an EK60 split-beam echosounder to collect hydroacoustic data 
from the water column south of Kongsfjorden offshore NW-Svalbard (~78 N). 
Hydroacoustic data were collected during surveys in 2009, 2010 and 2012 between 200 
and 400m water depth. Data have been analyzed and processed with a specialized 
graphical user interface ‘FlareHunter’ to allow for accurate seep positioning, 3D 
visualization, bubble rising speed measurement, as well as flux estimates. In addition to 
hydroacoustic data we use visual observations and bubble dissolution modelling to gain 
insight into the temporal variability, changes in flux and seep location over the years of 
observation. 

Keywords: Arctic, seep sites, hydroacoustic techniques, EK60 split-beam echosounder, 
methane flux, bubble quantification. 
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1. INTRODUCTION

Methane as a greenhouse gas plays an important role in the climate system. It is 
released into the atmosphere from natural (wetlands, permafrost melting, and hydrate 
dissociation) and anthropogenic sources (biomass burning, agriculture, livestock). Our aim 
is to better understand the temporal variability and strength of methane being released 
from the seafloor as free gas (bubbles) and its potential to reach to sea surface. 

The Arctic region is a big reservoir for methane, either stored in gas hydrates, as gas or 
as organic matter locked up in permafrost. Climate change makes the Arctic a potential 
area of strong CH4 sources due to hydrate dissociation and methanogenesis occurring in 
thawed permafrost. As a result, methane seep areas can form releasing unknown amounts 
of methane into the water column. Methane can reach the sea surface as a free gas due to 
bubble buoyancy or even bubble induced upwelling. Due to gas dissolution during bubble 
rise in the surface near mixed layer, this portion of methane is also equilibrated with the 
atmosphere. Here we focus on the free gas release and transport through the water column.  

The input of free gas into the atmosphere from marine sources depends on the bubble 
dynamics through the water column and the strength of the seep sites; the flux of free gas 
across the seafloor. Several models have been developed to describe bubble dissolution 
and mass transport according to ambient environmental conditions (e.g. [4] and [5]). At 
the same time, different techniques to quantify the flux of free gas above the seafloor have 
been used, such as in situ measurements of bubble release applying video camera 
observations, trapping systems and hydroacoustic scanning sonar techniques. However 
these methods fail in mapping larger areas which is vital to determine the spatial coverage 
of seep sites. 

Hydroacoustic has been considered the most convenient due to its non-invasive nature 
and the capability to cover large areas. Methods are mainly based on the relationship 
between the volume of the gas transported and the strength of the backscattered and 
received signal by active systems (single and multibeam systems, side scan sonar).  

Two examples are, the bubble quantification method used by Ostrovsky et al. [10] and 
the inverse hydroacoustic method for remote quantification developed by Muyakshin et al. 
[8]. The present article uses the method developed by Muyakshin et al. to show total flux 
estimates of a seep site area offshore Svalbard and its temporal variability. 

  
 

2. STUDIED AREA AND SURVEYS 
 
The investigated area is situated west of Prins Karls Forland, offshore NW-Svalbard 

(Figure 1). The active seeping area discovered by Westbrook et al. in 2008 [12] is divided 
into one deeper area between 400 and 350m water depth and a shallower part just at the 
shelf edge in about 250m. The area has been revisited repeatedly by several research 
groups since it was discovered. Our data were collected in 2009, 2010 and 2012 on board 
RV HelmerHanssen from Tromsoe University, Norway. The release of gas at the shelf 
area is linked to sedimentary fluid and gas migration path ways formed during the 
deposition of glacigenic debris flows. The deeper zone of gas seeps is assumed to be 
linked to gas hydrate decomposition due to bottom water warming. 
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Figure 1. a) Map of the working area and accurate positioning of the acoustic flares 
detected during the three different surveys b) Three dimensional view of the bathymetry 
and the spatial distribution of the detected acoustic flares.

3. MATERIALS AND METHODS 

Free gas releasing detection and hydroacoustic data acquisition 
We used a calibrated EK60 split beam scientific echosounder for our studies operating 
with 18 kHz, 38 kHz and 120 kHz. Online visualization of data and control of the EK60 
system was done with the ER60 software. All hydroacoustic data were georeferenced and 
motion corrected for accurate positioning of the returning echo.  
 

Flarehunter tool
A MATLAB based graphical user interface (FlareHunter) was developed to analyze the 
hydroacoustic data collected. It calculates and represents values of target strength TS and 
backscattering volume strength SV. FlareHunter visualizes and analyze the spatial 
distribution of the backscattering using the information of the mechanical angles of the 
backscattering inside the beam obtained with the split-beam echosounder (3Dview tool). 

 
Figure 2.Screenshot of the main window of Graphical User Interface FlareHunter 

 
Acoustic flare detection 

Using the selection tool of FlareHunter, data of acoustic flares are manually selected in 
the echogram, visualized, and processed for flux measurements. The information inside 
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the selection box gives the  under certain threshold and the spatial distribution of  
(north, east and depth). Data are manually cleaned in 3D with the brush function of 
MATLAB to eliminate the backscattering coming from fish and other sources of noise. 
Finally, the data were saved in *.mat files. 
 

Seep location (geomean tool)  
Because the backscattering of bubbles in greater water depth is produced from multiple 
targets, the location of the gas releasing source at the seafloor cannot clearly be defined. 
To overcome this problem, a geometrical average was applied to the selected echogram 
data and a spatial tendency of the bubble occurrence in the water column could be derived.  
 

Flux measurements 
To calculate methane fluxes from different years we used the hydroacoustic method 
developed by Muyakshin et al. [8]. The methodology is based on the relationship between 
the backscattering coming from a cluster of bubbles and the mass of gas transported by 
this bubble cluster through the water column. 
According to this method, the flux can be calculated by equation 1: 
 

                                                            (1) 
 
Where density G is the methane density at a specific water depth and temperature; K 
depends on the bubble size distribution function f(r), the bubble rising velocity function 
U(r), as well as the resonance bubble radius r0 and the bubble damping . The acoustical 
cross-section per unit of volume V is calculated from the backscattering volume strength 
SV of the gas inside a specific layer above the seafloor (here the layer is from 5 to 15 m 
above the seafloor). 

4. RESULTS 

Acoustic map 

Using the hydroacoustic data from the three survey years we constructed an acoustic map 
of the seeping area to represent the spatial distribution of the seep sites and its strength (SV 
values) above to the seafloor (Figure 3).  

Fluxes
For flux estimations of methane for the entire area we used the discrete version of 
equation 1 for each map grid cell. 
 

                                              (2) 
 
For that, V values were calculated for each cell using the nearneighbor command from 
Generic Mapping Tools (GMT). As the K value depends on , , , these 
values were generated. The function  was obtained using a polynomial fit method 
with the bubble size distribution (BSD) derived from video camera footage. U(r) was 
calculated for a radius range from 1 to 6 mm given by the BSD using a MATLAB routine 
created by Ira Leifer based on [3], [4], [13] and [14]. r0 was evaluate using the Minnaert 
resonance [7] for a frequency of 38 kHz and 220 m water depth and the bubble damping 
was calculated with the relationship of Medwin and Clay [6], using the same frequency. 
Data from different years were combined and used to calculate the flux of the studied area 
(see table 1).  
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Figure3. Acoustic map of the seep area. The map shows the spatial distribution and the 
energy in dB of the backscattering volume strength produced by the bubble release in a 

layer 5 to 15m above the bottom. The insonified area is shown in grey. 
 

Depth 
average (m) 

 
 

  model K (m2/s) Flux 
(T/yr) 

220 0.41 16.5 0.25 Leifer (clean bubble) 0.003435 229.8 
Leifer (dirty bubble) 0.002798 187.2 

Woolf93(dirty bubble) 0.003818 255.4 
Woolf & Thorpe91(dirty bubble) 0.003165 211.7 

Mendelson 0.003738 250.0 
Leifer&Patro(clean bubble) 0.003695 247.2 
Leifer&Patro(dirty bubble) 0.002983 199.5 

Table 1: Flux values of the study region using different models of bubble rising speed. 

5. CONCLUSIONS 

The FlareHunter tool analyses data coming from the EK60 echosounder to derive 
accurate positions for bubble releasing seep sites allowing for a better repeated 
monitoring. 

Acoustic maps can be created in order to visualize the strength of the bubble release, 
the spatial distribution of active seep sites and the positioning of the most active areas that 
might be ideal targets for in depth investigation with ROV and lander systems.   
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An evaluation of the flux of the methane above the seabed was carried out using an 
inverse hydroacoustic method, different models of bubble rising speed and the 
hydroacoustic map data. The evaluated area covered 2.75 km2 within which only 0.75 km2 

have had acoustic information of methane release. Flux values of the effective area 
assuming steady discharge vary between 187 and 255 T/yr CH4 (369 - 504 mmol/s). 
Results agree with flux values calculated by Greinert et al. [2] at the Black Sea (1219–
1355 mmol/s corresponding to 7.3 km2), Nikolovska et al. [9] at the Black Sea (0.6167- 
333 mmol/s per vent in a field of 40 vents) and Sauter et al. [11] at the Haakon-Mosby 
mud volcano (80–360 mmol/s per each vent, with 3 vents distributed over the mud 
volcano of 1.5 km in diameter).
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Abstract: Passive acoustics has been investigated for bubble measurement in geophysical 
systems for more than two decades. However, quantification of undersea gas leaks from 
pipelines and natural hydrocarbon seeps remains a significant challenge. The sparse bubble 
generation from the modest seep allowed the emission from each bubble to be separately 
observed. The traditional approach based on the determination of the bubble radius from the 
frequency of its ‘signature’ passive acoustic emission by use of so-called ‘Minnaert formula’ 
has a restricted area of applicability near the seabed. The point is that the inertial mass of 
the birthing bubble is markedly different from the one of a free bubble. The theoretical model 
for the bubble volume oscillations near the seabed has been proposed and an analytical 
solution has been derived. It was shown that the bi-spherical coordinates provide separation 
of variables and are most suitable for analysis of volume oscillations of constrained bubble. 
The closed form solution has been found and a modification of the inertial term in Rayleigh 
equation has been derived.  

Keywords: Bubble, seeps, passive acoustic emission 
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1. INTRODUCTION

The underwater gas transport network is a complex and continuously expanding one.  
Subsea leak detection is becoming increasingly important in the gas and petroleum industry. 
The field experience to date with leak detection systems is limited mainly to the Norwegian 
sector in the North Sea and to the Barents Sea [1]. The problem for sensor performance is 
unwanted warnings, often generated due to natural seepage of hydrocarbons from the seabed. 
Handling of natural seepage without giving unwanted warnings is a challenge for further 
development of subsea leak detection. The acoustic remote sensing of subsea gas leakage is 
divided into active and passive acoustic methods. Active acoustic sensors are sonar detectors. 
Passive acoustic methods use hydrophones picking up the sound, generated by a leak. A 
limitation to this technology is that the sound from small leaks might not reach the 
hydrophones. Background noise may disturb the measurements. Passive acoustics has been 
investigated for bubble measurement in geophysical systems for more than two decades [2–
4]. This technology has a role to play in oceanography for a better understanding of natural 
occurrences of gas release from the seafloor such as gas seepage or mud volcanoes [4–5].  

There is a need for a method by which gas bubbles emanating from the seabed can be 
accurately quantified. Although a great deal is known about the oscillations of bubbles in 
unbounded liquids [6], it is not very clear to what extent these results are applicable to the 
passive method because, during the acoustic emission, the bubble is in the vicinity of the 
seabed. Interest in the dynamics of a gas bubble near a solid boundary originates from 
investigations of caviation phenomena. The literature on these investigations is very 
extensive. The traditional approach based on the determination of the bubble radius from the 
frequency of its signature passive acoustic emission by use of so-called Minnaert formula has 
a restricted area of applicability near the seabed. In the present paper, the theoretical model 
for the bubble volume oscillations near the elastic seabed has been proposed and an analytical 
solution has been derived.  

2. MODEL

Consider a bubble suspended in an ideal fluid (medium 1) with density 1 . The bubble is 
at distance h from an elastic solid (medium 2) with density 2 , bulk modulus K and shear 
modulus . The geometry of the problem is illustrated by Fig.1. The basic bubble 
equilibrium shape is the sphere of radius 0R . In the present study, cases of prime interest are 
the results of analytical calculations on the bubble-boundary problem. On this reason, we 
should use ad initial a number of approximations adherent to the problem. In order to keep 
the problem as simple as possible we wish to disregard the surface ripples produced by 
oscillating bubble as well as all the other damping mechanisms, which include thermal, 
viscous and acoustic effects. It will be assumed that the size of the bubble is smaller than the 
emitted acoustic wave length. Thus, there is effectively an 'inner' region around the bubble in 
the medium (1) which may be regarded as incompressible, leading to the velocity being 
expressed as the gradient of a potential  ( 2 0 ).  

The pressure in the liquid ( , )P tr  is governed by the Bernoulli equation 

1( , ) ( , ) ( ) ,P t t t Pr r    (1)
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where P  is the equilibrium pressure. As the potential in the Bernoulli equation is defined 
within an arbitrary function of time, the potential at large distances from the bubble  is 
commonly taken to be zero, but we choose another normalization of this variable. 

The dynamic boundary condition is that the pressure on two sides of the bubble wall S 
differs only because of surface tension. If ( , )lP P S tr  and 0 0( / )gP P V V  denote the 
pressure in the liquid and in the bubble respectively, then ( ),l gP P n  where n  is the 
unit normal,  is the coefficient of surface tension of the gas/liquid interface. 

 
 
 
 
 
 
 
 
 
 

Fig.1: Illustration (a) and photography (b) of 
the bubble birthing from the sandy seabed 

 
We adopt a polytropic law for the gas in the bubble and V, 0V  are the instantaneous and 
equilibrium bubble volume,  is the polytropic exponent, 0P  is the equilibrium pressure in the 

bubble. The kinematic boundary condition at the bubble wall takes the form: ( ) Srv n  
where  is the normal displacement of the bubble wall S.  

Although the general problem of the volume bubble oscillations near an elastic half-space 
has been analysed in this study, below, to avoid very cumbersome calculations, we restrict 
ourselves to the simplest solutions corresponding to an absolutely rigid and effective 
impedance boundary conditions on the bottom. We assume that the bubble birthing in the 
vent has axial symmetry and has no angular momentum. The choice of the coordinate system, 
which has an axial symmetry and leads to the separation of variables in the Laplace equation, 
will help in finding of an analytical solution of the problem. 

3. BUBBLE KINEMATICS IN BI-SPHERICAL COORDINATES 

The symmetry of the Laplace equation leads to 17 coordinate systems admitting separation 
of variables. At this point it is convenient to introduce bi-spherical coordinates which is one 
of these systems. This coordinate system has been successfully used in Ref. [7] to describe 
bubble dynamics near a free surface. The bi-spherical coordinates ( , , ) are related to 
Cartesian ones (x, y, z) by the relations: 

sin cos ,
cosh cos

x a  sin sin ,
cosh cos

y a  sinh ,
cosh cos

z a  

0 0sinh ,a R 2 2
0 0 0ln / / 1 ,h R h R  

(2)

(a) (b) 
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Fig.2: Illustration of bi-spherical coordinates. The bi-spherical coordinates of any point are 
given by the intersection of a sphere, a surface formed by the circular arc with centre 
( cot ,x a  0z ) and radius / | sin |a  rotating around the axis Oz and an azimuthal 
plane. Surface 0  is the sphere with centre at ( 0coth ,z a  0x y ) and radius 

0/ | sinh |a  (a). Circles of constant  and  in the (x; z) plane are shown in figure (b)  
 
where  goes from  to ,  and  go from 0 to  and from 0 to 2 , correspondingly. The 
surface 0  is the bubble, while the undisturbed interface corresponds to 0.  For 0 , 
cos 1 corresponds to r  . 

Thus we should find the solution of the Laplace equation, which in bi-spherical 
coordinates has the form 

2
2

3 2 2
1 1 sin 0,

sin sin
h

h h
h

   
(3)

where /[cosh cos ],h h a sin /[cosh cos ]h a  are the Lamé coefficients. 
The pressure within the bubble is practically constant, when its size is smaller than the 

wavelength  (homobaric bubble) and hence his surface is equipotential, if neglecting surface 
tension. We shall analyze linear volume oscillations of the millimeter sized bubbles and 
therefore can use this approximation. This analogy with electrostatics was initially proposed 
by Cole [8] and used in subsequent studies [9–10]. So far, the potential at large distances 
from the bubble wall  was an arbitrary function. Now we can choose this variable such a 
way that the equipotential value at the bubble wall vanishes ( , ) 0St rr . This 
approximation provides us a mean to develop the analytical solution to the boundary value 
problem. 

4. SOLUTION

To separate the variables in the Laplace equation, we replace ( , , , )t  by ( , , , )t : 
cosh cos . Then, in view of assumed the axial symmetry of the system, Eq. 

(3) acquires the form 
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2

2
1 sin .

sin 4
   

(4)

The Legendre functions (cos )nP  are the eigenfunctions of the linear differential operator of 
the left hand side of Eq. (4) with eigenvalues ( 1)n n  (n – integer). The solution of Eq. (4) 
can be found in the form 

( 1/ 2) ( 1/ 2)

0

( , , ) ( ) ( ) (cos ),n n
n n n

n

t a t e b t e P  
(5)

where na  and nb  should be determined from the boundary conditions.  
The rigid-bottom condition is easily satisfied because it avoids solutions in an elastic half-

space. At the same time, it has the largest area of applicability. Note that to justify this 
condition for the millimeter-sized bubbles 3

0 ~ 10 mR  and the distances to the bottom h 
comparable to this value, it is necessary that the length of the shear wave in the medium (2) 
substantially exceed these scales 0(~ / ) ,t tc h R  (here tc  is the speed of the shear wave). 
For the range of typical values of shear wave velocity in sediments 50 400tc  m/s and 
kHz frequency range, corresponding to the natural frequencies of millimeter sized bubbles, 
we have 25 mm 400 mm.t  

The solution in the form (5), satisfying the boundary conditions at 0  and 0  has 
the form 

The structure of (6) is similar to that obtained in Ref. [7] for the free surface and describes the 
other limiting case of a rigid boundary. Note that although the surface of the bubble is 
equipotential, it has no a spherical shape. The rate of displacement 

0

1 (1)= / |h is 
described by 

By calculating the variation of the bubble volume V , and substituting this value in the 
dynamic boundary condition at the bubble wall, we obtain an analogue of the Rayleigh 
equation. 

0( 1/ 2)

0 0

( , , ) ( ) 1 cosh cos 2
cosh 1/ 2

n

n

et t
n

 

cosh 1/ 2 (cos ) .nn P  

(6)

0
3/ 2 ( 1/ 2)

0 0
0

( ) 1( , ) sinh cosh cos 2 1/ 2
2

n

n

tt e n
a

 

0tanh 1/ 2 (cos ) .nn P  

(7)
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Fig.3: The solid line represents the ratio of the oscillation frequency of a bubble near a rigid 
boundary to its value in an unbounded fluid. The abscissa is the distance from the boundary 
divided by the bubble radius. The limiting case (marked by the arrow) when the bubble wall 
is tangential to boundary in one point has been analysed earlier [9] 
 

Here,  and 0  are the natural frequencies of the bubble located at the distance h above the 
rigid bottom and a free bubble, respectively, 0/ .h R  It should be noted that the presence 
of a rigid boundary decreases the natural frequency. A graph of the ratio 0/  as function 
of 0/h R  is shown in Fig. 3.  

For rising bubbles, the distance h can be evaluated as h ut , where the rising velocity of 
millimetre sized bubbles u equals to 14–20 cm/s. For this reason, the bubble will rise during 
radiation time at distances comparable with its radius. Thus the radiation comes from a region 
immediately adjacent to the bottom. To characterize the peculiarities of this radiation, we 

2

02
0 0 0 0 0

1 ( ) sin 12 sinh
2cosh cos

V t a ddS
V V V a

 

0
3/ 2 ( 1/ 2)

0 0
0

cosh cos 2 1/ 2 tanh 1/ 2 (cos )n
n

n

e n n P  

(2 1)
2

0 02
0 (2 1)2

200
0 0

( / ) ( / ) 13 ( ) 1 2 ( / ) 1 ;
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h R h Rt h R
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shall find an approximated solution of Eq. (9) for the variable natural frequency ( )t  of 
rising bubbles which, however, slowly varies on the time scale 1

0 . Quasi-classic solution of 
this equation has the form 

where we accounted for the damping by introducing a phenomenological coefficient . 
To evaluate the pressure variations picking up by a hydrophone, we use the Bernoulli 

equation (1) 

The pressure in the point of observation will vary not only due to the change of the 
fundamental  frequency, but also by changing the distance to the observation point. 

5. DISCUSSION 

This theoretical study was initiated by a series of field experiments in the coastal area of 
the Sea of Japan. Observations of seabed bubbles at artificial marine seeps by passive 
acoustic and optical approaches have been compared and physical interpretation of 
significant features has been offered. Bubbles were generated at depths of 2, 6 and 10 meters 
with an adjustable supply of compressed air through the various nozzles. The most interesting 
results were obtained when the air supply was made through the sand layer thickness of a few 
centimetres. Attempts to identify differences from the periodic dependences of the registered 
acoustic signals and compare them with the predictions of the theory, in particular based on 
the formula (10), did not lead to an unambiguous result. The reason for this, we see the 
following factors. The level of the radiated signals was low, and the deviation of the 
frequency did not exceed 20%. The intensity of the underwater noise was high enough during 
the discussed experiments. On the other hand, the technique used in the precise laboratory 
experiments [11–12] has an adequate accuracy to detect these variations. 

Impedance boundary condition has been used to model a more general case of an elastic 
seabed. The sound speed of the shear wave is sufficiently lower in muddy sediments in 
comparison with the sandy one. The structure of the solution has a similar form (5), and only 
the coefficients na , nb , determined by the boundary conditions, take a more complex form. 
Accounting for elastic properties of the bottom causes that the bubble oscillator has increased 
rigidity of the ‘spring’. The formula for the natural frequency looks more cumbersome. 
However, the increased inertial mass can be compensated by an increase in rigidity. As a 
result, the natural frequency is closer to an unperturbed value, than in the case of a rigid 
boundary. 

0

(0)( ) (0) exp ' ( ')
( )

t

t t i dt t
t

, 
(10)

1 1
0

( , ) ( , ) ( ) ( , ) cosh cos 2 (cos )n
n

P t P t P t t Pr r r  

(2 1)
2

0 0

2 ( )cosh 1/ 2
( / ) ( / ) 1 1

n
tn

t ut R ut R
. 
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This result can provide an explanation for unobserved variations in the bubble natural 
frequency in marine experiments. For a birthing bubble, the gas channel in the nozzle or in 
the sandy base is similar to some extent to accounting for elasticity and can lead to the same 
consequence – compensation of the increased inertial mass. 

6. CONCLUSIONS 

The inertial mass of the bubble birthing near the seabed is markedly different from the one 
of a free bubble and this mass decreases as the bubble rises which leads to the variations in 
the period of its natural oscillations. The theoretical model for the bubble volume oscillations 
near the elastic seabed has been proposed and an analytical solution has been derived. 
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During hydroacoustical observations of fish in reservoirs and lakes of temperate zone, an 

indispensable amount of methane bubbles rising from the bottom sediments toward the water 
surface was registered. These bubbles essentially interfere with acoustical detection of fish, 
thereby biasing an estimate of the fish abundance and biomass The experiment with methane 
bubbles  controlled production was made with using of Simrad  EK60 echosounder working with 
38. 120 and 400 kHz frequency from the depth of 6m. Six sizes (from 1 to 8 mm in diameter) of 
methane bubbles were observed both vertically and horizontally.  As an acoustic attributes were 
observed target strength (TS) and its changes, speed and direction of moving and echo length. 
Target strength  of bubbles copy target strength of fish with the similar variability, so this does 
not look like good parameter for distinguishing, moreover the TS in horizontal mode of 
observation is stronger significantly than in vertical mode. Similar are also results with the echo 
length. Direction and speed of moving of bubbles look more promising. As an interesting side 
result seems to be observed changes of TS of particular bubbles in dependence on their density 
(on the interval among bubbles) in the sound beam.   

Keywords : Bubbles, methane, acoustics, fish 
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1. Introduction 

During vertical beaming acoustic surveys in lakes or reservoirs of temperate zone, an 
indispensable quantity of gas bubbles rising from bottom sediments toward the water surface can 
be observed [1,2]. These gas bubbles as strong scatters, however, interfere with acoustic 
detection of fish, thereby biasing an estimate of fish abundance and biomass [3]. Fortunately at 
vertical deployment with a low survey speed, rising bubbles can be recognized for their vertical 
movements, which are not frequent in fish. This could be utilized to quantify the density of gas 
ebullition and consequently subtracted from the total densities of observed objects [4,5]. This 
solution is possible to use only in water bodies with an adequate depth for applying vertical 
beaming acoustics and when a surveying boat is sufficiently low for tracking rising bubbles. In 
cases of shallower waters or surface-living fish communities [6,7], horizontal beaming acoustics 
is a more appropriate method and distinguishing bubbles based on vertical movement cannot be 
applied. 

In this study, we used various sizes of artificial methane bubbles to investigate their acoustic 
characteristics for distinct acoustic frequencies in both vertical and horizontal mode of the 
observation with common type of echosounders. 

 

2. Methods and material 

The study of acoustic response and characteristics of gas bubbles was performed in the ímov 
reservoir. The experimental site was situated in roofed-over boat dock with standing water of 6 
m depth. A bubble production device was fixed at a special aluminum frame and placed right 
below the dock. Prior to the field experiment, the production device was tested in a special tank 
in laboratory using the high speed and high resolution camera to achieve the most accurate 
measurement of bubble volume and shape. The size spectrum of bubbles was predicted on the 
base of acoustic size composition obtained from common acoustic surveys of the Czech 
reservoirs (Table 1). The artificial bubbles were consisted of methane using a set of nozzles with 
pressure drop elements coupled with a set of solenoid valves [8]. The valves were controlled via 
National Instruments CompactDAQ card by means of LabVIEW software. The pressure of 
methane in supply line was controlled by a couple of pressure reduction valves with an electronic 
pressure transducer (BD Sensors).  

Also in the field, the size and behavior of  rising bubbles were observed optically with 
cameras SplashCam Delta Vision HD B/W, Ocean systems Inc. 

All acoustic measurements were performed with Simrad EK60 split-beam echosounders 
operating with frequencies of 38, 120 and 400 kHz. For vertical deployment, all transducers were 
circular ones with nominal angles of 12° (38 kHz) and 7° (120 and 400 kHz) and mounted on a 
special frame equipped with buoys. For horizontal beaming acoustics, an elliptical transducer 
ES120-4 (4.3° and 9.2° nominal angles) was utilized and attached to a vertical pole, which 
enables to alter the depth of horizontally aiming transducer (1 – 4 m). The acoustic equipment 
was calibrated with tungsten-carbide standard targets [9-11]. The operating power was adjusted 
to 100 W with 0.05 ms pulse rate.  The pulse length was set to 256 ms for 38 kHz frequency, and 
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128 ms for both 120 and 400 kHz frequencies. The echosounder’s single echo detector threshold 
was fixed conclusively to accept echoes with a minimum value of -80 dB.  

All collected acoustic data were processed with Sonar5 Pro software (Balk and Lindem, 
University of Oslo). Only bubbles recorded in the central beam were included into analyses. In 
the case of elliptical transducer, collected data were restricted in magnitude of -1 and +1 degree 
on the vertical axis. 

 
 
3. Results and discussion 
 
Values of acoustic target strength TS  for all measured sizes of bubbles observed vertically 

and horizontally are depicted in Figures 1 and 2.  Target strength of measured bubbles did not 
differ from TS of a fish, ranging from -60 to -40 dB. Generally, we can say that signals for the 
smallest sized bubbles (S1) correspond to 4.5-cm long fish larvae[12], whereas signals for the 
largest bubbles (S6) represent 10-cm long fish in both vertical and horizontal mode of the 
observation [13].  Also, echo length cannot be applied to distinguish bubble from fish target. 

When compared vertical and horizontal observation at 120 kHz, TS values for smaller sizes of 
bubbles (S1 and S2) are weaker in vertical observation than horizontal one, ranging  up to 14 dB 
dependently on the depth. In contrast with other sizes, the difference is opposite, for S6 bubbles 
the difference makes 16 dB.  So consideration of spherical shape of rising bubbles and possible 
subtraction this bubble size distribution obtained during vertical observation in horizontal 
records [4] seems to be quite misleading. 

TS of bubbles observed vertically did not change their TS size with their ascent. Similarly, TS 
of bubbles in horizontal records failed to change with the depth of observation, except for the 
smallest S1 bubbles, which were increasing TS. This S1 size is also interesting from the view of 
unpredictably strong TS, which acts like the strongest target at all, and exceed the largest size of 
bubbles about 5 dB in a depth of 1 m below the surface.  This might be attributed to the fact that 
bubbles of that size in unclean water (i.e. without other treatment as distillation or cleaning with 
carbon filter) rise rectilinearly, and in this particular case bubble-bubble spacing were not large 
enough to exclude multiple scattering. The influence of bubble separation on acoustic response 
in the case of S1 bubble is ongoing. 

A speed of bubble rising at 120 kHz failed to vary with the size and it is about 24 or 25 cm/s. 
In the case of S5 bubble, its speed is visibly slower than other sizes, i.e. 21 cm/s.  A speed of fish 
is dependent on the species, its exhibiting behavior and body length. In our so far unpublished 
cage study is well visible that a speed of 16-cm long bream (Abramis brama) during the day was 
higher up to 29 cm/s than during the night when fish was relaxing and its speed was from 2 cm to 
20 cm/s. A combination of speed and direction of movement can be a good indicator to 
distinguish the echo of bubble from that of fish. 
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Fig. 1: Acoustic sizes of bubbles observed vertically at 38, 120 and 400 kHz 
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Fig. 2: Acoustical sizes of bubbles observed horizontally at 120 kHz in different depths  
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D 

(mm) SD V SD 
S1 1.23 0.05 0.00097 0.00001 
S2 2.80 0.05 0.0115 0.00068 
S3 3.17 0.1 0.0167 0.00156 
S4 4.16 0.08 0.0378 0.00226 
S5 6.75 0.12 0.1608 0.00864 
S6 8.73 0.46 0.3484 0.05184 

 
Table 1 : Diameter (D) and volume (V) of investigated bubbles 
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Abstract: The successful, acoustic detection of unexploded ordinance (UXO) depends on 
knowledge about the underwater environment.  Reverberation from the seafloor can 
reduce the probability of detection while the sediment type can significantly alter the 
acoustic signature of proud or buried UXO.  While sediment properties can be determined 
using systems such as stereo cameras, conductivity probes, and core sampling, these point 
measurements become time consuming and impractical when supporting wide-area, rapid 
assessments of UXO-contaminated sites where the sediment properties may vary as a 
function of distance and time. In order to obtain seafloor characterization collocated with 
the deployment of UXO detecting sonars, a physics-based inversion for multibeam 
echosounder (MBES) inversion is being developed and tested using ground truth 
measurements. Preliminary development and testing utilized data collected from a moored 
vessel in the Gulf of Mexico in 2011. A more extensive suite of MBES data and ground 
truth measurements has been collected as part of the Target and Reverberation 
Experiment conducted in the spring of 2013 (TREX13).  Multibeam data was collected 
from 150 to 450 kHz along the primary, five-kilometer long track of the experiment.  
Supporting acoustic scattering data was also collected using an array attached to the 
APL-UW synthetic aperture sonar rail tower that was deployed at one end of the track.  
Ground truth data about the sediment were collected at locations along the survey track 
and included seafloor roughness, discrete and continuous volume heterogeneity, sediment 
density, sound speed, and attenuation.  The collocation of acoustic data and ground truth 
measurements provides an opportunity to rigorously test and improve the performance of 
the physics-based inversion for MBES data, with the long-term goal of extending this 
inversion to general, high-frequency sonars. 

Keywords: Sediment Characterization, UXO Detection, Multibeam Sonars 
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1. BACKGROUND

An essential component in the detection and characterization of underwater munitions 
is knowledge of the acoustic response of the environment as well as the environment's 
effect on the acoustic response of munitions. Sediment roughness and volume 
heterogeneity both contribute to bottom reverberation, the dominant limiting factor for 
target detection and classification.  It appears as a background in the total acoustic 
response, from which the target contribution is to be detected and classified. These 
properties influence both technology performance, particularly acoustic and 
electromagnetic sensors, and site management decisions, such as predicting the mobility 
of munitions in the underwater environment.  While conventional environmental 
measurements, such as particle analysis of cores and optical roughness measurements, can 
provide information on a point-by-point basis, many of the technologies being developed 
to detect and characterize UXOs are intended for use in wide area assessments of 
munitions sites.  The experiments discussed here are part of on-going research to develop 
a high-frequency sonar inversion method for environmental parameters that would 
complement these wide area assessment technologies.    

While high-frequency acoustic sonars, such as multibeam echosounders (MBES), have 
been used in sediment characterization, the inversions typically employ ad-hoc pattern-
recognition algorithms that must be “retrained” with changes in either the sonar system or 
environment [1].  To avoid the need for retraining and recalibration of the sonar, physics-
based models can be employed and the parameters obtained should be unbiased and 
independent of the sonar system employed.  A preliminary version of a physics-based 
inversion algorithm has been developed using calibrated Reson Seabat 7125 multibeam 
data that was collected in the Gulf of Mexico in the spring of 2011 [2].  This data was 
collected at a single location and a small set of ground truth measurements were also made 
at this site to provide an initial evaluation of the inversion.  In the spring of 2013, a more 
extensive data set will be collected in the Gulf of Mexico, including multibeam data along 
a 5 km survey track along with extensive environmental characterization.  This provides 
an opportunity to collect collocated, yet independent, acoustic and environmental 
measurements, which will allow the accuracy and limits of this physics-based approach to 
be evaluated.   

2. GULF OF MEXICO EXPERIMENT 2011 
 
In order to facilitate the development and testing of an MBES inversion algorithm, both 

acoustic and environmental data were collected in the Gulf of Mexico in the spring of 
2011.  These measurements were collected while the R/V Sharp was in a four-point moor 
approximately two miles from Shell Island in Panama City Beach, FL.  The experiment 
site had a sandy seafloor and a water depth of 20 m.  The bathymetry of the area and the 
mooring location are shown in Fig. 1.  While the R/V Sharp is outfitted with a MBES, 
Teledyne RESON provided a Seabat 7125 multibeam sonar for the experiment.  The 
RESON sonar was modified for operation at frequencies of 150, 200, 250, 300, 350, 400, 
and 450 kHz [3].  Details of these measurements are given in Ref. [2].  
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Fig. 1: The site of the 2011 experiment (black solid dot) and the associated bathymetry. 

Reverberation track (red lines) for TREX13 that will be the focus of the multibeam survey 
and environmental characterization during that experiment. 

In addition to the acoustic measurements, several measurements were made of the 
environment at the experiment site.  A laser-line scanner (LLS) was deployed from the 
R/V Sharp in order to measure the roughness of the seafloor.  The LLS is mounted on the 
APL-UW designed and constructed In-Situ Measurement of Porosity (IMP2) system [5]. 
The IMP2 has a four-meter long rail that has a motorized trolley attached to it.  This rail 
and trolley were originally designed to collect measurements of the porosity in the 
seafloor using a conductivity probe that is controlled by a vertical positioning system [6]. 
The conductivity probe was not working at the time of the 2011 experiment, but the 
motorized trolley allowed the LLS to collect a digital elevation map (DEM) over a 3.5 m 
long and 30 cm wide area on the seafloor with 1 mm horizontal resolution. 

At the location of the LLS deployment on the seafloor, samples of the sediment were 
also collected for subsequent analysis.  These samples consisted of diver cores and sieved 
sediment grabs. The diver cores are cylindrical tubes with a 6.35 cm diameter that are 
pushed into the sediment to collect the upper 15 to 20 cm of the sediment.  The cores are 
capped at both ends with minimal disturbance to the enclosed sediment samples and are 
brought back aboard the ship. The sieved sediment grab collection involves inserting a 25 
cm wide pipe, 10 cm into the sediment.  The sediment within this pipe is then removed 
and sieved through a mesh bag to remove all particles below 1.6 mm in diameter.  The 
remaining material consists primarily of shells and shell hash with a small percentage of 
coarse-grained sand.  These samples are brought back to the ship and used to determine 
the shell size distribution within the sediment. 
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As discussed in Ref. [4], the MBES data along with the limited environmental data 
collected at the moored ship location provided a useful data set to begin development and 
testing of a multibeam inversion algorithm.  The lack of knowledge of important sediment 
properties such as sound speed and attenuation, however, limits the usefulness of this data 
set.  Initial comparisons show discrepancies between the inverted scattering strengths and 
the scattering strengths determined from models utilizing the environmental 
characterization.  These discrepancies may be due to lack of sufficient knowledge about 
the environment and/or saturation of the MBES at certain grazing angles.  These 
discrepancies and their possible causes have informed the planning and preparations for 
the upcoming 2013 experiment.  

3. TARGET AND REVERBERATION EXPERIMENT 2013 

In the spring of 2013, a major field experiment will take place at the GulfEx11 site in 
the Gulf of Mexico.  This experiment, the Target and Reverberation Experiment 2013 
(TREX13) is sponsored jointly by the U.S. Office of Naval Research and by the Strategic 
Environmental Research and Development Program and involves scientists from many 
different institutions.  The two primary thrusts of this experiment are (1) mine and UXO 
detection using synthetic aperture sonar (SAS) and (2) reverberation measurements in an 
ocean waveguide with extensive environmental characterization [3]. During this 
experiment the Seabat 7125 will again be deployed along with the environmental 
measurement systems that were used in GulfEx11.  While the measurements in 2011 were 
collected from the moored R/V Sharp, the data collection in this experiment will focus on 
a survey area 5 km long and roughly 500 km wide (Fig. 1).  This area, referred to as the 
“reverberation track'” corresponds to the beam of the reverberation sonars and will be the 
focus of the environmental characterization that will be conducted to support those 
measurements.  This environmental characterization will include the measurement systems 
used in GulfEx11 and deployed as part of this research, but will also involve 
measurements conducted by other participants.  Many of these measurements will overlap 
to both provide redundancy and to insure that as much of the survey area as possible is 
covered. 

In addition to the multibeam sonar data, a second high-frequency sonar will deployed 
as part of the SAS system and will collect data in the mine and UXO target field.  This 
system, referred to as the “backscatter array” and shown in Fig. 2 was developed for the 
Sediment Acoustics Experiment 2004 (SAX04) and consists of 4 sets of sources and 
receivers that cover 175 - 500 kHz [6].  While the multibeam is aimed downward at the 
seafloor and collects data at grazing angles from 90° to 30°, the array collects backscatter 
data at grazing angles from 40° to as low as 8°.  While this does not overlap significantly 
with the multibeam system, it does provide a means to both independently test the 
inversion algorithm and compare the inverted scattering strengths to the results of the 
model. 
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Fig. 2: APL-UW rail system and tower with the high-frequency backscatter array mounted 
at the base. 

 
In addition to the acoustic data collected along the reverberation track, measurements 

of the sediment roughness, heterogeneity, sound speed, and attenuation will also be made.  
The LLS/IMP2 will be deployed at multiple locations along the track to measure both the 
seafloor roughness using the laser-line scanner and porosity variations using the 
conductivity probe.  This deployment will take place immediately before the MBES 
survey, allowing us to collect acoustic data at the LLS deployment locations.  Following 
the MBES survey, a dive boat will be used to collect diver cores and sediment samples at 
each of the sites.   

In addition to the diver cores, sound speed and attenuation at the deployment sites will 
be collected using the diver-deployed “attenuation array”.  The attenuation array consists 
of two acoustic sources and two receivers that are mounted such that they hang beneath a 
small, diver portable frame. The sources and receivers are connected to a small junction 
box that is cabled to the ship. The diver inserts the array into the sediment and 
communicates to the operator on the ship that the array is in the sediment. The operator on 
the ship then initiates the data collection. The array measures sound speed and attenuation 
at a depth of 10 cm and from 40 to 260 kHz at 20 kHz increments. After data collection is 
complete, the operator alerts the diver, who then moves it to a new location. The array is 
moved between 10 different locations by the diver in order to obtain an average value for 
the sound speed and attenuation within the sediment. 

4. FUTURE WORK 
 

During the spring of 2014, the APL-UW SAS rail system will also be deployed in St. 
Andrew’s Bay near Panama City in an ONR-funded experiment in a mud environment.  
The inversion algorithm will again be applied to both the high-frequency data collected 
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using the rail system and multibeam sonar surveys of the experiment site.  This 
environment is significantly different from the previous two experiment sites and will 
therefore allow us to test the inversion algorithm in two different environments.  For this 
site, environmental characterization will also take place, however the techniques used will 
reflect the nature of the site.  Sound speed and attenuation measurements will be made 
using the APL-UW attenuation probe and diver cores will also be collected to assess 
volume heterogeneity within the sediment.  Deployment of the IMP2 system may not be 
possible due to the nature of the soft bottom, however roughness does not play as 
significant role in this type of sediment. 
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Abstract:  During Gulf Experiment 2012 (GulfEx12) and the Target and Reverberation 
Experiment 2013 (TREX13), synthetic aperture sonar (SAS) data were collected from a set 
of underwater inert unexploded ordnance (UXO) and scientific targets.  The inert UXO 
include 105 mm artillery shells with and without fins, 155 mm howitzer shells, and a 4-
inch artillery shell.  The scientific targets included solid aluminum and mild steel replicas 
of the 4-inch shell, and an aluminum cylinder, which was 2 ft long and 1 ft in diameter.  
The inert UXO and targets were either placed proud on the water-sediment interface or 
partially buried.  The SAS platform was constructed from a fixed rail system and a mobile 
tower instrumented with sources and a receiving array with six independent channels.  
The inert UXO and targets were manipulated by divers and their burial state and 
orientations with respect to the rail were measured.  The SAS data sets were processed to 
form SAS images of the targets and to produce acoustic color templates.  An acoustic 
color template depicts the target strength as a function of frequency and a target-centered 
aspect angle.  An overview of the GulfEx12 and TREX13 measurements will be given and 
the current state of our comparison of the SAS data sets to finite-element model 
predictions will be discussed. 

Keywords:  Unexploded ordnance, Synthetic aperture sonar 
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1. INTRODUCTION

Gulf Experiment 2012 (GulfEx12) and the Target and Reverberation Experiment 2013 
(TREX13) are multi-institutional research efforts, which included reverberation and target 
scattering components in a shallow water environment.  A general goal of the participants 
was to obtain a well-characterized environment on the order of 10 km in shallow water.  
The research plan for the target scattering component of GulfEx12 followed the technical 
approach and methods used in the previous pond experiments conducted during 2009 and 
2010 (these pond experiments are known as PondEx09 and PondEx10).  Synthetic 
aperture sonar (SAS) data were collected with the APL-UW tower-rail system, where 
several inert UXO and scientific targets were deployed in the littoral waters southeast of 
Panama City, FL.  GulfEx12 was a 16-day at-sea engineering field test (16 Apr-2 May 
2012) designed to test modifications to the tower-rail system, the addition of a new source 
with a 10-50 kHz frequency band (designated hereafter as LB2), and the performance of 
an older 1-31 kHz array (designated as VLFA). Although the frequency ranges of these 
sources have a large overlap, the larger frequency of the new transducer gives about a 40 
kHz of bandwidth.  For SAS processing, the bandwidth of an acoustic signal determines 
the horizontal range resolution.  Here, the horizontal range is measured perpendicular to 
path of the SAS platform (i.e., perpendicular to the APL-UW rail).  The experimental 
protocol for GulfEx12 follows the protocol used in the PondEx09 and PondEx10 [1,2].  
Although GulfEx12 is primarily an engineering test of the newly integrated system and 
experimental protocols in preparation of the TREX13 experiment, the testing offered an 
opportunity to collect additional data from a collection of UXO and scientific targets. 

Divers leveled and joined  three rail sections into a single 21 m rail.  The tower with the 
subsurface electronics was then lowered over the side of the R/V Sharp and divers moved 
and placed it onto the rail.  The divers then surveyed and laid a grid of lightweight cord to 
mark lines parallel to the rail at 5, 10, 15, and 20 m horizontal ranges.  The divers placed a 
2:1 solid aluminum cylinder (2 ft long and 1 ft diameter) into the target field at a 10 m 
horizontal range from the rail.  Initial synthetic aperture sonar (SAS) data sets were 
collected from the cylinder in a broadside orientation.  Data sequence 0 corresponds to 
transmissions from the 10-50 kHz LB2 source, and data sequence 1 corresponds to 
transmissions from the 1-31 kHz array.  The signal transmitted by the VLFA was a linear 
frequency-modulated (LFM) pulse with a 16 kHz carrier frequency, nominally 30 kHz 
bandwidth, and 6 ms duration.  Data sequence 1 was used to form a SAS image and 
compared to historic SAS images collected during PondEx9 and PondEx10.  The divers 
then deployed an initial target field, which contained 8 targets at ranges of 10, 15, 20, and 
40 meters.  All targets deployed during GulfEx12 are inert.  The collection of SAS data 
sets from the initial target field was then initiated. 

Inspection of SAS images generated from data sequences 6-10 revealed potential 
problems in either the hardware modifications or in the experimental protocol.  Diver 
operations continued with the deployment of 5 additional target field configurations to 
troubleshoot the issues observed in the initial SAS images.  Target field configuration 6 
was the final target field, and it contained 14 targets.  The targets included 155-mm 
howitzer shells either laying proud on the surface or embedded in the surface at an oblique 
angle (i.e., nose buried and tail up in the water), 105-mm UXO with a bullet shape, 105-
mm UXO with fins, a Mark 82 (MK82) 500-lb bomb, a diver evaluation unit (DEU), 2:1 
solid aluminum cylinder, and solid aluminum replicas of a 4-inch UXO deployed during 
PondEx09 and PondEx10.  During this time period, dive operations were conducted to 
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rotate the proud targets through a set of angles with respect to the APL-UW rail system. A 
total of 114 SAS data sets were collected. 

2. ISSUE DISCOVERED AND RESOLVED DURING GULFEX12 

Inspection of the images created from SAS data collected from target configuration 1 
revealed two major issues.  First, many of the SAS images showed “ghost images” of 
targets, where the “ghost images” were always to the same side and displaced by roughly 
the same distance from the true target images.  Figure 1(a) shows a SAS image, which 
contains a “ghost image” below the true image.  The “ghost images” appeared when the 1–
31 kHz chirp was transmitted by the VLFA.  This source is a 4-element linear array, where 
active elements depend on the frequency band such that the horizontal beamwidth of the 
projected sound is maintained across the frequency band.  The VLFA had been deployed 
successfully in experiments conducted during PondEx09 and PondEx10.  Several possible 
causes of the “ghost images” were investigated including misconfigured array cabling, 
damage to the VLFA, and problems with the cables, electronics and water leaks.  Second, 
the presence of fish schools caused a degradation in the transmitted and received signals. 
Each issue is discussed below, and the recommended modification to the experimental 
protocol is described. 

 
(a) 

 
(b) 

Figure 1.  (a) SAS image of the 2:1 solid aluminium cylinder created from sequence 51.  
(b) SAS image of the same target created from sequence 524.  The “ghost image’’ appears 
in (a) in the 12.5 to 12.75 m cross range.  After removing the LB2 source cable, sequence 
524 was collected, and the SAS image does not contain the “ghost image”. 

Initial speculation was that the “ghost images” may be related to misconfigured array 
cabling or damage to the VLFA.  Oscilloscope traces of the input and output signals of the 
4 power amplifiers that drive the individual elements of the VLFA were inspected.  The 
duration and phases of the input signals and amplifier outputs were as expected, and no 
discernible distortions were observed.  The approximate 1 m offset of the “ghost images” 
corresponds to about a 0.6 ms propagation delay, so if the VLFA projected a second, 
delayed version of the transmitted signal, then the output signals should be distorted.  In 
addition, the “ghost images” would appear shifted in range whereas the shift is observed to 
be in the cross-range direction.  It was also determined that the electronics involved in the 
signal generation functioned correctly.  Next, the APL-UW tower was positioned on the 
rail to align the 2:1 solid aluminum cylinder on the acoustic axis of the VLFA.  The signal 
generation was configured to transmit a 0.5–15 kHz LFM chirp from only a single element 
at a time and the scattered signal recorded.  The recorded signals revealed that the 
transmitted signals had the proper phase and that each element was functioning properly. 
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Thus, it was determined that the signal generation and VLFA were not the cause of the 
“ghost images.” 

For TREX13, a 42-m long rail will be deployed, which requires 100-m long cable 
extensions to accommodate a full-length SAS run along the rail.  The cable extensions are 
new and the underwater junction box has not been used since the Sediment Acoustics 
Experiment 2004 (SAX04) [3,4].  The extensions and junction box were inserted for 
testing during GulfEx12.  With the increased cable lengths and junction box, the 
underwater electronics (STMS-2) will experience an increased electrical cable impedance 
at its input connectors.  This may cause a portion of an applied signal to reflect within the 
cable, and feedback into the power amplifier.  The cable extensions and junction box were 
removed such that the cabling to STMS-2 was identical to the cabling used in PondEx09 
and PondEx10.  “Ghost images” were still observed.  The cables and connectors were 
visually inspected for damage and tested for electrical conductance.  The cables were 
found to be in good shape, and thus likely not related to the “ghost images.”  In addition, 
the cables have waterproof underwater-mateable connectors. The connectors were reseated 
at the junction box and STMS-2 to ensure proper connections.  STMS-2 also is equipped 
with leak detectors and are monitored throughout the deployment.  No leaks were 
detected.  Thus, the cables and underwater electronics were no longer suspected of causing 
the “ghost images.” 

The cables from STMS-2 to the shipboard electronics are collected into two umbilical 
vinyl sleeves near the tower. These sleeves help organize the cables and are intended to 
prevent either damage due to abrasion as the cables drag across the sea floor or becoming 
tangled.  It was proposed that as the cables were dragged across the sea floor the increased 
tension may be causing an intermittent electrical issue, which led to the observed “ghost 
images.”  Data sequences 47–65 were collected with the tower moving at 2.5 cm/s (i.e., 
half its normal speed of 5.0 cm/s) with the ping repetition rate adjusted to 1 Hz.  By 
reducing the speed, the cables should experience a reduction in tension and any induced 
electrical intermittent issue.  “Ghost images” were observed in SAS images created from 
data collected at half speed.  Thus, the tower’s speed was not a cause of this issue. 

The “ghost images” were finally traced to cross-talk between the VLFA and LB2. 
When the VLFA transmitted, LB2 source acted as a receiver and detected the VLFA 
signal.  The LB2’s power amplifier then re-transmitted the VLFA signal through the LB2 
transducer.  Thus, two transducers are active with a slight time delay and given the spatial 
separation of the transducers, the “ghost images” were biased to appear on the same side 
for all true target images and shifted in cross range.  The experimental protocol has been 
modified such that either the LB2’s electronics, in particular its power amplifier, is 
powered down during VLFA transmissions or the cable to the LB2 transducer is 
disconnected from the power amplifier and short circuited.  Data were collected from 
target fields 5 and 6 under these conditions, and SAS images revealed the elimination of 
“ghost images.”  Figure 1(b) is an example SAS image for the 2:1 solid aluminum 
cylinder, where the “ghost image” has be removed. 

The tower-rail system acts as an artificial reef, which attracts fish.  With a sufficient 
density of fish, the transmitted signal can be blocked.  This can cause drop outs in the 
received SAS data sets and appear as horizontal stripes in the pulse-compressed, baseband 
signals. Additionally, a dense fish school can raise the background reverberation via 
volume scattering.  Although the drop outs and increased  reverberation do not appreciably 
effect SAS imaging, the data processing to produce an acoustic color template for a target 
is compromised.  An acoustic color template depicts the target strength as a function of 
frequency and aspect angle.  Each ping in a data set corresponds to a specific aspect angle, 
and hence, a drop out or reverberation can cause a hole in or washout a region in an 
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acoustic color template.  To counter the effects of fish schools on the data and given the 
limited time for the TREX13, it has been proposed that two runs down the rail to collect 
two SAS data sets may be sufficient to obtain suitable data for acoustic color template 
processing.  For GulfEx12, the transit of the tower along the rail, including the 
initialization of data collection hardware, takes approximately 10 minutes.  Data collection 
for a given source is always taken in the same direction, so in GulfEx12 the first ping in 
each data set are recorded at least 20 minutes apart.  For TREX13, the length of the rail 
will be doubled, which means that the first ping in each data sets will be recorded with at 
least a 40 minutes separation.  Although the temporal and spatial dynamics of fish schools 
near the tower-rail system is unpredictable, data collected during GulfEx12 suggests that a 
40 minute delay between data runs may be sufficient to cover an entire target field. 

Two processing methods are possible.  First, the two data sets can be averaged to give a 
new data set. While the averaging of a drop out with a good ping will reduce the amplitude 
of the good ping by as much as 1/2, the averaging can also reduce the effects of noise in 
the processed results.  Figure 2 shows the results of averaging consecutive data sets 
collected from target field 5.  Figures 2(a), (b), and (c) display the acoustic color templates 
created from data sequences 507 and 509 and the average of 507 and 509.  Here, the 
averaging of sequences 507 and 509 produces an improvement in the signal-to-noise 
(SNR) as can be observed by comparing Figure 2(c).   Second, the “best pings” from each 

 
(a) (b) (c) 

Figure 2:  Acoustic color templates created from (a) sequence 507, (b) sequence 509, and 
(c) the average of 507 and 509.  The horizontal streaks in (a) and (b) and the lower SNR 
below 15 kHz are due to fish.  The averaging has slightly increased the SNR and removed 
most of the streaks.

data set can be combined into a single new data set. This method could possibly replace a 
region of drop outs in one data set with good pings from the other. Interactive software is 
currently being developed and tested to allow this processing method. Finally, it is noted 
that sequences 503 (not shown) and 507 are collected 40 minutes apart, which suggests the 
modified experimental protocol of collecting two data sets during GulfEx13 will allow for 
a sufficient time/spatial evolution of the fish schools to mitigate degradation from their 
presence. 

3. CONCLUSIONS 

GulfEx12 was a 16-day, at-sea, engineering field experiment, which was carried out in 
the Gulf of Mexico to test modifications to the APL-UW tower-rail system and planned 
experimental protocol in preparation for TREX13.  The primary modification to the tower-
rail system involved a redesigned face plate where transducers are mounted. The new 
design incorporated the LB2 source alongside the VLFA and 6-channel receiving array.  
In addition to the new face plate, the experiments planned for TREX13 will deploy inert 
targets at a horizontal range from the rail of at least 40 m.  This requires that the length of 

1st International Conference and Exhibition on Underwater Acoustics

853



 

the rail be extended from the 21-m length used in GulfEx12 to a 42-m length in TREX13 
to permit a sufficiently long SAS aperture.  To accommodate a 42-m rail, 100-m extension 
cables and an underwater conjunction box are required. These cables and conjunction box 
were inserted during GulfEx12 to test the overall system configuration. SAS data were 
collected from six target field configurations, where seven different target types were 
deployed at various horizontal ranges.  The targets included inert UXO and scientific 
targets. In all, 114 SAS data sets were collected. Finally, the at-sea testing revealed two 
issues that need to be resolved prior to TREX13. 

The first issue was the appearance of “ghost images” of targets in SAS images 
generated from data collected when the VLFA was used as the transmitter.  By examining 
the cabling, electronics, transducers, and transmission protocol, the cause of the “ghost 
images” was traced to a cross-talk-like problem.  While the VLFA was transmitting its 1–
31 kHz LFM signal, the LB2 source acted like a receiver and the received signal was 
amplified and re-transmitted.  This issue is resolved by either turning off the LB2’s 
electronics during VLFA transmissions or disconnecting the LB2 from its power amplifier 
and short-circuiting the cable.   Of the 114 SAS data sets, 27 sets were collected under 
these conditions, and hence, do not contain “ghost images.” 

The second issue involves the presence of fish schools. The stationary rail acts as an 
artificial reef and attracts fish.  The schools cause two problems: (1) an increase in 
reverberation (i.e., a decrease in the signal-to-noise ratio); and, (2) complete drop outs in 
the SAS data set.  An increase in reverberation and/or a few drop outs do not affect the 
SAS imaging, because SAS imaging is a coherent processing scheme that utilizes all pings 
in a data set.  Unfortunately, the processing of a data set into an acoustic color template is 
compromised under these conditions, because each ping maps to a specific aspect angle. 
An examination of multiple data sets suggests that sufficient data can be collected from 
multiple passes of the tower by a target field realization (i.e., a target field after a single 
target rotation).  Two schemes have been proposed: (1) the multiple SAS data sets can be 
averaged to generate a single new SAS data set; and, (2) individual pings from the 
multiple data sets can be selected and placed into a new data set.  The first scheme can be 
automatically applied to the recorded data sets.  SAS images and acoustic color templates 
can be generated for the individual data sets and the averaged data set without 
intervention.  The second scheme is interactive and requires one to select the best pings to 
synthesize the final data set.  One advantage to the second scheme is that the SAD filtering 
algorithm [2], which itself is an interactive process, can be incorporated into the SAS 
image and acoustic color template process. Both schemes have been implemented and will 
be applied to data collected during TREX13. 
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SENSORS FOR THE SOUNDING AMMUNITION (SOAM) PROJECT 
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Abstract: Coastal waters are becoming more and more important for commercial use. 
This starts with cables and pipelines connecting neighboring countries and proceeds with 
technical installations like offshore wind parks as a contribution to the energy supply in 
the future. Coastal waters are contaminated with ammunition. Ammunition is accidently 
lost during military conflicts and/or has been disposed during and after these conflicts. 
This is especially true for Europe, where a large amount of ammunition was dumped in 
the North and Baltic Sea after World War I and II. For just German waters the amount of 
dumped conventional ammunition still at sea is estimated to be in the order of 1,600,000 t. 
In addition, up to estimated 230.000 t of chemical ammunition are also present. Recent 
studies have indicated that at least for the investigated dumping sides in the Baltic Sea 
with softer sediments this ammunition is nearly totally buried. This dumped ammunition 
poses an increasing risk to the coastal areas and has a significant negative impact on any 
commercial or industrial off-shore activity. After a brief introduction of the recently 
started research project SOAM this paper focusses on the magnetic and acoustic sensors 
which will be used for the detection of dumped ammunition. One potential sensor suit 
currently under preparation is the low frequency multi beam echo sounder demonstrator 
SEDISON at WTD 71 supplemented with a high frequency imaging sonar and a 
magnetometer (metal detector). Parametric sub bottom profiler and low frequency 
synthetic aperture side scan sonar systems will also be tested in combination with metal 
detectors. One problem for detecting dumped ammunition is the broad object size 
distribution ranging from single rifle bullets over 10.5 cm shells to 500 – 1,000 kg sea 
mines and torpedo or doodlebug warheads. Therefore, in addition to comparing different 
sensor suits at sea these systems will be compared by performance modeling. The current 
status of the MSM model used for the bottom penetrating sonars will be briefly introduced 
and some performance estimates will be given for the SEDISON demonstrator. 

Keywords: Dumped Ammunition, Sediment Sonar, Modelling, SOAM
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1. INTRODUCTION

Coastal waters in Germany are recently becoming more and more important for 
commercial use. This starts with cables and pipelines connecting neighboring countries 
(e.g. the North Stream Pipeline) and proceeds with technical installations like offshore 
wind parks as a contribution to the energy supply of the future. In this context one of the 
largest challenges is to detect, to map and finally to retrieve all kinds of ammunition 
dumped in the past. 

Dumped ammunition in the North- and Baltic Sea mainly stems from the post ware 
periods of World War I and II. Sea dumping was considered at that time to be the safest 
and most efficient method for disposal. On the one hand the ammunition of the defeated 
German forces, which was no longer needed, was dumped at sea. On the other hand the 
Allies disposed a significant share of their stored ammunition because this ammunition 
was believed to be no longer necessary.  

 

 
 

Fig.1: Simplified map with potentially contaminated sites with dumped ammunition in 
the Baltic and North-Sea of the coast of Germany [1] 

 
Fig. 1 shows potentially contaminated sites with dumped ammunition in German 

waters. The marked sites indicate a reasonable suspicion that these sites are contaminated 
with dumped ammunition based on the sometimes contradictory and often incomplete 
known information. In total, the amount of dumped ammunition just for German waters 
after WW II is estimated to be in the order of 1,800,000 t. Considerable quantities of this 
ammunition was retrieved shortly after dumping  and destroyed. But, it is assumed that 
still up to 1,600,000 t of conventional ammunition are in the North and Baltic Sea [1]. In 
addition, up to estimated 230,000 t of chemical ammunition are also present [1]. 

Dumped ammunition at sea is not just a German problem. As indicated, this method 
was adopted by many nations after World War II for disposing ammunition and other 
surplus materials. As a consequence, dumping sites are scattered all over the coast of 
Europe. For example, after World War II some 1.200.000 t of army ammunition and 
500,000 t of air force ammunition in the stocks in the UK were believed to be no longer 
necessary. This ammunition was dumped. In particular, the British Ministry of Defence 
has dumped more than a million tons of munitions in the Irish Sea, including 14,600 t of 

- Dump sites 
- Areas contaminated with ammunition 
- Areas potentially contaminated with ammunition  
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phosgene-filled artillery rockets since the 1920s [2]. Or, the former Soviet Union dumped 
more than 1,500,000 t of ammunition, including 127,000 t of poison gas in the Baltic Sea.  

Altogether, dumping at sea is also a global problem. Dumping as a disposal method for 
surplus and dangerous ammunition continued until 1972, when international agreements 
were reached to control the dumping of material at sea. However, between 1918 and 1970, 
for example, the U.S. alone dumped chemical warfare agents in waters worldwide on at 
least 74 occasions [3].  

A first evaluation of a chemical ammunition dump sites in the Baltic Sea was carried 
out in the framework of the EC-FP6 project “MERCW” (Modelling of Environmental 
Risks related to sea dumped Chemical Weapons) from 2005 to 2009 [4]. Within this 
project two surveys [5] were undertaken at the known chemical ammunition dump site 
east of the Danish island Bornholm. In 1947 approximately 32.000 t of chemical 
ammunition was dumped at this site in some 80 m of water depth on the order of the 
Soviet military administration in Germany. Based on high resolution parametric echo 
sounder sonar and simultaneously recorded deep-towed magnetic array data Missiaen et 
al. [5] detected several hundreds of buried objects within each roughly 0.5 x 2 km large 
survey area. In contrast, only four larger proud objects, exposed on the seafloor in the 
vicinity of ship wrecks, were found. 80 % of the detected buried objects were covered by 
less than 70 cm of soft muddy sediments in the Bornholm Basin. All buried objects were 
found within the first 1.5 – 2 m thick sediment layer. 60 % of the detected objects had a 
size less than 2 m - the rest was larger [5]. 

2. THE SOAM PROJECT 

While proud objects (e.g. dumped ammunition) lying on the sea floor can be detected 
and classified rather well with high-frequency sonar systems [6], the detection and 
classification of buried objects is a much more difficult task. On the other hand the results 
of the Missiaen et al. [5] investigation as part of the “MERCW” project indicate that 
dumped ammunition is often buried in areas with soft sediments. Therefore, the Sounding 
Ammunition (SOAM) project will focus on detecting buried pieces of dumped 
ammunition. This project is described in more detail in [7]. In addition to investigating 
different sediment sonars and metal detectors as well as a chemical sensor for buried 
object detection, a neural net based data analysis will be applied and tested in the Baltic 
Sea [8]. Special interest will be given to multiple sensor approaches in this context. The 
project is completed by an accompanying performance modelling approach for the 
different sensors.  

3. SENSORS

Experiences of the project partner Heinrich Hirdes EOD Service GmbH, a company 
engaged in the field of explosive ordnance disposal at sea and in lakes, indicate that often 
roughly 1/7 of dumped ammunition found during a survey is proud, the rest is buried. 
However, even if written information in sea charts, maps and so forth is available, the 
detection of dumped buried ammunition is difficult. One reason is that high frequency 
sonar systems (e.g. side scan sonars) and video cameras do not penetrate into the 
sediment. They image only the surface of the seabed.  
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3.1 METAL DETECTORS 

For the SOAM project sensors are investigated, which penetrate into the sediment. 
Magnetometers detect anomalies in the Earth`s magnetic field. Hence, they detect ferrous 
metals in the sediment. These ferrous metals may belong to pieces of dumped 
ammunition, or may belong to innocuous items (e.g. boiler slag). Therefore, positive 
readings of a magnetometer must be subjected to further investigation by other sensors or 
digging. They are also not capable of detecting non-metallic dumped ammunition. 

Fluxgate gradiometers are well suited to underwater mine detection, since they have a 
reasonable low noise level, yield vector information on the magnetic field and field 
gradient, allow for adequate gradiometer base length, and are affordable and technically 
manageable. Gradiometers are used to distinguish between the homogeneous Earth`s field 
and the dipolar field from magnetized UXOs (unexploded ordnance). The magnetic field 
of a magnetized object decreases with 31 r  and the field gradient goes down with 41 r , r 
being the distance or depth of the object. An object with 1 Am2 magnetization yields a 
field gradient of about 500 nT/m being 1 m away, and of only 50 pT/m being 10 m distant. 
Thus it is crucial to place the detector right above the sea ground, or to realize a very low 
ground distance with a towed, bottom following system. 

In order to evaluate the possibilities of co-registered bottom scans together with our 
towed sediment sonar system,  we will use a  Bartington  GRAD-03  gradiometer with  
750 mm base length. 

3.2 SEDIMENT SONARS 

Due to high absorption losses in the sediment, only low frequencies penetrate 
reasonably well into seafloor sediments. Parametric echo sounders generate this low 
frequency by transmitting two high frequency primary signals with high power. The 
bottom penetrating secondary frequency of e.g. 5 kHz is produced by the non-linearity of 
the water column. Parametric echo sounders have the advantages of broad bandwidth and 
narrow beam width since these characteristics are determined by the primary signals. 
Major disadvantages are the very low efficiency for the secondary frequency and the fact 
that commercial systems (e.g. the Innomar SES 2000 system) are usually single beam 
systems resulting in a very low area search rate. Detection examples for such a system can 
be found in [5].  

In order to detect reliably small buried objects a full 3D scan is needed. A search 
pattern with very low track line spacing needs to be carried out with a single beam para-
metric echo sounder system in order to fulfill this requirement. An alternative approach to 
generate 3D data is the multi-beam or swath echo sounding principle. This also increases 
the area search rate. This technique is common for high frequency Multi Beam Echo 
Sounder systems mapping the sediment surface – but it is not common in the low 
frequency regime. Only a few experimental systems exist – one is the SEDISON System 
of WTD 71-FWG (see fig. 2) [9]. SEDISON was developed by ATLAS Elektronik as 
demonstrator system and is based partly on the results of an earlier experimental system 
[10, 11].  

Multi-beam echo sounders which penetrate into the sediment have a low angular  
resolution due to the required low frequency and the fact that the conventional antenna 
needs to stay within a manageable size. Along the track the lateral resolution can be 
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significantly enhanced by Synthetic Aperture Sonar processing (SAS). Fig. 3 shows an 
example of  a buried mine detected with the SEDISON system in the Baltic Sea. 

 

 
Fig.2: SEDISON sediment sonar. Tow fish with antennas and footprint pattern. 

 

Fig.3: Exercise Mine (left) and sonar image of this mine covert by 80 cm of sediment 
(right) 

4. PERFORMACE MODELLING 

The detection performance of sediment sonars depends on the different seafloor 
sediment types within a dumping site, which may vary from mud to sand and rock. In 
addition, the water – sediment interface is often rough, occasionally smooth and shows 
sometimes periodical structures (ripple), which also affects the backscatter and, therefore, 
the sonar performance. Fishing activities and bioturbation may also constantly modify this 
interface. In addition dumped ammunition has a very broad size distribution ranging from 
single projectiles over 10.5 cm shells to 1000 Kg mines / bombs. Detecting this entire size 
spectrum puts a challenge on all available detection systems and basically requires an 
optimized use of these systems.  

These challenges require a performance modeling component for the project in order to 
gather data at sea with the best possible quality. On the other hand a tool is required to 
investigate performance changes caused by differences in the seafloor properties, the sizes 
of the objects, sonar system changes and so forth.  

As an example for numerical performance modeling the detection of a sea mine buried 
in a silty sediment was simulated using the numerical simulation tool MSM (Mine hunting 
Simulation Model). This model was developed by D. Kraus from the University of 
Applied Science Bremen in cooperation between WTD 71-FWG, Atlas Elektronik and the 
University of Applied Science Bremen for the design and analysis of mine hunting sonar 
systems. The model is based on a ray tracing technique using the dynamic ray tracing 
formalism developed by Cerveny [12]. The rays are traced through the water into the 
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sediment, including all interactions at the interface. For the description of the boundary 
interactions at the seafloor and the sea surface MSM uses sub-models based on the work 
of the Applied Physics Laboratory of the University of Washington [13].  

A necessary parameter for the simulation is the target strength (TS) of the mine, buried 
in a silt layer. As an estimate for a cylindrical mine the target strength of a cylinder with 
length L = 1.5 m and radius a = 50 cm was calculated, using an approximation published 
by Urick [14], as 

 2
22

cossin
2
LaTS  

with k being the wavenumber,  the angle of incidence (0° equals broadside beam aspect) 
and sinkL . This approximation is valid for small wavelengths compared to the 
length of the cylinder and for a perfectly reflection cylinder. In order to include the effect 
the mine is not perfectly reflecting the sound energy at 20 kHz the target strength was 
corrected by a reflection coefficient that was calculated for a 5 mm sheet of steel 
contained between half-spaces of silt and explosive (TNT). Figure 4d shows the resulting 
target strength over the angle of incidence both for the perfectly reflecting cylinder (dotted 
blue) and for the cylinder with the modeled reflection coefficient (red). For angles larger 
than 50° the conditions for total reflection on the cylinder are met. For the subsequent 
modeling of the detection process the target strength of 3 dB was assumed for the mine. 
This seems reasonable, as the mine will presumably lie on the seafloor more or less 
horizontally. 

Figures 4a-4c show the results of the modeling with MSM for a scenario with the 
SEDISON sonar searching for a sea mine in a silty sediment with a water depth of 25 m 
and a constant sound velocity in the water column. The tow fish is operated 10 m above 
the sea floor. The calculation has been performed for an exemplary beam with an 
inclination of 65° towards the bottom. The received echo level is shown in Figure 4a on 
the left hand side and the resulting signal-to-noise ratio (SNR) in figure 4b on the right 
hand side. In this context the term noise includes all contributions of reverberation from 
the water-seafloor interface, from the sediment and from the water surface, as well as 
ambient noise in the water. Figure 4c shows an energy budget of the echo signal versus the 
different reverberation and noise contributions in a depth of 1 meter within the sediment 
(overall depth 26 m). For this soft sediment it can clearly be seen that the main sonar beam 
penetrates the sediment and has a high SNR for several meters below the surface which 
would certainly allow a clear detection of the mine. These very favorable conditions will 
deteriorate for smaller targets and harder sediments. 

    

(a) (b) 
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Fig.4: Echo level (a) and single-to-noise ratio (b) for the detection of a sea mine with 
SEDISON over a silty sediment. Energy budget one meter within the sediment (c) and cal-
culated target strength of a mine (modelled as cylindrical object) in a silty sediment (d). 

5. SUMMARY AND OUTLOOK 

During the SOAM project different sediment sonar systems in combination with metal 
detectors will be tested and compared for buried object detection. This will include the 
experimental results obtained in a longstanding test site in the Baltic Sea, the outcome of 
the developed comparative modelling, and the impact on the neural net based data 
analysis. Special interest will be given to multiple sensor approaches in this context. This 
includes also additional chemical sensors as well as high frequency and/or camera systems 
imaging the sediment interface.  

The best suitable sensors determined including the detection process will be tested in 
the Baltic Sea. Finally, it is planned to design a prototype of an autonomous vehicle, partly 
realize this vehicle and use it within the test site.  

The test site offers the possibility to verify the system performance for the prevailing 
bottom type and the deployed objects. This information can be used to validate the 
performance modelling developed and carried out during the SOAM project. 

Afterwards the performance of the sensors should be determinable for different sites 
and conditions in order to adjust the sensors for the obtained environmental conditions 
including observed seafloor conditions and the type of dumped ammunition looked for. 
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Abstract: The remediation of underwater unexploded ordnance (UXO) requires a 
capability to detect and classify objects on or beneath the seafloor. This can be facilitated 
partly by use of modern high-frequency imaging sonar. However, this technology is 
limited in two respects: 1) the high frequencies employed by these systems cannot 
penetrate into the sediment to detect buried objects; and 2) the operational effectiveness 
and efficiency is severely limited by a high false alarm rate in cluttered environments. For 
these reasons, significant research effort is being put into the use of low frequency 
broadband sonar. In this paper, we demonstrate the latest experimental results from the 
MUD system. We show SAS images and multi-aspect acoustic colour plots of various 
objects (including UXO) buried beneath a layer of mud.

Keywords: Unexploded ordnance, low frequency, synthetic aperture sonar 

1. INTRODUCTION 

One of the most problematic areas where unexploded ordnance (UXO) can be situated 
is in an underwater environment, buried in sediment.  Since burial frequently occurs in silt 
or mud, it is of great importance to have a capability for the detection of UXO in such 
buried conditions.  We are investigating the detection of objects buried in mud using low 
frequency (LF) side-looking sonar.  For this purpose, we have developed an experimental 
hull-mounted system referred to as the MUD system [1].

The detection of buried UXO with LF side-looking sonar is a challenging problem. 
This is primarily caused by high levels of reverberation and possible clutter. In addition, 
the amplitude of the target echo of an object is reduced by burial. For these conditions, 
dedicated processing has been developed to aid the detection of UXO and other targets of 
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interest, and for the subsequent discrimination between targets and clutter contacts. This 
processing is outlined here, and results are presented for two buried targets: a 1.5m 
cylinder and a 155mm shell.

2. DATA PROCESSING CHAIN 

2.1. Multipath Suppression 

Multipath reverberation is problematic for low-frequency sonars with wide vertical 
beams operating in shallow water. Strong multipath interference can mask the echoes from 
targets and corrupt their acoustic signatures, adversely affecting detection and 
classification performance. This can be mitigated by using a vertical hydrophone array to 
steer the receive beam towards the seafloor and away from the sea surface. 

For a regular linear array of M hydrophones with spacing z, the beam-steered echo 
data for a point of interest x = (x,y,z) on the seafloor is given by

dkjkctkuDctud  exp;,
2

;, xx ,     (1) 

where u is the along-track distance, t is time, and c is the acoustic propagation speed;
1

0
00 sin2/ exp,;,

M

m
m zMmkkjkuDkuD x   (2) 

is the summation of appropriately phase-adjusted echo spectra, where k = 2π f / c is the 
wavenumber, f is frequency, and k0 is the wavenumber at the basebanding frequency; 

dtjkcttudkuD mm  exp,,      (3) 

is the temporal spectrum of the basebanded echo data from the mth hydrophone (ordered 
from top to bottom), and 

xx ,/)(sin, 1 uruzzu s ,      (4) 

222 )()()(, uzzuyyuxxur sssx     (5) 
are the declination angle and range from the sonar position xs(u) = (xs(u), ys(u), zs(u)) to 
the point x, and 0 is the tilt angle of the array (0 deg and 90 deg corresponding to side and 
down-looking geometries, respectively).

2.2. Synthetic Aperture Sonar Imaging 

Synthetic aperture sonar (SAS) uses coherent processing of the echo data to attain very 
high resolution in the along-track direction. This is important for LF sonars, which 
typically have poor resolution due to their wide beams. The time-domain back-projection 
algorithm [2] is well-suited for this purpose since wide-beam motion compensation is 
easily accommodated compared with the faster Fourier-domain algorithms [3]. To
accommodate a broad bandwidth, the procedure can be applied in sub-bands, as described 
below.
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The broadband SAS image is obtained via a summation of back-projected images over 
N frequency sub-bands, i.e., 

1

0

)( ,,
N

n

n yxiyxi ,       (6) 

where the image for the nth sub-band is given by

durjkcuruduwyxi nnn 2exp;/, 2, ;, 0
)()()( xxx ,   (7) 

r(u,x) is given by eq. (5), and 
max,

min,

 exp;,
2

;,)(
n

n

f

f

n dkjkctkuDctud xx      (8) 

is the band-pass filtered echo data (after vertical beam-steering) for frequencies fn,min to 
fn,max. The along-track integration limits for each sub-band are constrained to the opening 
angle of the horizontal beam at the sub-band upper frequency limit fn,max via the window 
function

elsewhere,0
,,1

; max,0)( nn fu
uw

x
x ,     (9) 

where 

)(/)(tan, 1 uyyuxxu ssx      (10) 

is the azimuth angle from the sonar position xs(u) to the point x, and 2 0( f ) is the 
(frequency-dependent) opening angle.

2.3. Fixed-Focus Enhancement of Resonances 

In standard SAS imaging, each image pixel (x,y) is computed based on an assumed 
range-dependent locus of echoes r(u,x), given by eq. (5). However, this assumption is 
violated for resonant scattering since the resonant echoes originate at the spatial location 
of the object (corresponding to locus of a given curvature) but manifest in the data at 
longer ranges (with a locus of the same curvature). For a resonant object at a known 
location, it is therefore better to focus the resonant “tail” using a fixed focal point based on 
the location of the target xF = (x,yF,z) rather than the image pixel x, i.e.,

yyuzzyuxxur FsFsF
222 )()(;, xx    (11) 

The same technique has been used previously for the enhancement of shadows [4].  

2.1. Multi-Aspect Acoustic Colour Extraction via Reverse SAS 

The multi-aspect acoustic colour (MAAC) is a representation of the sonar data that 
emphasises aspect and frequency dependencies and can yield possible features for target 
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(a)  (b)

Fig. 1 – (a) Deployment of the MUD system during the 2011 trial in Haringvliet, The Netherlands; (b) 
trajectories for a selection of runs and deployment ground-truth for the EVA cylinder and 155mm shell. 

classification. A target’s MAAC can be obtained from the SAS image by isolating the 
target from the background and other nearby scatterers, followed by a reversal of the SAS 
imaging process [3]. The MAAC is given by 

kkDfA ,sin', ,       (12) 

with respect to azimuth angle  and frequency f, where 

dydxykkkkxkjyxikkD uuu   24exp,' ,' 0
22

0  (13) 

is the 2-D Fourier spectrum of the target echo data, which is obtained here via an inversion 
of the Stolt mapping on the SAS image of the isolated target yxi ,' . The target can be 
isolated in the SAS image by simple windowing [3] or by a more sophisticated technique 
based on the shrinkage of incoherent wavelet coefficients [5].

3. RESULTS 

3.1. MUD Sonar and 2011 Sea Trial 

TNO have developed a LF broadband (1 kHz – 26 kHz) side-scan sonar for 
experimentation on buried object detection and, with funding and support from the Dutch 
Ministry of Defence (Fig. 1), have conducted sea trials in relevant operational 
environments and conditions. The system has both a horizontal and vertical array to enable 
the suppression of multi-path propagation in shallow water and to support synthetic 
aperture sonar (SAS) processing. Experimental results from the MUD-2009 and MUD-
2011 sea trials demonstrate that signatures corresponding to objects buried in mud can be 
observed in data acquired by the MUD system [1][3]. In the following section, we show 
results from the 4 kHz – 9 kHz frequency band. 
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(a)

(b)

(c)
Fig. 2 – Run 325: echo data from (a) a single hydrophone; (b) vertical array steered to the location of the 
EVA target; and (c) SAS image indicating the sonar path and the locations of the deployed targets. 

3.1. SAS Images and Multi-Aspect Acoustic Colour 

Results of the processing chain are illustrated in Fig. 2 for an example run from the 
2011 trial (run 325). The echo data corresponding to a single hydrophone clearly shows 
hyperbolas that correspond to both targets and seabed structures. One can also observe that 
most of these hyperbolas are only clearly visible up to a range of about 30 m. At longer 
ranges, the signal-to-reverberation ratio (SRR) is reduced by multi-path propagation. 

Vertical array beam-steering is used to mitigate the multipath contribution (Sec. 2.1). 
Fig. 2(b) shows the effect of beam-steering to a single image position – in this case, the 
location of the EVA cylinder target [6]. This procedure enhances the signal and 
reverberation received directly from the seabed in this area, and mitigates the multipath. 

EVASHL

EVA
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(a)   (b) run 325   (c) run 325 

(d) run 325   (e) run 325   (f) run 275 

Fig. 3 – (a) EVA cylinder; (b) SAS image for run 325 (the green square denotes the deployment ground-
truth); (c) fixed focus SAS image, illustrating enhancement of the resonant tail; (d) target response after 
background suppression via wavelet shrinkage; (e) MAAC for run 325; (f) MAAC for run 275. 

(a) run 311   (b)run 322   (c) run323 

(d) run 311   (e) run 322   (f) run 323 

Fig. 4 – EVA cylinder: SAS image and MAAC for runs (a,d) 311, (b,e) 322, and (c,f) 323. 

2m 3m
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(a) 

(b) run 274   (c) run 317   (d) run 325 

(e) run 274   (f) run 317   (g) run 325 

Fig. 5 – 155mm shell: (a) photograph; (b,c,d) SAS image and (e,f,g) MAAC for runs 274, 317, and 325. 

The vertical-array beam-steering is applied for all image positions, followed by the SAS 
processing (Sec. 2.2). The resulting SAS image is shown in Fig. 2(c). Contacts 
corresponding to all the deployed targets can be observed and most of these targets where 
buried at depths up to 0.50 m. Fig. 2(c) also shows a significant amount of clutter contacts 
originating from seabed structures and other unknown buried objects. However, additional 
information is needed to distinguish man-made objects from these clutter contacts. In the 
remainder of the paper, we focus on the acoustic signatures of two targets: the EVA 
cylinder and a 155mm shell. 

We start with the EVA cylinder. Fixed focus SAS processing (Sec. 2.3) is compared to 
conventional SAS processing in Figs. 3(b) and 3(c). It can be observed that the fixed-focus 
processing results in a target signature with a longer tail in comparison to the conventional 
SAS processing. Fixed-focus SAS preserves resonances, whereas these are de-focused in 
conventional SAS. Since resonances are a potential classification feature for man-made 
objects, it is considered to be important to preserve these. Fig. 3(d) shows the result of 
enhancing the coherent response with respect to incoherent reverberation by using a 
wavelet shrinkage technique [5]. Multi-aspect acoustic colour (MAAC) signatures (Sec. 
2.4) for two runs with similar trajectories are shown in Figs. 3(e) and (f), and one can 
observe similar patterns, illustrating the repeatability. Fig. 4 shows additional SAS and 
corresponding MAAC images of the EVA cylinder from different aspects (c.f., Fig. 1(b)). 
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Repeatability is further supported by the results of run 322 and clear differences can be 
observed for runs 311 and 323, which are at angles of 90 deg and 180 deg relative to the 
other runs. This is expected for the EVA cylinder, since broadside signatures differ 
substantially from end-on for cylindrical objects and each end-cap is filled with a different 
material (water and epoxy). We anticipate that this information can be used to aid in
detection and classification. 

The results from three runs are shown in Fig. 5 for the 155 mm shell. SAS and MAAC 
images are shown for both short and long ranges at different angles. At this stage, it is 
difficult to interpret the results. However, an important difference to the EVA cylinder is 
that a response is only obtained for frequencies below 6 kHz. It is unclear whether this is 
related to increased absorption due to larger burial depth, or to characteristic target 
strength features of the 155mm shell. To aid the interpretation, we plan to compare the 
results to finite-element target echo modelling results for UXO targets [7]. 

4. SUMMARY 

Dedicated processing has been developed to extract target acoustic signatures from 
data acquired by a low-frequency side-scan sonar system.  It has been demonstrated that 
this processing enhances the SRR and preserves information on resonant scattering. Both 
are considered to be critical steps towards developing a detector for UXO buried in 
seafloor sediments, since a capability is required to distinguish these contacts from clutter. 
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Abstract: The Cooperative ASW Programme at the NATO Centre for Maritime Research 
and Experimentation has been developing an autonomous underwater vehicle (AUV) 
active ASW network concept demonstration system for the past 5 years.  Highlights for the 
programme have included participation in national experimentation with the Italian Navy 
during GLINT/NGAS11 and with NATO navies during the ExPOMA12 and 13 naval 
exercises.  In this paper the scientific objectives for the recent sea trials are presented, 
and the challenges and way forward for autonomous multi-static active sonar surveillance 
networks is discussed. 

Keywords: Surveillance networks, ASW, AUV, autonomy, collaboration, naval exercises, 
MOOS, CAINPro, acoustic communications, multi-statics 
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OVERVIEW 
The cooperative Antisubmarine Warfare programme at STO-CMRE has been pursuing 

research in autonomous multi-static ASW using unmanned systems for the last five years.  
In this time the programme has evolved from the first Centre experiments with its Ocean 
Explorer AUVs, with new towed arrays, no robotics, and signals evaluated in post 
processing, to initial forays into on-board signal processing and autonomy [1-4], to fully 
autonomous and collaborative demonstrations of real time multi-static detection and 
tracking of submarine targets during major naval exercises [9-11,13,15]. 

The concept of using AUVs towing arrays to act as receiving nodes in a multi-static 
active ASW network was an ambitious objective when the Centre first started tackling the 
problem in 2008.  Multiple technical and scientific challenges stood in the way of turning 
the concept into reality.  The problem areas broadly fell into the following categories: 
Robotic system integration and control, real-time embedded active multi-static signal 
processing, long-range robust underwater communication, and data fusion. 

 

 

Fig.1: The GLINT AUV-based multi-static active sonar ASW network demonstrator.  

1. VEHICLE AUTONOMY AND CONTROL 
 

The idea of turning an Unmanned Underwater Vehicle (UUV) into an Autonomous 
Underwater Vehicle (AUV) requires the installation of an operating system on board the 
UUV that can instruct the guidance and control computer as to where the vehicle wants to 
go, based not only on any remote commands, but more importantly on the vehicles 
developing awareness of the underwater battle space, integrating results from its own on-
board signal processing with the observations of its collaborators.  Such awareness 
requires a robotic operating system that can integrate multiple sensors and processes on 
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board the vehicle, as well an underwater communications protocol.  In 2008 the decision 
was made at CMRE (formerly NURC) to install the Mission Oriented Operating Suite 
Interval Programming (MOOS-IvP) middleware on board the Centre’s Ocean Explorer 
UUVs.  This middleware, developed at MIT and Oxford University for the robotic 
guidance and control of underwater vehicles, combined a robust publish and subscribe 
database for interfacing the inputs and outputs of the required robotic and signal 
processing processes needed by the vehicles, with a novel helm application (the Interval 
Program helm (IvP)) which allowed the vehicle to combine information obtained through 
the vehicle’s sensors to make rapid decisions about its desired trajectory [5]. 

In the past 5 years, CMRE has created a large repository of custom MOOS 
applications which allow the interfacing of all the processes, sensors, and modems on-
board its OEX vehicles [6].  With access to full information about the vehicle control 
processes (such as the current position, speed, heading, depth, and altitude), full 
information from its on-board embedded signal processing (in the form of contacts, tracks, 
array heading, and classification features), and information from collaborators on their 
analogous information, as well as contextual and command and control information from 
the command and control centre on the NRV Alliance (including desired mode of 
operation, AIS and radar information), intelligent autonomous control of the UUVs 
became possible, turning them into cooperative, autonomous agents in a distributed multi-
static active ASW network. 

The IvP helm is the key to implementing the cooperation and autonomy using all the 
available information shared in the MOOS database.  Special ASW behaviours have been 
written for the helm [2, 3, and 10] which allow the vehicles to maximize their performance 
independently from or in collaboration with other AUVs or sensors in the ASW network.  
Broadly, the design of these behaviours follows the philosophy of maximizing information 
about a target as seen by one AUV, and the mutual information on the same target as 
viewed by more than one collaborating AUV.  These behaviours, implemented into the 
helm as library functions, allow the AUVs to modify their trajectories based on contacts 
and tracks observed by the on board embedded signal processing. 
 

2. EMBEDDED SIGNAL PROCESSING 
 

The implementation of the embedded multi-static active signal processing onto the 
vehicles was a significant achievement for the Cooperative ASW Programme.  At the 
beginning, no real-time multi-static signal processing engine was available, so a 
significant effort was directed towards writing a new embedded signal processing suite, 
CAINPro [7], which allows simultaneous real time signal processing of FM and CW 
waveforms for bistatic geometries.  This software suite uses public domain libraries to 
optimize performance, allowing real-time processing on the PC104 plus hardware in the 
payload canister on the OEXs.  This processing, combined with GPS synchronized, high 
headroom acquisition, enables synchronized acquisition of the signals collected by each 
AUVs towed array to develop a coherent multi-static detection and localization network 
using both broadband and Doppler sensitive waveforms. 

To complement the CAINPro embedded signal processing suite, CMRE’s Multi-
Hypothesis Tracker, developed between 2000-2008 at the Centre [8], and has been ported 
to run on the vehicles.  This tracker allows the fusion of the FM and CW contacts 
generated by the CAINPro into real-time tracks, giving the vehicle battle space awareness 
through the tracking level. 
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New research conducted on classification within the CASW programme has most 
recently yielded an on board real time classifier that is being added to the embedded 
software suite, allowing discrimination of targets from clutter [12]. 

To add to the network performance, all real-time embedded software was also used to 
process signals collected on the NRV Alliance’s own towed array, for eventual fusion with 
the detections and tracks communicated by the AUVs. 

3. COOPERATIVE COMMUNICATIONS 
 

Enabling the effective communication between the autonomous nodes of the ASW 
network has been a major research thrust in the CASW programme.  When the programme 
was started, communications ranges were limited to 1 ½ km and message sizes were 32 
bytes.  Over the past five years, the ability of the vehicles to communicate with each other 
and with the NRV Alliance has been improved significantly.  Low frequency modems 
sourced from EvoLogics GmbH in Germany have increased the range of reliable 
communications to more than 8 km.  A Time Division Media Access protocol, developed 
in collaboration with MIT [14], allows the reliable exchange of messages of up to 256 
bytes over these distances, allowing contact and track level information to be shared.  In 
addition, the bandwidth is sufficient to allow the exchange of navigation information for 
both underwater and surface assets, including information about passing shipping, in order 
to increase situational awareness and contextual information, while also allowing the 
AUVs to autonomously avoid collisions.  Finally, mission information, including updates 
from the vehicles regarding their decisions and trajectories, are also reported up to the 
command and control centre onboard the NRV Alliance.  To allow freedom of movement 
for the Alliance, a Liquid Robotics WaveGlider has recently been added to the network to 
act as an autonomous mobile underwater communications to RF communications gateway 
[17].  This novel unmanned surface vehicle (USV) is completely wave and solar powered, 
allowing long endurance missions with minimum requirements for servicing.   

4. ON-BOARD AND OFF-BOARD DATA FUSION 
 

The final piece of the puzzle in the cooperative ASW network research at CMRE has 
been the effective fusion of battle space information obtained by the AUVs with other 
information including the Alliance’s own view from its towed array.  Since 2013 real-time 
contact and track level data fusion algorithms have been running on board the Alliance 
[15].  These algorithms are effective at reducing clutter and ambiguous contacts, and show 
tremendous promise for allowing the reduction of the detection threshold of the individual 
sensors in the ASW network.  The addition of contextual information, such as the presence 
of surface shipping, known clutter, and other geographic features such as shorelines, offers 
the prospect of achieving further false alarm reductions by eliminating infeasible contacts 
and classifying surface contacts. 

5. HARDWARE AND VEHICLE IMPROVEMENTS. 
 

Since 2008, STO-CMRE has invested heavily in improving the capabilities of the 
AUVs.  Besides the upgraded modems, first used in 2010, in 2012 computational power of 
the on board processing was doubled, and in 2013 the NiMH batteries were replaced with 

1st International Conference and Exhibition on Underwater Acoustics

878



 

Li++, doubling the endurance to 16 hours at 2 kts.  Earlier, in 2009, the propellers were 
redesigned to operate more efficiently.  In all, the range endurance of the vehicles was 
quadrupled over the five years of the programme.  These changes, along with the scientific 
and algorithmic work outlined above, allowed STO-CMRE to propose that the 
autonomous AUV ASW network be tested against submarines, first in structured national 
experimentation, and most recently as part of a major naval ASW exercise. 

6. SEATRIALS AND NAVAL EXERCISES 

6.1. GLINT-NGAS11 
 

In the fall of 2011 the CASW programme at STO-CMRE (then NURC) conducted its 
first autonomous ASW network demonstration in collaboration with the Italian Navy [11].  
The Centre’s two AUVs, with the full real-time processing suite, the long-range modems, 
and a suite of information theoretic robotic behaviours, were used to attempt to detect and 
track a submarine in the Gulf of Taranto.  The experiment was successful, with 
satisfactory results being obtained that drove home the potential of the concept.  The 
embedded signal processing worked as designed, interfacing with the tracker to deliver 
real-time reports through the long-range underwater acoustic modems to the command and 
control centre on board the NRV Alliance.  In addition, for the first time robotic active 
ASW behaviours were successfully tested against a target.  Classification research 
conducted in collaboration with DRDC (Canada) showed the potential of false alarm 
reduction.  In collaboration with CMRE’s NGAS partners, a passive-cueing-active 
modality was demonstrated. 

During the GLINT-NGAS11 sea trial, members of the Next Generation Autonomous 
Systems Joint Research Project from FFI (Norway) and SPAWAR Systems Centre (USA), 
collaborating with STO-CMRE, used the US Naval Post Graduate School’s Seaweb 
Server underwater acoustic modem network to send reports to the NRV Alliance.  These 
reports were used to “go active”, i.e. to turn on the bistatic source to start searching the 
area using multi-static active ASW.  The AUVs themselves were able to autonomously 
detect the change to the active modality, changing their behaviour from loitering to 
prosecution of the target, all without interference or direction from the command and 
control on board the NRV Alliance. 

The success of the national demonstration in 2011 was sufficient for STO-CMRE to 
propose to NATO Maritime Command Naples the participation of the NRV Alliance and 
the AUVs in the Proud Manta 12 ASW exercise, with a quick turn-around scheduled for 
early 2012. 
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Fig.2: CAINPro beam-collapsed time series from GLINT/NGAS11 with DMHT 
tracking results superimposed in magenta.  The black dashed curve is the expected arrival 
time of the E/R.  The saw-toothed pattern 1½ and 3½ s is the direct blast. There are tracks 

near these arrivals caused by clutter from Capo Trionto 

6.2. Exercise Proud Manta 2012 
 

The Proud Manta ASW exercises are NATO’s largest ASW exercises, traditional 
conducted in the winter in the Ionian Sea east of Sicily.  In 2012 the exercise included 5 
submarines, 12 surface ships, 5 maritime patrol aircraft, and 4 shore based and 6 organic 
helicopters.  It was the NRV Alliance’s first participation in this ASW exercise.  Although 
rough weather prevented the deployment of the AUVs during target days structured within 
the exercise for dedicated multi-static experimentation, the AUVs were able to be 
deployed on other days throughout the experiment, allowing the validation and 
demonstration of the performance of the real-time embedded signal processing for their 
towed arrays, and the feasibility of the multi-static ASW system concept of data fusion of 
AUV contacts and tracks [13].  
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Fig.3: Fusion of data collected by the two AUVs during ExPOMA12. These results 
motivated the implementation of real-time off-board contact and track-level data fusion 

for ExPOMA13. 
 

6.3. Exercise Proud Manta 2013 
 

Following the demonstration of the feasibility of autonomous ASW networks during 
POMA12, CMRE’s AUVs were deployed again during POMA13 to protect a shoreline 
asset during free play ISR and intensive ASW evolutions [16].  The AUVs and the NRV 
Alliance again formed a multi-static network, with their towed arrays processing signals 
broadcast both from an off board source (the DEMUS), and from sources deployed off the 
Alliance.  The scenario was a challenging one, where the AUVs and the Alliance were 
deployed to patrol the barrier with no information as to when and from what direction the 
target would approach the ISR objective.  Experimentation and demonstration within the 
live exercise context lasted over several days with compelling results.  Detections and 
tracks from the AUVs were successfully fused in real-time with the Alliance’s VDS 
contacts and tracks, with results being communicated in real-time back to STO-CMRE 
over an encrypted data link. 
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Fig.4: Data fusion example from ExPOMA13. Fused tracks (white) eliminate 
ambiguous tracks (shown in green and black) from the two AUVs.  Results are shown for 

an echo repeater target deployed from the Alliance. 
 

7. THE FUTURE OF AUTONOMOUS ASW NETWORKS AT CMRE 
 

The research conducted by STO-CMRE in the CASW programme shows the 
feasibility of robotic autonomous AUV based underwater ASW surveillance networks.  A 
total of 4 experiments, one with a real target, and two demonstrations in naval exercises 
with submarines, have been conducted, each with increasing level of performance and 
challenge.  Starting from the first use of AUVs with towed arrays in a multi-static active 
ASW context in 2008, autonomy, synchronized embedded signal processing, cooperative 
communication, and data fusion have been steadily added, enabling the system to be 
demonstrated successfully during free play evolutions in POMA13. 

Autonomous underwater and surface sensor networks will offer compelling advantages 
in ASW.  These systems will allow persistence, stealth, and extended area coverage, while 
reducing risk, and ultimately manning and system costs.  Increased DCLT performance 
will be possible through the power of cooperative trajectory planning and data fusion.  On-
board robotic algorithms will allow autonomous network nodes to optimize their 
trajectories singly and collaboratively.  Autonomous sensor networks will allow 
conventional assets to stand off from sensitive areas, while maintaining awareness of the 
forward underwater battle space in an optimized way. 

This realization of the potential of cooperative ASW networks will require that cutting 
edge algorithms, from improved DCTL and autonomy algorithms, to improved 
communication schemes including multihop and advanced media access control, be 
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pushed onto these platforms.  Extensive testing in modelling and simulation environments 
will help sift approaches and algorithms to arrive at the reduced set that can be tested at 
sea.   
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Abstract: Maritime surveillance sensors from Canada, Germany, Norway, and USA were 
deployed in November 2012 on the seafloor of the Oslo Fjord near Horten, Norway. The 
distributed, heterogeneous set of sensor nodes was integrated by means of a Seaweb 
underwater acoustic network. This NGAS 2012 sea trial was part of the Next-Generation 
Autonomous Systems (NGAS) collaboration, a Joint Research Project (JRP) facilitated by the 
NATO Centre for Maritime Research and Experimentation (CMRE). A total of 11 sensor 
nodes were stationed near minor sea lanes to detect passing targets of opportunity. All 
sensor nodes had in situ signal-processing capability for target detection, characterization, 
and localization. Locally generated contact reports travelled through underwater acoustic 
modems, using Seaweb networking, to a gateway buoy. The gateway buoy forwarded 
detections through GSM to a shore-based command center.

This paper presents examples of detections from the Norwegian NILUS (Networked 
Intelligent Underwater Sensors) nodes in the trial. The Seaweb network performance (packet 
loss and latency) is shown for different network topologies. In particular, routes with a few 
long hops are compared with routes having many shorter hops using the same sensor node 
positions.  

Keywords: CMRE, NGAS, NILUS, Magnetics, Acoustics, Acomms, Seaweb, Networks, ASW, 
Surveillance, Maritime Domain Awareness.
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INTRODUCTION

NGAS (Next-Generation Autonomous Systems) is a JRP (Joint Research Project) 
facilitated by CMRE (Centre for Maritime Research and Experimentation) focusing on 
rapidly deployable underwater sensor networks for ASW (Anti-Submarine Warfare). The 
JRP presently involves partners from Canada, Germany, Italy, Norway, United Kingdom, 
and United States. There have been several NGAS sea trials since 2004, some of them 
involving submarine target vessels. 

The latest NGAS trial was in November 2012 at Horten, Norway. NGAS 2012 was an 
engineering trial without military target vessels. A total of 11 sensor nodes from 4 nations 
were deployed on the sea floor, near minor sea lanes. All sensor nodes had autonomous 
signal-processing capability for detecting maritime vessels, and all were equipped with 
Teledyne Benthos acoustic modems through which they sent contact reports into a Seaweb 
underwater communication network. Seaweb [1] is a networking technology implemented by 
the U.S. Navy on the acoustic modem DSP. Seaweb enables communications through a 
wide-area distributed underwater network.   

This paper gives a brief overview of the NGAS 2012 sea trial, and presents an example on 
detection from the Norwegian sensor nodes NILUS (Networked Intelligent Underwater 
Sensors) [2]-[3]. Sensor data and detections from the other sensor nodes are outside the scope 
of this paper. This paper also shows the Seaweb performance in two different network 
topologies.  

THE NGAS 2012 SEA TRIAL 

NGAS 2012 occurred near Horten, Norway, from Oct. 29th to Nov. 9th, 2013. This two-
week period encompassed staging, deployment and recovery of equipment, including: 

One “Starfish cube” sensor node from DRDC Atlantic (Defence Research and 
Development Canada). 
Two “Nereus” sensor nodes from WTD71 (Bundeswehr Technical Centre for 
Ships and Naval Weapons, Naval Technology and Research) / FWG (Research 
Department for Underwater Acoustics and Marine Geophysics), Germany. 
Four NILUS sensor nodes from FFI (Norwegian Defence Research 
Establishment). 
Four “MSRM” (Magnetic Sensor Recording Module) sensor nodes from SSC 
Pacific (SPAWAR Systems Center Pacific), USA. 
One gateway buoy from FFI, for bidirectional communications between the 
underwater Seaweb domain and the GSM domain. 
Additional Teledyne Benthos modems acting as repeater nodes in the Seaweb 
network. 
Ashore command center at FFI Horten. 

The primary objective of the NGAS 2012 trial was to test interoperability between the 
heterogeneous sensor nodes, including common operator-station software at the shore-based 
command center. A secondary objective was to obtain sensor and communications data. 
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In the first trial week, some sensor nodes were deployed in the Horten Inner Harbor for 
initial tests utilizing the FFI barge, and some were deployed in adjacent waters of Oslo Fjord. 
In the second week, all nodes were deployed in the fjord. This paper only considers 
experimentation in the fjord, including an example of detection with the Norwegian NILUS 
sensor nodes and a comparison between Seaweb routes with fewer long-range links and 
routes having more short-range links.  

Fig. 1 shows the deployed positions of equipment in the fjord in the two trial weeks. The 
area is just outside the inlet to the Inner Harbor of Horten. As evidenced by the AIS tracks, 
the sensor nodes (coloured triangles) were placed near minor sea lanes. All sensor nodes 
were deployed on the sea floor, at depths of 15 to 80 m. 

 

 
Fig. 1: Positions of deployed network nodes in the two trial weeks. Sensor nodes are 

coloured triangles (Cyan = Canadian, Green = German, Red = Norwegian, Yellow = US). 
Seaweb repeater nodes are black triangles, and the gateway buoy is the black circle. AIS 

vessel tracks are also shown (Tuesday-Sunday first week, Monday-Thursday second week). 

EXAMPLE OF DETECTION WITH NILUS 

Cargo vessel Wilson Lahn transited North to South as shown in Fig. 2. This target of 
opportunity passed 50 m horizontal distance from N13, 500 m from N11, and 1150 m from 
N12 and N14. N13 was 20 m deep, while the other NILUS nodes were 70 m deep. 

Magnetic sensors have short detection range, since the magnetic-field perturbation drops 
off with the third power of sensor-target range. The magnetic-field perturbation caused by the 
passing target is observable at N13, as seen in the upper-right panel of Fig. 2. At N11, which 
is about 10 times more distant, the magnetic field is about 1000 times weaker. This is below 
the noise level and hence not observable. 

However, the acoustic energy emitted by the target is observable at all four NILUS nodes. 
N11 and N13 acoustic data are shown in Fig. 2. The target slowed from 12 to 8 knots at 
about 18:10 UTC, and did some manoeuvres to get in position for the entrance to the Inner 
Harbor. This may be the reason why the emitted noise level from the target is not constant. 

The NILUS sensor nodes have in situ signal processing capable of detecting passing 
targets on the acoustic and magnetic sensor. When an acoustic detection is made, the bearing-
time record of the contact is computed by the sensor node and transmitted to the command 
center through the Seaweb network, along with a time series of broadband power estimates. 
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When a magnetic detection is made, the time series of the magnetic field leading up to the 
detection is transmitted to the command center. For this example, all four NILUS nodes 
detected the target on the acoustic sensor but only N13 detected it on the magnetic sensor. 

At the operator station in the command center, which is connected to the Seaweb network 
through a GSM gateway buoy, the incoming contact reports are immediately displayed in a 
graphical user interface. In Fig. 3, the top panel shows the acoustic detections by N11 and 
N13 (dots are bearing estimates and the green line is broadband power on a quasi-dB scale). 
From the steepness of the bearing-time record and the level of the broadband power estimate, 
the operator can readily see that the target passes closer to N13 than to N11. 

 

 
                          N11 acoustic data                                          N13 acoustic data 

  
Fig. 2: Cargo vessel Wilson Lahn passing NILUS nodes. Upper left: Map with sensor node 
positions and AIS track. Upper right: N13 magnetic time series (deviation from background 

field). Bottom: N11 and N13 acoustic spectrograms for a 10-minute interval. 

N11 is equipped with a tetrahedral hydrophone array and is capable of estimating two 
different bearings simultaneously in multi-target situations (the blue and red dots in Fig. 3). 
In the lower left panel, the estimated bearings are compared with “ground truth” bearings 
computed from the AIS track. The target is tracked well, but soon after target CPA (closest 
point of approach) the node also briefly estimates the bearing to the search-and-rescue vessel 
Rescue Sundt, which is smaller and less noisy. N13 is equipped with a DIFAR (directional 
frequency analysis and recording) sensor, and is only capable of estimating one bearing at a 
time with the processing implemented inside the node. 

The lower right panel of Fig. 3 is the magnetic time series received from N13 after it 
makes a magnetic detection. Note that in the present implementation, the detection is made 
some time before CPA, and hence only the precursor of the magnetic signature seen in Fig. 2 
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is reported. The entire target passage could be included in magnetic detection messages, at 
the cost of transmission latency of the contact report. 
 

 

 
Fig. 3: Top: Acoustic detection of Wilson Lahn by sensor nodes N11(left) and N13 (right), as 
displayed by the operator station software. Bottom left: Comparison of N11 acoustic bearing 

estimate with AIS data. Bottom right: Magnetic detection of Wilson Lahn by N13, as 
displayed in the operator station software. 

ACOUSTIC COMMUNICATIONS NETWORK PERFORMANCE 

Seaweb acoustic communications interconnected the sensor nodes and gateway node to 
form a heterogeneous, fixed, distributed network. All acoustic communications in NGAS 
2012 were in the 9-14 kHz band and involved the asynchronous transmission of digital data 
packets from a sensor node or a gateway node into the Seaweb network. Data packets from 
the sensor nodes were contact reports or status reports, which in all cases were automatically 
routed through the network to the gateway node. The sensor nodes generate contact reports 
autonomously and transmit them into the network asynchronously. Data packets from the 
gateway node, typically for command and control, followed prescribed Seaweb routes to the 
addressed sensor node.  

We focus our attention on three time episodes, denoted A, B and C, in which many nodes 
were configured to automatically send contact reports to the operations center through the 
gateway. Before episode A, the routes were manually configured as shown in Fig. 4 (left), 
except that traffic from node 33 by mistake was routed through 35. Before episode B, this 
was repaired and 33 was instead routed through 21. During the 1-hour duration of episode B, 
a small boat passed the sensor field four times, generating many acoustic detection messages. 
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Before episode C, a “discovery procedure” was initiated at the command center and the 
network proceeded to automatically and autonomously configure the network routes using a 
cost function that favoured short links over long links [4]. The resulting routes shown in Fig. 
4 (right) generally use more hops to get to the gateway (node 19) than the manually 
configured routes. Note that after the discovery procedure but before episode C, nodes 1 and 
2 were recovered and were therefore not transmitting any packets during episode C. 

Network performance statistics during the studied episodes are shown in Fig. 5 and Table 
1. Note that due to lack of clock synchronization in the sensor nodes, there may be an offset 
on the order of 10 seconds in the reported latencies, but the offset is constant for each node. 
However, nodes 33 and 34 have variable uncertainty of ±5 seconds from packet to packet due 
to application-layer buffering. Node 43 lacks sufficiently accurate time stamps in the transmit 
logs and therefore we omit these latency data. 

The upper two panels in Fig. 5 show the hourly traffic load offered to the network from 
the sensor nodes (green+red) and the fraction of traffic actually delivered to the gateway 
(green). Since the offered load is less in C than in A and B, it is not possible to conclude from 
these data whether the packet delivery rate for a certain amount of traffic increased or 
decreased as a result of the changed network routing. 

The lower two panels in Fig. 5 show that the latency from nodes 3 and 34 generally 
increased with the automatically configured routes used during C. In Table 1 we see that the 
median latency increased for all nodes having more hops to the gateway (nodes 3, 20, and 
34). We also see an increased minimum latency, except for node 3 which had the highest 
minimum latency in B. This may be due to network contention by many simultaneous 
packets in the network during B when our target boat passed the sensors several times. 

We caution that this comparison of routing strategies lacked experimental control in that 
the observation intervals occurred at different times of day and the offered load was 
asynchronous and non-uniform. Moreover, no effort was made to tune the transmit power for 
the prevailing link margins that existed in each pairwise combination of neighbouring nodes. 
Latency is proportional to the number of hops. The potential advantage of using shorter hops 
in a distributed network is improved link margin and improved reliability. The development 
of adaptive cost functions in the initialization of network routes remains a research topic. 

 

 
Fig. 4: Manually configured network used during episode B, and automatically configured 
network used in episode C. In episode A, the configuration was the same as in B except that 

node 33 by mistake was routed through 35 to get to 19. Dashed lines indicate links to 
inactive nodes. Node numbers not mentioned in the paper are not shown here. 

1st International Conference and Exhibition on Underwater Acoustics

890



 

 

 
Fig. 5: Analysis of traffic in the network in three different episodes A-C, on Nov. 6-8, 2012. 
The two top panels show the total number of packets and KiB transmitted from all nodes to 
the gateway (19) in each hour (1 KiB = 1024 Bytes). The two bottom plots show the latency 

for each packet from nodes 3 and 34, respectively, to the gateway (measured at the 
application layers). 

 
 

Node Hops to 19 Packets RX@19 / TX Latency, minimum/median (s) 
A B C A B C A B C 

1 1 1 (2) 40 / 40 4 / 7 - 16 / 26 12 / 22 - 
2 1 1 (1) 16 / 19 4 / 6 - 17 / 40 13 / 22 - 
3 2 2 3 29 / 33 6 / 8 62 / 65 32 / 60 52/ 56 26 / 89 
20 1 1 2 7 / 9 4 / 4 13 / 26 21 / 25 21 / 28 35 / 104 
33 2 2 2 22 / 25 7 / 7 27 / 32 25 / 28 32 / 36 27 / 30 
34 2 2 4 19 / 20 2 / 2 29 / 31 15 / 21 15 / 16 25 / 35 
43 1 1 3 8 / 8 0 / 1 5 / 6 - - - 

Table 1: Overview of communication traffic from each node in episodes A-C. Left-hand 
columns show the number of hops from each node to the gateway (node 19). Center columns 

show the number of received packets at the gateway, and the total number of packets 
transmitted, from each node. Right-hand columns show the minimum and median latency of 

packets successfully received at the gateway buoy from each node. 
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CONCLUSIONS 

We have presented an example of sensor and signal processing performance for the 
NILUS sensor nodes during the NGAS 2012 engineering trial, and how information from 
such sensor nodes can be transmitted through an underwater acoustic sensor network and 
displayed at a command center. 

We have compared network performance under different routing configurations. 
Unfortunately, the traffic load was also different and propagation and noise conditions may 
not have been constant. It is therefore not clear whether differences in packet delivery ratio 
are mostly related to routing configuration, traffic load, or propagation and noise conditions. 
Nevertheless, the results do illustrate that latency increases with increased number of hops. 
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Abstract: Distributed networks for underwater persistent surveillance have been deeply 
considered at the NATO Centre for Maritime Research and Experimentation (CMRE), 
formerly NATO Undersea Research Centre (NURC), over the last few years. For this 
purpose, the use of unmanned underwater vehicles and underwater gliders, as well as 
unmanned surface vehicles have been considered by CMRE as a range of potential assets 
that would support this maritime task. 

The purpose of the paper is to give an overview of the main technology challenges that 
CMRE recognized as the limitations to the use of such unmanned systems within the 
maritime environment. The priorities of these technology challenges are to improve the 
endurance of unmanned vehicles, to optimize the use of limited bandwidth underwater 
communication, to enable communication between underwater and surface assets, to 
provide effective localized situation awareness to unmanned maritime systems while 
ensuring the safety and security, to develop recovery systems and to develop long range 
surveillance.

In the paper, a description is given of the main technology challenges considered by 
CMRE in the persistent surveillance domain such as power and propulsion, 
communications, autonomy, payload recovery and sensors and platforms. For each 
technology challenge, successful examples of the work done in CMRE over the last years 
for mitigating them are shown and demonstrate that good progress, even if not yet fully 
sufficient, can be made to consider unmanned vehicles as the way to go in persistent 
surveillance.

Keywords: autonomous vehicles, surveillance, energy, propulsion, autonomy, launch 
and recovery, underwater communication, endurance, persistent 
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1. INTRODUCTION
The use of unmanned systems, in conjunction with ships, planes and shore stations, in 

maritime defence and security is consistently increasing among the NATO Nations. As 
global maritime trade faces threats from above and below the sea surface, the use of 
unmanned platforms can make up for the limited number of manned platforms 
undertaking maritime tasks, such as anti-submarine warfare, mine countermeasures, air 
defence, counter-piracy, and the protection of ports and choke points. For this purpose, 
CMRE has long been considering the use of such vehicles in new concepts of operation in 
the field of underwater persistent surveillance. However, there are several technological 
hurdles to be surmounted before these vehicles can be used for such a challenging task. 

The purpose of the paper is to give an overview of the main technology challenges that 
are recognized as the limitations to the use of such unmanned systems within the maritime 
environment   

The first challenge that CMRE considers deals with the required need of an improved 
endurance capability that would allow long-term surveillance. Paragraph 2 describes the 
energy issues faced by the use of autonomous vehicles and shows the work done in CMRE 
on propulsions and battery chemistry for dramatically improving the endurance of some of 
our AUVs. The second challenge focuses on the operational issue of having to deploy and 
recover them in high sea states and the difficulties that this requirement generates. 
Paragraph 3 briefly explains the different ways CMRE has considered solving the issues 
over the last few years. The third challenge addresses the need to provide autonomous 
vehicles with autonomy that would offer them the capability to work better in isolation 
being able to take their own decision and work in dynamic and hostile environments. 
Paragraph 4 gives an example of the work CMRE has performed for providing higher 
processing capability in one of their AUVs. The fourth challenge investigated is related to 
the difficulty to communicate while underwater between underwater assets as well as 
between underwater and surface assets due to difficult propagation and limited bandwidth 
availability. Paragraph 5 describes the effort made at the CMRE for providing a real-time 
at-sea capability compulsory for testing its developed multi-hop communication scheme 
and Delay-Tolerant Network as well as the work performed on mobile gateways buoys.   

2. POWER AND PROPULSION 

Underwater and surface vehicles are more and more needed to support operations that 
might be covert, at long ranges, or unsupported for various reasons for long periods of 
time. Requirements are now moving from a few hours of operation to days or even 
months. In order to improve the endurance of autonomous vehicles without reducing the 
platform speed or increasing the platform size, innovative solutions have to be found while 
either working on ways to increase the available energy or the propulsion efficiency. 
CMRE, within the framework of the anti-submarine warfare program [1], [2] investigated 
these two aspects for its OEX-C AUV. 

a. Propulsion

CMRE decided in 2010 to consider the design of a new propeller and first assessed the 
performance of the existing OEX-C propeller. It was found a very important drag of the 
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appendages, suggesting a fairing that should offer resistance reductions. Also, the analysis 
of the sea trial propulsion data and speed measurements and their use in combination with 
the resistance and thrust predictions brought to the estimation of a very low, around 20%, 
current propeller open water efficiency. Finally, the shape of the hub was found very 
important that suggested a fixed (to the hull) streamlined extension and a small rotating 
hub in way of the propeller. With all those results, a new optimum propeller for the 
existing motor was designed based on the basis of preliminary parametric calculations and 
Computational Fluid Dynamics (CFD) simulations. Figure 1 shows pictures of the OEX-C 
propeller original design and new design as well as the pressure distribution on the hub. A 
big reduction on the wake can be seen between the figures that obviously translate in 
much higher efficiency for the new design.

Fig.1: OEX-C original (top) and new propeller (bottom) design 

At-sea measurements were done to evaluate the improvement in efficiency obtained 
with the new propeller. An impressive saving (ratio between 1.5 and 3 depending on the 
speed of operations) was measured on the power consumption achieved with the two 
designs while also additionally providing a strong increase of the maximum achievable 
speed (from 1.4 to 2.1 m/s). In summary, at a speed of 1.3 m/s which is the nominal speed 
at which the OEX-C was used during the ASW operations, its endurance went from 5 
hours to 8 hours, which emphasises the importance of a good propulsion system design. 

b. Power

Different efforts were made at CMRE for increasing the available energy on the 
vehicle. The first effort was to change the energy source by changing the battery chemistry 
from Nickel metal-hydride (NiMH) batteries to lithium-ion batteries.  This chemistry 
change, which has been commonly seen in the AUV world in the past years, was made 
keeping the old mechanical OEX-C design that is using 8 separate batteries canister. The 
batteries that are used are the SAFT LSH-20 cells that can be either rechargeable or non-
rechargeable. Table 1 gives a comparison, assuming OEX-C travelling at 1.3 m/s, on both 
the capacity and the endurance when using the Nickel – metal hydride battery technology 
compared to the ones got while using the Lithium-ion one. From the table, it can be seen 
that a gain of around 2 (rechargeable) up to 4.6 (non-rechargeable) was achieved while 
going to Lithium technology.  

OEX-C Performance comparison 
between NiMH and Lithium-ion Batteries 

Ni-Metal
Hydride 

Lithium 
rechargeable 

Lithium non-
rechargeable 

Capacity (kWh) 2.4 4.8 11.1 
Endurance in hours 8 16 37 

Table 1: OEX-C battery capacity / endurance with NiMH and Lithium ion batteries
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c. Power and Propulsion enhancement summary 

In summary, since 2010, CMRE has achieved significant improvement in endurance 
(up to a ratio of around 7.4) moving from a 5 hours endurance to a 37 hours endurance 
while combining effort on the propulsion and the battery technology. This has 
considerably increased our capability of assessing new concepts of anti-submarine 
surveillance based on the use of unmanned vehicles for which very important results were 
achieved in February 2013. 

3. LAUNCH AND RECOVERY 

AUV launch and recovery is one of the other main challenges that still limit their use 
for performing persistent underwater surveillance. In fact, despite that a great 
improvement has been made on their endurance as explained in the previous paragraph, 
there will be still be require to deploy but as well to recover them which is even more 
difficult. Launch and Recovery system (LARS) 

In 2006, CMRE decided to design and build a Launch and Recovery system for its 21” 
vehicles that could be used on their two vessels ALLIANCE and LEONARDO. CMRE 
used its experience in deploying low-frequency active sources from ALLIANCE and built 
a hydraulic ramp based system. The system relies on human intervention to achieve the 
critical initial contact with the AUV to be recovered, either snagging the AUV itself or 
picking up a line ejected from the nose cone of the AUV and then hauling the AUV onto a 
recovery sled. The system, seen in Figure 3, has been developed for handling AUV 
recovery in up to sea state 4. 

Fig.3: Launch and Recovery (LARS) for OEX-C Explorer from RV LEONARDO 

d. Autonomous Launch and Recovery system (Auto LARS) 

As we move into the field of autonomous persistent surveillance there is a pressure to 
develop autonomous handling systems capable of operation without human intervention.  
While many parts of the puzzle to make a fully automated generic LARS are in place, an 
automated means to make initial contact with the AUV to be recovered does not yet exist. 

CMRE decided in 2008 to develop, in collaboration with the University of Singapore 
and AGEOTEC company, the AutoLARS (Autonomous Launch and Recovery System) 
[3] and, more particularly, an automated initial contact system that would capture a wide 
range of small AUVs taking into account that small and inexpensive AUV’s will play an 
important role in autonomous persistent underwater surveillance.
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AutoLARS (Figure 4) is a mobile, active recovery system that requires minimal 
modification to any AUV or glider beyond affixing a generic transponder. The recovery 
method involves a free-swimming, ROV-like capture hoop whose position is actively 
guided by asynchronous tracking of an AUV. At the end of a mission, an AUV must be 
programmed to steer a constant heading and maintain a constant depth. The capture hoop, 
acting like a baseball catcher’s mitt, adjusts to position itself in front on the free-
swimming AUV using multiple thrusters mounted on the hoop.  

At-sea trials were conducted in 2011 to demonstrate the capability of AutoLARS for 
catching a Remus 100 vehicle. 

Fig.4: AutoLARS design and during at-sea trial 

In 2011, CMRE decided to combine LARS and AutoLARS (Figure 5) for 
demonstrating autonomous launch and recovery of small AUVs. AutoLARS was modified 
in such a way that it became a fixed catcher connected to LARS. Its control was moved to 
the AUV which was equipped with a USBL capability that computes the catcher position 
allowing its full guidance through autonomous control to the catcher. Successful at-sea 
demonstrations of autonomous launch and recover of eFolaga happened in March 2012. 

Fig.5: CMRE LARS and AutoLARS combined for at-sea trial 

e. AUV bottom laying capability 

Another way of mitigating the difficulty for recovering AUVs in high sea states is to 
consider mitigating the adverse weather conditions by having the capability to wait for a 
quieter sea state. For this purpose, CMRE decided to design and integrate within the OEX-
C a Variable Buoyancy Device (VBD) (Figure 6) that would allow the AUV to go and 
stay on the seabed in a hibernation mode.  This VBD is a simple linear piston-driven 
device capable of displacing approximately 2.4 liters of sea water. In addition, the OEX 
being not designed to sit on the seabed, a suitable structure (Figure 6) has been designed 
primarily to form a stable landing gear (two parallel sleds) and a proper protection for 
acoustic transducers, control surfaces and propeller.  
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Fig.6: VBD integrated in OEX-C (left), OEX-C equipped with sleds for landing (right)

4. AUTONOMY 

Unmanned systems in persistent undersea surveillance are being expected to operate in 
isolation in dynamic and hostile environments. They will therefore require in future to 
have the capability to observe and interpret by themselves the environment in which they 
operate as well as possibly identifying the potential threats they could be facing in order to 
reduce the risk to their safety and security.

Related to those autonomy needs, CMRE focused on increasing the processing and 
decision-making capabilities on board the MUSCLE AUV, which uses multi-resolution, 
multi-aspect synthetic aperture sonar (SAS) to create detailed images of the seafloor. 
Moving the algorithms and behaviours on board the AUV has the potential to significantly 
increase the speed of operation on mine countermeasure missions. In 2008, CMRE started 
looking at the emerging Graphic Processing Unit (GPU) technology to be used for being 
able to run the above mentioned high-CPU hungry algorithms. GPUs and the CUDA 
libraries appeared being ideal candidates for the task allowing for high scalability and 
code reusability. The entire SAS processing chain was re-designed and implemented real-
time in C++ and CUDA. Following that, CMRE decided in 2011 for the design and 
integration of a new payload section (Figure 7) in the MUSCLE AUV. The payload 
section contains a ruggedized CPU and a ruggedized version of a TESLA GT240 GPU. It 
was carefully designed to ensure good cooling, proper mechanical and electrical interface 
in addition to a 1 GB data transfer capability through an underwater connector. 

Since March 2012, The GPU payload has been extensively used during MUSCLE 
missions with demonstrated capability of real-time adaptive behaviours and successful 
object classification.  Further work at CMRE will be to provide the OEX-C AUV with the 
same GPU capability for being able to perform more sophisticated real-time collaborative 
and cooperative work in a multi-static anti-submarine warfare program. 

Fig.7: GPU technology integration in MUSCLE AUV 
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5. UNDERWATER ACOUSTIC COMMUNICATION 

In an underwater persistence framework, technology challenges for optimizing 
communications between unmanned and/or manned systems either underwater or above 
water would be for example to increase the networking capability available to unmanned 
underwater vehicles or to provide persistent communications across the sea/air interface.

a. Networking capability development 

Networked distributed sensing would require both coding standards and new protocols 
to handle the creation of ad-hoc networks that will be robust to delays and disruptions as 
links fade in and out of service.  CMRE is addressing these issues in establishing standards 
and developing protocols such as JANUS (a simple digital signalling method) and Delay 
and Disruption Tolerant Networking (DTN) adapted for underwater use.

The assessment of protocol performance is initially assessed through the use of 
modelling and simulation (M&S) tools and then validated at sea. For that purpose, CMRE 
decided to provide real-time at-sea capability to test Multi-hop communication scheme 
and DTN within a heterogeneous underwater surveillance cluster made of both fixed and 
mobile nodes. A Littoral Ocean Observatory Network (LOON), with power from shore 
and fibre optics data lines connected to the internet for remote operation was installed in 
the La Spezia area. The LOON is composed of four fixed platforms equipped with both 
WHOI and Evologics modems. A detailed view of one of the LOON tripods during 
deployment operation can be seen in Figure 8. The CMRE Littoral Ocean Observatory 
Network (LOON) is now available online to collaborators, who can test protocols at sea 
from their desks across the world.   

Fig.8: LOON deployment at-sea 

b. Persistent communication across the sea-air interface  

CMRE, to provide persistent communications across the sea/air interface, decided  in 
addition to the development of gateways buoys that are moored to consider the use of the 
Liquid Robotics waveglider as a mobile platform equipped with an underwater acoustic 
modem and a RF link for ensuring data transfer between the AUVs and manned platforms 
or labs at the surface (Figure 9).  The Waveglider equipped with the Evologics modem 
were extensively useful during the Proud Manta Exercise in February 2013 as a mobile 
gateway node. It perfectly accomplished this function becoming the most used acoustic 
communication channel for the underwater OEX-C vehicles. Navigation and station 
keeping features were satisfactory; energy storage on board granted continuous operation 
for more than 8 hours per day. 
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Fig.9: Waveglider equipped with Evologics underwater mode. On deck (left), just 
deployed (middle), and with Evologics modem attached to wing (right) 

SUMMARY
A description of the main technology challenges considered by CMRE in autonomous 

persistent underwater surveillance has been given in the paper. Examples of CMRE work 
to mitigate them have shown very good progress in many aspects. However, further work 
still needs to be carried out for making the use of autonomous vehicles smoothly 
transitioning from the research world to the operational world. CMRE will be definitely 
through its future program of work, contributing to that happening in the near future. 
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Abstract: This paper describes the underwater acoustic network developed within the 
Thesaurus project. The network, designed to support the exploration of marine areas by 
teams of Autonomous Underwater Vehicles (AUVs), explicitly considers the presence of 
localization devices that may need to access the acoustic channel. The network is based on 
time division multiplexing to share the channel between network nodes. It includes, 
directly in the network stack, a localization layer to negotiate the access to the medium 
between communication and localization systems. The paper describes the distributed 
localization algorithm built upon the data exchanged within the network. Performance 
results are shown through simulations. Finally, preliminary communication results are 
reported as obtained from a recent sea trial held in February 2013. 

Keywords: Underwater acoustic networks, Autonomous Underwater Vehicles, Mobile 
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1. INTRODUCTION
The project “Thesaurus”, funded by Tuscany Region [1, 2], aims at developing techniques 
for systematic exploration of deep-water archaeological sites through team of Autonomous 
Underwater Vehicles (AUVs). The project has several different specific objectives:  

 Development of AUVs capable to carry side-scan sonars and optical payloads at 
depth of 300 m, with 12 hours of autonomy at 2.5 knots cruising speed;  

 Definition of a cooperative search strategy, to be implemented through distributed 
algorithms.  

 Implementation of acoustic communication protocols for a network of at least 
three vehicles that can be supportive to the marine exploration. 

The final purpose is to explore marine areas through a team of AUVs. The ambition of the 
project is to represent a step further towards future developments of multi-agent systems 
for marine survey.  
When multiple underwater vehicles have to cooperate and coordinate their behaviour, 
acoustic communication becomes of paramount importance. It allows exchanging data 
among the agents and with remote stations as the mission evolves. Moreover, in the 
context of underwater exploration, acoustics has also a second fundamental role: the 
absence of GPS makes acoustic-based localization the only viable option. Usual solutions 
are based on static beacons positioned at known locations (Long Baseline - LBL), which 
however pose stringent limitations on the area of operation of the vehicles [3]. However, 
as underwater vehicles become more reliable and affordable, the concurrent use of 
multiple agents (AUVs) becomes feasible and can be exploited to enhance the localization 
performance [4].  
 
The aim of this contribution, based on the Thesaurus project framework, is that of 
describing an acoustic communication network designed to support underwater 
exploration with multiple agents. The communication network is functional to the 
cooperative localization of the AUVs. It is based on a Time Division Multiple Access 
(TDMA) protocol to resolve conflicts and collisions, and it is designed to permit, at least 
when the number of nodes is limited, the increase of the overall network throughput. The 
network takes explicitly into account that the nodes use acoustics for both communication 
and localization. To this aim, an additional layer is included in the network stack to work 
together with the TDMA protocol to share the acoustic channel between communication 
and localization devices. 

Furthermore, the paper describes a localization algorithm that is based on the underlying 
communication network. The algorithm, which uses Extended Kalman Filter (EKF) to 
model the team behaviour, is able to adapt to diverse measurements as made available at 
different times by the network (vehicle local navigation data; range measurement as 
obtained whenever two vehicles establish a bidirectional communication; USBL – Ultra 
Short Base Line - absolute fixes as communicated, when possible, by one of the vehicle 
which is equipped with a USBL device). 

Theoretical details and implementation specifics are given for the localization algorithm 
and for the underwater communication network, highlighting how an attentive design and 
usage of the network can increase the performance of the localization. Performance results 
are given of one recent engineering test of the Thesaurus project. 
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The rest of the paper is organized as follows: the next section describes the implemented 
underwater acoustic network, from the physical layer up to the application level. This 
section also describes how the design of the network had to be modified to incorporate 
acoustic localization devices. Section 3 describes the localization algorithm developed, 
and its testing in simulation. Section 4 reports experimental results obtained during the 
Thesaurus13 sea trial, held in the Bacino di Roffia, Tuscany, Italy, in February 2013. 

2. THE UNDERWATER ACOUSTIC NETWORK 
This section describes the details of the Thesaurus underwater acoustic network. 
The network is based on a time-sharing bi-directional /broadcast communication scheme, 
which permits, in case of networks composed by a limited number of nodes to achieve 
better performance in terms of average transmission delays and energy requirements with 
respect to more complex networking mechanisms [5]. The network is composed by a 
reduced number of layers, and it does not include most of the complexity typically present 
in terrestrial networks (e.g. connection oriented transport protocols or re-transmission 
mechanisms at the upper layers). The aim of the designed acoustic network is twofold: a) 
to create a flexible structure capable of ensuring low-delay communications, and the 
reliable transmission of specific messages necessary for the safety of the team and for 
exploration missions; b) to incorporate acoustic localization devices to permit the 
underwater navigation of the AUVs. 
 

 
Figure 1. Layers of the acoustic network.

 
Acoustic modems 
The physical layer of the acoustic network is supported by Evologics acoustic modems. 
The modems work at a frequency band from 18 to 34 kHz, a nominal operating range of 
3500m, and transmission power settable to a level up to 186 dB re 1 Pa @ 1m. 
The maximum bit rate achievable with the instant messaging communication scheme 
provided by the modems is 976 bps. This scheme does not require connection 
establishment procedures, allows for broadcast messaging to all devices of the network at 
once, and permits a message maximum size of 64 bytes.  
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The modems also provide basic network functionalities, including an addressing system 
that can be exploited at the link layer. 
 
The MAC layer: a TDMA scheme 
The Medium Access Control (MAC) is based on a Time Division Multiple Access 
(TDMA) scheme to share the communication medium, i.e. the acoustic channel. 
According to this scheme, different communication nodes share the same bandwidth but 
they avoid conflicts transmitting at different times. Time is divided into slots and each 
node is assigned a slot where it has to concentrate its communication burden. The set of 
slots that include all the vehicles is usually called cycle, as it repeats when it reaches its 
end. 
 
The network link layer 
The network link layer is realized by a combination of modem network features and by the 
MOOS (Mission Oriented Operating Suite) system. More specifically, the modems 
provide: a) addressable data exchange, which assigns to every device a unique network 
address and b) broadcast messages, so that instant messages can be transmitted to every 
device in the network.  
The MOOS publish/subscribe system uses these modem’s built-in characteristics to route 
application messages from their sources to their correct destinations.  
Within this setting, each acoustic node is equipped with a process that handles the 
communication with the acoustic device: during a reception, it receives information from 
the modem (e.g. data received acoustically) and publishes the results on a MOOS topic 
(INBOX); during a transmission, it reads data from a MOOS topic (OUTBOX) and 
forwards it to the modem for the physical transmission. 
 
Organizing messages: priority queuing 
The acoustic channel is characterized by a very limited bandwidth and capacity. It is 
therefore important for network to have available a set of solutions to adapt the application 
layers to the constraints of the physical link, and in particular to ensure that important 
messages are transmitted as soon as possible. To this aim, the Thesaurus network 
prioritizes the messages in three levels, going from safety messages that must be 
communicated to ensure the safety of the vehicles, to localization messages, necessary to 
guarantee that the vehicles can localize themselves, to application messages, sent only 
when no other and more important messages are waiting for transmission. Note that, given 
the proposed network structure, it is still likely that when an application generates data at a 
higher rate than the acoustic channel can support, the priority queue might grow 
indefinitely with the undesirable result of old messages still in the queue, waiting for 
transmission, postponing important, more recent, messages. To avoid such a situation, at 
each step, the messages are filtered on the basis of the time slot duration available for the 
acoustic transmission. This becomes important to send high-priority messages and to 
support localization, permitting the transmission of localization updates as soon as they 
become available. 
 
The application layer 
The MOOS system represents also the basic infrastructure for the application level of the 
network: all the main processes running on the network nodes are in fact MOOS 
applications. To join the network, an application inherits from the MOOS base class and 
implements specific methods to use the MOOS features, including acoustic 
communication. In this way the network becomes completely transparent from the user 
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point of view. Each application running on an acoustic node needs only to publish the 
desired data on a provided topic (OUTBOX) for it to be transmitted acoustically towards 
the desired nodes. Vice-versa, each client needs to register to the topic INBOX to be 
notified when new acoustic messages are available. 
 
Including localization devices: USBL positioning and acoustic ranging. 
One of the principal objectives of the designed acoustic network is that of including 
acoustic localization devices. The presence of such devices however can have a great 
impact on the network itself. Acoustic positioning with available commercial systems 
usually requires bi-directional communication to calculate range and/or bearing from 
source to destination. According to this scheme, and to complete the localization 
procedure, the receiver must hence transmit inside the time slot assigned to another node, 
breaking the TDMA structure, and creating possible collisions. 
To maintain the coherence of the network, the network link layer works along a 
localization layer, negotiating with it the access to the acoustic node. Once the localization 
layer obtains the right to use the acoustic modem it establishes a bi-directional 
communication with the remote nodes, computes the round-trip-time (and hence the 
range), and the direction of arrival (USBL equipped acoustic modems), completing the 
localization procedure. 

3. EKF-BASED UNDERWATER LOCALIZATION 
The Thesaurus acoustic network permits to each acoustic node to have access to 
localization data. However, for a given node, the availability of these data depends on the 
specific on-board devices (acoustic modems, USBL, etc.) and on the network status. 
To reduce these limitations and to enhance the localization performance, the Thesaurus 
project foresees the following scenario. Let us suppose that at least three autonomous 
agents compose the AUV team. One of the three agents is equipped with a USBL device 
and limited to remain on the sea surface to have continuous GPS access. The USBL can be 
used for communication and to have range and bearing measurements of other acoustic 
devices. This vehicle is hence able to have very accurate position measurements of the 
other agents’ locations. This information can then be shared with the team using the 
acoustic network. The remaining agents are responsible for the direct underwater 
exploration of the archaeological site. They are equipped with dedicated sensors, such as 
side-scan sonars, cameras, etc. to get an accurate picture of the area under exploration and 
with acoustic modems for communication. The modems are also able to provide acoustic 
ranging based on the round-trip-time of the messages. Finally, each AUV is also equipped 
with an Inertial Measurement Unit (IMU) able to estimate the vehicle position. These 
inertial devices suffer however of drifting due to the integration of the acceleration 
measurements, and require additional data to limit the estimation error. 
To merge all these different data (USBL and range data; local navigation information, and 
remote position estimates as communicated by the other teammates) each agent 
implements an Extended Kalman Filter (EKF): agent i-th maintains the following swarm 
model (1): 

  
(1)

 
which updates and corrects according to the measurement available at any given time:  

 Navigation data xj(k) as communicated from another vehicle 
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 (2)

 Range data f(pi, pj) = ||pi-pj|| 

 
(3)

 USBL measurements pj: 

 
(4)

 
The proposed algorithm has been tested in simulation, as shown in Figure 2. The agents 
(three in this simulation) communicate using a TDMA network. One of the agents is 
equipped with a USBL device and it is hence able to provide a better estimation of the 
other agent locations. The error in the estimated position is shown as calculated from one 
of the agent of the team (n.3). From the results, it is visible how the EKF can only use 
range measurements to limit the increasing rate of the position error. However, when more 
accurate information is available (i.e. USBL positioning), the filter dramatically reduces 
the estimation error, as if a direct GPS reading was available. 
 

 
Figure 2. Position error. The EKF uses the range measurements to limit the increasing rate of the 
position error, and uses the USBL fix to reduce it. Red, green and blue represent Latitude, Longitude 
and Altitude respectively. Time in seconds. 
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4. EXPERIMENTAL RESULTS 
 
The described network and localization architecture has been recently tested during a 
project engineering test. The sea trial was held from February 4 to February 8, 2013, at the 
Bacino del Roffia, a small lake in Tuscany, Italy. The sea trial main objective was on the 
verification of the newly developed AUV [2], while communication and localization tests 
were done as parallel activities. The network was composed of two fixed nodes (one 
equipped with an acoustic modem and a USBL, and one with only the modem) and one 
AUV. For logistic reasons, the two fixed nodes had to be positioned very close to each 
other (about 10m apart). Figure 3, left, shows the entire area of experimentation, 
highlighting the main points of operation. A typical deployment is shown in Figure 3, 
right. The AUV is visible in the foreground, while the two fixed nodes (FNOs) are 
deployed close to the pier, as signalled by a white buoy on the left (FNO with acoustic 
modem only) and by the grey box which contained the USBL electronics. 

Figure 3 Left: area of experimentation. The red rectangle shows where the AUV 
operated. Right: Activities on Feb. 07, 2013. AUV visible in the foreground. Two 
fixed nodes were deployed close to the pier.

The very shallow water lake (up to 4m in the area of experimentation) and the forced 
transducer positions (AUV mostly within 1m depth with transducer pointing upwards) 
made the acoustic communication very difficult, with very high packet loss. Table 1 
reports the average packet loss and round-trip-time as measured during two days of 
experimentation for all the nodes of the network. Notwithstanding the acoustic challenges, 
the network showed a good level of robustness being able to establish network 
connections and to provide localization fixes as soon as the acoustic link was available.  

5. CONCLUSIONS 

This paper described the underwater acoustic network designed within the Thesaurus 
project. The network, specifically developed to support the exploration of marine areas 
through teams of AUVs, is based on a TDMA medium access control and on MOOS to 
provide the interface towards the application level. The network explicitly takes into 
account the presence of localization devices that need to access the acoustic modems. To 
this aim a dedicated localization layer works together with the network to resolve conflicts 
and avoid collisions. 
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The paper also reports details of a distributed localization algorithm to support the 
AUV exploration. The approach is based on an Extended Kalman Filter and fuses three 
main data: a) vehicle navigation data, b) USBL fixes and c) navigation information as 
provided by other vehicles. Performance results are shown through simulations. Finally, 
the paper also reports some preliminary communication results obtained during a recent 
engineering test of the Thesaurus project. 

Date Node Avg. Packet loss (%) Avg. RTT (s) 

FNO+USBL 73 0.8609 

FNO 44 0.85495 

AUV 76 1.29788 

FNO+USBL 56 0.84390 

FNO 60 0.85597 

 AUV 78 1.54749
Table 1 Statistics collected during the Thesaurus sea trial (February 2013).
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Abstract: The Cooperative ASW Programme at the NATO Centre for Maritime Research 
and Experimentation is developing ASW network concepts that depend on distributed 
sensing and decision making by autonomous underwater vehicles (AUVs) to achieve 
desired performance. The location and orientation of the AUVs can dramatically affect the 
performance of the multistatic autonomous sensor network, so that optimizing the sensor 
positions for detection, localization, classification, and/or tracking performance is of 
primary importance. In this work, behaviours are developed using coherent propagation 
models to navigate autonomous underwater vehicles to maximize quantities such as 
probability of detection, and which take into account range-dependent environmental 
parameters, anisotropic reverberation, array parameters/ambiguities, and hypothesized 
target depths. Specifically, the anticipated signal excess is calculated using the ARTEMIS 
propagation model over a grid of hypothesized target and receiver locations. These can be 
used in path planning to navigate the vehicle along the path which maximizes the 
cumulative probability of detection over the region. Alternatively, the vehicle can navigate 
based on these data combined in a Bayesian framework with detections in the observed 
sonar data, giving a posterior distribution on target position. When a target track is 
present, the optimal vehicle depth is found which minimizes target transmission loss. 
Collaborative efforts to maximize the collective probability of detection over the entire 
network are hindered by the limited communication bandwidth between vehicles. Global 
optimization methods are sought which require minimal sharing of information between 
platforms. A suboptimal collaborative solution is presented requiring only the position 
and heading of the collaborating vehicles. These behaviours are implemented and tested 
using the MOOS-IvP middleware and simulation results are presented. 

Keywords: AUVs, Autonomous behaviours, ASW 
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1.  INTRODUCTION
 
The location and orientation of autonomous underwater vehicles (AUVs) in multistatic 
distributed sensor networks for antisubmarine warfare (ASW) can have a large impact on 
target detection and tracking.  The development of collaborative navigation autonomy is 
thus of importance in the performance of these networks.  The problem of navigating 
autonomous underwater platforms is more generally referred to in the literature as sensor 
management. This addresses the tasking, sequencing, and scheduling of a heterogeneous 
network of sensors to optimally achieve a goal.  There are two approaches to sensor 
management: task- or mission-driven and information-driven sensor management. The 
former chooses sensor actions based on a given performance metric or error quantity. In 
such a case, the sensor action is selected which minimizes the chosen cost function.  
Mission-driven performance metrics for a network of multistatc AUVs may include the 
probability of detection on at least one of the sensors, the probability of track formation 
(e.g. 3 detections in 5 pings), and/or the probability of detection on multiple platforms for 
the purpose of track fusion. Information driven sensor management chooses sensor 
placements and actions which maximize some measure of the information gain of a 
particular sensing action.   The sensor management literature has proposed the use of the 
Kullback-Leibler and Renyi divergences between the prior distribution of the target 
location, and the posterior distribution after observations under the possible sensing 
actions.  These cost functions all may yield different “optimal” paths.  
 
Considerable attention has been given to the problem of sensor management and resource 
placement in anti-submarine warfare (ASW).   Early work used heuristic methods of 
improving active sonar detection and tracking performance by keeping a target on 
broadside on within a certain range of the receiver [3]. A considerable amount of work has 
been conducted at the CMRE over the years in autonomous navigation of AUVs for 
multistatic sonar [3,5,7]. In this work, navigation decisions are made based on improving 
the target localization error [5] or SNR [7].  Lum and Schmidt used both the information 
theoretic and environmental information in navigating AUVs [2].  Aughenbaugh and 
LaCour have applied information-based sensor management to multistatic ASW, but focus 
on the sequencing/scheduling of different sensor types rather than navigating autonomous 
underwater platforms [1].  Much of this work requires a pre-existing target contact or 
track.  This work addresses the problem of navigating one or more AUVs when, in 
general, no target track is present.  The signal to reverberation and noise ratio (SRNR), a 
complex function of source/receiver location, bathymetry, sound speed, water and 
sediment properties, and the steering angle dependent beamwidth, is used to calculate the 
probability of detection (pD).  The probability of detection is used on multiple platforms to 
make navigation decisions based on the position of the vehicle and its collaborators.   The 
following section presents two simple yet suboptimal collaborative behaviors for two 
AUVs which require a minimum of information to be shared between the vehicles.  A 
vehicle depth optimization is also presented which optimizes over vehicle depth once a 
target track is formed.   Preliminary simulation results are presented in Section 3.   

2. AUTONOMOUS AUV NAVIGATION IN MULTISTATIC SONAR 
 
Optimal navigation of one or more AUVs involves calculating the path which maximizes 
or minimizes some chosen cost function.  Both mission-based and information based 

1st International Conference and Exhibition on Underwater Acoustics

910



 

metrics use the predicted probability of detection in the metrics, which is in turn a function 
of the target SRNR.  In bistatic active sonar, this can be calculated a number of ways.  For 
range-independent and isovelocity waveguides, there exist closed form solutions for target 
and reverberation power, derived by Harrison [4].  When the environment is range 
dependent, numerical models such as ARTEMIS or BELLHOP can be used to calculate 
the SRNR.  The probability of detection for a target with a given SRNR is then calculated 
assuming a Gaussian distribution on the complex time series of the return, and a chi-
squared distribution on the magnitude-squared data.  The probability of detection of a 
target in noise can then be written using the cumulative distribution function (CDF), which 
for the chi-squared distribution with two degrees of freedom simplifies to 

)2/1exp(1)()( xdfxC
x

. 

With the predicted probability of detection as a function of target position, autonomous 
behaviours can be designed which assume there is a target present in a given region and 
calculate the probability density function on target position and update it in a Bayesian 
framework as measurements become available. Specifically, if a detection is made the 
update step is 
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where n is the time step, x is the target position, and pD and pFA are the probability of 
detection and false alarm given the receiver position, respectively.  If no detection is 
made, the update step is 
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Sensing actions can then be taken which maximize different measures of information on 
these distributions, e.g. the Kullback-Leibler and/or Renyi divergences. 
 
However if the search area is not known to contain a target, two operationally relevant 
objective functions can be considered: the probability that a target is detected on at least 
one vehicle and the probability that a target is detected by both vehicles simultaneously,  

))|((maxmaxarg uxpu ilD
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l
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where l is the vehicle index, u are the possible vehicle actions, and the xi are the possible 
target locations.  The former is important to maintain coverage over an area, while the 
latter is important for track fusion over multiple vehicles, which has been used for track 
classification and rejection of tracks due to port/starboard ambiguities in horizontal line 
arrays. 

 
Once a target detection is made and a track formed, the receivers optimize their depth by 
selecting the receiver depth that minimizes the SRNR.  The target position x-y position is 
given by the tracker.  The vehicle integrates over all possible target depths, incorporating 
any a priori knowledge of target depth in the pdf p(zt), 
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Fig.1: Results of the “and” (right) and “or” (left) collaborative behaviours described 

in Section 2.  The white lines are the trajectories of the vehicles over 240 min, and the cost 
function is plotted for an example point.
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3. RESULTS 
 

This section presents simulation results for the area clearance and vehicle depth 
behaviours presented in the section above.   

 
    3.1  x-y behaviours 

Because of the computational complexity involved and the constraint of running on a 
vehicle with limited processing power, the search space was limited by fixing the turn rate 
(deg/s) over the look-ahead time.  Eleven possible paths are evaluated, and the best path 
was selected according to the chosen cost function.  The new vehicle position is taken to 
be the point along the selected path after a step-ahead time, which is set to be the pulse 
repetition interval.  In these simulations, a look-ahead time of 1800 seconds (30 min) and 
a step ahead/pulse repetition interval of 60 seconds is used.  Additionally, the vehicle 
speed is fixed at 1 m/s, because the autonomous vehicles used at the CMRE use large 
towed arrays, which require a minimum vehicle speed to stay off of the bottom.  In these 
simulations, the SRNR was calculated using the closed form formulas by Harrison [4].  
The ambient noise power was 65 dB and assumed to flat over the band of interest.  The 
attenuation was 0.12 dB/km and the critical angle was 28 degrees.  Lambert's law 
scattering was used to calculate backscatter, and Lambert's coefficient was -27 dB.  The 
sound speed was 1510 m/s throughout the water column.  The log-linear approximation to 
the reflection loss was set at 1.5 dB/rad.  A target strength of 0 dB was used.  The effect of 
steering-angle dependent beamwidth was added based on the array parameters of the 
CMRE AUVs, which tow 32 element arrays with 0.21 m element spacing.   

Results are presented here for the two simple yet likely suboptimal mission-based 
strategies for two collaborating vehicles presenting in the previous section. The following 
results require only the position and heading of the collaborating vehicle to be shared, an 
important requirement given the limited communications bandwidth currently available 
between underwater platforms. The collaborating vehicle is assumed to follow a constant 
heading over the look-ahead time by the other vehicle. The paths of the two vehicles 
shown in Fig. 1 show the difference in the two optimization schemes. In general, the “or”  
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Fig.2: Bathymetry (right) of POMA13 environment off the coast of Sicily and a 
calculation of the predicted probability of detection using ARTEMIS.

optimization maneuvers the two vehicles to keep the broadside beam of the vehicles 
covering different areas, i.e. the difference in the headings of the vehicles will be ~90 
degrees. The “and” optimization generally keeps the broadside beams of both vehicles in 
the same area.  

These simulations can also be performed in a range-dependent environment using the 
ARTEMIS propagation model.  A sample calculation of the probability of detection 
corresponding to PFA=0.01 for a vehicle heading of 45 degrees in an environment off the 
coast of Sicily is shown in Fig. 2. 

    3.2  z behaviour 

The depth optimization behavior described in Section 2 is tested on the simulated 
POMA13 environment shown in Fig 2. The BELLHOP propagation program was 
implemented in a process running on the mission-oriented operating system (MOOS) and 
interval programming (IvP) helm middleware. The measured sound speed profile was 
nearly isovelocity. The MOOS process was authored in Octave and designed to run on the 
vehicle using the pOctaver process written at the CMRE. The process takes the current 
vehicle position and heading from the MOOS database, as well as the position, speed, and 
heading from the dominant track. The bathymetry is extracted from the GEBCO gridded 
bathymetry data along the propagation path from the source to the track and the track to 
the receiver. The two-way transmission loss is calculated for all possible combinations of 
target and receiver depths, and a depth independent reverberation power is assumed. A 
simulation was where the two CMRE AUVs were performing racetracks close to shore, 
and a target approached from deep water to the east. This was a scenario consistent with 
the target objectives in the POMA13 experiment. The bathymetry along the source-target 
and target-receiver propagation paths was highly range dependent.  

Figure 2 shows the location of the source ('x'), receiver ('o'), and target (' '), as well as 
bathymetry information.  Figure 3 shows the results of the simulation at one point along 
the target track. The top plots give the transmission loss plots in unormalized dB for a 
sample source depth and target depth of 18 m from the source to the target (left) and the 
target to the receiver (right). The lower two panels show the transmission loss as a  

1st International Conference and Exhibition on Underwater Acoustics

913



 

 

Fig.3: Results of the depth optimization behaviour in the simulated POMA13 
environment.

function of receiver depth and target depth (left) and the result after integrating over target 
depth with a uniform prior density function. The plot of transmission loss vs. target and 
receiver depth has structure indicating that there are beneficial receiver depths when some 
prior information exists on target depth. When no information is available, this structure is 
lost after the integral over target depth, and the resulting “gumdrop” does provide any 
beneficial receiver depths other than to stay away from the interfaces. Even so, the process 
finds the target depth which maximizes this function and navigates the vehicle to this 
depth. The log files generated by MOOS show the desired and actual vehicle depths 
changing approximately every two minutes, the frequency at which the bellhop 
computations were performed.  The behaviour is even more beneficial under typical 
summer sound speed conditions, e.g. a surface duct. 

4. CONCLUSION  

Simple collaborative autonomous behaviours have been demonstrated for two vehicles 
which maximize instantaneous probability of detection on at least one and both vehicles.  
This has been demonstrated in an isovelocity and range-independent environment.  Future 
work will extend these early results to range dependent environments and incorporate 
detections and tracks.  Additionally, a depth optimization behaviour is presented which 
optimizes the vehicle depth for a given target trajectory.  Future work will include 
incorporating all available environmental information into the calculations of SRNR and 
the use of more complex information-based cost functions.   

1st International Conference and Exhibition on Underwater Acoustics

914



 

 
REFERENCES 
 
[1]   J.M. Aughenbaugh and B.R. LaCour. Sensor management for particle filter tracking.  

IEEE Trans on Aerospace and Electronic Systems, 47(1):503–523, 2011. 
[2]   R. Lum, H. Schmidt, Exploiting adaptive processing and mobility for multistatic  

tracking by AUV networks, 4th Conference on Underwater Acoustic 
Measurements, Kos, Greece, 2011.   

[3]   M. Hamilton, S. Kemna, and D. Hughes. Antisubmarine warfare applications for  
autonomous underwater vehicles: The GLINT08 sea trial results. J. Field 
Robotics, 27(6):890–902, 2010. 

[4]   C.H. Harrison. Fast bistatic signal-to-reverberation-ratio calculation. Journal of  
Computational Acoustics, 13(2):317–340, 2005. 

[5]   S. Kemna, M. Hamilton, D. Hughes, and K. LePage. Adaptive autonomous  
underwater vehicles for littoral surveillance - the GLINT10 field trial results. J. 
Intelligent Service Robotics, 4(4):245–258, 2011. 

[6]  C. Kreucher, K. Kastella, and A.O. Hero III. Sensor management using an active  
sensing approach. Signal Processing, 85:607–624, 2005. 

[7]   K. LePage. An SNR maximization behavior for autonomous AUV control. In Proc.  
10th European Conf. Underwater Acoust., 2010. 

 
 
 
 
 
 

1st International Conference and Exhibition on Underwater Acoustics

915



1st International Conference and Exhibition on Underwater Acoustics

916



Session 17
Tank Experiments: Comparison with Full-Scale Results 

Organizer: Jean-Pierre Sessarego 

1st International Conference and Exhibition on Underwater Acoustics

917



1st International Conference and Exhibition on Underwater Acoustics

918
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Abstract: In this paper we describe an experiment which was carried out in the laboratory 
to generate an acoustic source from high energy laser pulses. The final goal of this work was 
to study the possibility of using a femtosecond laser as an acoustic source for underwater 
applications. In this paper we have investigated the characteristics of the laser generated 
acoustic pulse. The experiment was conducted in a large water tank (l=3m, L=5m, d=2.5m) 
equipped with hydrophones mounted on a carriage which can be moved along X, Y and Z 
directions by use of stepping motors. This high precision positioning system was necessary to 
measure the acoustical field at any point in the tank, especially in the case where a fine mesh 
was needed. For these tests we used a Ti: Saphire Chirped-Pulse Amplification laser chain of 
LOA, which can deliver 300 mJ and 50 fs pulses at 800 nm. The initial laser beam was 
deflected in order to penetrate at normal incidence in the water. Then, the laser pulses were 
focused at different depths in the water tank (from 20 cm to 50 cm). The frequency range of 
the acoustic pulse was measured using two hydrophones covering all together a very wide 
frequency band [50 kHz-20MHz]. The level of the acoustic signals received on the 
hydrophones was about 160 dB at 1m. We investigated the directionality of the acoustic pulse 
in the plane containing the laser propagation axis and for different conditions of focalization 
of the laser beam. The range dependence of the pressure amplitude was also examined. 
Finally we present several tests made with different laser energy and different laser pulse 
length. These tests were made to determine the optimal conditions for sound generation. 
 

Keywords: femtosecond laser, laser filamentation, ultrasonic source, underwater acoustics, 
source directivity 
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1. INTRODUCTION

Long time ago A.G. Bell proposed to use a light source to produce a sound wave, but this 
discovery became more interesting with the invention of laser. In the 1980’s, some works 
appeared initiated by Soviet research. They were followed by the work of US researchers 
from the NRL and ARL who looked at the feasibility of using high energy lasers as acoustic 
sources [1, 2]. In the late 1990’s there was an increase of interest in laser-generated acoustics 
for underwater applications [3], and more recently T. Jones and collaborators [4, 5] have 
developed new techniques for using intense laser acoustic sources at sea. The objective of our 
work was to perform an experiment in a large water tank not only to generate an acoustic 
source in water using high energy laser pulses, but also to investigate the characteristics of 
this source and to study the factors that affect the efficiency of the electro-optic to acoustic 
conversion (laser pulse length, pulse energy, wavelength, repetition rate…). 

Femtosecond lasers are opening new perspectives in the generation of acoustic signals in 
water. Indeed, it becomes possible to depose in a very short time an energy density much 
higher than with other types of lasers. This is due to a combination of several effects. On one 
hand the instantaneous power of a femtosecond laser can be considerable. TW is reached with 
50 fs pulse duration and only 50 mJ of energy. On the other hand, the volume in which the 
energy is dissipated can be significantly lower than that fixed by the laws of classical optics. 
Indeed, beyond a critical power (several MW in water) a laser beam will undergo a self-
focusing effect by the Kerr effect. This process will lead to a nonlinear beam spatial 
reorganization that even diffraction cannot stop. The collapse of the beam is stopped by the 
plasma generation in the propagation medium. Competition between self-focusing and 
defocusing dynamics in the plasma gives rise to a nonlinear mode of propagation in which a 
high intensity is maintained in the heart of the beam over a distance far exceeding the 
Rayleigh length [6-9]. The impulse then leaves in its wake a thin plasma column called 
filament. In water, the diameter of a filament is from about 50 microns. The pulse duration is 
too short for a significant expansion of the excited volume occurs during the duration of the 
interaction which is a few tens of femtoseconds. It follows an expansion of the volume 
creating an excited acoustic shock wave which propagates in the medium. The filament thus 
formed may be a source of acoustic waves. 

2. DESCRIPTION OF THE EXPERIMENTAL ARRANGEMENT 

The experiment has been performed in the large water tank of LMA (3m x 5m x 2.5m). 
This tank is equipped with hydrophones mounted on a carriage allowing movements along X 
and Y positions. Hydrophones can be moved also along the vertical axis. Stepping motors 
were used to allow a 2D scanning of the acoustical field with a high of precision (1/10 mm). 

In order to generate the acoustical source we used a Ti: Saphire Chirped-Pulse 
Amplification laser chain belonging to LOA (Laboratoire d’Optique Appliquée, Paris). This 
femtosecond laser can deliver 300 mJ and 50 fs pulses at 800 nm. The initial laser beam was 
deflected in order to penetrate at normal incidence in the water. Then, the laser pulses were 
focused at different depths in the water tank (from 20 cm to 50 cm). The experimental 
arrangement is described in fig 1. Two different hydrophones working in the low and high 
frequency domains were used for measuring the acoustical signals. The high frequency 
hydrophone was a PVDF needle hydrophone manufactured by “Acoustic precision”; the other 
one was the TC4035 Reson hydrophone. The characteristics of these two hydrophones are 
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given in Fig 2. All together they have been used to cover the frequency range from 50 kHz to 
20 MHz. 

 
 

 
 

Fig.1. Experimental arrangement showing the laser beam and the two hydrophones 
 

 
Fig.2. Frequency response of hydrophones a) TC4035, b) needle hydrophone, 

3. MEASUREMENTS OF THE CHARACTERISTICS OF THE ACOUSTIC PULSES 

The objective of these measurements was to determine the frequency content, the level, the 
range dependence of the pressure amplitude, and the directivity of the acoustic source. We 
also studied the depth of focalization as a function of the lens position above the water 
surface.  

3.1.  Frequency content of the acoustical signal 

These measurements have been done using the two hydrophones. Figure 3a gives the shape 
of the acoustical signal when it is received with the high frequency hydrophone. We can 
observe a strong positive spike followed by a small negative part. The spectrum of this signal 
is given in figure 3b.  
 

a) b) 
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Fig.3. a) Signal received with the high frequency hydrophone, b) corresponding spectrum 

In this figure we can see that even if the hydrophone used is a very wide band one (see fig. 
2b.) the frequency content of the signal does not exceed 7 MHz.  

Same measurements can be made with the low frequency hydrophone. Results are given in 
fig.4. 

 
 
 
 

 
 
 
 
 
 
 
 

 

Fig.4. a) Signal received with the low frequency hydrophone, b) corresponding spectrum 
 

3.2. Measurement of the directivity diagrams 

Directivity diagrams of the source were measured in the vertical plane containing the 
filament. In the plane perpendicular to the filament it was verified that the diagram was 
omnidirectional. The measurements were made for different focal (200mm and 500mm) and 
different frequencies. 

In the low frequency domain and for a focal of 200 mm, results are shown in fig.5a. This 
diagram shows a strong dissymmetry for the lowest frequencies (f<200 kHz). For higher 
frequencies the beam becomes symmetric as it was expected. Fig.5b. gives a result obtained 
with the high frequency hydrophone. We can observe a small angular shift of 1 or 2 degrees. 
This shift could be attributed to an experimental error in the system positioning, but the 
diagram is symmetric. Similar measurements were made with the focal 500mm. Results are 
given in fig.6. We can observe the same behavior it was observed with the focal 200mm. 

 
 
 

a) b) 

a) b) 
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Fig.5. Directivity of the source in the vertical plane, focal: 200 mm, a) low frequency hydrophone, b) high 
frequency hydrophone 

Fig.6. Directivity of the source in the vertical plane, focal: 500 mm, a) low frequency hydrophone, b) high 
frequency hydrophone 

3.3. Energy of the acoustic pulse as a function of laser energy 

In fig.7 we have plotted the energy of the pulse as a function of laser energy. In this 
experiment pulse duration was 5ps. For comparison, a result obtained by Jones [8] with a laser 
working at a 400 nm has been plotted. From these results it can be concluded that our results 
are comparable to measurements made by Jones. Nevertheless, it must be noted that Jones 
used a 400 nm laser instead of 800 nm laser as in our case.   

 
 

 
 
 
 

Fig.7. Energy of the acoustic pulse as a function of laser energy 
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3.4.   Influence of both duration and energy of the laser pulse. 

We have investigated the influence of laser energy and laser pulse duration on the opto-
acoustic transformation. The objective was to select the best compromise giving the strongest 
energy in the acoustic signal. The results of these tests are given in fig.8. 

At low energy (3mJ) the amplitude of the acoustic signal increases with the pulse duration, 
but there is saturation for long pulses. 
A high-energy (290 mJ) the pulse duration of the laser has no effect on the acoustic signal. 
There is a saturation effect which is independent of the length of the pulse. 
 

 
  
Fig.8. Amplitude of the acoustic signal as a function of pulse duration for: a) low energy, b) High energy  
 

3.5 Range dependence of the pressure amplitude 

Using the two different hydrophones we measured sound dependence of the pressure 
amplitude of the received signal. The result of these measurements is given in fig.9. We can 
observe a continuous decrease of the signal with range. Except for very short distances from 
the source, this decrease can be identified to the classical 1/r law [10].  
 

Fig 9. Decrease of the sound field,  
 a) in the high frequency domain, b) in the low frequency domain 

a)) 

a) Low energy b) High energy 

b) 
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3.6 Influence of lens position

This test was made with the focal 500mm. The lens was placed at different positions above 
the water surface. We measured the arrival time of signals as a function of depth of the 
hydrophone. Scanning was made in the vertical range [0-700mm]. Fig. 10 gives the result of 
measurements for four positions of the lens. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.10. Time of arrival of signals as a function of depth for different positions of the lens  
a) h=5cm, b) h=13 cm, c) h= 30 cm, d) h=38 cm 

We can observe that when the lens is close to the air water interface, the acoustical source 
is generated at the expected water depth. When the distance h increases we reach a limit were, 
due to the nonlinear propagation of the laser beam in the air, a source is generated at the air 
water interface (fig. 10d). The same effect has been observed with different focal.    

CONCLUSION 

This study has shown that a femtosecond laser could be used as an acoustical source for 
underwater applications. The acoustic level which has been measured by using 800 nm lasers 
is 160 dB Ref 1 Pa at 1m. This level could certainly be increased by using 400nm lasers 
which are more adapted to propagation in water. The frequency band of the acoustical signal 
is very wide, spreading over several decades.  

Looking at the directivity in the plane containing the laser beam, we have seen that in the 
low frequency domain (50-100 kHz), there is an asymmetry of the acoustic beam. This 
asymmetry is more pronounced with focal length 500 mm than with 200 mm focal length. It 
must be noted that this asymmetry disappears for higher frequencies.  

Using the theory for linear antenna, we could estimate the length of the antenna according 
to the frequency emitted and it was concluded that the size of the equivalent acoustic array 
changed with frequency. This suggests that many phenomena may be involved in the 
generation of the acoustic wave (e.g. the generation of gas bubbles that can resonate at certain 
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frequencies and not others), pointing out that a simplistic model could not fully describe such 
complex sound generation. 

It remains to study the effect of propagation in sea water (in the presence of different salts, 
minerals, bubbles and living organisms), but also to study the acoustic effects when changing 
the wavelength of the laser. Indeed the selected wavelength (800 nm) is not specially adapted 
to the propagation in water. The choice of a wavelength of 400 nm would be more appropriate 
to penetrate more deeply into the water. 
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Abstract: The knowledge of geoaoustic properties of sandy sediments is important for 
many applications, in particular for those who take place in shallow water. But this 
knowledge is poor compare to softer sediments, such as clay or silt. It can be done by 
using empirical relations or by theoretical models, the both approaches being calibrated 
by tank or in-situ measurements. CARASEDIM is a French project dedicated on such 
geoacoustic measurements and relations, specially focused on sandy sediments. Within 
this project framework, a velocimeter prototype has been built to measure sound speed 
and attenuation of compressionnal wave in sandy sediments. It is designed to be used in 
laboratory or at sea by a single diver. In this paper, we focus on sound speed and 
attenuation frequency dispersion curves obtained by the prototype between 150kHz and 
400kHz. A first data set has been done in both tank and in situ environments with the same 
sand. Very close results are obtained, giving force to carry on with tank experiments. A 
second data set concerns measurements in tank testing numerous types of sediments 
ranging from fine to coarse sands (mean grain size varies from 0.15 mm to 2mm). 
Systematic analysis of sediment samples has been done, including pycnometer porosity 
measurements. Some dominant tendencies have been observed, for example scattering 
effects depending on ka product. The importance of heterogeneities has also been 
observed. A third data set concerns artificial sediment made of small glass beads mixed 
with a small percentage of coarse glass beads simulating heterogeneities as gravels, 
which appear to be rather common in realistic cases. Results show the strong effect of 
these inclusions. These measurement results are compared with modeling obtained by the 
Grain-Shearing Theory with the addition of scattering theory for high frequencies. 
Comparisons are quite good with only a few parameters unknown.

Keywords: Acoustic measurements in sandy sediments 
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1. INTRODUCTION

An accurate knowledge of the acoustic properties of marine sediments is required for 
undersea civil or military applications. In general, acoustic devices bring an indirect 
signature of the seabed parameters via wave-interaction processes with the sediment. This 
explains why important efforts concerns physical aspects of the problem [1], [2],  oftenly 
accompanied by laboratory measurements with ideal material. Carasedim is an 
experimental project devoted to the acoustic study of marine sands. It is based on 
measurements obtained by a velocimeter prototype developed for the study. The first part 
of this paper presents the device and its characteristics. In a second part, we describe tank 
experiments that has been done until now. In a third part, we compare tank and in-situ 
measurements for a fine sand and for an heterogeneous sediment containing a small 
percentage of coarse inclusions. Finally, results are compared with Grain-Shearing theory. 

2. INSEA PROTOTYPE 

The INSEA prototype is a portable velocimeter (Fig.1) devoted to both laboratory and 
in-situ measurements of acoustic compressional speed and attenuation in sediments. Four 
buried transducers separated by a variable range from 5cm to 50cm are used to measure 
flying time and amplitude of the signal transmitted between one of the two emitters ([40-
120]kHz and [100-400]kHz frequency range respectively) and the two receivers. More 
detailed features are presented in [3].   

 
Fig. 1: Left, tank measurement with the velocimeter. Right, experiment with the 
velocimeter operated by a diver (~20m water depth). 

Concerning this paper,  only sequences of short windowed CW signals between 
125kHz and 375 kHz are shown.  

The raw received signal is stored on disk. Matlab designed algorithms are used to 
compute sound attenuation and sound speed dispersion curves. Time of flight is based on 
the envelop of the intercorrelation between the theoretical emitted signal and the received 
signal (Fig.2). It is deduced from front-spike detection (defined as a percentage of the 
spike amplitude) on emitted signal and on the first received arrival. Sound speed is then 
deduced from the exact range, previously calculated by a measurement in water.  
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Attenuation  (Neper/m) is calculated from the ratio between the first arrival spike 

amplitude in water A1 and in the sediment A2 with:  
A0

R
=A1

        

A0�e . R

R
=A2

  
A0 being the emitted level and R the E-R range. The advantage of this is that it doesn't 

require an accurate knowledge of both emission and reception features. Nevertheless, we 
observed some anomalies and realized that it could come from a difference between A0 in 
water and A0 in sand. A new calculation (not presented here) has been done considering 
A1 in glass beds with an hypothesis on the  value in that medium. 

 
Fig. 2: Top, example of recorded signal in water (left) and in sand (right) at 250kHz; the 
E-R1 channel is in blue, and E-R2 in red (vertical scale in volts and horizontal scale in 
sec.). We see the emitted signal on left and the received signal near 0.1msec.  Below, 
corresponding correlation signals used for water range calibration (left) and sand speed 
and attenuation calculation (right). 

As previously mentioned, before every experiment, a measure is done in water to 
calibrate ranges between emitters and receivers. We have observed range differences 
versus frequency and we make the hypothesis that it is due to the emission centre that vary 
a little bit when varying frequency. Attenuation require a preliminary calibration with 
water (and glass beds). A velocity calibration has been done in a 15W40 oil and we also 
observe a small distortion (~20m/s) versus frequency. Standard deviation are inside 15m/s. 
A full calibration is still under process. 
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3. TANK EXPERIMENT 

For these measures, nine sands have been extracted from beaches considering various 
mean-grain size and various shell percentage (Table 1). Each sample have been stored in a 
tank filled with sea water for several weeks and often shacked and mixed to eliminate 
trapped air bubbles.  
 

Sand Mz (mm)  (1)  (1)  (2)  (2)  % CaCO3 
N°1(FS) 0.21 2.02 41 1.82 52 67 
N°2 (FS) 0.171 1.98 43 1.9 47 29 
N°3 (FS) 0.249 2.06 39 1.93 45 34 
N°4 (S) 0.433 2.17 33 1.95 46 71 
N°5 (S) 0.82   2.03 38 nd 
N°6 (S) 0.98   1.96 43 nd 
N°7 (S) 1.12   1.92 45 0 
N°8 (S) 1.13   1.89 47 nd 
N°9 (G) 2.04   2.00 39 0 

Table 1: Geotechnical properties of analysed sands.(1) are densities and porosities 
calculated by Hamilton from Mz. (2) are densities and porosities calculated by the Helium 
pycnometer. Sands are ordered from fine sands (FS) to coarse sands (G). 

A similar protocol have been applied for each sand measurements. They have been 
established at 10cm depth, for the 10.5cm E-R range. Eleven successive Cw signals 
ranging from 125kHz to 375kHz have been emitted. For each sand, six successive 
measures have been done by driving in the celerimeter  at a new location each time. 

 
Fig. 3: Dispersion curves for nine sands. Top, sound speed (m/s). Below, attenuations 
(dB/ ). 
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All speed curves are below 1750m/s. Speeds are stable (versus frequency) for fine 
sands and decrease for coarser sands. For fine sands, speed increase versus grain size. For 
coarser sands, speed decrease versus grain size due to grain scattering effects (ka>0.5). 
Attenuation are ranging between 0.25 and 2dB/ . They are stable for fine sands and 
increase for coarser sands (scattering effect also).  

4. TANK VERSUS IN-SITU EXPERIMENT 

4.1. Fine sand 

We have done measurements with the velocimeter with the same sand (n°1) in both in-
situ and tank environments. In-situ measures have been done repeatedly (8 times) at the 
same place (less than 1m2) at low tide with 1m water depth (to avoid air trapping) with the 
same velocimeter geometry. At the end, we collected at the same place the sediment 
sample to prepare the tank experiment. 

 
Fig. 4: Comparison between dispersion curves (sound speed and attenuation) obtained in 
tank and in-situ. 

Results in tank and in-situ experiments are close, inside their error bars at every 
frequency, and even inside device error bar for the compressional speed (it is slightly 
worth for attenuation). This is an interesting result because the sand transformation 
(disordering and changing compaction) seems to be negligible here (to be confirmed 
elsewhere). At the opposite, we have noticed important differences between our in-situ 
results when measuring at other places even when there were very close each other. 
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4.2. Sand with inclusions  

After an in-situ experimentation in summer 2012 involving velocimeter measures, we 
obtained complicated results (not shown here) with strong attenuations. Sediment was 
rather fine but with a significative percentage of maerl. We decided to consider that 
problem (of sand with heterogeneities) beginning with a tank experiment with an ideal 
sand with inclusions. We prepared 5 tanks: one with pure and well sorted glass beds (150 
to 300 m), two with the same glass beds with a small percentage (respectively 2% and 4% 
in weight) of 3mm glass beds and two others (same proportions) with 8mm glass beds. 

 
Fig. 5: Dispersion curves (sound speed and attenuation) for glass beds with inclusions. 
3mm inclusions are in blue, 8mm are in red, 2% are solid lines and 4% are dotted lines. 

Both speed and attenuation curves are affected by these inclusions, even at so small 
percentages. This is most interesting because most of natural marine sands are concerned. 
As expected by scattering physics, compressional speed decrease and attenuation increase 
when inclusion percentage increases. But frequency ranges affected by this effect are 
strongly  related to the size of heterogeneities.  

5. THEORETICAL ANALYSIS 

The experimental results are compared to predictions made using the Grain-Shearing 
model (GS) developed by M. J. Buckingham (see [4] and references therein). This model 
is based on a description of the sediment as a granular material and it needs the knowledge 
of 8 parameters: 4 describing the constitutive elements (density and bulk modulus of water 
and grains), the porosity, and 3 specific parameters ( p, s, and n). Furthermore, M. J. 
Buckingham developed semi-empirical formulas which link these parameters between 
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them or with extra ones. Sound speed and attenuation can then be computed with the 
knowledge of 7 parameters (temperature and salinity of sea water, mean-grain size, depth 
inside the sediment, density and bulk modulus of grain and specific parameter n) and three 
constants. The values for the constants and n are taken in literature, the other parameters 
are measured: the comparisons are more or less without any free parameter. 

The first comparison is led on geotechnical parameters, more precisely on the link 
between mean-grain size and porosity. We compared our measurements with semi-
empirical formulas given by M.J. Buckingham [4] and Hamilton [5] (Fig. 6). The 
agreement between measurements and formulas is not very good. Moreover, porosity can 
be quite high even for coarse sand. In our case, this is due in part to the presence of shells 
in the samples.  

 
Fig. 6 : Porosity vs mean-grain size : measurements and empirical formulas 

 
With the parameters listed in Table 1, the sound speed and attenuation are computed for 

the 9 sands (fig. 7). 

 
Fig. 7: Sound speed (top) and attenuation (bottom) computed for the 9 sands by the GS 

model (same convention as Fig. 3). 
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We note that for the three first sand samples (the finer), the dispersion curve computed 

are ordered as the measurements and the obtained values are quite similar, but this does 
not hold for the coarser sands. This is due to the scattering by the sediment grains that 
occurs from below 100 kHz for these samples. At present time, presence of 
heterogeneities and scattering effects are not included in the model and it will be the 
object of future work. 

 

6. CONCLUSION 
 
The developed prototype give good results in both fine and coarse marine sands. A valid 
measure in sand requires repeated measurements involving different paths. Most studied 
sands results are strongly affected by scattering and lower frequencies results have to be 
added to go further. In-situ and tank experiments gave similar results, giving sense to both 
approach. Differences between modelled and measured dispersion curves are probably 
due, among other reasons, to a strong mismatching between predicted and measured 
porosities of our studied sands, but also to sand heterogeneities. 
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Abstract: The authors investigate here the problem of acoustic wave transmission through 
a spatially fluctuating medium. Although experimental and analytical study are available 
in the literature, the objective is here to reproduce in tanks some phenomena, such as 
linear internal waves, that are responsible for horizontal fluctuations of the depth 
dependant sound speed profile and de-coherence effects of the propagated acoustic 
signals.
The idea is to use acoustic lenses, or wax plates presenting a specific profile, to obtain 
ultrasonic pressure fields comparable to what can be observed in the case of lower 
frequency acoustic wave travelling through linear internal waves.
Analytical studies allowing to compare dimensionless quantities relative to the measured 
field with Flatté’s classical typology are developed as a support for the experiment.
We believe that being able to reproduce these phenomena in controlled environment will 
be of great help not only to understand and anticipate the perturbations observed on the 
acoustic wave fronts,  but also to work on some corrective signal processing techniques. 
We focus here on the observation of the wave fronts of the perturbed signals and on the 
influence of the perturbations on a focalization algorithm. 

Keywords: De-coherence, Tank Experiments, Fluctuations, Dimensionless Analysis. 
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1. INTRODUCTION

For a long time, the subject of wave propagation through fluctuating media has been 
studied by physicists [1] [2]. In order to perform accurate prediction on the acoustic 
pressure field, stochastic studies are needed [3] [4]. The results of such studies showed 
that fluctuations of the depth-dependent sound speed profile can induce perturbations in 
the underwater sound propagation, such as the appearance of caustics [5][6][7].  

Moreover, these perturbations of the pressure field are responsible for some 
degradation of the performances of acoustic arrays [8][9][10][11]. Being able to conduct 
measurements of sound waves fluctuations of a controlled environment will be a great 
help to relate the observations in the field with numerical models and to anticipate for 
corrective signal processing techniques. 

In this paper, we will first present the scientific approach, including analytical 
considerations, techniques developed in order to measure the perturbations of the signals 
and experimental configuration, and then we will focus on some experimental results.  

2. SCIENTIFIC APPROACH 

The idea developed here is to be able to reproduce, at the ultrasonic scale, pressure 
fields comparable to what would be obtained in the case of propagation of lower 
frequency sound wave through a fluctuating medium, such as a linear internal waves field. 
We expect here to be able to provide qualitative and dimensionlessly quantitative 
parameters that we can relate to Flatté’s theory of unsaturated and saturated sound fields 
[4][5][6]. 

We propose expressions for the average number of eigen rays reaching a receiver as a 
function of the normalized standard deviation of the divergence of the ray. The divergence 
is also obtained analytically starting from the Fourier transform of standard parabolic 
equation applied to the moment of order 2 and 4 of the acoustic pressure field. Simulation 
tools, such as a ray tracing program, allow us to compute the number of eigen rays we can 
measure at a given receiver position and the phase difference between the eigen rays. 
Results from experimental measurements are studied along with these analytical and 
simulation considerations.  

 
2.1 Analytical Results 
 
The starting equation of our work is the extension to 3D of the 2D standard parabolic 
equation applied to the Fourier transform of the 2nd and 4th order moment of the pressure 
field (respectively denoted 2J  and 4J  ): 
 

 
2 2 22 2 2

2 2 2 2 2 2
0,0 0,0 0,02 2 2 2

J J J J J J1 1 1| | | 0,
2 2 2x z y
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where  and  stand respectively for the vertical and horizontal deviation,  and  are 
the bearing and elevation angles. In the 4th order moment case, these variables are 
associated with a subscript corresponding to the coordinates system of each emitted ray.  
represents the intercorrelation of the fluctuations of sound speed. 
We notice that equations (1) and (2) present the same “structure”: terms of transport (first 
three terms in (1), first five terms in (2)) and terms of angular diffusion (last three terms in 
(1) and last six terms in (2)). 
Using equations (1) and (2) and relationships between moments of the random variables 
translating for the variance of the coordinates and the slope of the emitted rays, we are 
able to establish an expression for the mean divergence of the ray, denoted U . The 
divergence is an important quantity, since its statistical properties allow us to derive the 
expression for the average number of eigen rays: 
 

 2
1

22 2 ,sN erf s e
s

 (3) 

where /Us U  is the normalized standard deviation of the divergence. Since the 
divergence can be evaluated knowing the values of the vertical and the horizontal 
correlation length of the sound speed fluctuations, respectively denoted VL , HL , the 
distance between source and receiver and the variation of sound speed 0/c c  , we are able 
to calculate the number of eigen rays corresponding to a given medium presenting 
fluctuations of the sound speed. 
 
2.2. Simulation Tools and Experimental Configuration. 
  
In order to be able to anticipate for the results of an experiment, simulations are useful 
tools. In our case, a ray tracing program gives us some information about the way the 
emitted signal would be distorted when traveling through the considered medium. 
We developed a ray tracing program able to propagate rays through a given surface and to 
take into account the sound speed of the material composing this surface. The program 
does not provide the acoustic pressure field at the output of the surface, but it gives 
information on the appearance of caustics or focal points. Strictly speaking, this propgram 
predicts the effects of acoustic lens with arbitrary shapes. But due to refraction of rays, 
these phenomena are similar to what should occur at sea in presence of linear internal 
waves. 
Moreover, we are able to determine the number of eigen rays crossing the receiver (given 
the hydrophone position in 3D and its radius). The phase shift of the eigen paths can also 
be extracted. It is important to emphasize the fact that this kind of tool is very important to 
anticipate for the regime of fluctuation to which the measured signal in the experimental 
framework would belong. Indeed, dimensionless parameters such as those presented by 
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Flatté are not directly measurable on experimental data. The experiment itself consists of 
transmitting an acoustic pulse centered at 0 500f kHz  at a distance /S Pd  from a surface 
placed between the source and receiver, separated by a distance /S Rd  . The hydrophone is 
placed on a motorized arm allowing motion in three dimensions. Thus, we are able to 
realize virtual antennas by small displacements of the hydrophone. The cases of vertical 
and horizontal antennas at different distances /S Rd  will be studied here. Figure 1 displays 
the experimental configuration: 
 

 
 

Fig. 1: Experimental configuration.
 
As represented in Figure 1, each experiment was depending on which distorting surface 
we were using. Different types of surface were used: a plano-concave acoustic lens (L1), a 
Fresnel-type acoustic lens (L2) and two wax plates presenting a plane surface on the 
source side and a sinusoidal surface on the receiver side (P2 and P4). Table 1 gathers the 
properties of these elements. 
 
Properties Lens L1 Lens L2 Plate P2 Plate P4 
Dimensions     
Radius [mm] 120 120 - - 
Length [mm] - - 305 295 
Width[mm] - - 205 190 
Height [mm] 22 - 25 22 - 25 15.5 ± 1.5 15.5 ± 1.5 
Oscillation Period [mm] - - 26 10 
Oscillation Amplitude [mm] - - 2 1 
Physical Properties     
Density [g/cm3] 1.27 1.27 0.980 0.980 
Longitudinal Sound Speed [m/s] 2700 2700 1975 1975 
Shear Wave Sound Speed [m/s] 1430 1430 772 772 
Attenuation [dB/cm] 3 3 2.5  2.5  
 

Table 1: Properties of Distorting Surfaces. 
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We will now present some results of ray tracing simulations on the surfaces described in 
Table 1. Due to the aperture of the beam emitted by transducers, different distances /S Pd  
were considered: for the acoustic lens, the distance was / 0.30 S Pd m  , on the other hand 
for the wax plates, the distance was / 1 S Pd m  in order to account for several periods of 
oscillation of the surface. As depicted by Figure 2, the propagation of rays through the 
acoustic lens L1 induces refraction and we can observe the appearance of a focal point. On 
the other hand, since the wax plates P2 and P4 only present oscillations in the vertical 
direction, the propagation of the rays is not affected by the presence of the plate in the 
x y  plane. In the case of the lens L1, the behaviour of the rays in this plane is very 
comparable to that of the rays in the x y  plane. The observation differs for the two 
plates: the oscillations at the surface of the plates imply refraction of the rays and several 
focal points are observable. This property is very interesting since internal waves are 
known for presenting a vertical correlation length smaller than the horizontal correlation 
length, confirming the idea that our experiment can model their effects. We can deduce 
from the simulation results that the acoustic lenses L1 and L2 will present a high number 
of eigen rays localized at the focal point of the lens, whereas propagating the rays through 
the wax plates induce the appearance of many focal points, meaning that high number of 
eigen rays can be measured at several hydrophone positions. 
 

 
Fig. 2. Ray Tracing Routine Results.

 

3. EXPERIMENTAL RESULTS  

The results from two different experiments are studied in this section.  
First, we transmitted a signal through the unperturbed medium (fresh water), through the 
acoustic lens L1 and then, through the Fresnel type lens L2. In this experiment, that we 
will call Experiment 1, the distance /S Rd  was 0.52 m and the distance /S Pd  was 0.10 m. We 
measured the signal on a hydrophone moving along a line of 0.2 m with 1 mm steps, 
realizing a virtual horizontal array. 
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The second experiment, denoted Experiment 2, consists of sending the signal through the 
unperturbed medium, the wax plate P2 and the wax plate P4. In this case, we measured the 
signal realizing a virtual vertical antenna and a virtual horizontal antenna. Both present a 
length of 0.2 m with 1 mm steps and both are centred on the transmitter position. 
Figure 3 displays the temporal envelop – the magnitude of the Hilbert transform – or the 
signal recorded by the antenna. Comparing the unperturbed signal with the signal 
propagated through the acoustic lenses confirms the idea of strong distortion of the signal 
at the centre of the antenna.  
Figure 4 presents the same quantity in the case of Experiment 2. We observe distortions of 
the envelop of the signal in the case of the vertical antenna measuring the signal after 
propagation through the wax plates. The horizontal antenna does not present such 
fluctuations of the envelop in the three cases presented here. 

 

 
Fig. 3. Signal Envelop – Experiment 1. 

 
Fig. 4. Signal Envelop – Experiment 2. 

 
The influence of the distortions of the signal is measured using a classical spherical two-
dimension beam forming (or focalization) algorithm. Figure 5 displays the results for 
Experiment 1 and we observe strong distortions of the focalization output in the case of 
propagation through the lenses L1 and L2. Indeed, local maxima are observable, which 
means that the source position detection criterion is very sensitive to a threshold selection. 
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Degradation of the array gain has occurred. Figure 6 shows the output of the focalization 
algorithm for the data of Experiment 2. We observe fluctuations of the results especially in 
the case of propagation through plate P2. The performance of the detection routine applied 
to the data measured through plate P4 does not present high degradation, as compared to 
the unperturbed case. In the case of the horizontal array, the three figures are almost 
undistinguishable, meaning that the perturbations in this direction do not affect the 
performance of the antenna. 

Fig. 5. Focalization Algorithm Output – Experiment 1. 

Figure 6. Focalization Algorithm Output – Experiment. 
 

4. CONCLUSION 
 
We presented a novel approach to measure the influence of spatial fluctuations of the 
propagation medium on antenna performance. An analytical study and the development of 
simulation tools, such as a ray tracing program, allowed us to establish reproducible scaled 
experiments translating in a well-controlled artificial facility the effects of physical 
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phenomena such as linear internal waves. The principle of these measurements is to emit 
high frequency pulses through distorting surfaces (acoustic lenses, wax plates) and to 
measure the signal on a moving hydrophone, which allows us to simulate an array. The 
influence of the distortions of the signal was measured using a focalization algorithm. The 
acoustic lenses induce degradation of the antenna performance, so does the plate P2. The 
wax plates characteristic is to produce distortion of the signal in the vertical direction but 
not in the horizontal direction, which can be related to the anisotropy of linear internal 
waves. The next step of our work is to relate directly the experimental measurements with 
dimensionless parameter and define fluctuations regime corresponding to a given 
experimental configuration. 
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Abstract: The Laboratory of Underwater Acoustic Measurements at IACM-FORTH, Crete 
(Greece), owns a medium size water tank (3m x 1.5m x 1.3m) which is mainly used for 
reflection experiments. In such experiments short ultrasonic pulses are used in order for the 
direct signal to be well separated from any tank wall and water surface reflections. The 
transducers mainly used, are piezoelectric elements with a central frequency around 500 kHz 
and a bandwidth of 200 kHz.  However during calibration experiments or other specialized 
experiments omnidirectional hydrophones which operate at lower frequencies are used. 
During such experiments a few cycles of sinusoidal signals at frequencies lower than 100 kHz 
are sometimes needed. The transient parts in all these signals are significantly deformed 
compared to those prescribed originally. Also due to the relatively small size of the tank some 
reflections may arrive before the end of the direct signal. Such deformations and reflections 
are undesirable and several techniques have been developed to eliminate them. Two such 
methods will be used in this study. The first, finds a proper signal for the input which will 
produce the desired signal at the exit of the transducer, after modelling the system as a linear 
filter and obtaining its transfer function. The second creates a basis of the signal space and 
calculates the input signal using the Least Squares Approximation method. Two experimental 
cases will be presented in this work using different transducers. The target signal will be a 
five cycle sinusoidal signal in two different frequencies. Results when both methods are 
applied will be presented and discussed.

Keywords: Tank experiment, Pulse correction, Ultrasonic underwater pulses. 
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1.  INTRODUCTION  

Short ultrasonic pulses and pulsetrains are often used in laboratory experiments performed 
in medium size tanks. The shape, spectrum and duration of the pulses are built using an 
arbitrary waveform generator and then the electric signal (which sometimes is amplified) 
drives an ultrasonic underwater transducer. Because of the whole system’s response the 
resulting acoustic pressure signal in the water is quite different from the one designed 
originally. In addition, depending on the frequency of the pulse and its duration one or more 
reflections from the tank walls or the water surface may arrive before the end of the pulse, 
thus distorting the original signal. In most applications the signal, when recorded at the region 
where it is supposed to have an effect, it is desirable to have the intended shape and duration. 
One way to achieve this is to create the appropriate signal that will drive the source so that 
the signal, recorded at the receiver position, to have the desired properties. In this study two 
methods will be used to implement this pulse-correction procedure. They are both based on 
the assumption that the ‘system’ affecting the signal is linear. The first method calculates the 
system’s transfer function which is then used to create the appropriate input signal [1- 4]. The 
second method creates a basis of the signal space and then represents each signal as a linear 
combination of the basis functions [5-6]. The methods were applied using sources and 
receivers which belong to the Underwater Acoustic Measurements Laboratory of IACM and 
the experiments were performed in the water tank of the laboratory. The next two sections 
will briefly describe the two methods. The third section will refer to the experimental settings 
and will present the results. Finally, we will discuss the results and conclusions will be 
drawn. The goal of this study is to apply these methods using the existing laboratory 
instrumentation and to show the potential of the methods in different experimental settings. 

2. TRANSFER FUNCTION METHOD 

We will assume that the underwater transducers and all the signal chain can be modelled 
as a linear filter. If an electrical signal ( )s t (test signal) is applied to the transducer, the sound 
pressure output ( )r t  is given by 

 
( ) ( ) ( )r t s t h t                                (1) 

 
where * indicates convolution and ( )h t  is the transducer’s transfer function. Consider a 
particular signal ( )p t  which is desired as the output of the transducer (target signal). To 
obtain ( )p t  an input electrical signal ( )q t  is required. This unknown signal must be  

 
1( ) ( )* ( )q t p t h t                                    (2) 

 
where 1*  denotes deconvolution. Calculating the spectra of the signals in equations (1) and 
(2) we transform these equations in the frequency domain as: 

 
( ) ( ) ( ) ( ) ( ) / ( )R f S f H f H f R f S f     (3) 
( ) ( ) / ( )Q f P f H f                                (4) 
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Thus, the transfer function in the frequency domain can be found from equation (3) and then 
the appropriate signal, to be used as input in order to obtain the target signal, can be 
calculated from equation (4). The test signal is usually a short pulse (i.e. a typical tone burst 
has duration of 2 s) in order for its spectrum to be as broadband as possible. In this study a 
Gaussian type pulse and a Butterworth filter impulse response type pulse were used as test 
signals. 
 
   A few comments concerning the method are worth mentioning: 

The calculated transfer function ( )H f  is actually not only the transfer function of the 
transducer but that of the whole emission-reception system. This includes, in addition 
to the source and the receiver, any filters, amplifiers or other instrumentation involved 
in the experimental procedure. The experimental environment (reflections etc) is also 
included. 
All transducers are manufactured to respond to a limited range of frequencies 
depending on the type and usage of the transducer. Thus, even if the test short pulse 
generates a broad spectrum sometimes only a certain frequency band -particular to 
each instrument- contributes to ( )H f . 
The test function should be chosen so that its frequency response is non zero at least 
inside the transducer’s frequency range. Thus the division in equation (4) will cause 
no problems. Sometimes modifications of equation (4) have been implemented in 
order to avoid making the denominator equal to zero [4]. 

3. THE BASIS CONSTRUCTION METHOD 

     This method was first presented in [5]. A slight modification of the method will be 
implemented in our case as follows:  

First the target signal ( )p t  is used as input signal to the transducer and the received 
signal ( )r t  is recorded. Both signals are digitized using a sampling interval, dt. We 
confine both signals to start at the first non zero value and end at the last non zero 
value. Thus signal ( )p t  is an array of length L and ( )r t  is an array of length N. 
A basis of the signal space is then formed. The first element of the signal basis is the 
signal ( )r t  after padding it with N zeros. Each additional element of the basis is 
constructed by shifting the previous element by dt while adding the required zeros in 
front and at the end, so that the length of each basis element remains always 2N. Let 

1,.., , 1,..., 2ijV i N j N  be the matrix of these basis elements. We perform 
exactly the same procedure by zero padding the input signal ( )p t  in order to reach a 
length of 2N points and forming the matrix, 1,.., , 1,..., 2ijU i N j N  
The elongated target signal ( )p t  can then be represented as a linear combination of 
the basis elements. The coefficients 1,...,ia i N  satisfy the equation 

       [ ] [ ] [ ]j ij ip V a                  (5) 

The system in (5) is overdetermined (more equations than unknowns) and it is solved 
by calculating the best solution using the Least Squares Approximation (LSA).  
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Multiplying the matrix ijU  by the calculated coefficients ia  a new signal ( )q t  is 
formed [ ] [ ] [ ]j ij iq U a . By driving the transducer with this signal (and the mentioned 
system linearity assumption), the resulting signal should be the desired one. 

It should be noted that by making the sampling interval dt very small, the system in (5) 
becomes quite large resulting sometimes in prohibitive increases in computational time and 
memory requirements. In such a case the shifting of each element of the base can be a 
multiple of the sampling interval, this way reducing the number of equations and unknowns. 

4. EXPERIMENTAL PROCEDURES 

Several experiments were performed at the laboratory, each with a different set of sources 
and receivers. Two of them will be presented in this study. In all experiments the signals used 
were first created and then stored in an arbitrary waveform generator. They were emitted 
from the source, received at the receiver, amplified by 40 dB and stored in a desktop PC 
using a data acquisition card. A sketch of the experiment is shown in Fig. 1. Both emitted and 
received signal were monitored by a digital oscilloscope. In all experiments presented in this 
work, the desired waveform was a 5 cycle sinusoid of different frequency.  

 
Fig. 1: Experimental setting 

4.1 First experiment 

     Two directional ultrasonic transducers (Panametrics V318) were used as source and 
receiver. The transducers have a central frequency of 500 kHz and emit a narrow beam with 
beamwidth around 5 degrees. The source and receiver were placed at the centre of the tank 
facing each other in a distance of about 50 cm. For the first method, two test signals were 
used: A Gaussian shape pulse signal and a low pass Butterworth filter response signal of 
order 19 with a cut-off frequency at 3MHz. These test signals along with their spectra are 
shown in Fig. 2. Driving the source with these signals, results to the signals shown in Fig. 3 
along with their spectra. Dividing the spectra in Fig. 3 by those of Fig. 2 we obtain the 
transfer function of the transducer shown in Fig. 4 for both test signals. It can be observed 
that both test signals give very similar transfer functions. Thus only one of the two transfer 
functions (the one obtained by the Gaussian test signal) will be used in what follows. 
   

SOURCE 

RECEIVER 

WAVEFORM 
GENERATOR 

AMPLIFIER 

WATER TANK 

ACQUISITION CARD 
IN DESKTOP PC 
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Fig. 2: The two test signals used and their spectra.  
(a) Gaussian shape pulse signal, (b) Butterworth filter response signal

 
Fig. 3: The two respective signals received and their spectra.

(a) Gaussian shape pulse signal, (b) Butterworth filter response signal 
 

 
Fig. 4: Transfer functions for the Gaussian shape pulse signal (solid blue),  

and Butterworth filter response signal (red dashed).  
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If the desired (target) signal is a 5 cycle sinusoidal pulse at 500 kHz, by applying equation 
(4) the spectrum of the signal to be used as input, in order to obtain the target signal at the 
receiver’s position, can also be calculated. In Fig. 5 the target signal (a) and its spectrum (b), 
is shown. Fig. 5c presents the spectra of the signal calculated by eq. (4) after dividing the 
spectrum in Fig. 5b by the transfer function H(f). The signal to be used as input (d), is found 
from (c) through the Inverse Fourier Transform. Driving the source with this signal we obtain 
the signal shown in Fig. 6 at the receiver’s position. In this figure the resulting signal after 
applying this method is compared to the target (desired) signal and to the signal received 
when the target (desired) signal is used as input. 
 

Fig. 5: The target signal (a), its spectrum (b), the spectrum of the signal after division by the 
transfer function (c), and the signal to be used as input (d). 

Fig. 6: The signal obtained using the first method (solid blue) compared to the target signal 
(black dotted) and the signal received if the target signal is used as input (red dashed). 
 

FFT

Divide 
 by H(f) 

IFFT 

(a) (b)

(d) (c)
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For the second method, the target signal (Fig. 5a), was emitted from the source and the 
signal recorded at the receiver’s position appears in Fig. 7 (red). As explained in the previous 
section a basis was constructed and a new signal was obtained by using the coefficients 
calculated via the Least Squares Approximation method and the target signal. Driving the 
source transducer with this signal we obtain the signal shown in Fig. 7 (solid blue) at the 
receiver’s position.  For comparison the target (desired) signal (dotted black), along with the 
resulting waveform (red dashed) when the latter is used as input, is also shown. 

 

 
 

Fig. 7: The signal obtained using the second method (solid blue) compared to the target 
signal (black dotted) and the signal received if the target signal is used as input (red dashed). 
 
 
4.2 Second experiment 
     

In this experiment two omnidirectional hydrophones were used. The source hydrophone 
was a Sonar Research (model HS-150) and the receiver hydrophone a RESON TC4033. Both 
hydrophones have been designed to work as receivers with almost a flat response (±3db) up 
to 80 kHz.  The HS-150 can also be used as a source with a maximum response around the 
region of 150 kHz. Hydrophones were 50 cm apart while a reflecting surface (steel table) was 
placed 2 cm below the hydrophone level so that the reflected signal to arrive before the 
ending of the direct signal. The target signal was a five cycle sinusoid at 125 kHz. Both 
methods were again implemented and the results are shown in Fig. 8, below. The resulting 
signal after application of the first method (blue dashed), is compared with the signal after 
applying the second method (solid green). When the original desired signal (black dotted) is 
applied as input the result is the red dashed signal. 

 
 

4.3 Discussion of the results. 

From the preliminary results presented above it is apparent that both methods corrected the 
signal. The transients and the reflections that distorted the target signal were almost 
eliminated. The first method gave better results than the second. One reason for this may be 
the fact that the error in the solution of the overdetermined system is not small enough.  
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Fig. 8: The signal obtained using the first method (blue dashed) compared to the one from 
the second method (solid green), the target signal (black dotted) and the signal received if the 
target signal is used as input (red dash-dotted). 

The transfer function calculated from the first method can be considered as the transfer 
function of the transducer if there is not postprocessing of the signal or reflections. Otherwise 
it is the transfer function of the system.  

The creation of a target signal with specific form can be useful in calibration of 
hydrophones in laboratories especially in low frequencies. 
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 Abstract: The results of the experiments performed in a wave channel aimed at 
determination of associations between the dissipation of surface wave energy during breaking 
and acoustic noise emission are presented. The experiments were carried out in tap water in 
the Wave Flume of the Institute of Hydro-Engineering of Polish Academy of Sciences in 
Gda sk, (Poland). Relationships between the acoustic energy of the noise and losses of wave 
energy during breaking were estimated over frequency band from 100 to 12500 Hz. In 
particular, the parameters of empirical dependence between the dissipated wave energy and 
the noise are presented and compared with similar experiments with a high intensity breaking 
wave experiment.  

Keywords: sea noise, wave breaking, energy dissipation 
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1. INTRODUCTION 
 

The acoustic noise is generated during breaking events, from the smallest microbreakers, 
spills or splashes to stormy breakers. Nowadays, it is well recognized that the major portion 
of acoustic noise in the ocean, is attributed to acoustically active bubbles created during 
breaking.  

It is expected that various processes at the sea surface, such as the wave energy 
dissipation, gas exchange rates, rain character, could be monitored using the passive 
acoustics. ([1, 2, 3, 4, 5] as examples).  

Two classes of bubble noise sources have been recognised: above 1 kHz the radial oscil-
lations of individual bubbles [6] and at lower frequencies bubble plumes oscillations [7]. 

Several laboratory and field experiments have demonstrated a strong correlation between 
the wave energy dissipation and the emitted noise energy [7, 8]. Due to this relation, 
estimation of dissipation of wind wave energy in the Ocean via ambient sea noise 
measurements was suggested [9].  

In experiments performed both in laboratories or in field conditions, it was estimated that 
the rate of the acoustic energy generated in breaking events to the dissipated wave energy is 
extended in the range from 10-10 to 10-6. The source of this relatively broad spreading could 
be consequence of different kind of wave breaking simulation. As an example, the number of 
the created bubbles, their size spectra or entrainment depth depends on the water salinity. The 
last is not fully recognized. In some experiments [10, 11] the 3–4 dB increase of the noise 
level from the bubble clouds in salty water was observed comparing to fresh water. However,  
Carey et al. [12] and Orris and Nicholas [13] found higher noise in the fresh water and 
Loewen et al. [7] reported the bubble size spectra similar in both cases. 

In this paper, we report some results of noise measurements conducted under plunging 
and spilling breaking waves carried out in the Wave Flume of the Institute of Hydro-
Engineering of Polish Academy of Sciences in Gda sk, (Poland). Due to the scale of the 
facility, experiments are focused on smaller scale of breaking phenomena.  

 
2. EXPERIMENT  

2.1. Wave channel. 
 The glass walled flume is 64,1 m long, 0,6 m wide, and 1,4 m high, filled with tap 
water of depth 65 cm. The temperature of the water at the moment of the experiment was 16 
°C. The waves are generated by a piston-type wavemaker driven by electric system. To 
diminish the vibrations of the flume the wave-maker has separate foundation. The system has 
a possibility to create up to 0,6 m high waves. Free surface elevations were recorded using the 
set of wave gauges placed ahead and behind of the breaking area. The sampling frequency of 
the surface elevation data was 100 Hz for each channel.  

2.2. Waves properties 

The breaking events were produced using single wave packets. A wave train was 
generated by a computer-controlled wave generator in such a way that wave energy focused at 
an arranged location and resulted in a plunging breaker or a longer lasted spiller.  

The particular run was repeated 3 times for each chosen wave energy. Together 27 runs 
were performed, including 9 spilling breakers. The maximum wave height before the breaking 
point was about 0.3 m.  
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The estimation of wave energy could be performed on the basis of the equipartition 
hypothesis, within the frame of the linear wave theory, when we can assume that the total 
energy of a wave packet is twice of its potential energy. 

The potential energy Ep of a wave train in the wave channel at the position xi is calculated 
as follows: 

dttxCLgxE igwiP
2

2
1       (1) 

where w is the water density, g is the Earth’s gravity acceleration, Cg  group velocity of 
a wave packet, L  the channel width,   the wave packet time extension,   water surface 
elevation. Here, the estimation of the group velocity is based on the evaluation of the wave 
celerity. The average time needed for the passing waves between each two consecutive 
gauges has been obtained with cross-correlation function of the free surface elevation data. 

We have assumed that the wave packet energy decreasing at the distance between the 
wave gauges located in the vicinity of the breaking area, is caused mainly by the dissipation 
in the wave breaking process. 

The observed rate of dissipated energy during plunging depends chiefly on the initial 
energy and increases linearly from about 10% for the less energetic waves, up to nearly 30% 
in the largest breaking. (Fig. 1.) 

Dissipation rates in spillers, marked with diamonds, show higher variations, depending 
on a wave character and are noticeably distinguished between the spilling events.  

 

 
 
3. NOISE MEASUREMENTS
 

Acoustic noise recordings were performed using four hydrophones situated at the depth 
of 0.3m and spaced horizontally along the channel axis. The hydrophones were gathered in 
two clusters; in the case of plungers the first two placed at the beginning of the breaking and 
the other two where the breaking is ceased. In the case of spillers, the location of the 
hydrophones was extended proportionally along the spilling area. To evade the influence of 
resonances in the waveguide at some frequencies and on the other side the diminishment of 
lower frequencies below the cutoff frequency, in the estimations of the sound energy only the 
noise registered close to the hydrophone was used. 

The transducers were calibrated broadband RESON TC 4032 hydrophones.  
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Fig. 1: The dependence of the rate of dissipated
energy during breaking as the function of the
initial wave energy in a wave packet. Spilling
events are marked with diamonds, and plunging
breakers with stars. The events marked as 19-21
represents transitional phenomenon where
breaking has occurred twice during one wave.  
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The acoustical signal was acquired with a 16-bit resolution using NI 6251 ADC, with the 
sampling rates in each of the four channels equal 30.3 Ksamples/s. The low- and high-pass 
analogue filters were set at the amplifier’s input with the frequency bandwidth in the range 
from 100 Hz to 25 kHz.  

 
4. CHARACTERISTIC FEATURE OF THE NOISE  

 
The character of the sound propagation in the flume which forms an acoustic waveguide 

with the cut-off frequency below 1500 Hz implicit the necessity of the multiple noise 
measurements performed in several points along the flume axis. At each of them we observe 
progression of the local noise emission process at a different stage of the wave breaking. We 
assume that during the breaking, the hydrophone placed in the bubble-formation zone, 
registers noise from a relatively small volume/surface in the vicinity observation point. In this 
case, the acoustical properties of the flume walls and its geometry do not influence strongly 
the noise level and noise spectrum. 

Examples of time evolution of the noise amplitude for the period of breaking registered at 
the both hydrophones in selected octave frequency bands are given in Fig. 2. 

 

 
It was observed that at the hydrophone situated upstream to the breaking area, the noise 

level at the lowest observed frequencies increases at the very moment of the breaking 
occurring. We suppose that at this moment the noise is emitted by single bubbles along with 
the first produced bubble plume.  

Commonly, we observe that in the first half second of the rolling, the central frequency 
shifts towards higher frequencies and is correlated with the changes in the spectral slope.  

A fast rise of the amplitude is visible at the beginning of the breaking process when the 
falling wave edge is pushing the water surface. The active generation of the sound after 
plunging depends on the wave intensity and in our experiments was lasting up to about 3 sec. 
The negative slope of the spectrum envelope above 1.5 kHz is about -6 -10 dB/octave, 
reaching minimum in the first second of the breaking.  

The rising of the noise in the lowest frequency range up to 400-500 Hz is characteristic 
only of the plungers. In case of spilling breakers we do not observe substantial rising in the 
noise spectra. 

It is typical for mean spectra that with growing energy in the packets (and amplitude) the 
maximum is reallocated towards higher frequencies. Observed noise spectra are reasonably 
similar for all wave heights. 

Fig.2: The temporal evolution of the noise amplitude during breaking event registered 
at the nearest to the breaking area hydrophones. Time series of the noise envelope are 

in selected octave frequency bands.  On the left the signal measured upstream. 
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5. NOISE INTENSITY – WAVE ENERGY DISSIPATION RELATIONSHIPS 
 

As a result of the channel dimensions, and the distance of observation, the application of 
the model of dipole point source placed in boundless medium [6] for estimation of the source 
intensity is not appropriate. The noise level, at the observation point outside of the breaking 
area, due to multiple reflections at the channel boundaries (mode propagation)  results in the 
increase of the measured sound intensity at some frequencies. On the other hand the the cut-
off frequency manifests itself in the low frequency band diminishing noise level. In general, 
both effects are predicted by theory of the sound propagation in an enclosed space.  

As a measure of the noise energy generated in the breaking process we use the fragments 
of noise registered at all hydrophones emitted during the extension of each breaker’s, 
averaged over three breaking waves: 

T

o

2
ac

ww
N dttP

c
SE         [2] 

where w – water density [kg/m3], cw – sound speed in water [m/s], T – time fragment of 
breaking event [s], Pac – acoustic pressure [Pa], S – flume cross-section [m2].  

The relation between averaged over four hydrophones the noise acoustic energy and the 
wave energy dissipated during breaking is presented in Fig. 3. The best fitting approximation 
was expressed in the form -  

n
WEba         [3] 

with the exponent n=0.34. The data for mixed spilling-plunging wave breaking for trials with 
the numbers 16-21 were excluded in the calculation of the presented approximation. 

 
In general the rate of the acoustic energy to the mechanical energy of the waves 

dissipated in the breaking process is of the order 10-8 which is in agreement with the results of 
some other investigations. 

We could compare the results with noise measurements conducted under single plunging 
waves, carried out in the Large Wave Flume at the Forschungszentrum Küste in Hanover. 
Due to the extent of the facility, the experiments went on a larger scale, with the wave’s 
height in the range of 0.8 and 1.4 m. The total energy of wave packets in experiments, 
reaching 900 kJ, were of many orders higher than in other experiments performed in 
laboratories. With the growing wave energy the dissipation was increasing from about 10% 
for the less energetic waves, up to nearly 40% in the largest turbulent breaking. The observed 
rate of the acoustic energy in the frequency band 350-12500 Hz to the dissipated mechanical 
energy was of the similar order of magnitude - 0.3-0.8 *10-8. [14] 
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Fig.3: The noise energy vs. wave energy dissipated 
during breaking. Stars are for plunging breakers 

and diamonds for spilling or mixed breakers. 
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6. SUMMARY 

This research focused on investigation of the dependency of acoustic noise on energy 
dissipation of small amplitude plunging and spilling waves. The characteristic pattern in the 
noise spectral parameters appears to be comparable to the ambient noise in the sea. 

Although general picture of relationships between the noise and wave characteristics seems 
established, data with hydrophones in another configuration need to be collected with 
different surface wave spectra. 

The acoustic energy should be considered as a rough estimation, but may be very useful in 
estimating breaking intensity. We expect that for incipiently or calmly breaking waves typical 
of wind-wave conditions, the situation could be quite similar.  

7. ACKNOWLEDGEMENTS  

The work has been supported by the grant nr 2011/03/B/ST10/05977 of the National Science 
Centre in Poland. 

REFERENCES 
 

[1] Ding Li, D. Farmer, Passive acoustical measurements of scale, probability, and intensity of 
wave breaking, IEEE Proceedings of OCEANS '93 Engineering in Harmony with Ocean,
pp.193-197 vol.2, 1993. 

[2] Ding Li., D. Farmer, Observations of breaking surface wave statistics, J. Phys. Oceanogr., 
24, pp.1368–1387, 1994 

[3] Means S.L., R.M. Heitmeyer, Surf-generated noise signatures: A comparison of plunging 
and spilling breakers, J. Acoust. Soc. Am., 112, pp. 481-489, 2002 

[4] Melville W. K., Energy dissipation by breaking waves, J. Phys. Oceanogr., 24, pp. 2041- 
2049, 1994 

[5] Nyusten J.A., Rainfall measurements using underwater ambient noise, J. Acoust. Soc. Am., 
79(4), 972-982, 1986 

[6] Medwin H. , A. C. Daniel, Acoustical measurements of bubble production by spilling 
breakers, J. Acoust. Soc. Am., 88, pp. 408–412, 1990 

[7] Loewen M.R., W.K. Melville, An experimental investigation of the collective oscillations of 
bubble plumes entrained by breaking waves, J. Acoust. Soc. Am., 95, pp.1329–1343, 1994. 

[8] Lamarre E., W. K. Melville, Air entrainment and dissipation in breaking waves, Nature, 351, 
pp. 469-472; doi:10.1038/351469a0; 1991. 

[9] Cartmill J.W., M.Y. Su, Bubble size distribution under saltwater and freshwater breaking 
waves, Dyn. Atmos. Oceans, 20, pp. 25–31, 1993. 

[10] Kolaini A.R, Crum L.A., Observations of underwater sound from laboratory breaking waves 
and the implications concerning ambient noise in the ocean, J. Acoust. Soc. Am., 96, pp.1755–
1765, 1994. 

[11] Kolaini, A. R, Sound radiation by various types of laboratory breaking waves in fresh and 
salt water, J. Acoust. Soc. Am., 103(1), pp. 300-308, 1998.  

[12] Carey W.M., J.M. Fitzgerald, E.C. Monahan, Q. Wang, Measurement of the sound produced 
by a tipping through with fresh and salt water, J. Acoust. Soc. Am., 93, pp. 3178-3192, 1993. 

[13] Orris G J., M. Nicholas, Collective oscillations of fresh and salt water bubble plumes, J. 
Acoust. Soc. Am., 107(2), pp. 771-787, 2000. 

[14] Klusek Z, A. Lisimenka, Dependence of acoustic noise generation on dissipation 
energy of plunging waves, Oceanologia, 2013 (submitted) 

 

1st International Conference and Exhibition on Underwater Acoustics

956



 

DISCRIMINATION OF DEPTH MODULATED SOURCES IN SHALLOW 
WATER BASED ON THE MODAL SCINTILLATION INDEX STUDY: 

COMPARISONS OF A PREDITIVE PHYSICAL MODEL WITH 
EXPERIMENTAL DATA OBTAINED IN ACOUSTIC TANK. 
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Abstract: At ultra-low frequencies, the acoustic scintillation of normal mode amplitude 
has been known for years. Recent studies (DGA Naval Systems) presented a prediction 
tool for the modal scintillation index, based on a physical model. Results obtained with 
numerical simulations validate this predictive tool in order to discriminate sources at 
different depths. In this paper, theoretical and experimental studies are performed in a 
water tank with a scale factor of 1/1000. The acoustic pressure field for ultrasonic 
frequencies, 100 kHz < fsource < 200 kHz, is studied in shallow water (water depth of few 
centimeters). In order to highlight the scintillation phenomenon, the acoustic source was 
driven by a motor, allowing small vertical oscillations around an immerged initial 
position (foscillation < 100 Hz). Assuming that the medium under study is a Pekeris wave 
guide, the modal pressure field can be estimated and the modal scintillation index 
calculated, this index being the normalized variance of the modal acoustic intensity. Also, 
we will show how, just by using the vertical wave numbers given by the Pekeris wave 
guide modeling and their associated modal functions, a full study of the modal 
scintillation index in the guide can be achieved. Finally simulations are compared to an 
experimental case with measurements performed in the oceanic acoustic tank at LMA.  
 
Keywords: Source discriminations, modal scintillation index, Pekeris wave guide, tank 
experiments. 
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1. INTRODUCTION

As shown in previous studies, acoustic scintillation phenomena on the modal 
propagation can be an useful tool in order to discriminate depth modulated sources. It had 
been purposed to use acoustic scintillation as a passive surface/submerged classification 
method [1,2,3]. 

In this paper, the scintillation phenomenon is studied theoretically and experimentally 
in an acoustic tank with a scale factor of 1/1000, in the case of acoustic propagation of 
ultra-low frequencies in a Pekeris wave guide. 

An analytical formula for estimating the modal scintillation index is derived. After 
some theoretical results of source classifications, the experimental configuration is 
presented with the first results obtained from measurements in acoustic tank. 

2. ANALYTICAL EXPRESSION OF THE MODAL SCINTILLATION INDEX IN 
A PEKERIS WAVE GUIDE 

2.1. Pressure field in a Pekeris wave guide 

In a Pekeris wave guide of homogenous speed of sound c1 profile, in the far field of an 
acoustic source generating a harmonic signal ( =2  fsource) at depth zs, the complex 
acoustic pressure field p at a receiver position (distance r, depth zr) can be expressed in 
terms of a sum of M normal modes of acoustic pressure pm as 

 
 
 
 

(1)

 where the eigenfunctions m(z) are defined in the following way, 
 

 (2)

where Am is a complex coefficient dependent of the medium, k1rm and k1zm are respectively 
the horizontal and the vertical wave numbers linked as 
 

 (3)

with k1 = /c1. 

2.2. Modal scintillation index formula 

The modal scintillation index m of the acoustic modal pressure pm(t, r, zr; zs) is defined 
as the normalized variance of the acoustic modal intensity as 

 
 
 
 

(4)m=
 �pm(t , r , zr ; zs)�

4 +  �pm( t , r , zr ; zs)�
2 2

 �pm (t , r , zr ; zs)�
2 2 ,

p (t , r , zr ; z s)=
m= 1

M

pm(t , r , zr ; z s)=
m= 1

M

m( zs) m(z r)
e j( t k1rmr )

k 1rm r
,

m( z)= Am sin(k 1zm z ) ,

k 1
2= k 1rm

2 + k1zm
2 ,
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where symbols < > represent the average over the time. 
Assuming a harmonic modulation of the source depth of amplitude zs(0) (few millimetres) 
near zs and at the frequency foscillation, as zs(t) = zs(0) + zs(0) sin(2  foscillation t), where zs(0) is 
the mean depth of the source, the first order approximation in the depth variation leads to 
the following modal acoustic pressure form [3] 

 (5)

where 
 

(6)

Using equation (4) and equation (5), m can be expressed analytically as 
 

(7)

With Xm = ( zs(0) × Sm)2 . Using equation (2) and equation (6), we obtain 
 

(8)

We can clearly observe the source-depth-dependence of m and Xm when the term 
tan(k1zm zs(0)) = 0 in equation (8), which corresponds to the depth of a modal zero-crossing. 
The left chart of Fig.1 displays m values as a function of Xm. We obtain the maximum 
value of m = 1.149, when Xm = 2.669. Also, for  Xm > 1000,  m tends to 0.5. 

2.3. Example of a 100 mm height Pekeris wave guide at fsource = 140 kHz 

For a Pekeris wave guide with a finite layer of water (height h = 100 mm, speed of 
sound c1 = 1482.343 m s-1 and density 1 = 1000 kg m-3) and an infinite layer of sand (c2 = 

1700 m s-1 ,  2 = 1990 kg m-3), at the source frequency fsource = 140 kHz, there is nine 
propagate modes, of characteristics given in TABLE 1. 

 

mode k1rm [rad m-1] cphase = 2  fsource/ k1rm [ m s-1] 
1 592.68 + i 2.6e-6 1484.2 
2 590.48 + i 1.8e-6 1489.7 
3 586.76 + i 1e-6 1499.2 
4 581.46 + i 4.5e-7 1512.8 
5 574.54 + i 1.5e-7 1531.1 
6 565.90 + i 3.6e-8 1554.4 
7 555.47 + i 6.2e-9 1583.6 
8 543.15 + i 6.6e-10 1619.5 
9 528.90 + i 3.3e-11 1663.2 

 
Table 1: Pekeris wave guide characteristics, h = 100 mm, at fsource = 140 kHz. 

m=
2 X m+ 1

8
X m

2

1+ 1
2 X m

2
,

X m=(k 1zm
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(0 )
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(0)))

2
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Also, by using equation (7) and equation (8), we can estimate the modal scintillation 
indices for a given combination of vertical wave numbers of propagating modes, source 
depth and its amplitude displacement. The right chart of Fig.1 represents m estimated for 
propagating modes, in the case of the shallow water guide of characteristics given in 
TABLE 1. The source depth zs(0) variations were between 5 mm and 95 mm in order to 
study its influence. Its vertical displacement amplitude zs(0) is fixed at 2 mm. 

Fig.1: Modal index scintillation function of Xm . Blue circles represent m of a surface 
source, red squares represent m  of a submerged source. Numbers correspond to the 

mode index of the  m  value (left). Modal index scintillation function of modes, zs(0) =2 
mm and 5mm <zs(0) < 95mm (right). 

 
We can see that m  for modes 2<m<9 strongly depends on the source depth. Thus, the 

analysis of the modal index scintillation can be an efficient tool for classifying sources as 
surface/submerged. For example, surface sources will have indices m <0.4 while 
submerged ones can have indices m >0.5, as shown on the left chart of Fig.1. 

3. EXPERIMENTAL SETUP AND FIRST RESULTS 
 
This section presents the laboratory experimental setup developed at CNRS-LMA 

(Marseille, France) in order to observe the acoustic scintillation phenomenon in an 
acoustic tank. 

3.1. The acoustic tank and the experimental setup 
A sketch of the acoustic tank is presented in Fig.2. Measurements are performed at 

fsource = 130 kHz with two piezo-electric transducers, one used as source, the other as 
receiver. Source range is r = 600 mm. The height of water is measured at the receiver 
position (h = 103.94 mm) and the speed of sound is deduced from temperature 
measurements, using the reference [4] (T = 16.52°C, c1 = 1471.19 m s-1). The physical 
properties of the sediment (sand) are given in Sec. 2.3. and come from previous study [5]. 

Fig.2: Sketch of the acoustic tank (left) and picture of the piezo-electric transducers 
and the laser displacement sensor positioning (right). 

1st International Conference and Exhibition on Underwater Acoustics

960



 

 
Harmonic vertical displacements, of amplitude zs(0) = 0.3 mm with the source 

positioning at zs(0) = 5 mm, are performed using a vibration exciter at frequency foscillation = 
90 Hz. Source position is measured using a laser displacement sensor (Fig.2). 

3.2. Acquisition and mode filter method 

In this study, we will estimate the modal acoustic pressures pm from the total acoustic 
pressure field p using the mode filter method described in [6] and based on the 
orthogonality of modes. Thus, measurements of the vertical pressure field at r are 
performed for different receiver depths 0 mm < zr < 98 mm, each depth separated by 1 
mm. Measure duration is 26 ms, synchronised with the same source position and sampled 
at 10000 kHz. For each receiver depth, 20 measurements are performed for averaging their 
signal's envelope. Fig.3(a) displays the temporal variation of the total pressure field at r 
and for different receiver depths. 

                              (a)                                                                         (b) 
Fig.3: a-Source position measured by the laser displacement sensor (top). Variation of the 

averaged acoustic pressure field at each receiver during (bottom). 
b- Comparison between modal scintillation indices estimated with equations (7) and (8) 

and modal scintillation indices obtained from measurements. 
 
We can clearly observe the amplitude modulation of the total acoustic pressure field 

due to the harmonic source displacement. 

3.3. First results and discussion 
 
After mode filtering, modal scintillation indices are estimated using equation (4). Fig. 

3(b) presents our first results obtained from the measurements displayed in Fig.3(a). As 
expected for the surface source with a vertical displacement of few millimetres, we 
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obtained low values for m, except for mode 2 and mode 4. The differences can be 
explained by the multiple reflections of the emitted signal which occur in the acoustic 
tank. Actually, the total pressure field presented in Fig.3(a) is composed of the direct  and 
the reverberant fields, which can gender a misestimating of the modal pressure when 
applying the filter mode method. 

However, these first measurements and the analysis done stimulate us to perform others 
experimental studies in different configurations. Thus, to decrease perturbations from 
reverberations, a directive source was built and will be used soon. Another possibility can 
consist in emitting pulse signal and by filtering the recorded signal with a temporal 
window to avoid reflections. Also, other source depths and amplitude displacements will 
be tested in order to observe the modal acoustic scintillation in the case of submerged 
sources.  
 
4. CONCLUSION 
 
We presented a theoretical and experimental study of the acoustic scintillation phenomena 
in a shallow water wave guide. Using the Pekeris wave guide approximation, we 
expressed the modal scintillation index analytically and we estimated its value. A special 
acoustic tank setup was then presented in order to study this phenomenon experimentally. 
Measurements are still in progress, the acoustic tank setup allowing a lot of different 
measurement configurations (type of signal/frequency range, source depths/source 
displacement, water depth …). Lastly, the development of an inverse method based on the 
indices analysis is currently under development. 
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Abstract: The main challenge is to design an efficient composite that can absorb the 
noise at low frequencies. Recently, Tao et al. added a layer of soft coating in cavities 
(i.e., coated cavities), and investigated the absorption of a rubber embedded 
periodically with the coated cavities. The results showed that the peak in the 
absorption coefficient of the composite rubber was shifted to lower frequency while 
increasing the proportion of the coating layer. However, the volume of the acoustic 
scatterer increased at the same time and the impedance mismatch was enhanced 
because of decreasing the fraction of the matrix. And the backing was an absolute 
rigid termination, which does not agree well with the applied steel shell.  

In present paper, the layer multiple scattering method is used to further investigate 
absorption coefficients of a viscoelastic composite slab, which contains a layer of 
spherical coated cavities with a square array. The composite slab is under the steel 
backing (finite steel slab followed by half infinite air). The influences of the coating 
thickness on the absorption of a water-impedance matched rubber embedded with 
enlarged/fixed cavities are further discussed. The results show that the absorption 
peak shifts to lower/higher frequencies while increasing the proportion of the coating 
layer for the enlarged/fixed cavities. Then, the physical mechanism of the observed 
absorption peaks is clarified by the acoustic impedance of the backing. It shows that a 
standing wave resonance by the steel backing at low frequency enhances the mode 
conversion from longitudinal to transverse wave, and the energy dissipation in the 
composite slab.  
Keywords: underwater acoustic absorption, coated cavity, steel backing  
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1. INTRODUCTION

Acoustic performances of viscoelastic rubber slabs with various shapes of cavities 
or other scatterers attracted persistent interests because of vast underwater 
applications [1-3]. In most cases, scattering resonances including monopole and 
dipole types have been used to enhance the absorption of viscoelastic rubber. The 
monopole resonance may be induced by various cavities[1,2] and the dipole type may 
occur in case of heavy sccatterers[4-6]. The main challenge is to design an efficient 
rubber slab that able to absorb the noise at low frequencies, such as Hundreds hertz. 
One technique to lower the absorption frequency is increasing the thickness of the 
composite slab and the embedded acoustic structures. We investigated theoretically 
the absorption properties of the locally resonant sonic materials, then the locally 
resonant scatterers are introduced to improve the low-frequency acoustic absorption 
of water impedance-matched polymer[4,5]. Experimental measurement for acoustic 
absorptance of the viscoelastic polymer slab embedded with locally resonant 
scatterers has been reported [6]. The main shortage of the locally resonant scatterers is 
the relative heavy weight.  

Recently, Tao et al.[3] added a soft coating layer in the cavities (i.e., coated cavity) 
embedded in the rubber, the results showed that the peak frequency in the absorption 
coefficient of the rubber was shifted to lower frequencies as the proportion of the 
coating layer increases. However, the volume of the acoustic structure increases at the 
same time, which may make worse of the impedance mismatch with water. Further, 
the backing is an absolute rigid termination, which does not meet well with the finite 
steel shell actually. In present paper, we further consider the absorption coefficient of 
a viscoelastic rubber slab embedded with periodic coated spherical cavities, the layer 
multiple scattering method (LMSM) [7] is used to investigate the roles of inner soft 
coating. The influence of the coating thickness on the absorption is further discussed 
using both the enlarged and fixed acoustic cavities. Finally, the role of the steel 
backing is investigated.  

2. MODEL

Fig. 1(a) shows the cross section of one unit cell of coated cavity with spherical 
shape. The radius of the cavity is denoted by r1 and the outer radius of the coating is 
r2, i.e., the thickness of the soft coating is r2-r1. Fig. 1(b) shows the whole model of 
the composite rubber embedded periodically with the coated cavities under the 
Cartesian coordinates system. A plane wave is incident from the water half space 
beneath the composite slab. The composite slab contains one layer scatterers at the 
middle of the slab and the scatterers are arranged by a square lattice, which is defined 
by the primitive vectors a1 and a2 (Here 1a = 2a ), as showed in Fig. 1(c). Here the 
lattice constant 1a  is 20mm, the thickness of the slab is also 20mm.  
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FIG. 1. (a) Cross section of one unit cell of a coated cavity. (b) Computing model of a 
composite slab containing one layer of coated cavities. (c) The cavities under a 
square lattice.  

3. THEORETICAL ANALYSIS 
3.1 Enlarged cavities 

Similar with Tao’s analysis, Fig. 2(a) shows the variation of the absorptance of the 
composite slab with the thickness of the embedded coating. In present computation, 
we set r1=5mm unchanged, and r2=5mm, 6mm, 8mm, denoted by dashed dotted line, 
solid line, and dashed line respectively. The dimensions are similar as the cylindrical 
cases in Ref. 3. The backing is a steel backing with a 10mm thick steel slab. The 
material parameters are not including the dependence on frequency for simplicity, and 
are listed in Table 1. From Fig. 2(a), one can see that the peak frequency of the sound 
absorption coefficient is shifted to lower frequencies when the thickness of the 
embedded-layer increases, which is similar as the cylinder case in Ref. 3. For 
comparison, Fig. 2(a) gives the absorption coefficient of the composite slab embedded 
with cavities with a radius 8mm, and the absorption peak gets the lowest frequency.  
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FIG. 2. (a)The variation of the absorptance of the composite slabs embedded with 
different cavities. (b) The absolute values of T0 matrix elements for isolated scatterers 
mentioned above in unbounded polymer under longitudinal incidence. 
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Material   
[kg/m3] 

cl  
[m/s] 

ct 

[m/s] 
E 

Rubber 1000 1480 100 0.5 
Embedded Rubber* 1050 448 56 0.5 
Silicon rubber 1300 80 23 0.2 
Steel 7890 5780 3220  
Water 1000 1480 --  
Air 1.29 340 --  

Table 1 Material parameters in present paper (* the parameters at 4000Hz in 
Ref. 3 are adopted) 

In order to gain a physical mechanism for above absorption peaks, it will be useful 
to state briefly certain basic features of the acoustic scattering by a single scatterer. 
Because the cavity generally show a monopole ( l =0) resonance at low frequency, 
Fig. 2(b) compares the monopole scattering of the mentioned scatterers. From Fig. 
2(b), one can readily see that the monopole resonant frequency shifts to lower 
frequency while the coating thickness increasing. Compare with the coated cavity 
with a coating thickness 3mm (i.e., the whole outer radius of the coated cavity 8mm), 
the pure cavity with the radius 8mm also has a lower resonance frequency. One can 
also see that all the monopole resonance of the scatterers are above 3kHz, however, 
the absorption peaks of the corresponding composite slabs in Fig.2(a) are all below 
3kHz. We also investigated the dipole scattering of these cavities, and there are no 
obvious resonances below 3kHz (the plots are omitted for paper length). One may 
conclude that the absorption peak of the composite slab is not induced by the 
resonance of the isolated cavity.  
3.2 Fixed cavities 

Enlarging the cavity or by coating soft layer one can get a lower frequency 
absorption peak, however, the impedance mismatch is enhanced because of 
decreasing the fraction of the matrix. As validation, both the band width and the 
amplitude of the absorption peak decrease while increasing the dimension of the 
cavity, as showed in Fig. 2(a). What about the cavities with the same outer size? The 
absorption plots are compared in Fig. 3(a). Here we keep the radius of the cavity 5 
mm unchanged, and embed different layers (Embedded layer and Silicon rubber, 
labeled by ER and S respectively) with thickness of 1mm and 3mm in the cavity. 
From Fig.3(a), one can see that the absorption peak of the slab shifts gradually to 
higher frequency while increasing the thickness or Young’s module of the imbedded 
layer. Meanwhile, the bandwidth of the absorption peak gets wider and the absorption 
above the peak is enhanced, which is induced by the reduction of the impedance 
mismatch of the composite slab. One can see again that the monopole resonance of 
the scatterer in Fig. 3(b) has a higher frequency than that of the corresponding 
absorption peak of the composite slab.  
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FIG. 3. (a) The variation of the slab absorption with the cavities coated by 

different soft layers under the same outer size.(b) The absolute values of T0 matrix 
elements for the corresponding scatterers. 
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FIG. 4. The variation of the acoustic absorption of the slab with pure 

cavities(5mm) under the steel backings with different thickness. 
3.3 The mechanism of the low-frequency absorption peak 

To explain the low-frequency absorption peak in Figs. 2(a), 3(a), it will be useful 
to state the input acoustic impedance of the steel backing. Due to the characteristic 
impedance of air is much less than that of the steel, the input impedance of the steel 
backing for normal incidence is [8] 

tan( )in s sZ jZ k d ,                            (1) 
where d  denotes the thickness of the steel slab, sZ  is the characteristic impedance 
of the steel and sk  the wave number, both parameters are defined as s s lsZ c  and 

s lsk c , here s  and lsc  denotes the density and longitudinal velocity of the 
steel. Note that the low frequency (long-wavelength) range are focused and d  is less 
than 10mm, so the sk d  is a small argument, the tangent can be approached as a 
linear function leading to the expression  

  in s s sZ jZ k d j d .                          (2) 
The above equation demonstrates that the input impedance of the steel backing is 

not depended on the velocity of the steel for low values of sk d , and is proportional 
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with the mass sd . The absorption peak is induced by the standing wave resonance 
from the overall resonance of the steel backing. The standing wave resonance at low 
frequency enhances the mode conversion from longitudinal to transverse wave, and 
then the energy dissipation in the composite slab.While increasing the mass of the 
steel slab by density or thickness, the resonance of the steel backing appears at lower 
frequency domain, and thus the absorption peak of the composite slab shifts to lower 
frequencies as well, as showed in Fig. 4.  

4. CONCLUSIONS 

The absorption coefficients of the viscoelastic composite slab embedded with a 
layer of coated cavities in a square lattice have been investigated by the LMSM. It 
shows that the absorption peak shifts to lower/higher frequencies while increasing the 
proportion of the soft coating layer under the enlarged/fixed dimension. The physical 
mechanism for the observed absorption peaks is clarified by the input acoustic 
impedance of the steel backing. It shows that the input acoustic impedance is 
proportional to the backing mass. The standing wave resonance at low frequency 
enhances the mode conversion from longitudinal to transverse wave under the steel 
backing, and the energy dissipation in the composite slab. While increasing the 
backing mass, the absorption peak of the composite slab shifts to lower frequencies.  
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Abstract: Acoustic absorptions of vsicoelastic layers embedded with two- and three-
dimensional diffraction gratings of cavities or locally resonant scatterers arises 
increasing interest due to widely applications in underwater. Recently, Sven M. Ivansson 
compared the anechoic performance of vsicoelastic layers embedded with two- and three-
dimensional diffraction gratings of cylindrical and spherical scatterers, the results showed 
that cylindrical scatterers can obtain better low-frequency absorption performance. Tao 
et, al. has discussed a viscoelastic layer with three-dimensional gratings of coated cavities 
(i.e. adding a layer of soft material outside cavities). The result shows that the coated 
cavity can improve low-frequency absorption performance.

Motivated by above discussions, we investigate low-frequency acoustic absorption 
characteristics and mechanism of a viscoelastic layer with a two-dimensional diffraction 
grating of cylindrical scatterers, with axes in a lateral direction along the viscoelastic 
layer. The viscoelastic layer is 20 mm-thick, and the cylindrical scatterer is a cylindrical 
cavity coated by a soft rubber layer. The absorption properties of the viscoelastic layer 
under the steel backing (finite steel slab followed by semi-infinite air layer) are studied 
using the layer-multiple scattering method. There exist two peaks above 0.8 in the 
absorption coefficient curve at the frequency region of 1000-3000Hz. The absorption 
mechanism is investigated by the absorption cross section of the single scatterer, the 
displacement field and the power dissipation density field of the vsicoelastic layers. The 
results reveal that the two absorption peaks are induced respectively by isolating 
resonances of a single scatterer and the coupling resonance between the absorption layer 
and the steel-backing. 

Keywords: resonant absorption, underwater acoustic absorption
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1. INTRODUCTION

Underwater acoustic absorption layers are usually constituted by rubber material 
periodically embedded with cavities[1] or metal particles[2]. The scattering effect in the 
absorption layer is strengthened by the scatterers, especially at the resonant scattering 
frequency of the scatterers. The scattering wave is dissipated due to the viscoelastic 
property of the rubber material, thereby the absorption performance is significantly 
improved at the resonant scattering frequency. Recently, Honggang Zhao etc. have 
presented a new underwater acoustic absorption layer which is constituted by rubber 
material embedded with locally resonant scatterers[3,4]. The numerical and experimental 
results show that the absorption layer shows better low-frequency absorption performance. 

Theoretical study shows, internal resonance of the locally resonant scatterers can 
enhance the acoustic dissipation in the scatterers and the matrix. Generally, the locally 
resonant frequency is inversely proportional to the density of the core and proportional to 
the stiffness of the soft coat. Locally resonant structure shows better low-frequency 
absorption performance, however, large density arises from the structure. Ivansson[1] 
shows that the good absorption performance of the viscoelastic layer embedded with 
cavities is mainly caused by the monopole resonant scattering of the cavities. The 
monopole resonance frequency of the cavities is proportional to the transversal wave 
velocity of the matrix, so better low-frequency absorption performance may be obtained 
by add a soft coating in the cavity. Tao[5] has discussed the case of the finite cylindrical 
cavities coated by a soft layer. The result shows that the coated cavity can get better low-
frequency absorption performance under the rigid backing condition. Recently, 
Ivansson[6] has discussed the absorption characteristics of a viscoelastic layer embedded 
with a single periodic array of infinite cylindrical cavities (the axial line of the cavities is 
perpendicular to the direction of the incident wave and is parallel to the plane of the 
absorption layer). Due to the fact that the monopole resonant frequency of the cylindrical 
cavities is lower than the spherical cavities with the same radius, the layer embedded with 
infinite cylindrical cavities shows better low-frequency absorption performance under the 
same thickness. 

Inspired by the above works, we discuss the absorption characteristics of a viscoelastic 
layer embedded with a single periodical array (a two-dimensional diffraction grating) of 
infinite cylindrical cavities coated by soft viscoelastic layers. The structure of the 
absorption layer and its absorption performance will be proposed in section 2. Section 3 
will discuss the absorption mechanism of the proposed structure. 

2. THE STURCTURE OF ABSORPTION LAYER AND ITS PERFORMANCE 

Fig. 1(a) shows the structure of the absorption layer with steel backing. The top to the 
bottom sequentially is the semi-infinite water layer, the absorption layer with thickness h , 
the steel backing with thickness d , and the semi-infinite air layer. The plane of the layer is 
in x-z plane. A single periodic array of infinite cylindrical scatterers is embedded in the 
viscoelastic layer along x-axis with interval a . The incident wave is in the water layer and 
its wave vector is perpendicular to the plane of the absorption layer, i.e. along y-axis. Fig. 
1(b) shows the structure of the scatterer. It constituted by a infinite cylindrical cavity with 
radius 0r  coated by a soft viscoelastic layer with thickness 0sr r- . 
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Fig.1(a) The structure of the absorption layer; (b) the structure of the scatterer.

When the wave incident on the viscoelastic layer, there will be reflected wave in the 
water layer and transmitted wave in the air layer. The reflection (transmission) coefficient 
is defined as the ratio of the intensity of the reflected (transmitted) wave and the intensity 
of the incident wave. They are denoted by R  and T respectively. According to the energy 
conservation law, the absorption coefficient is 1A R T= - - .The absorption 
coefficients showed in this paper is calculated by the layer multiple scattering method.  

Fig. 2 shows the absorption coefficient of the layer with different interval between 
scatterers. The material parameters are showed in Table 1. The geometric parameters are 
showed in Table 2. There exit two peaks (the first is near 1000Hz, the second around 
2700Hz) above 0.8 in the curve in the frequency region of 0-4000Hz. When the interval a  
increasing, the frequency of the first peak also increasing, and the frequency of the second 
peak does not change. We will focus on revealing the mechanisms of the two absorption 
peaks phenomenon in Section 3. 
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Fig.2 The absorption coefficient of the layer with different interval between scatterers. 

 Density 
[kg/m3] 

Bulk wave velocity 
[m/s] 

Shear wave velocity 
[m/s] 

Loss 
factor 

Matrix 1100 1308 183 0.4 
Soft coating 1300 51 7 0.3 
Steel backing 7890 5780 3220 - 
Water 1000 1500 - - 
Air 1.29 340 - - 

Table 1:.The material parameters 
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h  
[mm] 

d  
[mm] 

0r
[mm] 

0sr r-  
[mm] 

20 30 2 4 

Table 2:.The geometric parameters 

3. THE ABSORPTION MECHANISMS 

3.1. The mechanism of the second absorption peak 

According to previous studies, the absorption peaks are usually related to the resonant 
behaviour of the scatterers. The scatterers proposed in this paper contain a viscoelastic 
layer, so the resonant behaviour should cause the strong absorption in the scatterers. And 
the absorption intensity of the scatterer can be described by the absorption cross section 

1 1  Re{ }
2

ab
ab Sin in

P i ndA
I I

s w *< >= = - u T , (1)

where, abP< > is the time average dissipation power of the scatterer, inI is the intensity of 
the incident wave, u is the displacement vector, T is the Cauchy stress tensor. 

Fig. 3 shows the absorption cross section of the scatterer. We find that there exists a 
peak at the frequency near 2700Hz which consistent with the second absorption peak. It 
reveals that the second absorption peak is induced by the resonant absorption of the 
scatterers. The resonant scattering of the cavity causes the strong wave dissipation in the 
viscoealstic coating surrounding to it. To further prove this point of view, we calculate the 
displacement amplitude field and the power dissipation density field of the absorption 
layer. As showed in Fig. 4(a) strong back scattering of the cavity causes large 
displacement in the soft coating, thereby strong power dissipation takes place in the 
coating as showed in Fig. 4(b). 
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Fig.3 The absorption cross section curve of the scatterer. 
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Fig.4 (a) The displacement amplitude field and (b) the power dissipation density field 
in the absorption layer at the frequency of the second absorption peak. 

3.2. The mechanism of the first absorption peak 

Compare the absorption cross section curve in Fig.3 of the single scatterer with the 
layer absorption characteristic in Fig.2, one can see that the absorption of the scatterers is 
weak at the frequency of the first absorption peak. Hence, the first absorption peak is not 
induced by the resonance of the single scatterer. As showed in Fig. 5(b), the power 
dissipation density is close to zero among the scatterer, and almost all energy absorption is 
taken place in the matrix. From the displacement amplitude field of the absorption layer as 
showed in Fig. 5(a), we can find that the displacement is gradient increasing from down to 
top. It also means that the strain is nearly constant in the absorption layer. So one can 
conclude that the first absorption peak is mainly caused by the overall resonance of the 
layer. The absorption layer is soft and the steel backing is hard, they construct a spring-
mass system. The spring (the absorption layer) is pulled or compressed strongly at the 
resonance. And due to there exists scattering and damping in the spring (the absorption 
layer), the energy is dissipated strongly. This point also explains why the first absorption 
peak shifts to higher frequencies while the interval a  increases. The average stiffness of 
the absorption layer increase with the interval a  increasing, which make the resonance 
frequency of the spring-mass system be higher. 

 
(a) 
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(b) 

Fig.5 (a) The displacement amplitude field and (b) the power dissipation density field 
in the absorption layer at the frequency of the first absorption peak. 

4. CONCLUSIONS 

We have discussed the absorption performance and absorption mechanisms of the 
viscoelastic layer embedded with a single periodic array of infinite cylindrical scatterers. 
The scatterer is composed of a cavity and a soft viscoelastic coating. A 20mm-thick 
viscoelastic layer shows good absorption performance in the frequency region of 1000-
3000Hz. There exist two peaks with absorption coefficient exceed 0.8 within this 
frequency domain. It demonstrates that the first absorption peak is caused by the coupling 
resonance of the absorption layer and the steel backing, and the second peak is caused by 
the resonant absorption of the single scatterer. 
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Abstract: The problem of accurate measurement of underwater acoustic noise radiated by
civilian (either commercial or leisure) surface vessels is becoming of increasing 
importance because of the recognized possible impact that this kind of noise may have on 
marine life, and marine mammals in particular. This paper presents a measurement 
system designed with the specific purpose of satisfying the procedures and methodologies 
of measurement of underwater acoustic ship noise, according to the ANSI/ASA S12.64-
2009/Part1. It consists of an array of digital hydrophones with re-configurable geometry 
(in terms of either total length or hydrophone spacing), which depends on the ship length 
as required by the abovementioned standard. The upmost features and technical 
characteristics of the array are described.  

Keywords: underwater ship-radiated noise measurement, digital hydrophone array, 
configurable array geometry 
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1. INTRODUCTION 

The problem of accurate measurement of underwater acoustic noise radiated by surface 
vessels is becoming of increasing importance because of the recognized possible impact 
that this kind of noise may have on marine life, and marine mammals in particular [1].
Traditionally, underwater radiated noise control was only of interest for military ships [2] 
and research vessels [3]. The European Union has recently founded specific committees of 
experts in order to investigate this field by theoretical and experimental studies, the 
upmost outcomes of which are new procedures and guidelines, as well as new scientific 
results [4]. The ASA Committee on Noise Standards Working Group 47 (WG-47) [5] was 
organized to develop a commercial standard for the measurement of underwater noise 
from ships. In 2009 they approved and submitted to ANSI S12.64 (Noise) a draft 
document (the ANSI/ASA S12.64-2009/Part1 [6]) of procedures to follow for the 
measurement under controlled conditions at sea of underwater sound from surface vessels. 
Surface vessels radiate underwater acoustic noise mainly due to their machinery, 
propulsion mechanism (e.g., propeller, water jet, etc.) and hydrodynamic flow around the 
ship hull and connected parts [2]. Each vessel produces unique sound spectra, known as 
acoustic signature, usually consisting of the superposition of a set of tonals along with 
their harmonics, and a broadband component. Noise characteristics of individual vessels 
can be roughly related to their size and speed, but there is a significant variation among 
vessels, even if they belong to similar types.  

This paper presents a system for vessel acoustic signatures which is designed with the 
main purpose of satisfying procedure and methodology of measurement of ship-radiated 
underwater acoustic noise according to the above mentioned ANSI/ASA standard [6], but 
with the capability to be flexible and adaptable to other possible procedures. It consists of 
an array of digital hydrophones with configurable geometry (in terms of either total length 
or hydrophone spacing), which depends on the ship length as required by the 
abovementioned standard. The array can be made of one to three sections, each of which 
is equipped with a number of possible connection points. Each of three digital 
hydrophones can be connected to any of the connection points. Each hydrophone has a 
depth sensor and a calibrator. 

The main advantages of a digital hydrophone with respect to more conventional analog 
hydrophones is that locating the digitalizer close to the hydrophone transducer grants: (a) 
complete immunity from any kind of disturbance (e.g., cross talk, external electromagnetic 
interferences, etc.); (b) no loss of signal due to cable length in the whole bandwidth 
(especially critical at high frequency and in case of long cable). 

2. MAJOR REQUIREMENTS OF THE ANSI/ASA STANDARD 

The ANSI/ASA document S12.64-2009/Part1 [1] aims at providing a standardized 
measurement method for the quantification and qualification of underwater, ship-radiated, 
acoustic noise. It is applicable to any surface vessel. Three measurement grades with 
related requirements and geometry conditions are detailed in the document. Here only a 
brief description of the procedure requirements under the most refined scenarios (Grades 
A and B) is provided. Both require the use of a three hydrophone sparse array with 
variable geometry, depending on the length of the ship to measure. The third scenario 
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(Grade C) requires the use of a single hydrophone with limited bandwidth and is the least 
demanding in terms of accuracy.   

Grade A (or Precision Method) includes the use of three hydrophone vertical array for 
multipath mitigation and estimation of the vertical beampattern of radiated noise; it 
considers noise analysis in the widest bandwidth (10 to 50000 Hz). 

Grade B (or Engineering Method) considers noise measurements in the frequency band 
20 to 25000 Hz and requires the same hydrophone array geometry as Grade A. For Grades 
A and B, the hydrophones shall be positioned vertically in the water column at depths 
(namely d1, d2 and d3 respectively) which result from nominal 1 = 15o, 2 = 30o and 3 =
45o angles from the sea surface, at a distance equal to the nominal distance at the ship’s 
Closest Point of Approach (CPA) (see Fig. 1). The nominal distance at the CPA shall be 
one ship length or 100 m, whichever is greater. 

The data acquisition system is requested to have an appropriate sampling rate following 
Nyquist theorem (for example, for meeting requirements from Grade A, sampling 
frequency of more than 100 kHz is necessary) and appropriate dynamic range. 
Simultaneous sampling of data from all hydrophones is required in case of Grades A and 
B. For monitoring purposes, audio output and display of the data are recommended.  

Surface ship underwater noise is measured when the vessel passes in front of the 
hydrophones, which are supposed to remain stationary. This means that the distance 
between the ship and the hydrophones changes along the measurement period, as well as 
sound propagation conditions and propagation loss accordingly. By requiring the use of a
vertical array of hydrophones, the measurement methods A and B aim at mitigating the 
multipath effects typical of sound propagation in shallow water environments, and, hence, 
separating the actual free-field signature of the vessel under test. Vessel-radiated noise 
depends on a large range of parameters, related not only to ship design, current state of 
maintenance, operational settings, but also to vessel aspect, and environmental conditions 
(e.g., wave height and direction) [7]. By knowing the array location and recording the 
vessel track (through its own GPS) during measurement, it is possible to conduct 
controllable measurements (at constant speed) and compensate for propagation loss as 
range changes. 

Fig.1: Array geometry requested for Grades A and B of ANSI/ASA standard [6]. 
Hydrophone spacing and total array length change as vessel length varies. 
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3. A VERTICAL DIGITAL HYDROPHONE ARRAY WITH CONFIGURABLE 
GEOMETRY 

An innovative, sparse, vertical array of digital hydrophones is proposed, which has 
variable total length and variable spacing between hydrophones. Its design is specifically 
addressed to conduct accurate measurements of radiated underwater acoustic noise from 
ships of different size, according to the ANSI/ASA S12.64-2009/Part1 document [6]. 

Fig.2: Sketch (not to scale) of the vertical array in its complete configuration  
(all three sections of cable are used).  
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Fig.3: Sketch (not to scale) of a digital hydrophone, connected to one of connection points 
and mechanically attached to the array cable. 

The system (see an overall sketch in Fig. 2, and a zoom on one of the digital 
hydrophone connected to the array cable in Fig. 3) consists of:  
(a) three digital broadband hydrophones, each of which includes a depth sensor and an 

electronic calibrator; depth data are included in the digital acoustic data flow for 
providing real-time monitoring of hydrophone’s depth; 

(b)  a single underwater cable of 335 m of length, which is divided into three sections in 
order to select the array total length, and is equipped with six connection points for 
the hydrophones. The multiple connection points and the variable total length aim at 
easily configuring the array geometry before deployment, in accordance to the 
length of the ship to measure, as requested by the reference standard;  

(c)  a multi-channel data receiver for digital hydrophones, including a netbook for data 
recording, display and processing. The receiver is able to get a continuous flow of 
digital data at very high rate simultaneously from all the hydrophones (up to 4.5 
MB/s for three hydrophones) along with data from a GPS antenna. The receiver 
allows the user to set the array parameters, in particular the sampling frequency (96 
or 192 kHz). 

The measurement system has been preliminary tested in order to verify the array 
characteristics. 

3.1. Digital broadband hydrophone 

Locating the digitalizer close to the hydrophone allows immunity from any 
electromagnetic interference and avoids signal loss through the cable (especially critical at 
high frequency and for long cable lengths). Moreover with a digital hydrophone a 
complete acoustic calibration is achievable by calibrating in a water tank the only 
hydrophone and is independent on the calibration of a traditional acquisition chain.  
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Two simultaneous data channels are digitalized at 200 kHz maximum in each 
hydrophone (via  24-bit A/D converters), each channel having a different gain. The 24 
bit resolution and the double gain provide an extremely wide dynamic range (108 dB) and, 
hence, allow the user to collect from very weak (down to “0”sea state ambient noise) to
very strong signals at the same time without saturation (see Table 1). 

The digital hydrophone is designed to get a serial input from one non-acoustic sensor,
such as CTD, SVP, etc, the data of which are included in the digital acoustic data flow. In 
this particular case each hydrophone is equipped with a pressure gauge in order to 
precisely know its depth in real time. Due to underwater currents it is often difficult to 
predict the actual depth of each hydrophone along a vertical array. Having a depth sensor 
at each hydrophone is a significant advantage for a correct deployment and for an 
appropriate data analysis and post-processing. 

Each hydrophone is also equipped with its own electronic calibrator: the receiver can 
send a signal in series at each hydrophone, by allowing one to verify for each hydrophone:

Its correct connection in the selected geometrical configuration 
Bandwidth and gains of the whole receive chain for that hydrophone. 

Parameters Values
Frequency range 10 Hz – 90 kHz
Receiving Sensitivity Low Gain:   -184 dB re 1V/ Pa    @ 10 kHz

High Gain:  -144 dB re 1V/ Pa    @ 10 kHz
Directivity - Horizontal Plane Omni @ 50 kHz (± 1.5 dB) 
Directivity - Vertical Plane Omni @ 50 kHz (± 2 dB) 
Equivalent Input Noise Low Gain:   +40 dB re Pa            @ 10 kHz     

High Gain:   +22 dB re Pa            @ 10 kHz
Max Input Pressure Level Low Gain:   +189 re Pa   @ 10 kHz

High Gain:   +152 re Pa   @ 10 kHz
Sampling Frequency (simultaneous) 96 kHz / 192 kHz (selectable) per channel
Dynamic Range 108 dB per channel
Voltage Supply (galvanically insulated) 12 V (Range: 9 – 36 VDC )
Operating Temperature Range -2 to +50 oC
Storage Temperature Range -40 to +80 oC

Table 1: Technical specifications of a digital hydrophone.. 

3.2. Variable configuration of the array 

The Standard imposes to locate the three hydrophones at different depths (and various 
reciprocal spacing) depending on the ship length. For this reason the proposed solution 
consists of a single cable made of three sections and equipped with a variety of connection 
points (namely, six) for the hydrophones. In accordance with the length of the ship to 
measure, before deployment the user may decide to use from one to three sections (see 
table 2), and to connect the hydrophones sparsely along the cable in the positions shown in 
Table 3. Those configurations (particularly that one for vessels up to 320 m) can be 
achieved with reasonable accuracy with only six connection points by deploying more or 
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less cable in the water. These positions may be even adjusted by insertion of an additional 
piece of cable from the connection point to the hydrophone.  

Cable Section Length and number of 
connections

Sections used: Suitable for 
measuring:

Section I 120 m, with 3 connection points
(100 m + 20 m above water)

I: Vessels up to 100 m long

Section II 100 m, with 2 connection points I+II: Vessels up to 200 m long
Section III 135 m, with 1 connection point I+II+III: Vessels up to 320 m long

Table 2: Cable sections.

Suitable to measure: Hydrophone Depths (Grades A and B)
Vessels up to 100 m long 27 m; 58 m; 100 m
Vessels up to 200 m long 54 m; 116 m; 200 m
Vessels up to 320 m long 86 m; 185 m; 320 m

Table 3: Geometry of connection points. 

Using only one cable with a discrete number of connection points makes the system not 
only flexible, but also portable and user-friendly for an easy and quick configuration and 
deployment. 

3.3. Receiver of array digital data 

The digital data receiver is included along with the data acquisition laptop in a water-
proof box. It is able to receive up to four double-gain digital hydrophones, for a total of 8 
channels.  

It includes re-chargeable batteries, and also a board with D/A converters and power 
amplifier which drives loudspeakers and headphone for a real-time listening of the 
underwater noise received by one hydrophone at a time. This option is particularly suitable 
to check the quality of the data in a preliminary test phase immediately after the 
deployment, before starting with the actual measurements and data recordings. This test 
allows to verify whether the array is correct working even without a PC with dedicated 
software tools and even in autonomous mode (without onboard power supply). 

The receiver is equipped with an input for GPS, from which to get a NMEA string with 
time stamp and geographical location to include in the data files. 

A netbook is dedicated to parameter settings and data visualization and storage, carried 
out by means of dedicated software tools. Data can be also be transferred via Ethernet port 
to a processing unit. Acoustic data are saved in wav format where a header contains all 
necessary information (such as bit resolution, sampling frequency), non acoustic data in 
ascii format.   

4. CONCLUSIONS 

The system for accurate measurement of ship-radiated underwater noise described in 
this paper has been designed with the main purpose of satisfying procedure and 
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methodology of the above mentioned ANSI/ASA standard [6], but with the capability to 
be flexible and adaptable to other possible procedures.  

Such a system would be extremely appropriate also for ambient noise monitoring or 
marine mammal survey, due to the broadband response of the hydrophones, their high 
sensitivity and very wide dynamic range, and their very low self noise. Processing data 
from all the three hydrophones allows the user to separate multipaths from direct signals in 
the case of deployment in shallow waters. 
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Abstract: the Liguria Sea is a deep basin showing peculiar hydrodynamic and meteo-
oceanographic features and steep Alpine and Apennine orographic boundaries. The sea is 
affected by a permanent basin-wide cyclonic circulation involving both the surface and 
intermediate waters. In the atmosphere powerful convection phenomena tend to occur 
especially in autumn when the sea has stored a large amount of heat through the summer and 
strong evaporation to the air layers above occurs and interacts with the cool and wet near 
surface atmospheric boundary. Underwater acoustic measurements of rainfall have been 
used to detect rainfall and classify its type (convective vs. stratiform or light precipitation) 
and quantify the rainfall rates. In this study we discuss application of underwater acoustic 
measurements to quantify two recent heavy precipitation events (October 25 and November 
4, 2011) that caused flash floods with significant damages to properties and fatalities in the 
Genoa area. Although, such type of events cannot fully forecasted by atmospheric models, 
monitoring over the sea can be an attractive approach to develop data assimilation systems 
that would lead to improved quantitative forecasts over flood prone areas. Since 2009, an 
autonomous underwater acoustic recording and processing instrument called Passive 
Aquatic Listener (PAL), has been deployed on the W1-M3A off-shore observatory moored at 
the centre of the Ligurian basin. The paper studies the precipitation estimation accuracy from 
PAL measurements. Data from PAL are transferred in real-time to the shore, consequently if 
measurements from the system are proven quantitatively accurate it can be potentially used 
for early warning of coastal floods and as in situ reference to validate satellite rainfall 
retrievals over ocean surface. 

Keywords: Underwater passive acoustics, flash floods, rainfall, radar. 
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1. INTRODUCTION

Extreme meteorological hazards like convective outbreaks leading to torrential rain and 
floods are among the most critical environmental issues worldwide. Flooding is the most 
damaging of all natural disasters; one-third of the annual natural disasters and economic 
losses and more than half of all victims are flooding related (Douben, 2006). In Europe, we 
count an average of 130 fatalities due to floods per year (Barredo, 2007); of these, 40% are 
due to flash floods. Flash floods are associated with heavy precipitation events induced often 
by rough orography as is the case for most of the storms in the Mediterranean coastal area 
regions in Europe (Gaume et al., 2009). The high risk potential of flash flood is related to the 
rapid response of both stream (flood) and landscape (landslide and erosion) and to the spatial 
dispersion of the target areas (Borga et al., 2011). Both characteristics limit our ability to 
issue timely flood warnings. The most common instruments used to measure heavy rains 
during floods and flash floods are rain gauges, which however represent a point 
measurement. On the other hand, a more advanced technique for quantifying rainfall in larger 
spatial and temporal scales is the meteorological radar. Radar observations can support 
hydro-meteorological and flood forecasting modelling due to the distributed rainfall 
estimation. Typically, both instruments are used on land. However, limited are the types of 
rain gauges used to measure precipitation over the oceans. At sea, rain gauges are usually 
installed on moored buoys and even though extended research has focused on removing 
errors caused by the movement of the platform due to the sea state conditions, they are still 
not reliable, especially during rough weather conditions. Satellite-based measurements of 
rainfall provide global coverage of rainfall distribution (Huffman et al., 2007), but these 
measurements need to be verified by surface measurements. Therefore, improving our ability 
to measure rain over the oceans is critical to both hydrological and water cycle applications. 

Utilizing the underwater acoustic signal from rain will allow rainfall to be measured in 
many remote or severe weather regions (Atlantic and Pacific ITCZ, North Atlantic, 
Mediterranean basin). Rain falling onto water surface and the break of the surface waves are 
two of the loudest sources of underwater sound. They can be used as a signal to detect and 
measure oceanic rainfall and near surface wind speed. They produce sound underwater by 
their impacts onto the ocean surface and, more importantly, by sound radiation from any 
bubbles trapped underwater during their splashes. In addition, because different raindrop 
sizes produce distinctive sounds, the underwater sound can be inverted to quantitatively 
measure drop size distribution in the rain. In this paper we evaluate the performance of an 
underwater acoustic monitoring system (named Passive Acoustic Listener, or PAL) to 
monitor mesoscale meteorological systems with high intensity rainfall over the ocean and 
surrounding coastal and inland areas. Specifically, the acoustic measurements of rainfall from 
PAL are evaluated using a near-range weather radar and a co-located rain gauge. PAL was 
deployed at 36 m depth on the mooring line of the surface buoy of the W1-M3A operational 
observatory in the Liguria Sea. Nearly one year of collocated data from PAL and a nearby 
operational polarimetric weather radar (Monte Settepani) have been acquired. During that 
period two major flash flood events were recorded. Namely, a sequence of two devastating 
storms during October 25, 2011, in Cinque Terre and during November 4, 2011, in Genoa, 
provoked deaths and destruction due to flash floods and landslides. In this paper we describe 
quantitative accuracies of the PAL measurements for the two storms as they developed over 
the Ligurian Sea and prior to creating the catastrophic floods in the coastal and inland areas. 
Demonstrating quantitative use of PAL measurements would allow using the system to 
support early warning of future floods in the area. 
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2. EXPERIME NTAL SITE AND DATA 

This study is based on the synergy of different meteorological and acoustical sensor 
observations of rainfall collected during the summer 2011 – spring 2012 (Table 1) in the 
Ligurian Sea. 

A rain gauge and a passive underwater acoustical sensor (PAL) were installed on the W1-
M3A off-shore marine observatory of the National Research Council (CNR) of Italy. The 
platform is moored at the center of the Ligurian Sea at 43° 47.364  N, 009° 09.798  E, about 
80 km southward of Genoa on a water depth of 1200 m, in the area called Cetacean's 
Sanctuary (Fig.1). 

 

Fig. 1. The Mediterranean Sea with a zoom over the Ligurian basin including the position of the 
radar and of the W1-M3A observatory. 

Date (yr/mon) Rainfall Monthy Cumulant (mm/h) 
PAL W1-M3A RADAR 

2011/06 1.36 0 0 
2011/07 33.51 22.88 11.40 
2011/08 0 0 0 
2011/09 52.12 44.02 23.60 
2011/10 113.93 110.04 13.80 
2011/11 210.86 196.30 60.30 
2011/12 16.20 18.00 8.20 
2012/01 273.41 185.87 178.70 
2012/02 30.23 21.39 29.30 
2012/03 49.36 49.33 34.40 
2012/04 77.67 89.60 47.60 
2012/05 7.46 9.92 3.50 

Table 1: Rainfall Monthly cumulative values from the acoustical (PAL) and the 
meteorological (W1-M3A, RADAR) sensors. 

 
The W1-M3A platform is composed by a spar buoy called “ODAS Italia 1” about 50 m 

long, weighting 12 tons, permanently deployed at sea, and by a subsurface mooring, 
periodically positioned close to the main buoy (Fig. 2a). The buoy has the capability to 
measure in a continuous and affordable way a complete set of meteorological parameters, as 
well as physical and bio-geochemical sea-water properties. All the acquired data are stored on 
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board in order to compute statistical parameters that are transmitted in near real-time to the 
station ashore by means of a satellite phone link. 
Identification of large and mesoscale meteorological conditions will provide an overall 
context in which to interpret the ambient sound. These conditions are readily available from 
the operational radar network composed by two C-band radars: the Bric della Croce radar 
(Bric hereafter), installed at 736 m a.s.l. on the top of the Turin hill and the Monte Settepani 
radar (Settepani hereafter), placed at 1,386 m a.s.l. on the Apennines, at the border between 
Piemonte and Liguria regions (Fig. 2b). 
Both radars are Doppler and polarimetric, thus they are able to measure the radial component 
of velocity and its variance through the processing of the phase signal. The operational 
volume coverage pattern consists of a scan at 170 km and 136 km range for the Bric and the 
Settepani radar, respectively. The sampling time is set to 10 minutes for both radars. For this 
study rainfall observations were extracted over a 4x4-km rectangular area around the buoy 
position. Unfortunately, during the experiment Bric and Settepani radars were not always 
operational and as a consequence there are some data gaps. 

 (a)  (b) 

Fig. 2. (a) Sketch of the W1-M3A observatory showing the sub-surface mooring line and the 
surface spar buoy with its line keeping it in position; (b) The radar installed on Settepani Mount, in 

the Ligurian Appennines. 

PAL is a low duty cycle system consisting of a low-noise wideband hydrophone, signal 
pre-amplifiers and a recording computer. The nominal sensitivity of these instruments is -160 
dB relative to 1 V/ Pa with an instrument noise equal to an equivalent oceanic background 
noise level of about 28 dB relative to 1 Pa2Hz-1 (below Sea State Zero). A data collection 
sequence consists of a 4.5 second time series collected at 100 kHz. Each sample is then sub-
sampled to try to detect a transient sound within the time series. Clean background spectra is 
fast Fourier transformed (FFT) to obtain a 512-point (0-50 kHz) power spectrum. These 
spectra are spectrally compressed to 64 frequency bins, with frequency resolution of 200 Hz 
from 100-3000 Hz and 1 kHz from 3-50 kHz. These spectra are then evaluated individually to 
determine the acoustic source and are recorded internally. The next critical component of the 
real-time processing algorithm before the quantitative use of the ambient sound field that 
describes the marine environment, is the identification of the sound source. This analysis 
depends on the assumption that different sound sources have unique spectral characteristics 
that allow identification through multivariate analysis of spectral parameters, such as sound 
levels (dB rel. 1 Pa2Hz-1) at various frequencies and spectral slopes in various frequency 
bands. This process is illustrated in Fig. 3. Several categories of sound sources are identified 
in their generic position on each subplot. Several categories of precipitation are recognized 
(drizzle, heavier rain and very heavy convective rain), and two or three categories of ship 
noise (close ships, distance ships and distance ships during very calm sea conditions). 
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Wind generated locus is highlighted and can be thought of as a continuous locus of data 
spanning a range of wind speeds from 3-15 m/s. The combination of 8 kHz and 20 kHz (Fig. 
3b) is most useful for separating wind source from precipitation, but shipping signal are often 
ambiguous with the wind/rain source. In contrast, the shipping signal is better detected using 
2 kHz and 20 kHz (Fig. 3a), although heavy rain and loud close ships are still ambiguous. 
Comparing the spectral slope from 2 – 8 kHz with the sound level (dB rel. 1 Pa2Hz-1) at 8 
kHz (Fig. 3c) allows heavy rain and close ships sources to be identified, and using the slope 
between 8 – 15 kHz (Fig. 3d) easily identifies drizzle sound sources. 

 
Fig. 3. Scatter plots of the classified acoustic parameters (i.e. rain, wind, ships, whales, etc.) using 
(a) 8 kHz vs. 20 kHz; (b) 8 vs 20 kHz; (c) 8 kHz vs. the slope of 2 to 8 kHz and (d) 8 kHz vs. the slope 
of 8 to 15 kHz. Data are taken from the period of fall 2011 to spring 2012 (include the two big flash 

floods) with the classified convective precipitation shown in yellow and the wind highlited in blue and 
mangenta. The units are dB relative to 1 Pa2Hz-1 for sound level and dB/decade for spectral slope. 

Under especially calm conditions, the sound level (dB rel. 1 Pa2Hz-1) at 20 kHz can be 
very low, and the sound at 2-5 kHz can be relatively high. This becomes a generic 
background spectrum, with individual ship “events” not necessary evident. This situation 
(dead calm with distant shipping) is detected as a locus of points on the 2 vs. 20 kHz 
comparison (Fig 5a) with SPL20 < 30 dB and SPL2 > 45 dB, generating an interesting “foot” 
on the scatter diagrams. As wind speed increases above 3 m/s, this feature quickly disappears. 
The distant sound that was being detected can no longer be heard, and the locally generated 
2-5 kHz sound from the wind waves is less than the distant background levels. 

 

 

(a) (b) 

(c) (d) 
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3. RESULTS 

Results presented here are from post-processing of the raw recordings (i.e., spectra) 
retrieved from the memory disk of the PAL after the recovery of the instrument from the 
buoy deployments. However, the same procedure is applied in the real-time processing 
system. Therefore, once the sound sources categories are safely identified, quantitative 
algorithms for wind speed and rainfall rate estimation can be applied. The wind speed is 
coming from a linear fit (1) corresponding to low wind speed and light breeze whereas a 
second order equation has been considered for sound pressure levels equal or higher  than  35  
dB corresponding to moderate, fresh and strong breezes. 
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where U is wind speed (m/s), SPL8 is the sound level (dB rel. 1 Pa2Hz-1) at 8 kHz. The buoy 
anemometer represents a point measurement, while PAL sound measurements at 36 m depth 
represent wind speed conditions over a ~41 m2 area around the mooring location. Other 
sources include environmental factors (e.g. wave height) affecting the relationship between 
sound and wind speed, and also random errors in the buoy anemometer measurements. The 
PAL spectra corresponding to wind speed lower than 3.3 m/s are almost undistinguishable 
(Fig. 4). 

Three categories of precipitation can be recognized acoustically: “drizzle”, or rainfall 
containing only small droplets (less than 1.5 mm diameter), “rain”, heavier rain containing 
larger drops (over 2 mm diameter), and “heavy convective rain”, containing many large and 
very large drops (over 3 mm diameter) (Nystuen, 2001; Medwin et al. 1992). 
Sound intensity and rainfall amount are given by (2) where SPL5 indicates the sound pressure 
level at 5 kHz relative to 1 Pa2Hz-1, a, b and c are empirically determined coefficients 
corresponding to the intercept and the slope of the linear regression for SPL5 and the 
logarithmic rainfall rate and to a bias correction factor, respectively (Ma and Nystuen, 2005). 

c
R

b
aSPL5

10         (2) 

 
Fig. 4. Average spectra of the PAL as wind speed measured by the W1-M3A observatory varies. 

The following classes have been chosen for the analysis: rainfall rate lower than 2 mm/h, 
between 2 mm/h and 10 mm/h, between 10 mm/h and 20 mm/h and higher than 20 mm/h, in 
correspondence to wind speed lower than 4 m/s, between 4 m/s and 6 m/s, between 6 m/s and 
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10 m/s and greater than 10 m/s. For high rain rates, the number of available spectra is too low 
and the average spectra might not have been statistically meaningful, so the two intermediate 
wind speed classes have been joined together (Fig. 5). 

 
Fig. 5. Variability of the sound spectra collected by the Passive Aquatic Listener with respect to 

rainfall and wind speed measurements collected by the W1-M3A observing system. 

In order to validate the rainfall acoustic detection the PAL data were compared to rainfall 
data from the Settepani operational weather radar and the rain gauge on W1-M3A buoy 
rainfall observations. During the experiment three particularly strong rain events occurred: 
two floods on 25th of October and on 4th and 5th of November 2011 that affected the Ligurian 
Region and on 28th of January 2012 a strong storm was registered over the sea. Overall, if we 
consider the power spectral density of PAL during the flood events and superimpose (in red) 
the rainfall measured by the gauge, it is clearly visible that the rain gauge signal corresponds 
well to the increase of the sound level in the ocean, in terms of both intensity and width of the 
frequency band (Fig. 6). 

 
Fig. 6. Recorded spectra for the period October 15 – November 15, 2011 and the rainfall rate (in 

red) measured by the rain gauge on the buoy. 

The first flood-inducing storm event was well detected by both the buoy and the PAL with an 
accumulation of 127 mm and 105 mm, respectively, and a very good agreement capturing the 
dynamics of the storm. Unfortunately, for this event, radar data were available only along the 
coast due to a reduced scan range. The flood-inducing storm event of November 2011 lasted 
three days and was clearly visible at sea and also well detected by the radar: a total amount of 
194 mm and of 107 mm were collected by the buoy and the PAL, respectively, exhibiting 
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again a very good agreement between the two systems (Fig. 7). To validate the acoustic 
detection of rainfall, the PAL data were compared to rainfall data from the Settepani 
operational weather radar. 

 
Fig. 7. Timeseries of rainfall rate measured from the rain gauge on the buoy (blue line) and the 

two estimates from the radar (black line) and the PAL (red line). 

Statistical comparison of the estimated radar rainfall with the rain gauge rainfall observation, 
for all the available rain events shown in Table 1, give an overall correlation of 0.68 and a 
mean-field bias of 1.47 (Fig. 8a). This bias is removed and compared with the PAL data 
showing high correlation of 0.8 and small mean bias of 0.67 and relative error of 77% (Fig. 
8b). Similar results we notice comparing the PAL data with the buoy rain gauge observations 
with even higher correlations of 0.84 almost perfect mean bias of 1.06 and slightly higher 
relative error of 88% (Fig. 8c). 

 
Fig. 8. Scatter plots of (a) estimated radar rainfall vs. rain gauge rainfall observations, (b) PAL 
rainfall estimation vs. radar rainfall estimation after removing the mean bias and (c) PAL rainfall 
estimation vs. the rain gauge rainfall observations. All the above statistical calculations performed 

for rainfall rate greater than zero. 

4. CONCLUSION 

Underwater passive acoustic monitoring of the marine environment represents a new tool 
for oceanographers. This is one of the few times that passive acoustic monitoring of the 
marine environment is being incorporated into an operational ocean observation system. As 
shown in this study quantitative interpretation of the sound field provides measurements of 
physical conditions at the sea surface. One low duty-cycle adaptive sampling Passive Aquatic 

(a)                                                              (b)                                                              (c) 

1st International Conference and Exhibition on Underwater Acoustics

992



Listener (PALs) has been deployed at about 36 meters depth on a W1-M3A ocean 
observation system moorings operated by the Italian CNR. Quantitative acoustic 
measurements of wind speed, detection and measurement of rainfall and detection of other 
acoustic events, including bouts of marine mammal vocalization, and of shipping detection 
are demonstrated using these PALs. 
The simultaneous availability of in-situ observations of wind speed and precipitation made 
possible to obtain close temporal matchup pairs of meteorological and acoustical data and to 
evaluate the acoustic algorithm for the detection and the quantification of wind speed and 
rainfall. The study used long-term (one year) observations from the PAL. Analysis indicates a 
strong correlation of PAL wind measurements with anemometer measurements acquired from 
the buoy. The experimental data included two flood-inducing storm events, which occurred 
on 25th of October and between 4th and 5th of November 2011: in October, the most intense 
phenomenon affected the vicinity of La Spezia and Cinque Terre, whereas the second 
affected the city of Genoa. The precipitation data acquired from the rain gauge have been 
validated by the direct comparison with the estimates of the radar and the PAL obtaining an 
excellent agreement in detecting rainfall events as demonstrated by the correlation coefficient 
between the timeseries around 0.80, the mean bias of 0.67 and the relative root mean square 
error of 77%. The acoustic rainfall algorithm exhibited a slight underestimation relative to the 
buoy gauge rainfall measurements in the case of heavy rain rates, and slight overestimation in 
the case of light precipitation or drizzle. Overall, the experiment has shown that it is possible 
to accurately measure the amount of wind and rain based on acoustic observations in the 
Ligurian Sea. After a calibration in order to take into account the specific characteristics of 
the deployment, PAL proved to be an extremely useful instrument for the acquisition of 
acoustical data on a long-term basis for climatological analysis in adverse meteorological and 
marine conditions. 
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Abstract: A line of highly innovative products is presented, which particularly addresses 
acoustical oceanographic measurements, and includes digital hydrophones and digital 
acoustic arrays. Major features are very low self-noise, wide dynamics, wide bandwidth, 
possibly very high working depth, simultaneous non-acoustic data integration (possible 
options: CTD data, sound velocity and depth, GPS time and position, orientation, etc.), 
user-friendly and portable, and high cost effectiveness. The systems being digital, the 
digitalizer is very close to the hydrophones, which prevents from any electromagnetic 
interference and signal weakening along cable. The systems are particularly suitable for 
ambient noise measurements. The wide bandwidth from 4 Hz to 90 kHz is particularly 
appropriate for marine mammal survey. Orientation and positioning data are fundamental 
for array applications aimed to noise source localization. The integration of acoustic data 
with data from a CTD or from a sound velocity profiler is particularly innovative, and is 
of major interest to whom needs to have both noise and oceanographic survey 
simultaneously, along the same deployment, with significant time saving and better 
knowledge of the environment. 

Keywords: acoustical oceanographic measurement, passive acoustic monitoring, digital 
underwater measurement system 
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1. INTRODUCTION

Monitoring the ocean with the aim of protecting and preserving the marine 
environment in all its aspects and variety is becoming a high-priority objective. One of 
major issues is to protect wild life (marine mammals in particular, but also fish) against 
man-made activities. Among the different kinds of pollution produced by mankind and 
particularly dangerous for marine life there is acoustic noise [1][2][3][4], which at sea can 
be generated by ship traffic [1][5], but also by the installation of an offshore platform or of 
a wind farm [6][7][8], or by standard, daily activities of a regasification ship or, again, of a 
wind farm [9]. 

Generally, before, during and/or after the installation of: wind farms offshore 
platforms, offshore regasification ships, etc. underwater acoustic noise monitoring is 
requested. The upmost purposes of this acoustic noise data collection and analysis are the 
following [9][10]:  
- Determine the background noise level in the absence of the major selected noise 

source(s) to monitor 
- Determine noise levels caused by these anthropogenic noise sources,  
- Estimate noise frequency composition  
- Predict sound propagation in the area on the basis of the data collected, and, hence, 
- Predict possible impact on local species of marine mammals 

These objectives require the simultaneous measurement of oceanographic parameters, 
such as temperature, salinity, sound speed in water along the water column, along with the 
geographical position of the underwater measurement system. A typical procedure of 
noise monitoring [11] consists in the measurements on a dense grid of points around the 
noise source of: 

1. CTD measurement along the whole water column (generally conducted in self-
recording mode) 

2. Once recovered the CTD, estimate of the SVP curve from CTD data, in order to 
determine the depth and extension of the main thermocline 

3. Finally, deployment of a hydrophone for acoustic noise measurements at a number of 
fixed depths, generally selected below and above the thermocline. These are data 
generally used to match with sound propagation simulations in order to estimate noise 
source levels at the origin and as range varies. 

These three actions are conducted in temporal sequence, with the following major 
consequences (drawbacks):  
(a) oceanographic and acoustic data acquisitions are not simultaneous, and when acoustic 

data are taken, once decided at which depths conduct the measurements, on the basis 
of the measured SVP, in the meantime the environmental conditions may have 
changed;  

(b) the hydrophone would need a depth sensor transferring its data to a monitor onboard 
in real time, in order to be sure at what depth acoustic noise is recorded, while 
hydrophones are generally not equipped with a depth sensor;  

(c) making periodic maps of noise generally takes a lot of time in this way, especially if 
the spatial resolution of the grid of measurement points has to be dense. 

AGUAtech proposes a line of solutions of digital acoustical-oceanographic 
measurement systems which addresses to overcome the abovementioned drawbacks of 
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traditional systems by allowing real time monitoring of the ocean at known depth through 
the simultaneous measurement of acoustic and oceanographic parameters.  

In particular a digital hydrophone, integrated with a CTD sensor provided by H2O 
Systems, is described, which was tested and measured in the acoustic and oceanographic 
measurement facilities of NATO STO-CMRE. It was also used during a sea campaign in 
August 2012 in the Tirrenian Sea in a 100m-deep water area in front of Livorno; in that 
case the aim was to collect ambient noise data, as no noise source was present.  

2. DIGITAL ACOUSTIC-OCEANOGRAPHIC MEASUREMENT SYSTEMS 

The main components of these systems consist of: an omnidirectional spherical 
hydrophone, two low-noise preamplifiers having different gain values, and a digitalizer 
with a 2-channel, , 24-bit A/D converter (192 kHz sampling frequency). The 
simultaneous acquisition of two channels with different gains allows the user to have a 
wider dynamic range, and, hence, to collect at the same time either very weak or very 
strong signals without saturation. The system is equipped with a serial port to which it is 
possible to connect a non-acoustic device; in this way the acoustic and non-acoustic data 
are integrated in the same digital data flow towards the dry-end receiver. The receiver can 
work in stand-alone mode as it is equipped with two D/A converters for analog outputs of 
acoustic data, and a serial port for the non-acoustic data output. At the same time, the 
whole data flow can be transferred to a PC through an Ethernet interface for data storage 
and analysis. The modularity of the system allows the integration of any multi-parameter 
device or sound velocity profiler with serial output.  

 

 
Fig.1: General block diagram of a digital acoustic oceanographic measurement system 

designed by AGUAtech. 
 
In particular the proposed system (Fig. 2) integrates a digital hydrophone with a CTD.  It 
is characterized by the following upmost features: 

Real-time selection of measurement points re. actual thermocline 
Precise hydrophone positioning in the water column 
Continuous data reception through slip-ring on winch 
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Fig.2: Block diagram of the integrated CTD-Hydrophone digital system. 
 
The new, faster and more accurate measurement procedure, which this system allows 

the user to apply for mapping ambient noise in a grid of points may become the following: 

1) Deploy the system along the water column  for SVP estimation (going down) 
2) Stop the system close to the seabed 
3) From SVP real-time display and analysis during deployment, decide where to conduct 

acoustic measurement on the way back, for example selecting one depth (D1) above 
and one depth (D2) below the main thermocline 

4) On the way back, stop the system and depth D2 and collect acoustic measurements 
along a selected number of minutes 

5) Then, stop the system and depth D1 and do the same as in 4) 
6) Recover the system. 

3. SYSTEM TESTS IN WATER TANK AND AT SEA. RESULTS AND 
DISCUSSION 

The digital hydrophone of the integrated system was calibrated in terms of its receiving 
sensitivity at CMRE in a water tank.  Sensitivity curves were computed for both low gain 
and high gain channels of the hydrophone. Calibration was performed by comparison 
method by using a calibrated reference analog hydrophone (RESON TC4034); the digital 
hydrophone was acquired through the analog outputs of its digital receiver, after D/A 
conversion, in order to collect data with a common acquisition system. 
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The hydrophone calibration results are shown in Figs. 3 and 4. The curves in Fig. 3 
refer to the high-gain channel of the hydrophone. At high gain the hydrophone sensitivity 
is compared when the hydrophone is deployed in water without its frame while the CTD 
was on and off (top plot), and when it is inside its protective frame along with the CTD 
(mid plot), again while the CTD was on and off. There is no influence at all by the CTD in 
the measured bandwidth. Comparison of the sensitivity curve when the hydrophone is 
alone or within the frame along with the CTD is shown in the bottom plot of Fig. 3. This 
aims at quantifying the influence of the frame and of the CTD case on the hydrophone 
response. As expected, there is a certain influence (reflections from the mechanical 
structures) which causes a deviation from the reference curve (hydrophone alone) of a 
maximum of 4 dB. This may slightly vary with the aspect of the frame with respect to a 
major noise source.  
Figure 4 shows the sensitivity curves of the hydrophone’s low and high gains, when the 
hydrophone was suspended within the whole integrated system, with the CTD off. The 
two curves are identical, apart from the sensitivity shift (constant with frequency), 
corresponding to the difference between the two gain values (36 dB). 

 
Fig.3: Sensitivity curve of hydrophone (high-gain) measured under various conditions. 
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Fig.4: Measured sensitivity curve of the hydrophone high-gain and low gain while the 
hydrophone is within the mechanical frame. 

The possible influence of the mechanical frame and of the hydrophone on the CTD  
measurements (conductivity in particular) was verified in the oceanographic calibration 
tank of CMRE. First the CTD was tested in stand-alone mode within the calibration tank. 
Later it was tested as connected to the whole system and included in its frame along with 
the hydrophone. Hence, in this latter case, CTD data were integrated with the acoustic data 
and sent to the system receiver in a digital data flow. A slight influence in conductivity 
can be outlined in Fig. 5, which causes a slight different value of the sound speed in water 
between the two conditions. In the test the water temperature was 23.44o and the water 
was salted (salinity=38.8 ppt). Table 1 shows the mean and standard deviation of the 
measurements shown in Fig. 5. The variability is within the sensor accuracy. The effects 
of the presence of the frame on conductivity is such that the sound speed change can be 
considered negligible from acoustic point of view. 

 
Fig.5: Electrical conductivity (top plot) measured in the oceanographic calibration 

facility at CMRE under different conditions (stand-alone and along with the whole 
system). Estimate of the sound speed in water (bottom plot). 
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Variable Mean value Standard deviation Alone 
 Alone w/ whole 

system 
Alone w/ whole 

system 
Conductivity (mS/cm) 55.90 55.626 0.009 0.01 

Sound Speed (m/s) 1534.21 1533.97 0.014 0.015 

Table 1: Mean and standard deviation of conductivity and sound speed measurements 
shown in Fig. 5. 

 
The system was also tested at sea from CETUS catamaran (August 2012, Livorno area, 

Italy) in an area with water depth varying between 70 and 200 m. The measurement 
procedure proposed in Section 2 was adopted on that occasion. As an example, the 
measured SVP and the PSD function of noise recorded at two depths (one below and one 
above the thermocline) in one of the measurement locations are shown in Fig. 6.  

 

 
 

 

 

Fig.6: Measured SVP (left side), and curves of power spectral density function in the 
frequency range (0, 50] kHz computed on 2 minutes long recordings of ambient noise, 
collected at two depths (right side). The weather was good and sea state around 1.5. 

3.1 Discussion 

Laboratory test results show that the presence of the protective frame around the 
sensors causes a change in conductivity which can be considered negligible from an 
acoustic point of view. In any case if the sensor calibration is conducted with the sensor 
inside the cage, in the same operational conditions adopted at sea, even this small 
influence could be taken into account and would not affect the final result.  

On the contrary, the frame is a problem from an acoustic point of view. It should be 
either reduced as much as possible in the bar dimensions, or changed with a more compact 
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design of the digital measurement system including both the hydrophone and the 
oceanographic sensors, clamped to a rope to which a final ballast can be hung. 

Among the major features emphasized during at-sea experiments, there is the system 
portability: the device resulted very easy to use and deploy at sea from a relatively small 
boat with one or two operators. The operations were straightforward and fast, so that many 
measurement points in the map grid could be completed in short time (less than half an 
hour per measurement point, including deployment, 6minute-long environmental/acoustic 
measurements at three different depths, and recovery). 

Real-time data display of both acoustic and non acoustic data was very useful in order 
to immediately check the quality of the whole set of data, and to log possible crossings of 
boats or other acoustic events in the surroundings. 
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Abstract: A boom is a line of floats that constitutes a physical barrier for providing above-
water stopping power. However, it does not provide any situation awareness. In order to 
overcome this shortcoming, an integrated “booms and sensors” solution using passive 
sonar was conceived and tested experimentally by suspending hydrophones under a boom. 
The conducted study investigated the self-noise of the boom assembly, the motion of the 
boom and of the hydrophones, and the detectability of divers and boats. Experiments were 
conducted in late 2011 / early 2012 in Den Helder and in the Port of Rotterdam.
The self-noise investigation showed that the boom produces transient signals that 
dominate the ambient noise on the hydrophone and limits the range of diver detection to 
about 100 m. This is sufficient to enable detection of an intrusion (i.e. a diver passing 
under the boom). Mitigation measures were implemented during the deployment of a 96 m 
boom equipped with 8 suspended hydrophones. The mitigation measures were effective 
and more than doubled the detection range. Two fixed acoustic sources were used to track 
the hydrophones motion and allowed localization of divers at 200 m. Tracking of the 
hydrophones was required to account for their large motion under the boom (up to several 
meters in a few seconds). A follow up study also demonstrated that the hydrophone 
tracking can be achieved with the requested accuracy using (surface) RTK GPS, thus 
enabling a fully acoustically passive operation of the system. 

Keywords: Passive detection and localization, diver, hydrophone motion, correlation, 
beamforming
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1. INTRODUCTION

Booms constitute a common mean of providing perimeter protection on the waterside 
and can be used to prevent surface traffic from entering an area. A boom is a line of float 
(see Fig.1b and c); anti-terrorist booms provide above-water stopping power but cannot 
stop potential underwater intruders (e.g. divers). Similar to a fence on the landside, the 
boom does not provide situation awareness: it does not report attempts to pass over or 
under it. This shortcoming can be addressed in the case of a fence by using video camera. 
This approach would only partially address the problem in the case of a boom as an 
underwater intrusion would not be detected. This could be solved using use conventional 
diver detection sonar but it would be problematic due to cost and reverberation. We 
propose instead an integrated “boom and sensors” solution using a passive sonar. 

Active sonar transmit signal from an acoustic source and receive the echoes from 
targets on hydrophones. The performance is limited in confined environment due to 
reverberation. Furthermore, the continuous emission of the active source can be seen as a 
disadvantage due to its lack of covertness and potential effect on marine life. With passive 
sonar, the target is the acoustic source. It is unaffected by reverberation, covert, 
environmentally friendly, has the potential to be a lower cost solution and yields 
information on the acoustic signature of the targets. Unlike active sonar that provides both 
the direction and the range to the target, passive sonar however does not provide the range 
to the detected target (Fig. 2a). Several passive sonars are therefore necessary to perform 
target localisation (Fig. 2b). 

The passive detection and localization of open-circuit diver in a harbour has been 
demonstrated [1] using several fixed passive sonar nodes, each composed of 2 to 4 
hydrophones, and correlation processing. More recently, the detection of a closed circuit 
diver has been reported using a more advanced passive sonar composed of a random array 
of 10 hydrophones and using beamforming [2].  

 
Fig.1: Experimental setup: (a) map of the area showing the approximate location of the 

boom, the acoustic sources and the IP camera; (b) photograph of boom deployment and 
(c) schematic showing suspended hydrophones. 

In this study, we evaluated the applicability of these methods to a passive sonar 
constituted of hydrophones suspended under a boom (Fig. 1c). The study involved several 
aspects. Since the hydrophones are attached to the boom, the self-noise of the boom was 
assessed to determine whether it was a significant, if it could and should be mitigated and 

(a) (b) (c) 
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whether it would prevent detections of targets. The motion of the boom and of the 
hydrophones suspended under it was also investigated in order to determine whether the 
passive sonar can be operated despite this motion, and how to cope with it. Finally, the 
detection and localisation of open circuit divers was considered in order to evaluate which 
signal processing approach are relevant. This paper presents a selection of the obtained 
results. The next section describes the experimental setup and is followed by a section 
presenting and discussing the results obtained, with a particular emphasis on the signal 
processing results, after which the conclusion is presented.  

 

Fig.2: Principle of (a) passive detection and bearing estimation using (generalized) 
cross-correlation and (b) localization and tracking using multiple bearing estimates via 

particle filtering. 

2. EXPERIMENTS 

A preliminary test was conducted in Den Helder in December 2011 using a section of 
boom of 48 m. More extensive measurements were conducted in the Port of Rotterdam in 
April 2012, in a basin nearby a shipping lane (Fig. 1a). The basin is about 6 m deep 
(varying with tide) and presents a muddy bottom. A boom of 96 m length was deployed 
between two piers. The boom was deployed in a loose configuration, which is not 
representative of a typical boom deployment, but that was selected in order to maximize 
the boom and hydrophone motion.  8 hydrophones were suspended at various position 
along the boom, at 2 m under the boom. The hydrophones and the acquisition system used 
in the experiment were designed by AGUAtech (Italy) [3] and manufactured by SMID 
(Italy) [4]. The hydrophones have a bandwidth of 100 kHz and a sensitivity of -154 dB re 
1 V/ Pa. The acquisition system includes a GPS which is used to time stamp the data that 
is recorded on every channels simultaneously.  

Two acoustic sources were deployed for the purpose of tracking the hydrophone 
motion. Their approximate location is shown in Fig. 1a. The sources were composed of 
ITC1042 hydrophones and Bruel&Kjaer 2713 power amplifiers. The source emitted 
frequency sweeps of 20 ms duration and 20 kHz bandwidth centred on 79 kHz with a 
repetition rate of 5 Hz. One source was emitting an up chirp while the other emitted a 
down chirp. The position of both sources was known, as well as the waveforms used for 
emission. The source signals were detected by matched filtering on the signal from the 
suspended hydrophones and on the signal from a reference fixed hydrophone and the 

1st International Conference and Exhibition on Underwater Acoustics

1005



 

measured difference time of arrival was used to determine the position of the suspended 
hydrophones as they moved under the boom. 

An IP-camera was also taking pictures of the test area every second in order to 
document the surface traffic and the ambient conditions.  

Test runs were performed with open-circuit divers and a small boat in order to acquire 
data for use in detection and localisation. During some run, the boom was manually pulled 
to generate additional high amplitude movement of the hydrophones. 

3. RESULTS AND DISCUSSION 

Fig. 3 presents the spectrogram and a correlogram of signals recorded in the 
preliminary test in Den Helder. The two plots share the same temporal axis. The 
spectrogram shows the frequency content of the signal, up to 100 kHz, while to 
correlogram presents the output of the phase transform, which is a generalized correlation 
that used only the phase information to evaluate the delay between signals measured on 
two hydrophones. The signal from a given source will arrive with some delay on two 
hydrophones, with a delay that depends on the direction of the source with respect to the 
pair of hydrophones (Fig. 2a). If the relative direction of the source with respect to the 
hydrophones does not change, this delay will remain the same and this will result in an 
horizontal straight line in the correlogram. A non-stationary delay indicates that their 
relative direction changes, which happens when either the source, or the hydrophones (or 
both) move.  

 

 
Fig.3: (a) Spectrogram and (b) correlogram showing the presence of a diver 

An open circuit diver produces a broadband acoustic emission at each inhalation due to 
the turbulent decompression of the air in the high pressure regulator. This acoustic 
emission can be detected by correlation and results in a dotted line, with dots 
corresponding to the inhalations and discontinuities corresponding to the exhalation 
(which do not constitute a major source of noise in a harbour environment). Such a dotted 
line is visible in Fig. 3b, indicating the possibility of detecting open circuit divers with 
suspended hydrophones. The diver was at about 100 m, at the time of his deployment, 

(a) 

(b) 

1st International Conference and Exhibition on Underwater Acoustics

1006



 

shortly before 9:47. His broadband inhalations are not very visible in the spectrogram 
which is dominated by transient noises. These transients are metallic parts of the boom 
banging on each other due to the motion of the boom. In this measurement, the self-noise 
of the boom was dominating the ambient noise, without however preventing the 
possibility of passive detection of divers.  

For the experiments conducted in the Port of Rotterdam, noise mitigation measures 
were implemented in order limit the self-noise of the boom and assess how much the 
detection range could be improved. Furthermore, acoustic sources were used in order to 
enable measuring the position of the suspended hydrophones in order to investigate the 
possibility of performing diver localisation. Fig. 4a shows the result of hydrophone 
localisation using the detection of the signal from the acoustic sources. One of the sources 
is visible on the plot, marked by a red dot and the position of the fixed reference 
hydrophone is indicated by a white cross. The shape of the hydrophone array is in good 
agreement with the shape of the boom shown in Fig. 4b (from the IP camera, at the same 
time). The accuracy of the hydrophone motion measurement was estimated to 2-3 cm by 
measuring the roughness of the computed hydrophone trajectories. 

 

 
Fig.4: (a) Acoustic positioning of hydrophones and (b) camera view of boom shape at the 
same time 

The signal recorded from the hydrophones was processed using generalized cross-
correlation in order to detect acoustic sources such as open circuit divers and boats, and 
the detections were combined by particle filtering to obtain localization results. Fig. 5 
shows results of localisation. In Fig. 5a, every pairs of successive hydrophones (7 pairs) 
were involved in the localization and their position estimated using the acoustic source 
was used. The trajectory of the hydrophones during the run are shown in white while the 
target localization results are represented by coloured ellipses, with the size of the ellipse 
indicating the position uncertainty and the colour indicating time, from blue at the 
beginning of the run to red in the end. The plot presents a blue and a red trajectories, 
corresponding to boats and a Z in the middle of the figure. The Z is composed of 
individual dots corresponding to the diver inhalations. In addition to the dotted pattern, the 
middle branch of the Z also presents a continuous light blue line that corresponds to the 
diver boat that was stationed at the first edge of the Z at the beginning of the run and 
quickly moved to the next edge when the diver had reached the vicinity of the dive boat. A 
few false detection are also visible but are too seldom and separated to form a track. This 
result indicates the possibility of localizing divers using suspended hydrophone, when 
their position is known. 

(a) (b)
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In Fig. 4b, the number of hydrophone pairs involved in the processing is reduced to 3. 
The trajectory of the diver is still visible but the uncertainty is larger and the number of 
false localisation is increased. In Fig. 4c, the hydrophone motion is neglected. The 
hydrophones are assumed to remain at their average position during the run (represented 
by white dots instead of white trajectories). The localisation totally fails as shown in Fig. 
4c that does not present any meaningful track. This underlines the importance of knowing 
the position of the hydrophones. Indeed, during this run, the hydrophone positions varied 
by up to 8 meter and direction of hydrophone pairs varied by up to 30º. Neglecting the 
hydrophone motion therefore resulted in errors in the assumed direction of the detected 
targets by up to 30º, which is too much to enable proper association of simultaneous 
detections from the various hydrophone pairs.  

 

  

 
Fig.5: Localisation results (a) using all 7 pairs of successive hydrophones and their 
position determined using the acoustic sources; (b) using 3 hydrophones pairs and their 
position determined using the acoustic sources; (c) using 3 hydrophones pairs and 
neglecting their motion. 

A follow up study was performed using RTK GPS located over the anchor point of the 
hydrophones and demonstrated that this information can be used to estimate the 
hydrophone position with similar accuracy. This approach enables replacing the acoustic 
sources  with RTK GPS and makes the boom+sensor concept acoustically passive. 

A further investigation of the signal processing possibilities was performed by 
considering beamforming. Beams were computed using various subsets of the 
hydrophones suspended under the boom and using the position of the hydrophones 
determined using the acoustic sources. The beamformer output is compute for many 

(a) (b)
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frequencies and summed into a broadband directional spectrum that is shown in Fig. 6 a-h 
for a portion of the considered diver run. Only the low frequency part of  the spectrum is 
involved in beamforming here. On the top row (Fig. 6a-d), the frequency band is from 0 to 
1 kHz and on the second row (Fig. 6e-h), the frequency band is from 0 to 10 kHz. In the 
first column, the 8 hydrophones are included, thus forming an array of about 82 m 
baseline. The next two columns are with arrays comprising the first and last four 
hydrophones, respectively, and therefore presenting a shorter baseline of 34-38 m. Finally, 
the last column is for an array including only the two rightmost hydrophones, which were 
about 5 meters from each other.  

 

Fig.6: Beamforming up to 1 kHz using from 2 to 8 hydrophones (a-d), beamforming up to 
10 kHz using the same hydrophones (e-h), detections from beamforming (black) and 

cross-correlation (red) using the same pair of hydrophones (i) 
 

The beamformer output enables detection of several targets including boats (continuous 
trajectories) and the diver (dotted track). Between 9:19 and 9:21, there are 3 boats going in 
the same direction on the shipping lane. Their tracks can be individually resolved when 
the bandwidth is 10 kHz. Using only frequencies up 1kHz, the resolution is reduced and 
the various tracks cannot be distinguished unless the array aperture is large enough.  

Between 9:18 and 9:19, the diver is also detected: it is the dotted track between 100º 
and 120º bearing. His track is less visible when using the larger array. Although this may 
seem counterintuitive, this is expected because the diver was in the near field of this large 
array whereas far field beamforming (i.e. assuming that each sensor sees the target from 
the same direction) was implemented. Surprisingly, the diver was detected even using only 
frequencies up to 1 kHz whereas all the passive detection of divers reported so far had 
been performed over a much larger bandwidth and often excluding the low frequency 
content.  

Fig. 6i shows the detection performed using hydrophones 7 and 8 after processing 
using correlation and beamforming up to 10 kHz; the two methods are in good agreement. 
A few observations can be made. The variability of the bearing estimation was less with 
correlation, which used the whole 100 kHz bandwidth whereas the beamformer, using 
frequencies only up to 10 kHz, presented larger beams. Increasing the bandwidth for 
beamforming further led to a worsening of the beamformer output. This is in agreement 

(a) (b) (c) (d)

(e) (f) (g) (h)

(i) 
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with the estimated accuracy in the hydrophone positioning. Indeed, proper phase 
correction is possible in the beamformer when the sensor position is known with an 
accuracy much smaller than the wavelength. At 30 kHz, the 2-3 cm accuracy estimated for 
the hydrophone position correspond to half a wavelength, indicating that contributions 
may be added destructively instead of constructively. The performance of the beamformer 
are therefore expected to start decreasing much before 30 kHz. Another observation from 
Fig. 6i, is that the beamformer and the correlation present different performance against 
divers and boats. In particular, the diver and its broadband emission is more properly 
detected with the correlation that uses the full bandwidth (see for instance between 9:27 
and 9:29). Inversely, the beamformer presents superior performance for the detection of 
multiple boats: for instance, around 9:20-9:22, the beamforming output show 3 boats 
while the correlation only consistently detects one boat. A mixed signal processing 
approach may be considered to benefit from the advantages of both methods.  

4. CONCLUSION 

In this paper, a concept of underwater monitoring system based on hydrophones 
suspended under a boom was presented and tested experimentally. The possibility of 
detecting divers and boats was demonstrated in an experiment conducted in a harbour 
environment. Although detection of divers is possible in absence of boom noise mitigation 
measures, reduction of the boom noise enables to extend the detection range to more than 
200 m. Localization of underwater target is based on combining detections from several 
sensors, which requires an accurate knowledge of their position. It was demonstrated that 
this knowledge can be obtained by using fixed underwater acoustic source, or using RTK 
GPS at the surface, thereby making the concept acoustically passive. The diver detection 
is however possible without the hydrophone tracking, thereby enabling the detection of 
underwater intrusion with simpler setup. 
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Abstract: The spatial variability of sediment geoacoustic inversion parameters are estimated 
employing bathymetric systems such as multi-beam echo-sounder (MBES) and dual-
frequency single-beam echo-sounder (SBES) operable at 95 kHz and 33/210 kHz, 
respectively. Relationships among the estimated model parameters (substrate and roughness) 
are investigated along with the benthic macro-fauna information. Distinct interclass 
separations between the sediment provinces are evident from the estimated mean grain size 
M , interface roughness spectral parameter w2, and sediment volume scattering parameter 

2. These interclass separations are found to be correlated with biologically active faunal 
functional group assemblages on the seafloor. On the other hand, the continuous form of 
seafloor heterogeneity (due to bioturbation, sediment deposition, seafloor seepages, or 
hydrodynamic processes) has received the most attention and necessitates the application of 
more versatile statistical techniques for determining seafloor roughness statistics. Therefore, 
‘stochastic multifractal’ approach based technique using MBES seafloor image data has 
been introduced as an alternative approach in such situation. The application of stochastic 
multifractal technique is suitable for higher order dimensionality and predictability, which 
substantiates the hitherto applied numerical inversion model based seafloor characterization.  

Keywords: Remote acoustic techniques, seafloor roughness, high-frequency systems, macro-
fauna, numerical model, multifractal technique 
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1. INTRODUCTION 

Acoustic remote sensing using high-frequency single-beam (SBES) and multi-beam 
(MBES) echo-sounding systems allow rapid acquisition of high-resolution seafloor 
backscatter and bathymetric data, which enormously sustains the marine exploration 
applications [1]. The acoustic backscatter data obtained from such echo-sounding systems are 
frequently used to infer seafloor parameters using inversion of the acoustic impedance 
reflected from the seafloor. The numerical approach employed for extracting information 
from the data is commonly referred to as ‘inversion modeling’. However, measurements and 
subsequent inversion modeling of acoustic signals presents challenging task, particularly with 
the diversity in the benthic habitat of the area [2].  

The bottom dwelling organisms often modify the physical properties of the sediment and 
create seabed structures, both of which affect the acoustic reflections from the seafloor.7 
These multiple processes which are continuously occurring at the water sediment interface 
and within the volume significantly affect the acoustic energy backscattered from the 
seafloor, and are strongly depending on both substrate type and benthic macro-fauna present 
on the seafloor. The collective displacement and mixing of sediment particle by benthic 
macro-fauna on the seafloor is termed as bioturbation. Thus, the behavior of the estimated 
seafloor parameters with three frequencies employing MBES and dual-frequency SBES 
operable at 95 kHz and 33/210 kHz, respectively were analyzed along with sediment texture 
and benthic macro-faunal information from the same location. The obtained information is 
analyzed to understand the interrelationship between roughness parameters, grain size, and 
benthic macro-faunal abundance along the central part of the western continental shelf of 
India (WCMI). 

Apart from the research issues mentioned in the preceding paragraph, the continuous form 
of seafloor heterogeneity (due to bioturbation, sediment deposition, seafloor seepages, or 
hydrodynamic processes) has received the most attention to develop statistical techniques for 
determining seafloor roughness statistics. Besides, the aforesaid model derived parameters 
represent the spatial variability of seafloor within the insonified area (beam footprint), and are 
not adequate to characterize seafloor roughness over wide range of spatial scales. Therefore, 
‘stochastic multifractal’ approach based technique using MBES seafloor image data has been 
initiated as an alternative approach in such situation [3]. This method builds on the fact that 
the seafloor bathymetry and the related backscatter images can be modeled taking into 
consideration a small number of (generally deterministic) or many (stochastic) degrees of 
freedom. In order to incorporate high degree of freedom and variability over a wide range of 
scales, stochastic multifractal approaches are preferred as they have infinite dimensional 
probability space. The multifractal formalism introduced here allows quantification of the 
seafloor image blocks (from kilometre to metre range) with three fundamental parameters 
namely, degree of multifractality , sparseness C1, and degree of smootheness H. The 
properties of estimated multifractal parameters as a measure of complexity and roughness 
will proffer useful information for seafloor characterization and could substantiate the 
hitherto applied numerical inversion based characterization.

2. METHODS APPLIED   

2.1 Spatial variability of inversion results and benthic diversity 

In this section, the geo-acoustic inversion results estimated using the angular backscatter 
MBES and the echo-envelope data of normal incidence SBES systems are presented. This 
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study provides a comparison between the estimated seafloor parameters at three frequencies 
to assess the model performance [4, 5]. The estimated M  values using three different 
acoustic frequencies are presented as a function of the measured M  values (Fig. 1a). On the 
whole, the estimated M  values agree well with the measured sediment data, having 
correlation coefficients of 0.97, 0.98, and 0.96 for 33, 95, and 210 kHz, respectively. The 
scatter diagram (Fig. 1b) between measured values of M  and estimated 2 delineated that 
higher values of 2 are associated with fine sediments, and in contrast lower values of 2 are 
associated with coarse sediments. The scatter diagram (Fig. 1c) between the measured values 
of  M  and estimated  w2 revealed that the estimated values of  w2 are less than 0.001 cm4 for 
fine sediments and are confined within 0.002 to 0.005 cm4 for coarse sediments from all the 
three inversion results. It is observed that higher values of  w2 and lower values of  2 are 
associated with coarse sediments, while lower values of  w2 and higher values of 2 are the 
characteristics of fine sediments. In the present study, for fine sediments, the average 
estimates of 2 are found to be higher as compared to coarse sediment region (Fig. 1d) [5].  

 

Fig. 1: The scatter plot showing multi-frequency inversion results, reprinted from [5]. 

The number density of both hard and soft body organisms were compared with estimated 
values of M  to assess the potentiality of inversion results to characterize benthic habitat of 
the seafloor. The correlation coefficients, which assess the animal-sediment relationships, 
show that the number density of hard body organism is inversely correlated with estimated 
values of M . As the percentage of the sand fraction increases (i.e., M  decreases), the 
number density of hard body organism also increases linearly. Conversely, the number 
density of soft body organism is directly correlated with estimated values of M . Two distinct 
feeding groups were observed from this study area: namely, deposit feeding infauna (soft 
body benthic macro-fauna) mainly in shallow region and filter feeding epifauna (hard body 
benthic macro-fauna) in deeper depths (Fig. 2). The sediments from those locations where the 
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deposit feeders dominates are mainly fines in nature (estimated M  >4) and conversely, where 
the filter feeders dominates are characterized as coarse in nature (estimated M  <4). The 
estimated geoacoustic data w2 and 2, which represent the interplay of interface and volume 
scattering in the study area is analyzed along with area macrobenthos information to 
understand macrobenthos-roughness relationship. The echo-envelope shape parameters such 
as peak along with its width, rise, fall time, and tail part are modified due to the activities of 
benthic macro-fauna at seafloor interface and sediment volume. A higher value of w2 
produces less-steep slopes in the response curve with the reduced amplitude of the echo-
envelope. A change in the value of w2 has significant effect on the interface component of 
scattering and marginal effect on the tail part which account sediment volume component of 
scattering. However, as 2 increases the contribution of sub-bottom scattering becomes 
prominent near the tail portion of the echo-envelope. This indicates that, for soft sediments, 
penetration of the energy at low acoustic frequency increases significantly and the sediment 
volume scattering component also increases in comparison with the interface scattering 
component.  

 
    

Fig. 2: GIS based image classification representing the variation of interface roughness 
spectral parameter w2 and volume scattering parameter 2  in relation to the benthic macro-

fauna and sediment types. 

The comprehensive application of Geographic Information System (GIS) is then 
implemented to have roughness map in conjunction with the sediment type and macrobenthos 
habitat in the continental shelf area (Fig. 2). The higher values of w2 are associated with 
coarse sediments with substantial occupancy of hard body organisms. Meanwhile, lower 
values of w2 characteristics are found for fine sediments with dominant soft body benthos. 
The image classification also reveals that relatively low 2 values for coarse sediments where 
the hard body organisms dominates. Conversely, higher values of 2 characteristics are found 
for fine sediments with dominant soft body benthos. In short, high w2 values, low 2 values, 
coarse sediments, and hard body organisms were present towards deeper depths. Besides, low 
w2 values, high 2 values, fine sediments, and soft body organisms were the major 
components towards shallower depths. 

Biologically active sediments are continually modified by epifauna (organisms that live on 
the sediment surface) and infauna (organisms living within the sediment). Epifaunal activity, 
such as locomotion and home building, creates roughness at the sediment-water interface. As 
a result, it is expected to have dominant interface scattering from such region where the hard 
body epifauna such as bivalves and gastropods are dominant. Whereas, the infaunal activity, 
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such as tube building, is responsible for the vertical and horizontal redistribution of solid 
material within the volume of the sediment, creating spatial and temporal inhomogeneities in 
sediment bulk properties (density, porosity, and compressibility). Such changes arise due to 
burrowing and tube building by soft body fauna mainly dominated by polychaete worms. 
Consequently, there will be a strong volume inhomogeneity within the sediment and volume 
scattering is expected to be dominant in that habitat region.  

2.2 Multifractal characterization of heterogeneous seafloor 

The continuous form of seafloor heterogeneity (due to bioturbation, sediment deposition, 
seafloor seepages, or hydrodynamic processes) has received the most attention with regard to 
multifractal approach based characterization and is the focus of this section. Dandapath et al. 
[6] had reported seafloor seepages in the study area using MBES backscatter and bathymetry 
data. A total of 112 pockmarks related to the seepages were identified from the seafloor maps 
generated using ArcGIS (Fig. 3).The investigations were related to the underlying geology, 
pockmark occurrences, overlying sediment texture, and sediment movements due to strong 
influences of monsoonal bottom currents. Thereafter Dandapath et al. [7] had noted the 
possible multifractal behaviour of the MBES backscatter and bathymetry image data.
 

 

Fig. 3: Seepage characteristics associated with some selected pockmarks. Dashed lines in red 
and black indicate pockmark area and seepage area respectively. Diffusive type of 

seepage over a large area is observed in the panel d, while panel a-c showing concentrated 
seepage over relatively small area, reprinted from [6]. 
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Based on the previous studies mentioned in the above paragraph, six representative blocks 
of backscatter and bathymetry co-registered image data were used to establish multifractal 
approach based techniques to statistically characterize the patchiness of the seafloor (Table 
1). The backscatter and bathymetry image blocks having 400 x 400 pixels, were classified 
according to the degree of seepage based on the backscatter strength as well as fractal 
dimension (determined using box-dimension technique). 

Sample 
blocks F20 J19 F07 Q19 S23 N25

Seepage 
type 

 
Very high 

 
High 

 
Moderate 

 
Low 

 
Very low 

 
No  

Mean 
Backscatter 

(dB) 

 
-31.58 

 

 
-34.40 

 

 
-38.99 

 

 
-38.96 

 

 
-43.28 

 

 
-42.62 

 
 

Backscatter 
image 

 

 

 
 

 

 

  

 

 

 

 

 

 
Bathymetry 

image 

 

 
 

 

 

 

 

 

 

 

 

 

Table 1: Backscatter and bathymetry seepage blocks selected for multifractal analyses, 
reprinted from [7]. 

The  values of the bathymetry and backscatter blocks show identical trend ( 2) 
expressing similar degree of multifractality excluding Q19 and S23 of the bathymetry blocks 
(Fig. 4a). The C1 values of the backscatter and bathymetry blocks are found to be varying 
between 0.058 and 0.091 and between 0.038 and 0.690 respectively. Excluding the S23 
bathymetry block (C1= 0.690), the lower values of C1 attributed to the remaining blocks, 
indicate that the field values are close to the mean values. Fluctuations in higher values of H 
between 0.636 and 0.706 are observed in the backscatter image blocks, except in the N25 
block (0.412) having no evidence of seepages. Whereas, lower H values (0.255–0.480) are 
observed in the bathymetry as compared to the backscatter blocks at the same location. The 
estimated H value of N25 bathymetry block is the lowest. 

Cluster analyses output (Fig. 4b) of H vs.  reveals a uniform  in the backscatter and 
bathymetry blocks except in the Q19 bathymetry block. Remarkably the clustering tendency 
around the high  (  2) and low C1 of the bathymetry and backscatter data, show extremely 
close relationship among, the six backscatter and four bathymetry blocks (Fig. 4b). However 
both Q19 and S23 bathymetry blocks possess comparable  values and relatively higher C1 

values. The C1 (0.690) value of the S23 bathymetry block espouse the setting wherein the 
depths at specific locations (i.e., center of the pockmark) are higher as compared to the rest of 
the locations within the block. In this study, the ‘stochastic’ multifractal based technique 
show no significant variation in  and C1 of the backscatter field data, except parameter H 
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Fig. 4: (a) Block wise multifractal parameters estimated using ‘stochastic’ multifractal 
formalism. (b) Scatter plots of the three multifractal parameters ( , C1 and H). The solid and 

hollow shapes represent different study blocks as shown in the legend, reprinted from [3]. 

3. CONCLUSION  

The work presented in this article describes the technological approach related to remote 
acoustic seafloor characterization using high-frequency echo-sounding systems. The 
geoacoustic inversion results obtained using MBES and SBES data provide important 
information that can be utilized for acoustic seafloor characterization. On the other hand, the 
continuous form of seafloor heterogeneity (due to bioturbation, sediment deposition, seafloor 
seepages, or hydrodynamic processes) necessitates the application of multifractal approach 
based techniques to statistically characterize the patchiness of the seafloor. The multifractal 
technique utilized in our work is a first-time attempt to analyze the high resolution MBES 
backscatter and bathymetry data.
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 STATISTICAL INTEGRAL EQUATIONS FOR APPLICATIONS TO 
ROUGH SURFACE SCATTERING 

D. P. Knoblesa and J. D. Sagersa 

aApplied Research Laboratories at the University of Texas at Austin, P.O. Box 8029, Austin, Texas 
78713-8029, knobles@arlut.utexas.edu 
Abstract: Addressed is the problem of sound propagation through a shallow water waveguide that 
has a rough seabed surface.  A rough surface induces mode coupling within the trapped spectrum 
and couples the forward and backward propagating components of the modal amplitudes.  The 
basic coupled integral equations for the modal amplitudes can be split into forward and backward 
going coupled integral equations. Numerical solutions of the coupled equations are obtained for 
multiple roughness realizations from which ensemble averages can be obtained for the modal 
intensities and cross-mode coherence as a function of range.  Sample calculations illustrate some 
of the basic characteristics of the average cross-mode coherence and intensity with and without 
seabed attenuation on range scales of 1600 acoustic wavelengths.  For such cases equipartition of 
the ensemble averaged mode intensities is not observed and the cross-mode coherence is large for 
the trapped spectrum.   These results appear consistent with previous work by Dozier and Tappert 
who derived a master equation for a deep water environment with diffuse internal waves.  Their 
derivation depended on a random phase or small cross-coherence assumption and a Markov 
approximation, neither of which appear valid for rough surface scattering in shallow water over 
the spatial scale of propagation examined, even for the case of zero attenuation.  

[Work supported by ONR] 

Keywords: cross-mode coherence, coupled modes, rough seabed surface 
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1. INTRODUCTION  

The view taken in this study is that a single ocean acoustic measurement (or prediction) of 
propagation and scattering should be treated as a sample from an ensemble of possible acoustic 
field microstates.  Dozier and Tappert derived a master equation for the ensemble averaged modal 
intensities for a deep water waveguide that possessed inhomogeneities in the water column from the 
presence of diffuse linear internal waves [1].  In shallow water, a rough seabed and or a seabed that 
possesses volume inhomogeneities scatters sound in both the forward and the backward 
propagating directions.  The focus in this study is on the modal intensity and cross-mode coherence 
of the forward and backward propagating modes for an ensemble of roughness realizations.  A 
previously developed coupled integral equation methodology [2] for computing the forward and 
backward propagating modal amplitudes for multiple realizations of the roughness provides the 
average of the cross-mode coherence and mode intensity.  Thus, instead of making approximations 
to the propagation and scattering to address the statistics for the modal intensities and cross-mode 
coherence, the basic coupled equations are solved without approximation, and the only errors are 
those that arise from numerical finite differences and quadrature.  One observation resulting from 
this study is that for the scattering problem examined the equipartition of modes is not achieved, 
even for the case where the attenuation vanishes.  This observation seems to be consistent with the 
work by Dozier and Tappert [1] since the random phase approximation (small cross-mode 
coherence) requirement for their derivation of the master equation which predicts equipartition may 
not be valid for rough surface scattering at the seabed in a shallow water environment where the 
density of trapped modes is low and the spatial scale of propagation is too small. 

2. THEORETICAL METHOD 
 

The modal amplitudes for the Helmholtz equation satisfy a set of coupled integral equations 
of dimension 2N 
 

(1)  

(2)  

where  is the number of modes included in the computation and the forward and backward 
propagating modal amplitudes have been expressed in vector form as 

 and .  Also in vector form is the source 

mode excitation functions   are the forward and backward 
propagating Green’s function integral diagonal operators for the background waveguide [2].  is 
the energy-conserving mode coupling matrix differential operator discussed by Fawcett for 
Cartesian coordinates [3].  The specific form of the coupling coefficients adapted for the numerical 
computations in this study is the one reported by Koch [4] and Sagers [5] that employs a 
formulation previously developed by Rutherford [6] which includes the Fawcett boundary terms 
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required for energy conservation [3]. The focus of this limited study is (1) the ensemble averaged 
modal intensities,  and , where  and (2) the cross-mode coherences 

, ,  

3. COMPUTATIONAL RESULTS 

 The background waveguide is 50 m deep with a stratified sound speed profile (SSP) over an 
infinite half-space.  The SSP was one measured during an experiment off the coast of New Jersey 
and has a thermocline depth at about 20 m [7].  The half-space is represented by a sound speed and 
density of 1645 m/s and 1.9 g/cm3, respectively. These geoacoustic parameters are consistent with a 
hard water-saturated sand. The maximum (computational) range in the waveguide is 10 km, and the 
source is located on the seabed at .  The roughness wavenumber power spectrum employed to 
generate rough seabed realizations is 

 
 

   (3)  

where ,  , and  are the RMS excursion height, the roll-off wavenumber, the scattering 
exponent, and the spatial wavenumber, respectively.   Values selected for , , and  are 2.0, 0.1 
1/m, and 0.25 m, respectively.  These parameters generate realizations that are considered very 
rough [8]. For the computations in this study the depth of the waveguide is set to its background 
value for  and , where  and  are 1000 and 9000 m, respectively.  The acoustic 
frequency is 300 Hz, giving a spatial scale of 1600 wavelengths of interaction of the acoustic 
modes with a rough seabed.   

Computations are made with the seabed attenuation set to 0.0 and 0.4 dB/  for the purpose of 
testing the sensitivity of the ensemble averaged modal intensities and cross-mode coherence to the 
attenuation.  The expectation is that if equipartition of modes were achieved, then it would be 
observed in the lossless case and deviate from equipartition as the attenuation increased.  The 
coupled integral equations are solved with an approach that utilizes the Lanczos method [9-11].   
For this numerical problem there are 8 trapped modes and 30304 range mesh points.  To go to 
longer ranges and/or to properly include the modal continuum lie outside the capability of the 
computer with which the calculations were made, an Intel Core i7-3770 processor with 32 GB of 
RAM. 

Figure 1 shows  for 20 random realizations for the zero attenuation case.  Increasing the 
number of samples to 50 had very little effect on the modal distribution.   On the vertical axis are 
the mode intensities with the notation that modes 1 to 8 refer to the forward propagating 
components and modes 9 to 16 refer to the backward propagating components.  It is important to 
remember that there are only 8 trapped modes and the idea of 16 modes is introduced only for the 
convenience of displaying the forward and backward propagating components of the modal 
intensity.   Relative to the initial distribution of mode intensity for , the roughness scatters the 
mode intensities into a different distribution for .  For the backward propagating modes in the 
region  the mode intensities vanish as expected.  Further, as  decreases, the backward 
propagating mode intensities generally increase since, as  decreases, the number of points or 
sources where scattering from the forward to the backward propagating direction can occur 
increases.  If one examines neighbouring pairs of the forward propagating modes one observes a 
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gain or loss of intensity that is correlated with a loss or gain of intensity with a neighbouring mode.  
This is consistent with the fact that for rough surface scattering, the largest mode coupling 
coefficients are nearest neighbours.  The peak-to-peak or trough-to-trough distance is simply the 
interference distance  between modes  and . 

  
 
Fig.1: Ensemble averaged modal intensities for sand bottom for zero attenuation case. Different 

color scales used to emphasize forward propagating and backward propagating modes. 

The overall pattern for the forward propagating modes is strongly influenced by the modal 
source excitation.  For the backward propagating modes one also observes an “interference 
pattern”, but because these modes arise from an effective distribution of sources in the region of 
scattering, a simple pattern of loss and gain between neighbouring pairs of modes is not evident.  
However, a “global’ pattern does emerge.  There are two factors at play here.  First is the initial 
mode intensity distribution for the forward propagating modes at .  Placement of the source 
on the seabed causes generally increasing source intensity with increasing mode number (except for 
mode 4) and avoids cases where there is a null excitation.  Second, as discussed above, the 
backward propagating modes increase in intensity from  with decreasing .  The observed pattern 
shows that the rate of increase with decreasing range increases from mode 9 to mode 16.  

Figure 2 shows the case where seabed attenuation is present for the sand bottom case.  The 
addition of attenuation changes the nature of the modal evolution with range.  One clearly observes 
that the forward going modes have the characteristic that the decrease in mode intensity with  
increases with increasing mode number. This is the mode stripping effect. Thus, the distribution of 
mode intensity is now dominated by the attenuation effect.  The attenuation also causes the 
backward reflected energy to have a similar property that is substantially different from the small 
attenuation case.  One now observes that there are competing factors.  While it is still true that 
backscatter intensity will increase for decreasing , the additional factor of attenuation causes more 
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energy loss with range and a decrease of modal intensity with decreasing  near  for the 
higher order modes.  For example one observes a peak intensity for mode 15 at about 2 km.  

 
 

Fig.2: Ensemble averaged cross mode coherence with 0.4 dB/  seabed attenuation. Different 
color scales used to emphasize forward propagating and backward propagating modes. 

 
 
Figure 3 shows the normalized cross-mode coherence  and 

 for the zero attenuation case.  The cross-mode coherence written in this manner gives 
values between 0 and unity.  Each subplot represents the mth modal index. Overall, the cross-mode 
correlation between 0 and 5 km is large for  ;however, it decreases in a non-uniform 
manner for ranges greater than 5 km.  Compared to ,  is significantly smaller, 
and the coherence with range is at best complicated and does not appear to reveal a specific pattern.  
For  one observes coherence levels that are about the same size as , but there 
does not appear to be a specific pattern.  These observations are likely due to the fact that the cross-
mode coherence involving the backward propagating modes at a given range point  is influenced 
by effective sources at ranges greater than   Figure 4 shows the cross-mode coherence for the 
finite attenuation case.  For the higher order forward going modes (especially modes 7 and 8), one 
sees a rapid decrease in coherence with range after 5 km.  Overall values for the  remain 
small like the zero attenuation case.  There is clearly no evidence that the cross-mode coherence for 
the backward propagating modes have any specific range structure that can be connected to a 
physical mechanism, independent of whether loss mechanisms are present or not.  
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 Fig.3: Ensemble averaged cross mode coherence with zero seabed attenuation.  
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Fig.4: Ensemble averaged cross-mode coherence with 0.4 dB/  attenuation.  
 

6. CONCLUSIONS 
The effect of seabed roughness on the modal intensities and cross-mode coherence as a function of 
range was examined for a shallow water waveguide. Of particular interest was the ensemble 
average over multiple roughness random realizations of the modal intensity and cross-mode 
coherence for both the forward and backward propagating modes.  It was discovered that the 
asymptotic modal intensity distributions were not uniform, even for zero attenuation.  Further, the 
cross-mode coherence is large over the spatial scale of the roughness (about 1500 acoustic 
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wavelengths) for the forward propagating modes, but decreases sharply with range for the higher 
order modes.  This observation on the cross-mode coherence appears consistent with the 
observation of the non-equipartition of modal intensities since the random phase or small cross-
mode coherence approximation is required for the validity of the master equation, which predicts 
equipartition, derived by Dozier and Tappert [1].  For the backward propagating modes the cross-
mode coherence is generally less than 0.6 and has a complicated pattern with range, likely due to 
the range integrated non-point source nature of the backscatter. The introduction of a finite seabed 
attenuation has a profound effect on both the forward and backward propagating mode intensity 
distributions.  Future work is required to properly include the effects of scattering into the modal 
continuum.    
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Abstract: Acoustic scattering from ocean sediments is an important mechanism in 
acoustic propagation, reverberation and acoustic communication.  In this study, a finite 
element model is applied to acoustic scattering from fluid and elastic ocean sediments.  
Finite element models allow for complete customization of the domain including 
gradients, inclusions and rough interfaces.  The model also makes no approximations to 
the Helmholtz equation and includes effects such as shadowing and multiple scattering.  
Results are compared with predictions from perturbation theory and Kirchhoff 
approximation models and significant differences are found.  [Work supported by the 
Office of Naval Research, Ocean Acoustics Program]  
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1. INTRODUCTION

Scattering from the ocean sediment is an important mechanism in acoustic propagation, 
reverberation and communication in shallow water waveguides.  Often scattering is 
computed by considering approximations to the Helmholtz-Kirchhoff (H-K) integral.  If 
diffraction, multiple scattering and shadowing are neglected, each interaction can be 
considered as reflecting from a plane tangent to the surface.  This is known as the 
Kirchhoff approximation.  If instead, the surface height and slope can be considered small, 
a Taylor series of the surface relief can be constructed.  Taking only the first two terms of 
this series results in an analytic expression for the H-K integral in which the only 
important scattering contribution arises from Bragg scattering.  This is known as 
perturbation theory.   

Regions of validity with respect to surface roughness parameters for the Kirchhoff 
approximation and perturbation theory models have been determined by comparing the 
approximate models to the full H-K integral expression.  This is done for a Gaussian type 
interface roughness in Chap. 13 of Ref. [1].  It is found that perturbation theory is 
generally more accurate for small RMS heights and short correlation lengths (smaller 
slopes) and the Kirchhoff approximation at long correlation lengths (smoother surfaces).   

The accuracy of either model is restricted to the physics that is describes, both in terms 
of the boundary conditions and the scattering approximations.  In this study, the accuracy 
of both models is assessed for more realistic conditions relating to ocean acoustics.  In 
particular, a power law type roughness and an elastic bottom are considered.  In order to 
assess validity, the models are compared with a finite element model (FEM) based on the 
Helmholtz equation which is accurate to within the discretization density.  Because FEM 
has no approximations, it makes an excellent benchmark in lieu of ground truth 
experiments. 

2. RANDOM ROUGH SURFACES 

Rough interfaces can be characterized according to the power spectrum of the surface 
relief.  Historically, the power spectrum were considered Gaussian and characterized by 
two parameters, the RMS height and the correlation length.  However, for sea sediment 
interfaces, it has been found that power law models more accurately describe the measured 
spectra.[2]  In particular, the von Karman model which is a general power law spectrum 
with a cut-off spatial frequency is often used:   

 

 
W (K ) = w2

(KL
2 - K 2 )g2 /2        (1) 

 
Here K  is the spatial wavenumber, KL is the cut-off wavenumber, w2 is the spectral 

strength and g2  is the exponent.  An example of a measured spectrum compared with a 
Gaussian spectrum fit and a power law fit is given in Fig. 1.[3]  The rolloff at very high 
spatial wavenumbers (short spatial wavelengths) is due to the resolution of the 
measurement system.  The roll-off at low spatial wavenumbers (long spatial wavelengths) 
is physical and described in the von Karman spectrum with the wavenumber cut-off 
parameter. 
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Fig. 1: Measured interface roughness spectrum compared with a power law (von 
Karman) fit and a Gaussian fit. 

  
Eq. 1 is appropriate for a two dimensional rough interface.  In this study, one 

dimensional rough interfaces are considered for two dimensional scattering problems.  A 
1D spectrum has the same form as Eq. 1 but is parameterized by a 1 dimensional spectral 
strength, w1 , and a one-dimensional exponent, g1 .  In order to convert from 2D to 1D 
parameters, the following conversion from Appendix D in Ref. [1] is applied: 

 
 g1 = g2 - 1        (2) 

 

w1 = w2

pG g2

2
Ê
Ë
ÁÁÁ

ˆ
¯
˜̃
˜

G g2 - 1
2

Ê
Ë
ÁÁÁ

ˆ
¯
˜̃
˜

       (3) 

 
Realizations can be created from a power spectrum by following the procedure outlined 

in Ref. [4].  For this study, the rough interface parameters are given in Table 1. 
 
The sediments considered are consistent with sand and calcarenite, a limestone rock 

found off the coast of Western Australia.[5]  The sediment properties are given in Table 1. 
 

Parameter Water 
 

Sand  
 

Rock

Density [kg/m3] 1000 2000 2400 
Compressional Sound Speed [m/s] 1500 1725 2426 
Compressional Attenuation [dB/ l ] 0 0.55 0.15 
Shear Speed [m/s] - - 1213 
Shear Attenuation [dB/ l ] - - 0.3 
Spectral strength, w1 [cm 3- g1 ] - 0.08 0.08 
Spectral Exponent, g1   - 2 2 
Wavenumber cut-off, KL , [cm-1] - 0.001 0.001 
Acoustic frequency [Hz] 1000   

Table 1: Geo-acoustic parameters used in the fluid (sand) and elastic (rock) models. 
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3. MODELS 

The three models, finite elements, Kirchhoff approximation and perturbation theory 
will be compared through the 2D scattering strength metric.  Scattering strength is defined 
as: 

 
 SS(qi ,qs ) = 10log10 (s 1(qi ,qs ))       (4) 
 
Here s 1(qi ,qs )  is the scattering cross section per unit scattered angle and per unit area 

for a particular incident angle, qi  and scattered angle, qs .  For the backscattering case, 

 qi = qs . 

3.1. The Finite Element Model 

The finite element scattering model is computed by considering a Gaussian tapered 
incident plane wave incident on a rough interface.  In Fig. 2 is shown the finite element 
domain in which the transmitted and scattered pressure only are shown for both a fluid and 
elastic sediment.  At the edges of the domain are perfectly matched layers to reduce or 
eliminate reflections from the edges[6].  The red lines indicate e- 2  limits of the Gaussian 
taper of the incident plane wave.  The incident plane wave is described by Eq. 9 in Ref. 
[4].   

 

 
 

Fig. 2: The scattered and transmitted pressure in a finite element domain for a fluid 
sediment (a) and an elastic sediment (b).  The grazing angle of the incident beam is 22 

degrees in both cases. 
 
The pressure and its normal derivative on the interface are computed using finite 

elements and the pressure at receiver point, ps (
rr )  is computed using the 2D far-field limit 

of the H-K integral.  Finally the scattering cross section is computed by considering the 
mean scattered intensity at a given angle normalized by the incident energy flux.  The 
energy flux is computed directly from the form of the incident Gaussian tapered beam.  
This is analogous to Eq. 14 in Ref. [4] with the last term neglected. 

 

 
s (qi ,qs ) = ps (

rr ) 2 r / ( p / 2g)       (5) 
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Here g is the beam waist parameter, r is the vector to the receiver point at a particular 
scattered angle, ps (

rr ) is the ensemble averaged intensity at that point and r is the range 
to the point.  In this study, r is 100 m. 

3.2. The Kirchhoff Approximation 

The scattering cross section for the Kirchhoff approximation is computed by 
considering the same Gaussian tapered incident beam and the same surface realizations as 
the finite element case.  However, the pressure and its normal derivative on the surface are 
computed using the Kirchhoff approximation: 

 

 

PS (rS ,
r
Ki ) = [1+ Vww (qi )]Pi (

r
Ki ,rS )

N ³—PS (rS ,
r
Ki ) = iN ³

r
ki[1- Vww (qi )]Pi (

r
Ki ,rS )

     (6) 

 
 Here Ps (rs ,

r
Ki )  is the pressure on the surface at surface point, rS .  Ki  is the horizontal 

wavenumber of the incident beam with incident pressure Pi (
r
Ki ,rS ) , a function of the 

position on the surface and the incident angle.  Vww (qi )  is the reflection coefficient at the 
angle of incidence.  Note here that the reflection coefficient does not depend on the 
position on the surface so it is not a function of the local slope. 

This surface pressure and its normal derivative are used to in the 2D far-field H-K 
integral to determine a pressure at a receive point in the same manner as the finite element 
method.   Since the incident fields are identical, the scattering cross section can be 
computed using Eq. 5 after ensemble averaging. 

3.3. Perturbation Theory 

Unlike finite elements and the Kirchhoff approximation, perturbation theory will not 
require ensemble averaging.  Instead, the result is computed using only the value of the 
surface roughness power spectrum at the Bragg wavenumber.  In 2D, for a rough surface 
described by the von Karman spectrum, the scattering cross section is given by: 

 

 

s (qi ,qs ) = kw
3 Aww

2 w1

Kl
2 + K 2

Bragg( )g1/2      (7) 

where 
 

 KBragg = kw (cosqi - cosqs )       (8) 
 
Here kw is the wavenumber in the water.  Aww is a function of the reflection coefficient 

and is given in Chapter 13, Section 13.2.2 of Ref. [1] for the fluid case and Section 13.2.3 
for the elastic case. 

4. RESULTS 
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Both the reflection loss and backscattering cross were computed for 22 angles for the 
fluid and elastic cases.  The finite element and Kirchhoff approximation models were 
computed for 75 realizations for the fluid case and 43 realizations for the elastic case.  The 
reflection loss component is calculated by comparison to a flat pressure release surface. 

 
  RL(qi ) = ps (qi ,qi ) / pPRs (qi ,qi )       (9) 
 
Here pPRs (qi ,qi ) is the scattered pressure from a flat pressure release surface.  Since 

perturbation theory is inaccurate at specular, Eckart scattering is used to compare with the 
finite element model and the Kirchhoff approximation model[7].  For Eckart scattering, 
the reflection loss is given by: 

 

 RLEck (qi ) = RC(qi )exp(- 2kw
2hRMS

2 sinqi )      (10) 
 
Here RC(qi ) is the flat surface reflection coefficient and hRMS is the RMS surface 

height. 
The results for forward scattering for both the elastic and fluid cases are given in Fig. 3. 
 

 
(a)                                                                (b) 

Fig. 3: Reflection loss for scattering from a rough interface for a fluid bottom (a) and 
an elastic bottom (b).  The scattering models are compared with the analytic, flat surface 

reflection loss. 
 

For these conditions, all three models agree well for the fluid case except at shallow 
grazing angles where the Kirchhoff approximation is severely affected by shadowing 
effects.  For the elastic case, there are significant differences especially near the 
intromission angle for the shear wave.  This may be due to two effects. 1) The local angle 
at the surface may allow more energy to be coupled into the shear wave.  2) The interface 
wave may be more excited in the presence of the rough interface.  This wave is especially 
apparent in Fig. 2b.  Note the energy on the surface outside of the width of the incident 
wave near 40 m range and beyond.   This energy is not seen in the fluid case, Fig. 2a. 

The results of the bistatic scattering cross section are shown in Fig. 4 for both the fluid 
and elastic cases.  Shown also are the critical angles from the compressional waves and the 
intromission angle for the shear wave in the elastic case. 
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(a)                                                                    (b) 

Fig. 4: The backscattering strength for the fluid (a) and elastic (b) sediments. 

For the fluid case, all three models agree except for slight disagreement near the critical 
angle where perturbation predicts 1-2 dB more scattering and at shallow grazing angles 
where the Kirchhoff approximation is inaccurate due to shadowing effects. 

For the elastic case, two predictions from perturbation theory are plotted.  The 
“Perturbation-Fluid” case refers to perturbation theory with no shear wave but the same 
properties for the compressional wave.  Unlike the fluid case, the models are not in 
agreement.  First, at the critical angle of the compressional wave, elastic perturbation 
theory predicts a large decrease in scattering strength that is not seen in the finite element 
model.  This effect is also noted in Fig. 3 of Ref. [8] and Fig 13.5 in Ref. [1].  Although 
there is a slight decrease in the scattering strength at this angle, the finite element model is 
in much better agreement with the fluid perturbation theory model, not only at the dip near 
the compressional critical angle but also for sub-critical angles.  This again may be an 
effect of coupling into the interface wave mode.  The Kirchhoff approximation suffers 
from the assumption that the reflection coefficient is not local and has a large intromission 
effect not predicted by the other models.  Near specular, the finite element model is more 
in agreement with the elastic perturbation theory model. 

5. CONCLUSION 

In conclusion, because finite element models are an exact solution to the Helmholtz 
equation within the limits of the discretization density, they can be used as a benchmark 
for more approximate models.  For the cases described in Table 1, it was found that 
perturbation theory is an accurate predictor of scattering strength for a fluid model.  
Kirchhoff theory also performed well except at shallow angles where shadowing becomes 
a major issue.  For elastics, neither perturbation theory nor the Kirchhoff approximation 
agreed with the FEM benchmark.  Perturbation theory predicted large effects from the 
shear wave that were not present in the benchmark.  Kirchhoff suffered from not 
considering effects of local slope on the reflection coefficient for the tangent plane 
hypothesis.  The closest agreement came from perturbation theory if the shear wave were 
neglected. 
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Abstract: If seafloor backscatter data is to be used in a quantitative manner, it is essential 
that the uncertainty associated with its measurement be understood. An attempt has been 
made to categorize the uncertainty of beam-formed multibeam sonar-derived backscatter 
measurements with respect to the main sources of uncertainty namely (i) equipment-
related (ii) medium-related and (iii) target or seafloor- related. Quantification of these 
uncertainty sources carries unique challenges as numerous data acquisition and processing 
scenarios exist. Also the identification of time-dependent error sources is not possible a
priori. Maximum bounds of the uncertainty associated with these uncertainty sources are 
proposed based on backscatter observations made during controlled experiments using 
stable targets including an acoustic test tank wall, a fixed 35.6 cm diameter stainless steel 
sphere mounted off a pier and long-term observations of the seafloor off the same pier. 
Each of these uncertainty sources represents a complex interaction of constituent 
uncertainty sources including equipment parameters, variability in the water properties, 
inhomogeneity of the seafloor and temporal variations in environment and the seafloor. 
First order approximations of various sources of these constituent uncertainty sources 
coupled with classical first order Rayleigh behaviour of the seafloor backscatter provide a 
framework to assess the quality of the backscatter data and identify the thresholds at which 
the backscatter data should be utilized for seafloor segmentation and characterization.  

1.1. Keywords: Seafloor backscatter, Quantitative backscatter, backscatter 
uncertainty 
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UNCERTAINTY SOURCES OF SEAFLOOR BACKSCATTER 
 

Multibeam echo sounders (MBES) have increasingly become a tool used to routinely 
collect seafloor acoustic backscatter data.  Unlike traditional sidescan sonars, MBES have 
the added benefit of providing bathymetry and backscatter information simultaneously. 
Assessing the data quality of the seafloor backscatter, however, remains a neglected 
subject. Error analysis of backscatter measurements has been widely avoided in the 
literature [1 p. 326]. Researchers have suggested an uncertainty of 1-5 dB in backscatter 
measurements [2,3], but there is little empirical or theoretical data to support these 
estimates.  
 

The rationale for collection of seafloor backscatter data is often to distinguish seafloors 
of differing physical characteristics. Within localized regions, surveyed with the same 
sonar, backscatter values from different types of seafloor are thought to be consistently 
different from those of other types of seafloor [4]. But how consistent are the sonar 
systems and what is the threshold whereby the acoustic system can no longer distinguish 
between two different seafloors on the basis of their backscatter? The limit to which 
backscatter data can differentiate between different types of seafloor and how well 
geoacoustic properties of the seafloor can be inferred from observed backscatter are 
largely dependent on the quality of these backscatter observations.  

 
Scattering by the seafloor is usually quantified in terms of scattering strength [1]. 

Mean-square scattered pressure ( ) from an area of the seafloor (A) is proportional to 
both the area of the patch and the square incident pressure ( ) and inversely proportional 
to the range to the scattering patch ( . Neglecting transmission losses, the averaged mean 
squared scattered pressure, over the ensemble of measurement can be given as:  

 
            (1) 
 

Where  is the proportionality factor and is referred as the scattering cross section per unit 
area per unit solid angle. The decibel equivalent ‘bottom scattering strength’ [4] is given 
as:  
 

      (2) 
  

The most commonly used nomenclature to derive bottom scattering strength (BS) 
from Kongsberg sonar measurements [2], in decibels is given as: 

 
BS = EL + 2TL –SL - 10log (A)    (3) 

 
Here EL, SL, TL and A correspond to received echo level, source level, transmission loss 
(including absorption and spreading) and ensonified area respectively.  
 

From [3] it is clear that uncertainty in EL, SL, TL and A will directly affect the 
uncertainty of BS. Figure 1 provides a list of some of the possible sources of these 
subcomponents of BS uncertainty.  Uncertainty in the received echo level (EL) can be 
related to receiver gain and beam pattern uncertainty used to convert sonar measurements 
to the received echo level, while source level (SL) uncertainty can be due to uncertainty in 
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transmitted acoustic power and directivity index. Transmission loss (TL) uncertainty can 
be caused by absorption coefficient uncertainty, spreading loss and range uncertainty, 
whereas, uncertainty in the area ensonified (A) can be a function of the seafloor slope, 
beam width, pulse length and sound speed uncertainties.  

 
For any acoustic measurement, the measuring device needs to be calibrated; that is, the 

measurement device characteristics should be known. For MBES, some of the important 
device characteristics are: source level; receive sensitivity; gains applied during data 
acquisition; transmit pulse length; and beam patterns [5]. Each of these device 
characteristics defines the behaviour of the sonar and all of them need to be corrected for 
during data processing. Any uncertainty in these characteristics, therefore, introduces an 
uncertainty in the measurement of acoustic backscatter. To obtain the total device-related 
uncertainty, uncertainty estimates for each of these components is required.    

 
Several other components that are not directly captured in the sonar equation also 

need to be considered. For example, ship attitude, ship and ambient noise levels, the 
inherent variability of the seafloor, angular dependence of backscatter, and statistical 
sample size. Additionally, differences in processing protocols can result in very large 
uncertainties. To begin to establish these uncertainty models, detailed knowledge of the 
MBES used is needed. As many of the MBES’ characteristics are proprietary to their 
respective manufacturers, it is likely that not all of the relevant information will be 
available. Here we explore an empirical approach to establish first order estimates of the 
influence of the device, the medium and the seafloor on backscatter variability.  

DERIVATION OF BACKSCATTER FROM MBES 
 

The measurement geometry of a MBES (using a standard Mills cross configuration) 
consists of the transmission of acoustic energy that is wide in the across-track direction 
and narrow in the along-track direction. The resulting sampling of the seafloor consists of 
a series of areas defined by the cross-product of the transmit and receive beam widths and 
their pulse lengths. As a result of the ensonification of the seafloor by each beam and the 
digital sampling interval of the returned signal, a received amplitude curve can be 
constructed with respect to time.  

 
Bottom backscatter data can be derived from a MBES time amplitude curve in one of 

several ways: (i) digitize the full time series within each beam around the bottom detection 
point and /or (ii) report a single value for the backscatter in each beam by (a) calculating a 
mean from all the samples within a beam or, (b) report the maximum value within the 
beam or, (c) report the value at the bottom detection sample. Beam backscatter reported as 
full time series data and as a single value are both in wide use by MBES manufacturers. In 
the literature these techniques have been referred to as (i) full time series (or snippets), and 
(ii) beam averaged (or maximum or at bottom detect) backscatter, respectively.  
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Figure 1: Components and subcomponents of uncertainty in backscatter based on the 
sonar equation.

 

 

 

 

 

 

 

Figure 2: Comparison of two methods to compute beam averaged backscatter data. 
Data represents one ping collected with an EM 3002 MBES from the R/V Coastal 

Surveyor in Portsmouth Harbor June 2007.
 
In Figure 2, two measures of beam averages are compared using a single ping of 

data collected with a Kongsberg EM 3002 multibeam sonar system. The crosses represent 
the beam average calculated by Kongsberg during data acquisition, using a short 
(unspecified) time interval around the bottom detect. The circles represent the beam 
average calculated using the samples for each beam reported by Kongsberg in the full time 
series. The post processed averages obtained from the full time series data are considered 
superior to the averages obtained during the data acquisition as they avoid spatial aliasing, 
especially between outer beams where, due to the larger beam foot print size, the adjacent 
beams overlap with each other significantly. It is not known to what extent the 
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overlapping samples are used for beam averaged backscatter computation in Kongsberg 
systems but Figure 2 shows that differences between the beam average estimates 
developed using the two methods can be as much as 8 dB.  This example highlights the 
challenge that practitioners often face while comparing different backscatter survey results 
over the same areas of the seafloor which may have been processed using different 
protocols. Inter-survey comparison can be further puzzling if fluctuations in the sonar 
parameters cannot be confidently ruled out.  

EMPIRICAL APPROACH FOR UNCERTAINTY ESTIMATION OF 
BASCKSCATTER  
 
As illustrated in Figure 1, the sources of MBES backscatter uncertainty can be 

categorized as (a) sonar-related, (b) environment (medium)-related, and (c) seafloor- or 
target-related. A full understanding of the sources of uncertainty entails isolation of each 
source of uncertainty from the other, but this ideal condition may not be achievable where 
sources of uncertainty are inter-dependent and environmental conditions during the 
observations cannot be assumed to be constant. Therefore an empirical approach can only 
be applied in scenarios where influences of different uncertainty sources can be 
minimized.  For instance, to isolate the sonar-related uncertainty, a MBES can be installed 
in a tank where the medium (environment) properties remain stable during the course of 
the experiment (i.e., no change in the sound speed or water temperature) and the 
backscatter measurements from the tank wall represent observation of a stable target. In 
this case the fluctuations observed in the backscatter data can be attributed predominantly 
to device-related fluctuations. To study the medium-related uncertainties the sonar system 
can be installed in a natural environment at a fixed location where an  acoustic target 
remains stable (e.g. a large metal plate or a sphere) under the sonar. In this case if the 
variations in the target characteristics can be minimized then the fluctuations observed in 
the resulting data can be attributed to the combined effect of medium- and device-related 
variability. In the final step, the stable target (i.e. a sphere or metal plate) can be removed 
from the seafloor and the experiment can be repeated to study the seafloor-related 
variability. It should be emphasized that even though these experiments can provide an 
estimate of the random uncertainty, they are limited to a specific sonar and restricted to the 
medium and seafloor conditions encountered during the measurements.  
 

Systematic uncertainty related to the device, medium and the seafloor pose additional 
challenges. Examples of systematic uncertainty due to the medium may include the 
presence of scattering layers in the water column, which have the same effect as if there 
were significant increase in the absorption losses and will cause the observed seafloor 
backscatter to be consistently different from the true value at that location if one were to 
go back at a later time when the scattering layers are not present. Examples of seafloor-
related systematic uncertainty may include seasonal presence of fish burrows that may 
cause the observed backscatter from the same patch of seafloor to be different depending 
on observation time, and/or erroneous calculations of ensonified areas due to unobserved, 
or uncompensated variations in the seafloor slope. It is recognized that an empirical 
approach will not be able to capture all the different scenarios of medium- and seafloor- 
related systematic uncertainties. Nonetheless, even understanding a subset of medium and 
seafloor conditions will provide important insight into the nature of uncertainty in 
backscatter measurements. 
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EMPIRICAL RESULTS 
  
Using the empirical approach described here, a multibeam sonar (EM3002 300 kHz) was 
used to conduct experiments in the UNH acoustic calibration tank and at the UNH marine 
pier in Portsmouth, NH. The tank experiment consisted of collecting backscatter data from 
the tank wall at a distance of ~ 5 m. During the pier experiments, the multibeam sonar was 
bolted to the UNH marine pier at a height of 5 m above the seafloor. A fresh water filled 
stainless steel sphere of 34.5 cm diameter was rigidly installed on the seafloor within 
acoustic view of the multibeam sonar. Several 10 minute series of data samples 
representing different experimental configurations are presented in Figure 3.. Empirical 
PDFs obtained from the different configurations show a variation of less than ± 1 dB in 
cases of backscatter observations from the tank wall, the sphere and the seafloor. Also 
presented are the observations of 10 minutes of data from the same sonar head installed on 
R/V Coastal Surveyor with the boat tied to the Portsmouth state pier (seafloor depth ~ 8 m 
during time of the experiment).  In this case the empirical PDF shows a standard deviation 
of ~ 3 dB.   
 

The increase of variability, in the case of the MBES installed on the vessel that is tied 
to a pier raises an interesting question as to why the variability is larger as compared to the 
backscatter observations of the seafloor when the MBES was bolted to the UNH marine 
pier. The two pier sites were located less than a mile from each other and visual 
observations of the seafloor at both sites showed similar seafloor but in case of the state 
pier more floating eel grass and greater crab activity was observed as compared to the 
UNH marine pier. Additionally even though the vessel was tied to the pier, the fact it was 
not rigidly attached to the pier which means one must consider that the composition of the 
seafloor as seen by the sonar was changing due to small movements of the vessel. It is also 
possible the there is more electrical and mechanical noise associated with the vessel.  
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Figure 3: Comparison of beam 108 backscatter from the EM3002 in different 
experimental configurations for ~10 minutes. From top: tank wall, sphere, seafloor with 
MBES installed on the pier and MBES installed on the vessel with vessel tied to the pier. 

For comparison all the figures have been plotted with a 15 dB spread on the y axis.
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4: Empirical PDF of beam 108 over short time window from data shown in 
Figure 3.

DISCUSSION  
 

Assuming Rayleigh envelope statistics to be the typical behaviour of seafloor 
backscatter, it has been shown that the theoretical standard deviation of seafloor 
backscatter is expected to be 5.57 dB [1] when large numbers of randomly distributed 
scatterers are ensonified within a beam footprint. This might be considered the theoretical 
inherent uncertainty in seafloor backscatter observations. From our backscatter 
observations made in controlled environments, we infer that backscatter observations 
show a standard deviation of less than 1 dB if the medium and target can be considered 
stable over the period of observations. The standard deviation of our measurement of  
seafloor backscatter is higher (3 dB), but our two test cases do not approach the 
theoretically derived value of  5.57 dB. It can be argued that observations made with the 
MBES location fixed 5-8 m above the seafloor resulted in a fixed beam footprint size that 
may not satisfy the condition of ‘large number of randomly distributed scatterers’ 
described by [6].  

 
Given the presence of such a large inherent variability (> 5 dB) it is interesting to 

consider whether the uncertainty estimate due to the device (< 1 dB) can be considered 
useful during the inversion of the backscatter results to infer geoacoustic properties of the 
seafloor. This will largely depend on the inversion technique utilized, for example, given a 
1 dB device uncertainty one cannot discriminate between inverted BS values that differ by 
less than 1 dB. Often, averages of multiple independent observations are used for 
inversion, in which case the uncertainty of the mean (i.e. the standard error) can be 
significantly lower than that of individual observations.  
 

For inter-survey comparisons, the processing protocols used in each survey need to be 
considered carefully to enable meaningful comparison. Here we have highlighted various 
challenges in estimating seafloor backscatter uncertainty (both random and systematic). 
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Further work is required to establish protocols to assess the quality of seafloor backscatter 
in realistic scenarios as is the need to obtain more details from the MBES manufacturers 
so that we can better address systematic uncertainty of the MBES derived seafloor 
backscatter.  
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Abstract: Satellite based marine remote sensing is a conventional technique for 
oceanographic research studies. Likewise, in the future projection application of the acoustic 
remote sensing using high frequency single-beam echo-sounder (SBES) and multi-beam 
echo-sounder (MBES) sonar imagery could provide a wealth of data to facilitate ocean 
multidisciplinary studies including seafloor characterization and benthic habitat studies. 
Correspondingly, the acoustic backscatter from MBES and SBES systems operable at 95 kHz 
and 33/210 kHz, respectively, were used to characterize sediment texture and benthic macro-
fauna along the central part of the western continental shelf of India (off Goa). Concurrent 
acoustical, physical, and biological parameters were measured to characterize the 
continental shelf seafloor. The substrate type and roughness of the seafloor were estimated 
using the composite roughness scattering model with the measured backscatter data. The 
relationships between processed acoustic backscatter strength, grain size, sediment 
geoacoustic inversion results and benthic macro-fauna abundance were identified from the 
maps generated using ArcGIS. Distinct interclass separations between the sediment 
provinces are evident from the spatial variability of the estimated inversion results, which 
simultaneously establish a strong correlation with backscatter values and biologically active 
faunal functional group assemblages on the seafloor. Finally, to further understand the 
complexity of seafloor backscattering processes, a more versatile ‘multifractal’ approach 
based technique (using SBES echo-envelope data) has been introduced.  The application of 
multifractal technique could substantiate the hitherto applied numerical inversion based 
characterization of the seafloor sediments employing the backscatter data. 

Keywords: Numerical inversion, Habitat mapping, Multifractal, Single-beam, Multi-beam 
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1. INTRODUCTION 

The use of high-frequency single-beam and multi-beam echo-sounders has been 
recognized as an effective tool to characterize the seafloor over a wide area. The acoustic 
backscatter data obtained from such echo-sounding systems can be matched with theoretical 
scattering models to interpret the information embedded in the data [1-4]. The numerical 
approach employed for extracting information from the data is commonly referred to as 
‘inversion modeling’. The inversion modeling primarily involves physics based inversion of 
echo-sounding data to obtain the upper-layer seafloor roughness parameters, namely the 
sediment mean grain size (M ); spectral parameters at the water-seafloor interface ( 2, w2); 
and sediment volume parameter ( 2), that can be used to examine the fine scale seafloor 
processes. Interestingly, the study of the fine scale seafloor processes presents challenging 
task, particularly with the diversity in the benthic habitat of the area. 

Studies investigating the distribution of seafloor sediments and associated benthic habitat 
usually involve echo-sounding systems to assess the diversity in the benthic community. In 
this work, an attempt has been made to understand the interaction between the seafloor 
sediment and benthic macro-fauna at multiple frequencies employing multi-beam echo-
sounder (MBES) and dual-frequency single-beam echo-sounder (SBES) operable at 95 kHz 
and 33/210 kHz, respectively [5]. The information cataloged is then utilized to characterize 
the seafloor and related benthic habitat off Goa, central west coast of India. 

The ‘power law’ behavior of SBES echo-envelope data invokes multifractal analyses in 
order to determine if the data follow ‘fractal’ statistics. Therefore, to further expound the 
complexity of seafloor backscattering processes, a more versatile ‘multifractal’ approach 
based technique has been initiated [6].  The ‘stochastic’ multifractal formalism introduced 
here allows characterization of SBES echo-envelope data with three fundamental parameters 
namely, degree of multifractality , sparseness C1, and degree of smootheness H [7]. This 
method builds on the fact that layers of seafloor sediments have fractal structure, which is 
reflected in the shape of the acquired echo-envelope data. Besides, acoustically softer 
sediments are penetrated more deeply by acoustic signal and produce longer and more 
corrugated echoes than harder sediments. Consequently, the estimated multifractal 
parameters of echo-envelope, as a measure of complexity and roughness will proffer useful 
information for seafloor characterization. 

2. MEASUREMENT TECHNIQUES AND METHODS 

2.1 Acoustic data acquisition and sediment sampling 

The bottom backscatter data was acquired over substrates ranging from clayey silt to sand 
in the central part of the western continental shelf of India (Fig. 1a) with calibrated SBES and 
MBES. The dual-frequency (33 and 210 kHz) echo-envelope data were acquired using a hull-
mounted normal incidence RESON-NS 420 SBES. Meanwhile, 95 kHz MBES data were 
acquired using the EM1002 echo-sounding system. Sediment samples were analyzed for 
textural studies using a Van-Veen grab following standard protocol. The mean grain size 
(M ) of the sediment was calculated for each of the sampling locations. In the following text 
silty-sand and sand sediments will be referred to as coarse sediments (M <4); and clayey-silt 
and silt sediments will be referred to as fine sediments (M >4) for simplicity. 

1st International Conference and Exhibition on Underwater Acoustics

1046



 

Fig. 1: (a) Shows the study area and type of data collected. Presented in (b) are the 
processed SBES and MBES backscatter data used to carry out the inversion modeling and 

multifractal analyses. 

2.2 SBES echo-envelope data based sediment characterization 

The shape of acquired echo-envelope depends on various factors including natural 
variability of the seafloor, transducer heave, and noise due to echo-sounder instability. 
Therefore, several post processing steps such as visual check, echo alignment and echo 
averaging have to be carried out before further utilization. The detailed data processing 
methodology has been given in Ref. [5]. Finally, prior to time dependent inversion modeling, 
the voltage form of data has been converted to pressure signal accounting the two-way 
transmission loss. 

After following the post-processing steps mentioned in the preceding paragraph, the 
bottom geoacoustic parameters which are best suited to discriminate sediment substrates are 
determined by comparing the model to the average bottom echo (Fig. 1b). The temporal 
backscatter model developed by Sternlicht and de Moustier [2] has been employed to 
characterize seafloor sediments [3]. Here, the total backscatter intensity (measured at the 
transducer face) for a finite duration of transmitted signal is modeled by summing the 
intensities from the water-sediment interface and from the sediment volume inhomogeneities. 
The end results obtained after inversion modeling have been statistically analyzed, compared 
to the ground truth, and tested as new model inputs to conclude on the model-data 
performance fit.

2.3 MBES angular backscatter data based sediment characterization 

Analogous to SBES data, the MBES data also require prior processing to eliminate the 
artifacts that occurred during the data acquisition. Therefore, several post processing steps 
such as Lambert’s law removal, actual bottom slope and the insonified area corrections have 
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to be carried out before initiating angular backscatter inversion modeling. The detailed data 
processing methodology has been given in Ref. [4]. 

The composite roughness model using the shape of the angular backscatter function 
developed by Jackson et al. [1] has been employed to characterize seafloor sediments [4]. 
Here, the angular scattering model combines the most dominant dimensionless scattering 
mechanism of the surface roughness coefficient and volume scattering coefficient as a 
superposition of the incoherent scatter to estimate the total seafloor backscattering strength 
(Fig. 1b). The end results obtained after inversion modeling have been statistically analyzed, 
compared to the ground truth as well as with the inversion results obtained using backscatter 
data at 33 and 210 kHz from the same locations.

3. RESULTS 

3.1 Inversion results 

The estimated M  values using three different acoustic frequencies are presented as a 
function of the measured M  values (Fig. 2a). On the whole, the estimated M  values agree 
well with the measured sediment data, having correlation coefficients of 0.97, 0.98, and 0.96 
for 33, 95, and 210 kHz, respectively. The scatter diagram (Fig. 2b) between measured values 
of M  and estimated 2 delineated that higher values of 2 are associated with fine sediments, 
and in contrast lower values of 2 are associated with coarse sediments. The scatter diagram 
(Fig. 2c) between the measured values of  M  and estimated  w2 revealed that the estimated 
values of  w2 are less than 0.001 cm4 for fine sediments and are confined within 0.002 to 
0.005 cm4 for coarse sediments from all the three inversion results. It is observed that higher 
values of  w2 and lower values of  2 are associated with coarse sediments, while lower values 
of  w2 and higher values of 2 are the characteristics of fine sediments. In the present study, 
for fine sediments, the average estimates of 2 are found to be higher as compared to coarse 
sediment region. In addition to this, no definite relationship between the estimated mean 
values of 2 and the mean grain size is found in the study area (Fig. 2d) [4]. 

 

Fig. 2: The scatter plot showing multi-frequency inversion results.  

3.2 Seabed habitat mapping employing SBES and MBES backscatter data 

The relationships between processed acoustic backscatter strength, grain size, and benthic 
macro-fauna abundance were demonstrated with the application of Geographic Information 
System (GIS) based seafloor mapping [5]. It was evident that, for three frequencies, the 
backscatter intensity is directly correlated with coarse fractions (sand within the range 62-
2000 m) and inversely correlated with finer fractions namely silt (2-62 m) and clay (<2 

m). Two distinct feeding groups were observed from the study area: namely, deposit feeders 
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(majority of polychaete worms and related soft body species like nematode, oligochaetes, 
nemertinea, and echurids) mainly in shallow region and filter feeders (hard body bivalves and 
gastropods) in deeper depths. The preferences of deposit feeders for the fine-sediment regions 
and filter feeders for coarse sediment regions indicate the influence of sediment texture on the 
feeding behavior of the organisms (Fig. 3a). 

 

Fig. 3: GIS based classification representing the backscatter-animal-sediment 
interrelationship at 33 kHz. Panel (b) represents PCA clustering. 

Two distinct clusters with high and low backscatter intensity values of the three 
frequencies were distinguished from the study area. Sediments from high backscatter 
locations are mainly coarse (M  <4) in nature, dominated by sand content with prominent 
occupancy of hard body benthos. Whereas, sediments from low backscatter locations are 
mainly fine (M  >4) in nature, dominated by high percentage content of both silt and clay 
with substantial occupancy of soft body organisms (Fig. 3b). 

3.3 Multifractal analyses of echo-envelope data 

The corresponding multifractal parameters , C1 and H were determined using SBES echo-
envelope data. Our analyses show no significant variation in  and H, whereas C1, which 
represents the sparseness of the data, varies with respect to the mean grain size of the area 
(Fig. 4). It is observed that the relatively higher values of  w2 and C1 are associated with 
coarse sediments, while the lower values of  w2 and C1 are the characteristics of fine 
sediments. 

 

Fig. 4: Scatter plot showing clustering among M , C1 and w2. Regions comprising of coarse 
and fine sediments are clearly demarcated.    
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4. CONCLUDING REMARKS 

The geoacoustic inversion results obtained using MBES and SBES data provide important 
information that can be utilized for acoustic seafloor characterization. The other objective of 
the benthic habitat mapping exercise has further demonstrated a relationship between 
acoustic backscatter, sediment texture and benthic habitat attributes exist in the study area. 
The ‘stochastic’ multifractal formalism introduced here allows characterization of SBES 
echo-envelope data signifying the fractal structure of bottom sediments. The derived 
multifractal parameters are a good descriptor of a bottom type in the investigated area and 
substantiate the hitherto applied numerical inversion based sediment characterization. 
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Abstract: In shallow water ocean, the acoustic waves interact with seabed sediment or rock 
layers along the propagation path. In this paper, the dispersive properties of wave 
propagation in an ocean consisting of afluid layer with constant sound speed overlying a 
semi-infinite solid elastic (sediment or rock) layerwith constant compressional and shear 
wave speeds are investigated by means of analytical normal mode method for the group 
velocity. We consider six types of sediment layers having shear speeds greater as well as less 
than the nominal sound speed in water. We have discussed the number of propagating modes 
as a function of the water column depth (100-1000 m) and the source frequency (10 Hz-500 
Hz). The attenuation behavior of compressional and shear stresses in the elastic layer is 
discussed. The Young’s moduli of the sediment layers are chosen over a very wide range of 
25-220 GPa. Numerical study based upon analytical formulation shows that seabed effects 
can result in sound penetration depth below seabed from about thousand meters to few 
meters. We estimate the cut-off frequencies for various elastic media, above which the 
penetration depth is negligibly small. The variation patterns of the penetration depths and the 
associated cut-off frequencies are graphically represented. 
 
 
Keywords: Acoustic wave, Cut-off frequency, Geo-acoustics, Penetration Depth, Seabed, 
Sediments, Shallow water, Sound.
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1. INTRODUCTION 
 
 Acoustic wave propagation in shallow water ocean involves repeated interaction of 
the wave with seabed, the so-called multi-path propagation. Theoretical analysis of the effect 
of solid seabed has been considered in [1-3]. One work [3] discusses a number of different 
sediment and substrate configurations with regard to relative compressional and shear speeds 
[4,5]. The theory of un-attenuated surface wave propagation in a system consisting of a fluid 
layer of finite thickness overlying a semi-infinite elastic solid has been the subject of 
numerous investigations in the geophysical literature [6]. In the present work, we adopt the 
classical frequency equation to carry out a parametric study for a variety of seabed properties 
in order to throw light on the frequency range for which the seabed effect needs to be 
considered by defining two characteristic parameters, the penetration depth and the cut off 
frequency. 
 
 
2. MATHEMATICAL MODEL 
 
 Consider the propagation problem in a two layered ocean in an axisymmetric 
cylindrical coordinate system (Fig. 1) where the top layer ( to ) is homogeneous and 
isotropic water medium (density and sound speed c) and the bottom layer ( to ) is a 
semi-infinite isotropic seabed (density , dilatational wave speed  and distortional wave 
speed ).  

 

Fig. 1: Two layered medium 
 
 We introduce three displacement potentials; in the liquid layer and  in the 
solid layer and these potentials are the solutions of the following Helmholtz equations 

                                                     (1) 
where  ,  ,  and  being the source frequency in Hz. 
 The boundary conditions of the problem are well known [7], namely, (a) at ,

; (b) at , ; (c) at , ; where  are the vertical 
particle displacements of fluid and solid, respectively; (d) at  
and ; where and  are the direct and shear stresses, respectively. The 
stresses, displacements and the pressure in the fluid are related to the potentials [7]. Using 
separation of variable technique to Eqn. (1) and applying the boundary conditions leads to the 
transcendental equation for a source frequency : 

                                              (2) 

where ; ;  
                                                                   (3) 

The real roots  of Eqn. (2) are the propagating wave number ( ) of this 
problem in the interval 

and .              (4) 
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The stresses in the liquid and solid layers are given by 
 , Normalization factor                               (5) 

 , Normalization factor                         (6) 
  , Normalization factor                  (7) 

where ,  are the Hankel functions of 1st kind of order zero and its derivative and  
and 

.                                                                                                (8) 
 
5. SOIL AND ROCK PROPERTIES 
 
 Table 1 shows the properties of soils and rocks that have been used in numerical 
calculations. They cover a wide range of the Young’s modulus ( ) [7] and Poisson’s ratios 
( ). 
 

Sea Bed Type (kg/m3) (GPa)  (m/s) (m/s) (GPa) (GPa) 
 

Sedimentary  
soil 1(SS1) 1000 6.94 0.25 2885.82 1666.13 2.80 2.80 

0.45 5130.71 1546.97 21.54 2.39 
Sedimentary  
soil 2(SS2) 3000 7.5 0.25 1732.05 1000.00 3.00 3.00 

0.45 3079.40 928.45 23.27 2.6 
Sedimentary 
soil 3(SS3) 2000 25.3125 0.25 3897.11 2250.00 10.12 10.12 

0.45 6928.67 2089.07 78.56 8.73 

Rock 1 (Granite) 2500 56.25 0.25 5196.15 3000.00 22.50 22.50 
0.45 9238.22 2785.43 174.57 19.39 

Rock 2 (Basalt) 3000 151.875 0.25 7794.23 4500.00 60.75 60.75 
0.45 13857.33 4178.14 471.34 52.37 

Table 1: Elastic properties of various soils 

6. VALIDATION OF PHASE VELOCITIES 

 The determinantal equation (2) has been solved using bisection method. To validate it, 
a problem involving granite seabed (Table 1) with parameters 1500 , 1000 

,discussed in [7] has been chosen and the comparisons are given in Table 2. 
 

 0.1 0.3 0.5 0.7 1 6 
(present) 0.003504 0.013548 0.028542 0.042243 0.061954 0.374885
 (present) 1.7929 1.3913 1.1007 1.0412 1.0142 1.0056 
 (Ref. 7) 1.79 1.40 1.10 1.04 1.01 1.00 

 
Table 2: Validation of Phase velocities 

 
7. EFFECTIVE PENETRATION DEPTH 

 Effective ‘penetration depth’ (PD) is the vertical extent up to which the stress 
variations are significant in the seabed. This parameter expresses the importance of the 
seabed in geo-acoustic modeling. Here, we define the effective penetration depth,  as the 
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depth below seabed at which the stresses (both direct and shear) becomes 0.5% of the 
maximum value of the stress in the solid medium. Table 3 presents a few salient penetration 
depths for granite seabed for different water column depths. Table 4 shows a comparison of 
penetration depths at various source frequencies for different types of seabed for a water 
column depth of 100m. All penetration depths are for the maximum value of  and the 
values in the parenthesis are the number of propagating modes. 

 

(Hz) H = 50 m H = 100 m H = 200 m H = 300 m H = 400 m H = 500 m 
10 291 (2) 213 (2) 202 (3) 219 (3) 210 (5) 206 (6) 
50 40 (4) 41 (6) 40 (11) 40 (17) 40 (23) 40 (29) 

100 21 (6) 20 (11) 20 (23) 20 (35) 20 (46) 20 (58) 
300 7 (17) 7 (35) 7 (69) 7 (104) 7 (139) 7 (172)
500 4 (29) 4 (58) 4 (115) 4 (173) 4 (230) 0.1 (288)

 
Table 3: Penetration depths for granite seabed with 0.25

 
(Hz) SS1 SS2 SS3 Granite Basalt 

  = 
0.25 

 = 
0.45 

 = 
0.25

 = 
0.45

 = 
0.25

 = 
0.45

 = 
0.25

 = 
0.45

 = 
0.25 

 = 
0.45 

10 --
(0) 

--
(0) 

350 
(1  

128 
(1) 

611 
(1) 

778 
(1) 

213 
(2) 

215 
(2) 

201 
(2) 

201 
(2) 

50 77 
(3) 

148 
(1) 

33 
(3) 

23 
(6) 

47 
(5) 

48 
(4) 

41 
(6) 

41 
(6) 

37 
(7) 

37 
(7) 

100 37 
(5) 

63 
(3) 

17 
(7) 

11 
(12)

23 
(10)

24 
(9) 

20 
(11)

20 
(11)

19 
(13) 

19 
(12) 

300 12 
(17) 

20 
(9) 

6 
(20)

4 
(35)

8 
(30)

8 
(28)

7 
(35)

7 
(34)

6 
(38) 

6 
(37) 

500 7 
(29) 

12 
(16) 

4 
(33)

2 
(58)

5 
(50)

5 
(46)

4 
(58)

4 
(56)

4 
(63) 

4 
(62) 

 
Table 4: Penetration depths for different seabeds with 100 m. 

 
8. CUT-OFF FREQUENCY 
 
 We define the cut-off frequency as that source frequency at (or above) which there is 
no penetration of sound in the solid layer, i.e. the stresses are negligibly small. In practice, we 
select that frequency as the cut-off frequency for which the penetration dept (PD) is 0.1 m. 
Table 5 lists the cut-off frequencies for different types of seabed at various water column 
depths. It is observed that for water column depths of up to 200 m, there is penetration for 
source frequencies up to even 1 kHz. Thus it is imperative that we cannot ignore the seabed 
effects while modeling shallow water geo-acoustic problem. 
 
9. NUMERICAL RESULTS 
 
Figs. 2 and 3 show the stress distribution for Granite type ( ) seabed at f = 50 Hz in a 
water column of depth 100 m and 500 m respectively. Figs. 4 and 5 show the number of 
propagating modes for various types of seabed. Figs. 6 to 9 shows the penetration depths for 
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various types of seabed for water column depth of 100 m and 500 m. Cut-off frequencies for 
various types of seabed are shown in Figs. 10 and 11.  
 

(m) SS1 SS2 SS3 Granite Basalt 
 = 

0.25 
 = 

0.45 
 = 

0.25 
 = 

0.45 
 = 

0.25 
 = 

0.25 
 = 

0.25 
 = 

0.45 
 = 

0.25 
 = 
0.45 

100 4090 7280 1600 1410 2390 2560 2053 2110 1890 1910 
200 2060 3640 800 710 1200 1280 1030 1060 950 960 
300 1370 2430 540 470 800 860 690 710 630 640 
400 1030 1820 400 360 600 640 520 530 480 480 
500 820 1460 310 290 480 520 420 430 390 390 
600 690 1220 270 240 400 430 350 360 320 320 
700 590 1100 230 210 350 370 300 310 270 280 
800 520 910 200 180 300 320 260 270 240 240 
900 460 810 180 160 270 290 230 240 220 220 

1000 410 730 160 150 240 260 210 220 200 200 

Table 5: Cut-off frequencies in Hz 
 

 
Fig. 2: Stress Distribution of granite(

) for  0.20505 
Fig.3 : Stress Distribution of granite(

) for 0.20932

Fig. 4: No. of propagating modes for 
 and 

Fig.5: No. of propagating modes for 
 and  

Fig. 6: PD for  and  Fig. 7: PD for  and 
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Fig. 8: PD for  and  Fig. 9: PD for  and  

Fig. 10: Cut-off frequency for  Fig. 11: Cut-off frequency for  
 
10. CONCLUSION 
 
 From Tables 4 and 5 it is observed that if the Young’s modulus is low, the Poisson’s 
ratio has significant effect on both the penetration depth and cut-off frequency. However, for 
large values of Young’s Modulus, the Poisson’s ratio loses its significance. Also, in shallower 
waters (i.e., water column depths of up to 100m) seabed interaction occurs for source 
frequencies up to even 1 kHz. From Figs. 4 and 5 we can see that the number of propagating 
mode increases almost linearly with the frequency irrespective of the water depth. From Figs. 
6 to 9 we see that the penetration depth decreases with increasing frequency and are related 
linearly in the log scale. For some particular frequency we see a sudden drop in penetration 
depth at the cut-off frequency above which the penetration depth remains more or less 
constant (around 0.1 m). From Figs. 10 and 11 we observe that the cut-off frequency 
decreases with increasing water depth, and again the relation is linear in the log scale.  
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TSUNAMI DISASTER MITIGATION IN JAPAN
LESSONS LEARNT FROM THE GREAT EAST JAPAN 

EARTHQUAKE
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Abstract: The Great East Japan Earthquake generated a huge tsunami and caused 
devastating disasters in the coastal towns facing the Pacific Ocean from Hokkaido to 
Chiba Prefecture. Especially devastating disasters occurred in Iwate, Miyagi, and 
Fukushima Prefectures. Damages due to the earthquake are significant especially in the 
southern areas of Miyagi Prefecture.
Immediately after the tsunami the works to remove the debris in lands and seas were 
started. However, recovery and reconstruction of the region are slow and still in progress 
with the rehabilitation planning of the region. 
In this report the tsunami heights along the Iwate, Miyagi and Fukushima coasts are 
estimated using measured offshore GPS data which are more than ten meters along the 
coasts. Disasters by the huge tsunami in the prefectures are explained. Initial response 
and emergency restoration works are described especially for damaged coastal defences 
including underwater surveys with narrow multibeam echograms. The causes of the 
disaster and lessons learnt from the disaster are being discussed in this report. It is 
recommended to consider following items in future tsunami countermeasures;

1. Preparedness for the worst case,
2. resilient coastal towns,  
3. vertical evacuation,
4.  tsunami observation and  warning. 

Keywords: Tsunami, Coastal defence, Multibeam echogram, Worst case, Vertical 
evacuation 
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1. INTRODUCTION

The Great East Japan Earthquake, which occurred at 14:46JST on March 11, 2011 with 
the magnitude M9.0 generated a huge tsunami and caused devastating disasters in the 
coastal towns facing the Pacific Ocean. It is very sad and horrible that the number of 
casualties and missing persons is nearly 20 thousands. 

The tsunami attacked all the Pacific coasts in Japan impacting the coastal towns from 
Hokkaido to Chiba Prefecture. Especially devastating disasters occurred in Iwate, 
Miyagi, and Fukushima Prefectures. Damages due to the earthquake are significant 
especially in the southern areas of Miyagi Prefecture. The total amount of the inundation 
areas is 535 km2 and the population in the inundation areas is 600 thousand. The total 
amount of economic loss is estimated at 200 billion dollars. 

In this report the tsunami and tsunami disasters in Iwate, Miyagi and Fukushima 
Prefectures are briefly reviewed. Initial response and emergency restoration works are 
described especially for damaged coastal defences including underwater surveys with 
narrow multibeam echograms. The causes of the disaster and lessons learnt from the 
disaster are being discussed as the concluding remarks of the report. 

2. OFFSHORE TSUNAMI OBSERVED BY GPS BUOYS AND 10-M TSUNAMI 
WARNING  

Huge tsunami waves were generated by the M9.0 earthquake. The left figure of Fig. 1 
shows the source region, which ranges 400km from north to south and 200km from east to 
west. The sea bottom of the region rose and dropped, causing the initial tsunami. The Port 
and Harbour Bureau of the Ministry of Land, Infrastructure, Transport and Tourism had 
installed a number of GPS buoys (GPS mounted buoy or GPS Wave Meter) 10-20km off 
the Japanese coasts, that measured the tsunami directly. For example a GPS wave meter 
18km off the coast of Kamaishi at a depth of 204m measured a 6.7m high tsunami at 
15:12. Another GPS wave meter off the coast of Rikuzen-Takada recorded a 5.7m high 
tsunami at 15:14. 

 

Fig.1: Source region and GPS wave meters(left) and Estimated incident tsunami and 
measured heights of tsunami water marks(right). 
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The measured values of tsunami were incredible since the tsunami was expected to be 
more than 10m (2 or 3 times) on shore if the simple shoaling effect was considered.  At 
14;49 the Japan Meteorological Agency had issued a Major tsunami warning of more than 
6m and changed it to that of more than 10m accordingly. 

3. HUGE TSUNAMI ATTACKING THE COASTS  

The GPS data are very important for the disaster analysis. For example the incident 
tsunami can be estimated from the GPS data. The right figure of Fig.1 shows ‘Equivalent 
Incident Tsunami Height at Shore’ which is evaluated considering shoaling coefficient 
assuming perpendicular incidence and parallel contours. The estimated tsunami height at 
shore (defined here as equivalent incident tsunami height at shore) is evaluated by 

hG G 0.2 where the water depth hG and the tsunami height G  at the GPS. As 
mentioned above the equivalent incident tsunami height at shore is two or three times the 
GPS values -- 7.9m at Kuji, 12.6m at Miyako, 13.3m at Kamaishi, 11.1m at Hirota Bay 
(Rikuzen-Takada), 10.9m at Kinkazan, and 5.7m at Onahama. 

The right figure of Fig.1 shows the water mark heights measured by the survey teams 
of the Port and Airport Research Institute (PARI). The water mark heights are the heights 
above the sea level when the tsunami arrived and include those of inundation heights and 
run-up heights. The data scatters significantly. The run-up heights exceed 15m and the 
inundation heights vary from 5 to 15m approximately. The equivalent incident tsunami 
height at shore agrees with the average of the measured inundation heights which exceed 
10m in Miyagi and Iwate Prefectures (Takahashi et. al. 2011). 

It is well-known that the tsunami height increases at sawtooth coastlines with 
decreasing width and resonant effects and the heights increases with refraction effects, 
while the heights decrease with the sheltering effects due to natural islands, artificial 
breakwaters, and seawalls. These are the reasons of the wide scattering of the measured 
data in Fig.1. It should be noted that the tsunami ran up rivers and overflowed from the 
rivers. 

Tsunami height changes significantly due to the shore profile. Figure 2 shows a 
schematic diagram of typical cross sections of the shores to explain the intrusion of 
tsunami more than 10m.  Videos and photos that were taken during the tsunami attacks 
will be analyzed further to reveal the tsunami behaviours at shore. 

 
(a) Ordinary Sandy Beaches: 

The coast near Sendai Airport is a typical mild-sloped sandy beach with a sand dune. 
Tsunami broke near the shore and run up 5- 10 m high sand dune. The tsunami ran down 
from the dunes to a wide lowlying rice field and inundated several km in the paddy field. 
The sea bottom slope in the coast is 1/200 to 1/500 at a depth from 10 to 100m. Videos 
showed the tsunami front breaking with soliton fission.  A 15m high tsunami wave of this 
type were also seen in the beach at Rikuzen-Takada of Hirota Bay. 
(b) Steep slope shore: 

Tsunami fronts break and run up rapidly on a relatively steep slope. This type of rapid 
runup with breaking waves was seen at Omoe Peninshula and Ryori-Shirahama Bay where 
the runup heights were more than 20m. The sea bottom slope at Ryori-Shirahama is 1/100 
at a depth of 10m and 1/10 on land. The tsunami runup heights are high at this type of 
shore in Fig. 1. 
(c) Steep cliff with deep front sea: 
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Nagasaki district of Ohfunato has a very steep cliff facing the Pacific Ocean and 
relatively deep sea in front, and therefore the tsunami did not break and the water surface 
moved up and down relatively smoothly. 
(d) Ports and rivers: 

Since ports have a relatively large water depth and tsunami does not break. In Kamaishi 
port the tsunami overtopped the quaywalls and seawalls and intruded into the town with a 
very rapid current of 10 to 30 km/h. It should be noted that the tsunami heights exceeded 
those of 1896 Maiji-Sanriku Tsunami and the tsunami heights were more than two times 
higher in the southern areas from the border of Iwate to Miyagi Prefecture. 

 
Fig.2: Typical cross sections of shores and intrusion of a huge tsunami ). 

4. DEVASTATING DAMAGES DUE TO HUGE TSUNAMI  

The tsunami caused significant damages on all the coastal towns along the Pacific 
Ocean from Hokkaido to Chiba. Especially more than 10m tsunami caused all the kinds of 
tsunami damages to the coastal towns of Iwate, Miyagi and Fukushima Prefectures. 
Devastating damages due to huge tsunamis were observed in many places by 2004 Indian 
Ocean Tsunami and at Aonae District of Okushiri Island by 1993 Hokkaido Nansei-oki 
Tsunami in Japan ( Murata et. al. 2010). 

Most typical damage is complete destruction of wooden houses. Almost all the coastal 
towns in the three prefectures were flattened by tsunami and more than 120 thousand 
houses were totally inundated and destructed and 100 thousand were partially inundated 
and destructed.            

Wooden houses are destroyed by even 2m tsunamis and it was obvious that more than 
10 tsunami caused fatal damages to wooden houses (Photo 1). It is said that some concrete 
buildings collapsed although the concrete buildings are said to be safe against tsunamis. 
The impulsive force due to collision of breaking wave front might be a reason for the 
collapse of concrete buildings as shown in (a) and (b) in Fig.2.  

Cars floated everywhere and were found even in houses and under the debris (Photo 2). 
Some were found on the roof of concrete buildings. Fires broke out in the debris and 
spread due to drifting of the debris(Photo 3). Spilled oil spread due to tsunami and caused 
large-scale fires. Damages to railways and roads were also significant including the 
damages to bridges (i.e. Minamisanriku-Utatsu). Sendai Airport which is located 1.5 km 
from the coastal line was inundated and airplanes floated just like cars.  
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It should be noted that the land subsidence due to crustal movement by the earthquake 
was from 0.5 to 1m, which cause secondary inundation due to spring tide in the lowlying 
coastal areas like Ishinomaki. 

Various damages occurred in ports areas. For example, many ships broke their 
moorings and collided with port facilities and one was washed on a wharf (Photo 4). 
According to Maritime News Paper a total of 6 vessels (1 at Ishinomaki, 2 at Souma, 1 at 
Haramachi, 1 at Onahama, 1 at Kamaishi) of 20 to 200 thousand tons were stranded or 
caused oil spill within ports. 31 passenger ships were severely damaged including 2 
partially damaged according to Tohoku-district passenger ship association. Also small 
boats including fishing boats were carried far inland areas and it is estimated that more 
than 17,000 boats were damaged. The severe damage to warehouses and factories in the 
port industry areas caused the secondary impact on industry in the world. The container 
terminals suffered from inundation. More than 4000 containers in Sendai Port floated from 
their foundations and 1000 of them went into the sea. 

It should be noted that compared with the huge tsunami height the number of casualties 
is limited to about 20 thousand, about 3 %  the population in the inundated areas. The 
preparedness in the areas including the tsunami education and early warning system in 
addition to tsunami defence structures reduced the number of casualties significantly. 
However the preparedness was not enough to reduce the casualties into zero and we are 
discussing future tsunami preparedness considering the lessons learnt from the disaster as 
explained in chapter 6. 

 

    
Photo 1 Flattened wooden houses and    Photo 2 Debris in a street including cars
 remaining concrete buildings(Rikuzen-Kakada)         (Kamaishi) 
 

    
Photo 3  Burnt houses in  Ishinomaki     Photo 4 Stranded cargo vessel in  Kamaishi   
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5. INITIAL RESPONSE AND EMERGENCY RESTORATION 

The emergency restoration works started immediately almost the same time as initial 
response including rescue operations. Efforts were made to estimate the damages and to 
open access roads to the impacted areas. At ports to enable the unloading of emergency 
relief materials intensive reopening works for sea routes were made. Underwater surveys 
were conducted to find debris in seas and damages to port facilities including coastal 
defences.   

The underwater surveys with the echo sounding techniques contributed significantly to 
reconstruction of a tsunami breakwaters at the bay mouth of  Kamaishi. The tsunami 
breakwater at Kamaishi Bay was designed to protect the port against not only the tsunami 
of 1896 Meiji-Sanriku Earthquake but also the large storm waves. Although the tsunami 
was very high, exceeding significantly the design tsunami height, the breakwater was 
relatively strong and robust. The breakwater was relatively stable until the peak of the first 
tsunami wave and the tsunami into Kamaishi Port was reduced to 60 % by the breakwater. 
However, the caissons of the breakwater gradually sunk down and slipped from the 
breakwater mound due to scouring by the strong current and due to the pressure difference 
between the front and back walls of the breakwater caisson. Figure 3 shows the 
bathymetry data of the breakwater obtained by narrow multibeam echogram.  

Figure  3  Bathymetry data by narrow multibeam echogram    

6. LESSONS LEARNT FROM THE DISASTER 

(1)Preparedness for the worst case 
People living on the east Coast of Japan have been prepared for tsunamis disasters since 

the devastating experiences of past tsunami disasters including the 1986 Maiji-Sanriku 
Tsunami. However, the latest tsunami was immensely destructive and claimed many lives. 
The major cause of the damage was the incorrect estimation of the tsunami’s size. It was 
significantly larger than that predicted by scientists, more than twice the predicted height 
on some coasts. 

The PARI is conducting a study to employ a performance design concept in the design 
of coastal defences. Especially after the Indian Ocean Tsunami Disaster and the Hurricane 
Katrina Disaster, the importance of preparation for the worst case scenario—a case 
exceeding ordinary design levels—was pointed out (PIANC Marcom WG53 2010). 

Table 1 shows the measures to be taken in a worst-case scenario under the performance 
design. The worst case is defined as a Level 2 tsunami assuming an occurrence probability 
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of one every 1000 years, while a Level 1 tsunami is based on a conventional tsunami 
assuming a probability of one every 50 or 150 years.  

When planning for the conventional tsunami scenario, we aim to prevent the tsunami 
disaster. We aim to save lives, property, and the economy. On the other hand, the worst-
case tsunami scenario considers disaster mitigation. The goal is to save lives, reduce 
damage to property, and prevent catastrophic damage to ensure early recovery.  

 

 
Table 1   Performance design for tsunami defence 

(2) Resilient coastal towns 
Relocation to higher ground is a very effective solution to survive a tsunami. After the 1896 

Meiji-Sanriku tsunami disaster, relocation to higher ground was the only solution. However, 
technology has advanced since the 19th century and towns have changed significantly. Although 
relocation of towns to higher ground is still a good solution to save lives, better solutions for 
saving lives as well as preserving livelihoods should be developed using advanced technology. In 
practice, port towns should be located near the sea. Instead of poorly managed sprawled coastal 
towns, we should develop well-planned tsunami-sustainable towns and cities using modern 
technology. Fig. 4 shows a compact town with high buildings for residence and commercial use 
near a coast. By constructing tsunami defence structures with ground reclamations and high 
buildings, we can create coastal towns that can withstand a Level 2 tsunami. 

After Hurricane Katrina, researchers frequently used the word “resilient,” which means to 
spring back or readily recover from illness. In case of tsunami preparedness, resilience means the 
ability to recover quickly from the disaster. This can be achieved by constructing strong tsunami 
defence systems to mitigate the damage and prepare for measures for early recovery.  

We have experienced the harshness of the sea, but the sea is a rich place that provides us with 
abundant resources. To enjoy these benefits, we need to coexist and improve our coastal towns and 
make them more resilient to natural disasters by using modern technology. 

 

 
 Fig  4  Tsunami-resilient coastal town with high buildings 

(3) Vertical evacuation 
Many lives were lost on the roads during the evacuation in the East Japan Earthquake 

and Tsunami disaster. Unfortunately, many evacuation places quite a distance away since 

High lands and high buildings  Relocation of houses 
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they are designated as earthquake shelters. It should be noted that earthquake shelters are 
designed as temporary accommodation for people who lost their homes. On the other 
hand, tsunami evacuation places are meant for people to escape from the approaching 
tsunami. Long-distance tsunami evacuation is dangerous because the probability of 
encountering the tsunami on road is high and can be fatal. 

It is said that tsunami evacuation should not be horizontal but vertical. It is 
recommended to escape to higher ground. However, in winter this might mean being 
exposed to very cold conditions. In addition, some people may not receive hazard 
warnings. There are many high buildings in coastal towns that can be used as evacuation 
buildings.  

The Disaster Management Council in their post-disaster report stressed the importance 
of the five-minute evacuation plan using high buildings. Many concrete buildings during 
the 2011 tsunami remained standing, although they were severely inundated. A tsunami-
resilient town should be a coastal town where people can easily and safely evacuate. 

 
(4) Tsunami observation and warning 

Three minutes after the East Japan Earthquake, the first tsunami warning was issued 
from the Japan Meteorological Agency (JMA), which took more than 20 min before the 
tsunami hit the shore. However, the first warning was a 3 m tsunami in Iwate Prefecture 
and many people did not start evacuating because they did not consider a 3 m tsunami 
dangerous. 

It is technologically difficult to issue a tsunami warning of an accurate wave height 
within 3 min using the strong motion records. JMA used their own magnitude scale for the 
quick issue, but their model cannot accurately predict the magnitudes larger than 8.0. This 
is the main reason for the low height estimate of the tsunami warning. 

If the GPS wave meters could observe this tsunami 20 km off the coast of Tohoku 
District, the effectiveness of the offshore tsunami measurements for precise tsunami 
prediction is ensured. The network of GPS wave meters along the Japanese coasts will 
expand and the technology will improve to ensure precise measurements even in further 
offshore areas. In addition, a cable network system with water pressure gauges at the 
seabed is being considered.  

Many monitoring instruments near coasts and ports are effective to know the tsunami 
just before attacking the coastal towns. They were installed even before this tsunami 
disaster but they were not fully functional due to the strong earthquake, inundation, or 
electric shut-down. The system is being improved after the disaster.  
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Abstract: JAMSTEC has developed several multidisciplinary cabled observatories around 
Japan in order to observe not only earthquakes or tsunamis but also environmental 
fluctuation or biological activities on deep seafloor that might be associated with them. 
Each observatory consists of several kinds of sensors besides seismometers or tsunami 
pressure gauges. Some of those observatories have an ADCP (Acoustic Doppler Current 
Profiler) and hydrophones. Although seismometers and tsunami pressure gauges attract 
most attention with respect to warning against earthquakes and tsunamis, some significant 
phenomena associated with earthquakes, e.g. mudflows or the fluctuations of water 
current that indicated the direction of tsunami propagation, were observed with the other 
sensors. Those direct observational results are important findings to understand dynamics 
in deep sea in time of earthquakes and evolution of the crust. 

Keywords: Cabled observatories, multidisciplinary observation, earthquakes. tsunamis, 
mudflows
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1. INTRODUCTION

Japan is surrounded by ocean on all sides and not so far from the coasts there are 
several trenches and troughs which are the plate boundaries where the oceanic plates are 
submerging beneath Japan. Tsunamis caused by the large earthquakes triggered by plate 
subduction in those areas struck the coastal area repeatedly. Some of those are incredibly 
destructive like the one accompanying the “Off the Pacific Coast of Tohoku Earthquake” 
of magnitude 9.0 in JMA (Japan Meteorological Agency) scale occurred on March 11th 
2011. 

Compressive stress that is caused by the converging plates triggers large earthquakes 
not only in the ocean but also on land repeatedly. Some of them are also destructive 
because those earthquakes occur just below the land surface like the “Southern Hyogo 
Prefecture Earthquake” of JMA magnitude 7.3 that struck Kobe city in the early morning 
on January 17th in 1995. 

Meanwhile, JAMSTEC (Japan Agency for Marine-Earth Science and Technology) 
deployed the first multidisciplinary cabled observatory at a depth of 1175m about 7 km 
southeast off Hatsushima Island in western part of Sagami Bay, central Japan in 1993 [1], 
which was fully replaced in 2000 [2]. The place where the observatory is located is known 
as a cold seepage site that feeds large chemo-synthetic biological communities, which are 
mainly consisted of Vesicomyid clams (Calyptogena). The place also faces earthquake 
swarm area around the seashore of Izu Peninsula at the westernmost end of the Sagami 
Bay, in which a submarine volcano erupted in 1989. The main purpose of the observatory 
was to investigate environmental fluctuation or phenomena of the cold seepage site on 
deep seafloor related to those earthquakes or crustal deformation through real-time long-
term multidisciplinary observation with several kinds of sensors, e.g. video camera, 
seismometer, hydrophone, CTD (Conductivity, Temperature and Depth of water), current 
meter and so on. 

After the “Southern Hyogo Prefecture Earthquake” in 1995, the Japanese government 
accelerated to reinforce earthquake observation and, as contribution to this, in order to 
observe earthquakes and tsunamis nearer to the plate subduction zones in the ocean than to 
observe on land, JAMSTEC deployed the cabled observatories off Cape Muroto in Kochi 
Prefecture in Nankai Trough region southwest Japan in 1997 [3], off Kushiro-Tokachi in 
Hokkaido Prefecture in Kuril Trench region northeast Japan in 1999 [4], and DONET 
(Dense Oceanfloor Network System for Earthquakes and Tsunamis) at Kumanonada in 
Nankai Trough region in 2011 [5]. The locations of those observatories and off 
Hatsushima Island observatory along with the epicentre of the “Off the Pacific Coast of 
Tohoku Earthquake” are shown in Fig. 1. 

The main mission of those three cabled observatories deployed after 1997 is to detect 
earthquakes and tsunamis with seismometers and tsunami pressure gauges attached to 
several places of cables. In addition, multidisciplinary deep seafloor observation with 
several kinds of sensors like off Hatsushima Island observatory is intended at the cable 
end station attached to both off Cape Muroto observatory and off Kushiro-Tokachi 
observatory. 

In the context of warning against earthquakes and tsunamis, the seismometers and the 
tsunami pressure gauges, which directly detect those signals earlier than the seismometers 
on land or the tide gauges at the coasts do, play most important parts and attract most 
attention. However, some significant phenomena associated with earthquakes that 
occurred on the seafloor were observed with the other sensors. 
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In this paper, focusing on underwater acoustic research, some outcomes obtained 
through the multidisciplinary long-term observation with JAMSTEC cabled observatories 
will be described. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: Location of JAMSTEC cabled observatories and the epicentre of “Off the 
Pacific Coast of Tohoku Earthquake” on March 17th 2011. 

 (a) off Hatsushima Island in Sagami Bay observatory, (b) off Cape Muroto 
observatory, (c) off Kushiro-Tokachi observatory, (d) DONET. 

2. UNDERWATER ACOUSTIC SENSORS OF THE OBSERVATORIES 

In the aspect of observing underwater acoustic signal of ultra low frequency like 
tsunamis, a tsunami pressure gauge, which detects pressure fluctuation by measuring 
oscillating frequency of crystal oscillator, would be one of the acoustic sensors. The 
tsunami pressure gauges are attached to all four observatories. 

For the passive observation of underwater acoustic signal, hydrophones are utilized at 
those observatories except at off Cape Muroto observatory. 

As an active sensor utilizing underwater acoustic signals to measure vertical profile of 
water current velocities in a water column, ADCP (Acoustic Doppler Current Profiler) is 
attached to those observatories except DONET. 

3. OBSERVATION OF OFF THE PACIFIC COAST OF TOHOKU 
EARTHQUAKE IN 2011 

The “Off the Pacific Coast of Tohoku Earthquake” occurred at 14:46 JST (Japan 
Standard Time) on March 11th 2011. Incredibly large tsunamis destroyed vast area along 
the Pacific coast in northeast Japan. Tsunamis caused by the earthquake were observed at 
all those observatories. At the cable end station of off Kushiro-Tokachi observatory and at 
off Hatsushima Island observatory, the fluctuations of water current associated with the 
tsunamis were detected [6].  They are usually very small to be detected in deep sea even 
when moderately large tsunamis are detected at tide gage stations on shore, since the 
fluctuations associated with the other oceanic phenomena, such as tides, are usually much 
larger than those associated with the tsunamis and the latter is hidden among the former. 
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At the cable end station of off Kushiro-Tokachi observatory, which is located at a depth 
of 2540 m about 415 km north of the epicentre, the water current velocity is observed with 
both electro-magnetic current meter and ADCP. However, there are some problems. The 
current velocity data obtained with the electro-magnetic current meter have some offset 
which is considered to be caused by some problem in electric circuit or to be associated 
with electrical interference among sensors of the observatory. Nevertheless, it is possible 
to remove those offset with the calibration by comparing these current velocity data with 
those in the bottom layer of ADCP [7]. On the other hand, the rush current which is 
generated when the ADCP works cause noises in the data of the electro-magnetic current 
meter and the hydrophones. For the purpose of reducing those noises, the sampling 
interval of the ADCP data is set to 30 minutes. The calibration of the electro-magnetic 
current data with the bottom layer data of ADCP was done every 30 minute that is the 
sampling interval of ADCP data. The electro-magnetic current meter data used for 
calibration, the sampling rate of which was 2 Hz, were derived by averaging 20 seconds 
each in noiseless part of the raw data just before and after the noise caused by ADCP. 

After the calibration, in order to reduce dispersion, 1-minute moving average was made 
on the calibrated 2 Hz data. The moving average was done for east-west element and 
north-south element of the current velocity respectively, and then the current velocity and 
the current direction were calculated from those averaged elements. In addition, in order to 
reduce the background current velocity mainly associated with tides, the difference 
between the 1-minute averaged data and 3-hour moving averaged data, which was done in 
the same manner as with the 1-minute average, was calculated.  Fig. 2 shows the profiles 
of the pressure data of CTD at the cable end station and the result of the above processed 
current data (current velocity and current direction). The pressure data were also processed 
in the same manner in order to reduce background fluctuation. It is clear that the current 
direction became north and the current velocity increased up to about 1.8 cm/s when the 
pressure increased, i.e. when the tsunami arrived at the cable-end station. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.2: 1-hour profiles of the water pressure observed with CTD, horizontal current 
velocity and current direction observed with the electro-magnetic current meter at the 
cable end station of the Kushiro-Tokachi observatory. The background fluctuations in 
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both pressure and current data, mainly associated with tides, were reduced through the 
process described in the text. 

 
According to the long wave approximation of wave in water, the current velocity of the 

water column, i.e. the particle velocity of water can be derived by the following equation. 
 
Current velocity: V  =                  (1), 

where h is wave height, g is gravitational acceleration and D is water depth. In this case it 
was 4 cm/s that is consistent with the above result (1.8 cm/s) in the order of magnitude. 

At the off Hatsushima Island observatory, the water current was observed only with 
ADCP with sampling interval of 1 minute. The rush current problem like the off Kushiro-
Tokachi observatory case was eliminated before the deployment in 2000. Fig. 3 shows the 
difference between 1-minute raw data and 3-hour moving averaged data of the pressure 
and the horizontal current at the bottom layer of ADCP at the earthquake, which were 
done in order to reduce background fluctuation other than tsunami in the same manner as 
was done to obtain the result in Fig. 2. However, the obtained current data in Fig. 3 are too 
dispersive for the recognition of the current fluctuation associated with the tsunami. Since 
the possible minimum setting of the sampling interval of the ADCP is 1 minute, averaging 
in time domain less than 1 minute in order to reduce dispersion is not possible. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.3: 6-hour profiles of the difference between the 1-minute moving-averaged data 
and 3-hour moving averaged data of the pressure (top), and the difference between 1-
minute raw data and 3-hour moving averaged data of the horizontal current (middle: 

current velocity, bottom: current direction) at the bottom layer of ADCP at off Hatsushima 
Island observatory. 

 Incidentally, in the long wave approximation of wave in water, the current velocity is 
assumed to be constant throughout the water column. According to this assumption, in 
order to obtain averaged current velocity in space domain, instead of time domain, near 
the bottom part of the water column, each element of the current velocities of bottom 10 
layers ranging from 12 m to 84 m in height from the ocean bottom was averaged. Fig. 4 
shows this 10-layer averaged profile.  It is clear that current direction became northeast 
and the current velocity increased up to 4 cm/s when the pressure increased and that the 
current direction became southwest when the pressure decreased. The fluctuation of the 
current direction would probably reflect the topography of Sagami Bay. The current 

gh
D
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velocity estimated with water height of the tsunami according to the long wave 
approximation formula (1) was about 6 cm/s, which is also consistent with the result in 
Fig. 4 (4 cm/s) in the order of magnitude.  Space domain average in ADCP data would be 
the effective way to detect the fluctuation of water current associated with the tsunami in 
those dispersive data. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.4: 6-hour profiles of the pressure (top, the same in Fig. 3) and ADCP bottom 10-
layer averaged current velocity (middle) and current direction (bottom) at off Hatsushima 

Island observatory. 

4. OBSERVATION OF STRONG BOTTOM WATER CURRENT AND 
MUDFLOW ASSOCIATED WITG EARTHQUAKES 

At 04:50 JST on September 26th 2003, the “Off Tokachi Earthquake” of JMA 
magnitude 8.0 occurred in the vicinity of the cable end station of the off Kushiro-Tokachi 
observatory (Fig. 5 left). About 2 hours after the main shock, strong bottom water current 
up to about 1.5 m/s was observed with the electro-magnetic current meter (Fig. 5 right) 
through the calibration of the water current data to eliminate the offset that was done in the 
same manner as was mentioned in chapter 3 [7]. 

 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.5: Location of the cable end station of off Kushiro-Tokachi observatory and the 
epicentre of “Off Tokachi Earthquake” (left), and 1-day profile of strong bottom water 
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current associated with the earthquake observed with the electro-magnetic current meter 
at the cable end station (right). 

Unfortunately, since the ADCP data began to contain errors at 12:30 JST because of the 
communication error probably caused by the contact failure of the cable at the serial port 
of the PC which received them at the shore station, the data after 12:30 JST could not be 
read with the application software. Recently, however, one of the authors analyzed the 
broken data file in detail and was successful to recover the current velocity data of the 
period until 05:00 JST on September 30th, 4 days after the earthquake. 

Fig. 6 shows the profiles of horizontal and vertical current velocities and relative echo 
intensity of the recovered ADCP data.  Although some part of the echo intensity data 
contains unrecoverable error, the vertical structure of strong bottom water current, or 
turbidity current, e.g. southward strong current falling down the slope in bottom layer and 
northward reverse current in upper layer, was observed. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.6: Profiles of horizontal and vertical current velocities and relative echo intensity 
of recovered ADCP data observed at the cable end station of off Kushiro-Tokachi 

observatory (Sep. 26th - 30th, 2003), including the strong bottom current associated with 
“Off Tokachi Earthquake”. 

At off Hatsushima Island observatory, mudflows associated with large earthquakes 
have been observed with video cameras in March 1997, April and May 1998 and April 
2006. At the event in 2006, the current and echo intensity profiles were obtained with 
ADCP, although the current velocities of those events were not as large as those 
associated with “Off Tokachi Earthquake”. In addition, at some of those events, the sound 
of rocks or pebbles falling down the slope with bottom current could be heard in the 
hydrophone signal recorded in the soundtracks of videotapes [8]. 
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5. CONCLUDING REMARKS 

Not only earthquakes or tsunamis but also some significant episodic environmental 
events associated with them have been observed with the deep seafloor multidisciplinary 
cabled observatories of JAMSTEC around Japan. Turbidity currents or submarine 
landslides associated with earthquakes have repeatedly destroyed submarine 
communication cable systems and it is pointed out that some tsunamis were generated by 
landslide. However, those phenomena and dynamics have generally been inferred from 
geological findings or experiments or indirect observations, and direct observation is rare. 
The findings based on direct observation with the multidisciplinary cabled observatories 
are important keys not only for mitigation or alert against earthquakes and tsunamis but 
also for investigation of the dynamics or the evolution of the crust. 
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Abstract: When the Tohoku earthquake occurred on 11th March 2011, most of the ports 
and towns in Tohoku prefecture attacked by tsunami were injured enormously. On the 
other hand, the new tsunami barrier project has started since 2006 to build at Port of 
Wakayama Shimozu where Japanese government predicts that the large earthquake will 
occur, named the Tonankai-Jishin. The barrier will close the opening of the break water 
of the port only when the tsunami is alerted. Method of the barrier is that a steel cylinder 
set in the steel barrel which is 30m in length under the seabed about 13m water depth 
comes up on the sea by inflated air from compressor. This cylinder and barrel systems are 
built over 70 sets underwater among the opening of the break water. We need to confirm 
precision by measuring the diameter and circularity of the barrel for the inner cylinder 
moving well after construction. However, it is difficult to measure them precisely under 
water. Against this background, we tried to develop the measuring system. The system 
consists of three units. (1) An underwater winch that hangs down and up the sensing unit 
controlled remotely from the ship. (2) The sensing unit includes both an acoustical range 
finder and laser range finder. Inclinometers are also installed. The two rangefinders are 
rotated about 360 degree, and the sensors are set on the arm about 30cm distance from 
the inner wall of the barrel. (3) The controller and the data logger of the system set on the 
ship board. We have actuary measured 3 barrels at the site of the port of Wakayama 
Shimozu in January 2013, and obtained precise data, with an accuracy of 1 – 2 mm. We 
are now planning to improve the system for the construction and inspection of this project. 

Keywords: tsunami barrier, underwater measuring, acoustical range finder 
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1. INTRODUCTION

For a long time securing safety of port and harbour from tsunami is important technical 
issue in Japan. It has been said that major earthquakes are anticipated in Tonankai-Nankai 
area in high probability, they has considered countermeasure against the tsunami. 
Unfortunately, the earthquake hit Tohoku region and the massive tsunami caused 
tremendous catastrophe in Tohoku region and Tsunami barriers in Kamaishi port was 
damaged on 11th March, 2011.  

As a technical countermeasure against the tsunami, moving gate system among opening 
of the breakwater has been proposed. It closes the opening of the breakwater only when 
alert of tsunami is raised. The moving gate type tsunami barrier is now built as trial for 
realization at port of Wakayama Shimozu.  The system requests precision of structure 
under the sea bottom after construction because of its moving mechanism. Therefore, the 
shape of the structure, the steel barrels, must be measured precisely under the sea after 
construction.  

For that reason, we have tried to build up the underwater remote control measuring 
system for checking the barrel shape. The system holds range finder sensors at minimum 
distance from inner wall of the steel barrel for precise measurement, and the system is 
controlled from the ship on the sea without a diver underwater during measuring. One of 
the sensors of range finders is acoustic method, and another is laser method. These two 
sensors measure at the same time for doubling data and securing redundancy of 
measuring. We have tested it in large tank with large scale model of the barrel, and 
measured at the site of port Wakayama Shimozu. The data has been used for checking the 
trial three barrels of the tsunami barrier system. 

2. THE MOVING GATE TYPE TSUNAMI BARRIER  

The moving gate type 
tsunami barrier has been 
constructed among the opening 
of the breakwater at port of 
Wakayama Shimozu as trial in 
2012-2013. It is the first 
structure in the world as barrier 
floating up from the seabed 
against tsunami only when the 
tsunami arrival [1] (Fig.1). 

The structure and mechanism 
of the barrier are simple. A steel 
cylinder and a steel barrel is a 
pair of the mechanism for 
moving.  

Fig.1: Moving gate system of the New Tsunami Barrier.  
 

The hollow cylinder is made to float by air and the barrel holds the cylinder under the 
bottom. At normal time, the cylinder is held in the barrel under the bottom in order to 
ships pass through.  When an alert of tsunami is raised, air is transferred into the cylinder 

1st International Conference and Exhibition on Underwater Acoustics

1076



 

through the hose to float up it above the water 7.5m height from the bottom in -13m depth, 
it moves 20.5m height from the bottom (fig. 2). However, if the cylinder holder barrel gets 
distorted or is inclined by construction, the cylinder will be stick.  

 

 
Fig.2: Mechanism of the floating up cylinder and barrel system and construction. 

 
Each slit of the neighbouring cylinders will become aisle for tsunami so the trial project 

design team sets the precision of the barrel as circularity error within 1% of its diameter. 
The precision for incline is set within 1/300. And it is our mission to measure the barrel 
(its diameter is 3000mm, length is 29m) precision from -13m to over -40m in depth and to 
check the circularity and distortion at arbitrary section. 

3. DEVELOPED MEASURING SYSTEM FOR THE MOVING GATE TYPE 
TSUNAMI BARRIER

It is necessary to obtain three measurements,“1. Depth of Measuring Point”,“2. Distance 
from the wall”,“3. Direction of Measuring Point” in order to form the section shape 
precisely (Fig.3). The measuring unit mainly consists of the underwater winch and the 
measuring trolley. The control unit on the boat controls all the system and saves data from 
a microcomputer in the measuring trolley through the cable. 

“1. Depth of Measuring Point”; depth data is gained from an encoder counting number of 
rotations installed on the wire drum of winch. Two hydraulic gages, one is on the winch 
and another is on the trolley, are prepared as auxiliary sensor. 

“2. Distance from the wall”; regularly the acoustic sensor is used because of turbid water, 
and laser range finder is prepared as auxiliary sensor. 

“3. Direction of Measuring Point”; an encoder attached to axis of the arm counts rotation. 
Information of several sensors is corrected and integrated on the microcomputer in a 

pressure tight case and uploaded to the computer on the boat through the cable wound on 
winch drum. We can control this system from the boat by sending command sequentially 
through the cable. If we make the command lines data and send it, the system will perform 
sequentially as the automatic controlled equipment.  

The trolley is hung up and down with 2 strings from the winch. Significant components 
of the trolley are the pressure tight case installed several sensors and control units and the 
rotational arm with the acoustic sensor, the laser sensor, a light and a movie cam. The 
trolley’s dry weight is about 200 kg, and in water is about 70 kg. Eight wheels are attached 
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to each suspension arm mounted on the trolley. All wheels have a spring suspension and 
they stroke in pairs mounted diagonal each other by mechanical coordination. The trolley 
is always held in centre of the barrel by the suspension system. 

The sensors installed in the trolley are an inclinometer, a gyro compass and the 
hydraulic pressure gage. Each sensor works to gain data about attitude, azimuth and depth 
of the trolley. Two rangefinder sensors for measuring distance from the wall of the barrel 
are attached to the rotational arm which rotates about 360 degree and they can draw out 
the shape of the barrel’s section.  

The underwater winch set on the top of the barrel hangs the trolley up and down. 
Another drum for cable combined with power line and transmission one is installed in the 
winch. The wire drum and the cable drum are rotated sequentially therefore 2 wire strings 
and the combined cable are rolled up and down by remotely or automated control. 
 
 

 
 

Fig.3: Components and sequence of the developed remote control measuring system. 

4. SENSORS

4.1. Acoustic sensor 

The measuring system of the acoustic 
sensor consists of transducer, a pulsar-
receivers and a data processor. The 
transducer (Fig.4) attached to the rotational 
arm mounted on the bottom of the trolley 
works through the turbid sea water at 
maximum -50m in depth. The pulsar-receiver 
and the data processor are installed in the 
pressure tight case. To avoid electrical noise, 
we select a battery for the acoustic sensor. 
Wave profiles are logged by each measuring 
in order to check if the data is wrong or good. 

Fig.4: Acoustic transducer and correction board. 
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Specifications of the acoustic sensor are; 
 
Operating condition 
    Maximum -50m in depth, turbid seawater 
    Range of distance from transducer to object is 650mm-850mm 
    Maximum continuous measuring term is 7 hours 
Features 
     1 MHz / 1.8 degree operating frequency 
     Precision is less than 3mm by offset of sonic speed 
     Burst waveform transmitted (vary any wavenumber) 
     Power source: a battery for the pulsar-receiver, data processor shares the PC battery 
Data transmitting 

          Only estimated distance data by the microcomputer is transmitted to the PC on the 
boat by each measuring. 

          Raw data of wave profiles is logged on the PC installed in the pressure tight case. 
 
     Calculation procedure for estimating distance is considered influences of sonic speed in 
acoustic matching layer, delay of the initial rise of pulse and delay of the electric circuit 
signal. The influence of them is corrected with measured time of sonic pulse traveling 
from the transducer to the correction board and to the wall of the barrel. 

4.2. Laser range finder 

    A laser range finder is adopted as an 
auxiliary of measuring distance to the wall of 
the barrel. OPTEX FA CD-W500 is model of 
the sensor and it is installed in a pressure tight 
case specially made for use at -50m in water 
depth (Fig.5). The product is made for use in 
dry situation. It cannot be used unless 
measured data is corrected by calibration data 
because precision of laser range finder will be 
influenced by relative index difference 
between water and air. 
 

Specifications of the laser range finder are; 
  Fig. 5: Laser range finder.

    Output: under 5mmW, CLASS 3R 
    Wavelength: 658nm, red laser 
    Precision: 10 m (the product’s original specification in the air) 
                     2mm (actual measured value underwater in the tank) 
    Power source: supplied by cable from the generator on the boat 
 

     The product measures distance with triangulation method. We need reflective index of 
water at the site for correcting measured distance. We measured distance to the calibration 
plate in water. The distance from the sensor to the plate is given and it enables to calculate  
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the reflective index of water ( ). By using (1), we can estimate the distance to the wall of 
the barrel. See Table 1 and Fig.6. 
 

Lt (Lm - La) + La (1) 
 

Lt: distance to the target (calibration board or the wall of the barrel) 
Lm: output value of the product measuring 
La: length from sensor to the pressure tight case glass window 

: reflective index of water 

Table 1: Definitions of each parameter for (1). 

 
 

 Fig.6: Definitions of each parameter for (9). 

5. TANK TEST  

The developed measuring system was tested in the large tank, “Simulation Tank for 
Underwater Working and Survey”, operated at Port and Airport Research Institute. A large 
scale measurement object model was built in the tank (Fig.7), and its diameter is as same 
as the barrel in port of Wakayama Shimozu. The model scale is 3000mm in outer 
diameter, 2910mm in inner diameter and 3m in height. At the inner wall, 3 pieces of 
steel plates, 3.2mm, 6mm and 9mm in thickness were attached. 

The arm of the distance sensors attached rotated at about 1 rpm velocity. The acoustic 
sensor measured a time in 0.5 seconds and the laser range finder measured a time or more 
in 0.1 seconds. They can be translated that the acoustic sensor measured distance by 3 
degree, and the laser range finder did by 0.5 degree. They can be compared with Fig.7. It 
can be said that the results of two methods for measuring distance to the wall of the barrel 
is similar and we can select both of them for checking the quality of barrel section shape.  

They requested that if they could judge whether their works was good or bad at the 
site, they would be able to prepare immediately to cope with next construction or repair 
works. We introduced the request to user interface of the measuring system, so that they 
can see the section image being measured at once on the PC monitor on the boat.  Fig.7 
shows 3 circles, the largest circle is maximum allowed diameter of the barrel, 1455mm 
plus 15mm, and the smallest circle is minimum allowed diameter, 1455mm minus 15mm. 
Measured circle line is drawn on these back scale in augmented scale and they can 
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compare the measuring data with the concentric circles at a glance. The results (Fig.7) 
show that three test plates and inner wall shape were measured precisely with both the 
acoustic sensor and the laser range finder. 

 

 
Fig.7: Model of the barrel and result of the tank test; Display of measuring data. 

6. MEASURING ON THE SEA

The mission of the measuring 3 barrels at the 
site of port of Wakayama Shimozu was carried out 
from 11th to 12th January 2013. All barrels were 
measured their section shape by 1m. Fig.8 shows 
setting of the measuring system. The system was 
hung down into the sea and was set on the top of the 
barrel under the sea. Of course all units except the 
control unit on the boat worked underwater.  

Between the acoustic data and the laser range 
finder data, we could not find significant gap and 
problem. However, laser range finder sometimes 
lost data because of flocks and turbidity. The loss 
ratio of the laser range finder was from about 0.7% 
to 14.2 % more (Fig.9). Therefore, only the acoustic 
sensor data was used for precise analysis. 

 
 

Fig.8: In-Situ measuring  

    After off line analysis, centre locations by measured sections were to be corrected. 
Though the trolley is to be centred by 8 suspensions and wheels on arms, the wall may not 
be complete circular shape so measured centre position should be estimated by each 
section in order to check precisely. The purpose of the measurement is to judge finally 
whether the barrel will be able to let the cylinder slide into its body without any contacts. 
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And the judgement will be done from the value of the minimum and the maximum 
diameter of measured sections of the barrel. 
 

7. CONCLUSION  

   The underwater remote 
control measuring system has 
been developed for measuring 
the shape and diameter of the 
barrel sections precisely. The 
remote control system enables 
us to measure 3 barrels from -
40m up to -10m in depth within 
2 daytimes from the boat on the 
sea. And we could estimate the 
under structure’s soundness 
from the measured precise data. 
The upper structure, the 
cylinders are slipped in the 
barrels and they floated up to 
the sea by only air in this April, 
2013. The construction skill and 
technology of the project will be 
requested to be in high level 
because the measurement shows 
allowance range of the structure 
is narrow. 

 
                                                 Fig.9: samples of measurement results. 

Upper fig. is 0.7%, lower fig. is 14.2% loss with laser.  
 
 The developed measuring system is requested that its performance on the sea is to be 

simpler and the trolley is to be downsizing. We are now planning to improve the system 
forward to the new tsunami barrier project.  
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Abstract: Early detection and warning system of tsunami becomes more and more 
important after the off Tohoku earthquake. Practical tsunami monitoring buoys already 
exist like the DART system, which was developed by NOAA, and those systems are 
working in several seas. But those cannot moor in the strong ocean current area. And 
Kuroshio, which is famous ocean current as one of the fastest current in the world, is 
flowing through near the shore of Japan. A slack mooring system is required at such fast 
ocean current area to be not drawn into a flow. JAMSTEC already has developed a slack 
mooring buoy system for fast ocean current area, which is named m-TRITON. We applied 
this system for the new buoy system. High accurate water pressure sensor is used for 
detecting tsunamis. It is deploy on the sea bottom as a bottom station, which is separate 
from a surface buoy as same as other tsunami monitoring systems. An acoustic telemetry 
system is required for data transmission of water pressure from a bottom station to 
surface buoy. Because our system adopts a slack mooring method, a surface buoy is 
drifting wide area around mooring point. Its radius is almost 1.3 times of water depth. So, 
it is necessary to consider a beam width of a transducer must be wide over 50 degrees. In 
addition, it is necessary for the buoy system to moor the long term of around two years by 
considering its running cost. Therefore, it is important that the system is developed as a 
low power consumption system. In consideration of these things, we started to 
development of low power consumption acoustic telemetry system. As a first step, the 
basic transmission test was achieved. We introduce the specification of the new buoy 
system, and report a preliminary result of the sea trial. 

Keywords: tsunami, slack mooring, acoustic data transmission 
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1. INTRODUCTION

After the off Tohoku earthquake at March 11th 2011, there are many demands for 
tsunami warning system, which can be detected the tsunami as early as possible. 
JAMSTEC has been started to develop a tsunami warning buoy system immediately after 
the earthquake. 

Practical tsunami monitoring buoys already exist like the DART system [1]. Those 
systems are designed for normal ocean current area. But Kuroshio, which is famous ocean 
current as one of the fastest current in the world, is flowing through near the shore of 
Japan. A slack mooring system is required at such fast ocean current area to be not drawn 
into a flow. JAMSTEC already has developed a slack mooring buoy system for fast ocean 
current area, which is named m-TRITON [2]. It has approximately 1.3 of scope ratio. To 
moor at strong Kuroshio current area, small modification was adopted to the m-TRITON 
buoy system. Actually, surface buoy is modified to bigger diameter, and scope ratio is 
modified to approximately 1.6. Furthermore, to detect crustal deformation, we combine 
GPS/Acoustic station with six GPS/A seafloor transponders. 

In this paper, the concept of the new buoy system of early detection and warning of 
tsunami is represented. As a first step, the basic transmission test was achieved at off 
Ibaraki, Japan. The water depth was approximately 4,000 m. Transmission range was 
approximately 4,300 m. The result of this acoustic experiment is also described. 

2. OVERVIEW OF THE TSUNAMI BUOY SYSTEM 

Tension mooring surface buoy usually becomes big size for keeping freeboard. This 
size becomes bigger and bigger as ocean current becomes faster and faster. The m-
TRITON system reduces the buoyancy by adapting slack mooring system. Because 
Kuroshio is flowing though Japan coast, the system must adopt slack mooring system for 
being able to keep freeboard in reasonable size of surface float. 

Fig.1 shows the first experimental system of tsunami warning buoy. The surface buoy 
is modified m-TRITON buoy, which is contained a controller, a data logger, battery units, 
three kind of satellite antenna, a GPS/A station and solar panels. Scope ratio of buoy 
system is 1.61, and weight of anchor is 6 ton for keeping its free board in 5.5 knot of 
estimated maximum current speed of Kuroshio. 

Iridium satellite system is used for data communication between the buoy and a land 
station. And a engineering test satellite “Kiku No.8” is also used for the data transmission 
to it in real time to keep the redundancy. In addition, we have a plan to observe of sea 
surface height in real time using a quasi-zenith satellite “Michibiki”. The observation 
using a technique of a precise point positioning (PPP) estimates the position with accuracy 
of approximately 10 cm. 

GPS/A system also planned to detect crustal deformation. In the off Tohoku 
earthquake, seafloor was moved several tens meters horizontal direction. When system has 
only water pressure sensor, vertical moving would be detected. But, when the system 
combines with GPS/A system, horizontal moving also be detected and measured. The 
GPS/A transponders are installed in three places of a triangular vertex and in three places 
of the middle point of each side. GPS/A station are installed bottom of the surface buoy, 
which is offset from centre shaft for avoiding acoustic interference. 
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Fig.1: The first experimental system of tsunami warning buoy. 
Acoustic communication system is using as transmit pressure data from pressure seafloor 

station to wire-end station. 

Bottom station
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High accurate water pressure sensor is used for detecting tsunamis. It is deploy on the 
sea bottom as a bottom station, which is separate from a surface buoy as same as other 
tsunami monitoring systems. An acoustic telemetry system is required for data 
transmission of water pressure from a bottom station to surface buoy. Because our system 
adopts a slack mooring method, a surface buoy is drifting wide area around mooring point. 
The scope ratio is 1.61. Its radius is almost 1.3 times of water depth. So, it is necessary to 
consider a beam width of a transducer must be wide over +/-50 degrees. And also it is 
necessary to consider the water depth of deployment area is 3,000 – 7,000 m. The m-
TRITON buoy has an inductive modem system using polyethylene jacketed wire rope. If a 
buoy receiver unit is installing bottom of the wire rope (about 1,000 m deep), sea surface 
noise would be reduced at the receiver rather than it is placed right under the surface buoy. 
We call it “wire-end station”. In addition, it is necessary for the buoy system to moor the 
long term of around two years by considering its running cost, which is including ship 
time for deploying and recovering. Therefore, it is important that the system is developed 
as a low power consumption system. 

3. ACOUSTIC DATA TRANSMISSION UNIT 

For transmitting water pressure data, an acoustic communication system is used 
between the bottom station and the wire-end station. New buoy system is a slack mooring 
system. The surface buoy is moving around its anchor point. 

The acoustic transmission unit has two modes of transmission, “normal mode” and 
“tsunami mode”. In normal mode, water pressure data is sent every 1 minute for saving 
battery. And in tsunami mode, water pressure data is sent every 15 sec. When the bottom 
station detects tsunami, the pressure sensor logger adds the flag symbol of tsunami to 
water pressure data packet. The acoustic transmission unit goes to tsunami mode by this 
flag. And once received flag symbol of tsunami, the acoustic transmission unit keep 
tsunami mode in 6 hours. 

In consideration of this buoy is a slack mooring system, we started to development of 
low power consumption acoustic telemetry system. Because the beam width of a 
transducer is required over +/- 50 degrees, we choose ITC 3148F as a transducer. 
Actually, the beam width of ITC 3148F is almost +/- 90 degrees. Therefore, its directivity 
gain is low, and the system needs high power consumption by common digital data 
transmission method. To reduce its transmitting power consumption, the pulse 
transmission system is considering for transmitting water pressure data.  

The acoustic modulation method is like as follows and Fig.2. The water pressure is 
represented as time difference of two pulses, which is called “pulse interval modulation”. 
Required water pressure resolution is 0.2 hPa by seismologist. And required minimum 
data interval is 15 sec in tsunami mode. Therefore, all range of water pressure cannot 
represent in 15 sec by 0.2 hPa of resolution. Then, to transmit difference between real 
pressure and base pressure adopted this transmission. Firstly, base water pressure is 
defined and shared by the bottom station and the wire-end station. Then, transmit only 
difference. Transmission range is assigned “base pressure +/- 800 hPa” as 200 ms to 8,200 
ms of interval of double pulse. In this setting, the resolution of time difference is 2 ms and 
the resolution of water pressure is 0.2 hPa. For example, when base pressure set to 
500,000 hPa, the case of an interval of double pulse as 200 ms means 500,000.0 hPa, the 
case of an interval of double pulse as 1,000 ms means 500,160.0 hPa. Each pulse is 10 ms 
chirp pulse (sweep frequency is between 13.5 and 15.5 kHz). By using only two short 
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pulses for transmission, required transmission power is approximately 0.02 Wh in tsunami 
mode. The first pulse of a pulse pair is up chirp pulse, and the second pulse is down chirp 
pulse. Correlation detection method at wire-end station can be used for improving time 
resolution of detection. 

10ms 10ms10ms 10ms

Interval of double pulse : 200ms Interval of double pulse : 1,000ms

Interval of pulse pair : 15sec  

Fig.2: Pulse interval modulation (tsunami mode). 
“Interval of double pulse” represents water pressure. 

Data transmission : every 15 sec (“Interval of pulse pair”) 

4. BASIC TRANSMISSION EXPERIMENT 

Before executing system experiment, the simple transmission experiments were carried 
out in 26-28/May/2012. The area of experiment was off Ibaraki prefecture, and the water 
depth was about 4,080 m. Fig.3 shows layout of the experiment. The bottom station was 
moored at near the sea bottom (Fig.4 left). The height of a transducer was approximately 3 
m. The buoy station, which was picked up the acoustic transceiver unit from wire-end 
station, was suspended to about 1,000 m deep from R/V MIRAI by wire rope (Fig.4 right). 
During measurement, R/V MIRAI was drifting around the bottom station in about 1 knot. 
Relation of the bottom station and the buoy station is shown in Fig.5. Slant range between 
them was approximately 4,230 – 4,420 m. In this experiment, to estimate accuracy of the 
demodulation data, same double pulse pair was transmitted repeatedly (fixed to 200, 500 
and 1,000 ms). 

Example result of received signal is shown in Fig.6. Top of Fig.6 shows time series 
signal. Pulses appear at about 4,274.2 s and 4,274.4 s. SNR is approximately 6 dB. Middle 
and bottom of Fig.6 show results of chirp correlation. Clear peaks are obtained of first 
pulse and second pulse respectively. Interval of double pulse was 199.58 ms in this case. 
Results of 20 minutes data are shown in Fig.7. Y-axis is interval of double pulse. The 
transmitted interval of double pulse was 200 ms. From Fig.7, there are three groups of 
interval of double pulse. It would need to optimize more about noise estimation. But it 
seems good enough for the condition of resolution, that is less than 1 ms. 
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Fig.3: Layout of experiment. 

   
Fig.4 Photos of a bottom station (left) and a buoy station (right). 

Yellow colored pressure canister is an acoustic receiver. 
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Fig.5  Track of the buoy station on 2012/May/27 10:10-16:10 (JST). 

Fig.6 Example of received signal (top) and correlation results. 
Middle: correlation results of first pulse, bottom: correlation results of second pulse. 
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Fig.7 Example of result of 27/May/2012 
Transmitted interval of double pulse: 200 ms, Interval of pulse pair: 15 sec 

5. CONCLUSION 

JAMSTEC, Touhoku Univ. and JAXA are jointly designing a new buoy system for 
early detection and warning of tsunami. Slack mooring, and combined GPS/A system are 
new items of this buoy system. Also, to reduce its power consumption, pulse interval 
modulation method is applied for acoustic data transmission system. Acoustic 
transmission test was carried out at 4,000 m depth area. And the first trial was started on 
10/Dec./2012 at off Kumano of about 3,000 m depth area, and recovered on 8/April/2013. 
Now, its data are under processing. 
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Abstract: After the Great East Japan Earthquake, several types of underwater surveys 
were conducted to get sea routes carrying emergency supplies, firstly. During the 
surveying, the first priority was determining the underwater conditions, since they were 
unknown. In particular, an underwater survey was conducted for subsequent recovery 
operations by using acoustic equipment, such as multi-beam SONAR and side-scanning 
SONAR.

By the way, it is well-known that underwater visualization technologies such as multi-
beam SONAR require post-processing. Our proposed application system, 4-DWISS, can 
show three-dimensional and four-dimensional real-time underwater acoustic images and 
convert acoustic data into survey data. 4-DWISS can display arbitrarily-rotated three-
dimensional images (birds-eye view), and provide a front-view, side-view and top-view. 
The system uses a frequency-controlled beam steering method in order to transmit and 
receive signals. The system has two components, one for underwater use and one for use 
on land. For underwater operations, the system mainly comprises transmitters, an 
acoustic lens and a receiver array, and has functions that include transmitting and 
receiving sounds, amplifying received signals, and adjusting the acoustic lens position. 
For on-land operations, the system mainly comprises computers, displays, function 
generators and amplifiers, and has functions that include controlling the underwater 
operational component and generating signal of its source. The acoustic source is a FM 
pulse whose frequency is between 0.5 to 1.0 MHz. The source beam width is 33 deg 
vertically and 0.5 deg horizontally. The reflected sounds from an object pass through the 
acoustic lens and then vertically converge at the array of 128 receivers. The receiver 
channels identifies the height position of a received sound. 

Keywords: four-dimensional imaging, surveying, acoustic lens
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1. INTRODUCTION

On March 11, 2011, a tsunami induced by an earthquake off the Pacific coast of the 
Tohoku region of Japan struck a region of Japan’s coastline running from Kanto to 
Hokkaido, causing massive damage. The major damage in coastal regions affected ports 
and other marine facilities, as well as installations related to the fishing industry. 
Therefore, in this paper, we focus on marine infrastructure facilities such as ports and 
harbors.

In the immediate aftermath of the earthquake, many underwater diagnostic technologies 
using acoustic underwater detection were used for purposes such as clearing waterways 
for freight vessels, surveying damage to structures, and conducting preliminary 
investigations for debris removal. Among these technologies, multi-beam sonar, which 
allows the visualization of a wide range of underwater territory within a short period of 
time, was particularly widely used; below we report an example of the use of this 
technique to survey earthquake damage immediately after the earthquake occurred. 

On the other hand, although the wide swath used by multi-beam sonar techniques offers 
the advantage of allowing wide-area visualization, it suffers from the drawback of 
requiring post-processing, which means it cannot be used to acquire real-time images of 
underwater regions [1]. An acoustic video camera [2] can display two-dimensional and 
real-time images. Its instance is excellent since the maximum frame speed is 20 fps, but it 
only provides narrow-view and top-view images. Therefore, consideration of supporting 
the operations that must be carried out by underwater divers in turbid waters or waters 
containing high concentrations of debris indicates a need for a real-time system for 
visualizing three-dimensional underwater regions in a way that resembles human visual 
perception. After that we called it Four-dimensional wide imaging and surveying SONAR 
(4-D WISS). This paper reports on 4-DWISS, a system we have developed to achieve 
these goals. 

2. UNDERWATER SURVEY AFTER THE DISASTER 

In regions of the Tohoku coastline, which suffered particularly severe tsunami damage, 
multi-beam sonar was used to survey the status of damage to marine infrastructure 
facilities and breakwaters. In view of the necessarily wide range to be covered by such 
surveys, range was segmented into multiple subregions by port, and survey companies 
from all across Japan in possession of multi-beam sonar were recruited to divide up the 
labor. Surveys were conducted over a period of approximately one month. The results of 
the surveys are said to have constituted extremely useful reference material to determine 
the scale of the damage and to estimate the cost of subsequent recovery and restoration 
efforts. 

Figure 1 presents one example of such a survey conducted on a breakwater at the north 
side of Kamaishi Port. This breakwater consists of concrete caissons piled atop a mound; 
the image reveals that the damage induced by the tsunami caused the concrete caissons to 
roll off the mound. In addition, the image reveals an accumulation of sand near the bottom 
of the mound, a piece of evidence that is useful in reconstructing the sequence of damage 
suffered by the breakwater.
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Fig. 1 An example of a narrow multi-beam SONAR measurement. 
Image courtesy of the Tohoku Regional Bureau of Japan’s Ministry of Land, Infrastructure, and Transport. 

3. FOUR-DIMENSIONAL UNDERWATER ACOUSTIC IMAGING SYSTEM 

3.1. Features 

The post-processing is an inescapable element to get underwater images via multi-beam 
SONAR. However, in many situations, it would clearly be desirable to be able to monitor 
underwater images in real-time on a boat; examples include reconnaissance inspections 
during the reopening of waterways and monitoring divers during underwater inspections. 
For purposes like these, a three-dimensional real-time spatial monitoring system 
resembling human visual perception is extremely useful. The authors have developed an 
underwater three-/four-dimensional real-time imaging SONAR system that is based on 
fundamental research [3-4]. The system uses a frequency-controlled beam steering method 
and is equipped with a novel acoustic lens system. Core features of the system include 1) 
the ability to view wide-angle and three-/four-dimensional images such as that of human 
vision, and 2) application of 1) during surveying [5-9]. 

The operating principles of this novel system, 4-DWISS, are illustrated in Figure 2. A 
fan-shaped ultrasonic wave (transmitted beam) is emitted by a transmitter. The ultrasonic 
wave reflected from the target passes through an acoustic lens and is collected by the 
upper surface of a receiver array. The transmitter is designed in a special way to ensure 
that it emits in particular directions depending on the frequency of the transmitted waves. 

Outside of the port 

Inside of the port 

Breakwater at the mouth of Kamaishi Port (north side)     Top view 

Elevation color
Datum plane:

Measured between March 31and April 2, and on April 
16, 2011 
Note: Tidal correction computed from predicted sea level 
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The acoustic lens divides the received acoustic waves into several directions on the two-
dimensional receiver array. The received signal thus contains both height position (number 
of ch.) and frequency information, which allows the reconstruction of two-dimensional 
planar images. By using propagation-time delays it is possible to overlay multiple images 
in the depth direction, thus achieving three-dimensional imaging capability. By repeatedly 
updating these images, a real-time three-dimensional imaging system is achieved. 

Figure 3 shows a system block diagram of 4-DWISS. The lower left and upper parts of 

Fig. 2 Operating principles of 4-DWISS 

Fig. 3 System block diagram of 4-DWISS. 
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the figure are the underwater and on-land operational components of 4-DWISS, 
respectively. The underwater component has functions that include transmitting and 
receiving sounds, amplifying received signals, and adjusting the acoustic lens. The on-land 
component has functions that include controlling the underwater component and 
generating signal of its source.

We now note some key implementation and performance statistics for 4-DWISS. The 
transmitted waves are FM pulses at frequencies in the range 500 kHz – 1 MHz. The 
transmit level is 210 dB. The beam width is 33 deg in both the vertical and horizontal 
directions, divided into 64 subdivisions in the horizontal direction and 128 subdivisions in 
the vertical direction. The sight range is 5 – 25 m. The smallest resolvable feature at a 
distance of 10 m is 5 cm (vertical), 10 cm (horizontal), and 13 cm (depth). The image 
update rate depends on the precise conditions but is the fastest rate at approximately 4 
flames per second. 

3.2. Field experiments

We conducted a lot of field experiments using 4-DWISS on a boat. Its underwater 
component was fixed to the boat side and its on-land operational component was set up on 
the cabin. Then this report shows three examples of these results. The first experiment is 
one-shot of 3-D movie for moving and static targets from the anchored boat.  The second 
one is mosaic video picture for huge static targets from the cruising boat.   The third one is 
a survey result for underwater construction by the post-processing of acoustic data, as 
same multi-beam SONAR.  

The first experiment; The first experiment is one-shot of 3-D movie for moving and 
static targets from the anchored boat. Figure 4 is one-shot of video image showing a diver 
moving through the water toward a structure, who was about 10 m in front of the boat 
from which the images were taken. Although the fine-grained motion of the diver’s hands 
and feet is not discernible, the diver’s exhaled breath is visible in the figure; moreover, it 
is possible to discern whether or not the diver is moving and the direction in which the 
diver is moving. In this case, the water had a transparency distance of approximately 1 m, 
and the diver was not able to find his own way through the water to the structure; instead, 
the diver needed to 

Fig. 4 An underwater diver performing tasks as visualized using 4-DWISS.

Bottom 

Structure Diver 
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receive constant updates on his own position from an attendant aboard the boat. This 
example indicates the possible applications of 4-DWISS for underwater security and for 
supporting the divers operations in which transparency or lighting distances are short. 

The second experiment is as follows: The second result is one-shot of mosaic video 
picture for huge static targets from the cruising boat. 4-DWISS on the boat went along the 
bridge side. Its speed was approximately 3 knot. Right side of Figure 5 shows a bridge leg 
of just the above-water portion of the object. Left side of Figure 5 shows an acoustic 
mosaic image of the target, which coloured in proportion to acoustic intensity. From the 
figure, the sacrificial anodes are clearly visible, and the truss structures correspond to the 
blueprint. In this case, the range between 4-DWISS and the bridge, pan angle, tilt angle, 
and the recording mode were approximately 15~30 m, 30 deg. 10 deg. and quadruple 
speed, respectively. Recorded acoustic data is corrected by synchronously measured 
position, direction and sway.

Fig.5 Left panel is underwater acoustic image of bridge leg, arrows point to sacrificial 
anodes on it. Right panel shows a bridge leg of just the above-water portion of the object. 

The third experiment is as follows: The third one is a survey result for underwater 
construction by the post-processing of acoustic data, as same multi-beam SONAR. In this 
case, the object was wave dissipating concrete blocks off the coast of a landfill. Right side 
of figure 6 is a photograph depicting the external appearance of just the above-water 
portion of the object; the below-water portion exhibits the same gradient all the way to its 
foundation. Images were taken from a distance of 10 – 15 m from the wave dissipating 
concrete block while traveling at 3 – 4 knots along the mound. The 4-DWISS apparatus 
was set at a common pan angle of 30 deg, and images were captured in 4  speed mode 
with one image each at tilt angles of 0, 15, and 30 deg. Left side of figure 7 was created by 
combining all three data sets using geographic imaging software after measurements were 
complete. Colors ranging from red to blue indicate lower to higher heights. This image 
allows visualization of the surface roughness of the wave dissipating concrete block, with 
the post-processing of acoustic data allowing more fine-grained resolution of the detailed 
configuration. Although not presented in this paper, the authors experimentally verified 
that height measurements in the normal direction of the mound successfully reproduced 
the correct data to within an error tolerance of ±3.0%. 

bridge leg 
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Fig.6 Left panel is ultrasonic image of the underwater portion of a landfill wave 
dissipating concrete block (post-processed). Right panel is the external appearance of just 
the above-water portion of the object.

4. SUMMARY

In the aftermath of the massive tsunami triggered by an earthquake off the Pacific coast 
of the Tohoku region of Japan, multi-beam SONAR was used for wide-area surveys of the 
damage to marine infrastructure facilities, primarily in the Tohoku region. We presented 
one example of the survey result using multi-beam SONAR. These surveys continue to be 
used to this day for purposes such as operational monitoring of structure restoration efforts 
and waterway safety verification. 

However, the divers operations in turbid waters require supporting systems capable of 
real-time three-dimensional underwater imaging in a way that resembles human visual 
perception. To this end, we introduced the 4-DWISS that we have developed and 
presented three examples of its use. 

Clearly one would hope to avoid such devastating damage in the first place, but failing 
this we hope that our system will be of use in surveying damage due to future disasters 
and for other purposes. 
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Abstract: Rapid Environmental Assessment (REA) platforms and techniques are currently 
under investigation within the CMRE Environmental Knowledge and Operational 
Effectiveness program. One of the objectives is to improve the measurement of the 
environment so as to reduce the uncertainty in sound-speed profiles and boundary 
conditions (surface and bottom) throughout an area of operations. This study employs a 
fast acoustic model to generate multiple signal excess calculations for many realistic 
perturbations of environmental input parameters. The sound speed profile perturbations 
are provided by ensemble realizations of an ocean circulation model. The resulting 
statistics allow for a quantitative assessment of the gain of conducting REA. Furthermore, 
the results may give sonar operators and planners a better idea of the relative merit in 
expending effort to reduce uncertainty in either sound-speed profile or boundary 
parameters. 

Keywords: Multistatic Tactical Planning Aid, MSTPA, Climatology, Oceanography, 
Uncertainty. 
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1. INTRODUCTION 

The Multistatic Tactical Planning Aid ([1]) is a tool currently in development at CMRE 
which may be used to model the performance of a given multistatic sensor network in 
terms of the probability of detection of a threat, the ability to hold a track, and whether 
such a track could be correctly classified. The tool considers the entire chain of events 
from an initial calculation of signal excess, the generation of a contact considering 
localisation errors, followed by the subsequent tracking and classification processes. The 
premise behind MSTPA is to model each part of the chain in relatively simple terms, 
while maintaining sufficient fidelity from signal excess to eventual classification. 

Recent advances within the core acoustic element of the model account for fully three 
dimensional temperature and salinity data (and by extension sound speed). The ability to 
generate a fast acoustic performance map over a scenario area which includes realistic 
bathymetry and fully range dependent temperature and salinity allows for a more detailed 
assessment of operational performance metrics. A tool such as MSTPA can account for as 
many discrete sound-speed profiles as can be measured over a scenario area, for instance 
by a number of distributed XBTs. Additionally the tool can infer such profiles from three 
dimensional measurements of temperature and salinity. Of course, no measurement device 
can cover an entire scenario area in both position and depth to obtain a true picture of the 
complex underwater environment. To address this shortfall, CMRE is currently employing 
under water gliders to make persistent measures of temperature and salinity over large 
areas at various depths due to the continuous diving and surfacing motion they employ. 
However, even this data does not cover all points in position and depth within a scenario 
area. Intelligent extrapolation of the glider measurements is required to provide estimated 
oceanographic information at all points within the water volume. In this respect, data 
assimilation in ocean circulation models, which produces an optimal dynamical 
interpolation in both space and time of the available observations and provides an 
associated uncertainty, represents one of the most sophisticated approaches. 

Further uncertainty arises from reflection loss and scattering strength at the surface and 
bottom boundaries. The MSTPA tool is able to model these effects through a number of 
methods, including analytic approximations as a function of environmental parameters - or 
an arbitrarily defined function in a look-up table. Uncertainty in these boundary 
parameters can occur due to the complexity of the physics and lack of real measured 
values. Secondly the interaction is strongly dependent on surface sea state and bottom type 
which will likely vary over the scenario area. In a similar fashion to that of sound speed 
measurements the surface and bottom parameters are likely measured at a few discrete 
locations within the area (if at all) - uncertainty must then arise due to the assumption that 
these parameters do not change.  

The purpose of this study is to investigate the impact of uncertainty in sound-speed 
profile and boundary parameters (surface and bottom) using the ARTEMIS model ([2]) 
employed within the MSTPA tool. The ARTEMIS model uses an incoherent mode 
summing approach to ensure fast calculations of range dependent acoustics. As such we 
can produce fast output that may be repeated many times in a Monte Carlo fashion to fully 
determine the extent of uncertainty. Furthermore, the incoherent approach removes some 
fine detail from the output which actually serves to highlight the general change in 
predicted performance as a function of environmental uncertainty. The MSTPA acoustic 
engine has been successfully validated against a number of scenarios within the AMOC 
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TTCP collaboration and has been recently modified to include better handling of beam 
patterns and further speed enhancements ([3]). 

The present analysis examines the signal excess uncertainty in a realistic complex 
environment provided by fully three dimensional temperature and salinity forecasts 
generated by stochastic realizations of an ocean circulation model during the NOMR12 
experiment.  
 

2. EXPERIMENTAL SCENARIO 

A realistic environment with fully range dependent bathymetry and sound speed is 
considered. The location west of Marseille (France) corresponds to that of the Noble 
Mariner 12 (NOMR12) exercise for which range dependent temperature and salinity 
predictions were generated by the Regional Ocean Modelling System (ROMS, [4]). 

NOMR12 was a NATO Response Force (NRF) Maritime Component Commander 
(MCC) exercise. The CMRE participation within NOMR12 was designed to employ 
various oceanographic models and measurement devices to assess the uncertainty and 
provide valuable information to the military platforms. The type of analysis demonstrated 
in this study could form the basis of a product to be disseminated to sonar operators and 
planners. 

The ROMS oceanographic model was configured at CMRE with a western boundary at 
4o15’E, an eastern boundary at 8o00’E, a southern boundary at 41o38’N, and a northern 
boundary at 43o52’N, with a spatial resolution of approximately 1.9 km. ROMS is a 
primitive equation, finite difference, hydrostatic, free surface model which uses vertical 
generalized terrain following s-coordinates. During NOMR12, the high-resolution regional 
ROMS configuration was nested in the larger-scale Mediterranean Ocean Forecasting 
System (MFS). The atmospheric forcing was provided by the COSMO-ME model of the 
Italian Air Force National Meteorological Center (CNMCA).  

A stochastic Ensemble Kalman Filter scheme ([5]) was coupled to the ROMS 
configuration allowing the dynamical assimilation in the model of in situ data and remote 
sensing sea surface temperature observations, as well as the assessment of the associated 
forecast uncertainty. A subset of the area described above is used for the following 
analysis corresponding to the location of the acoustic experimentation component of the 
exercise. The location is shown in figure 1 together with the position of the simulated 
monostatic sonar. 

 
 
 
 
 
 

 
 

 
Figure 1: Scenario area  
(West of Marseille, France). 
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The ROMS-EnKF forecast uncertainty is used here to perturb the mean sound-speed 
profile at each location within the scenario area. A total of 43 perturbations corresponding 
to 31 August 2012 12:00 (UTC) are considered here. These perturbations are extracted 
from different model solutions resulting from realistic perturbations of the model initial 
state, the wind forcing, and the lateral boundary conditions. Notice that the date 
corresponds to the beginning of the NOMR12 exercise, before assimilation of any data 
that could contribute to reduce this uncertainty.  

 
 

 

 

2.1.  

 
 
 
 
 

 
Figure 2: ROMS-EnKF perturbed   Figure 3: Mean surface sound speed (m/s). 
sound-speed profiles at 4.42oE, 42.73oN. 

Figure 2 shows the resulting sound-speed profiles at a single location (4.42oE, 42.73oN) 
within the scenario area, with the mean profile highlighted in green. The uncertainty is 
seen to be significant in the surface layer and in the thermocline, and becomes negligible 
at depths beyond 200 m. Figure 3 plots the mean surface sound speed at each point within 
the scenario area. Note the low sound speed values associated with the Rhone river 
outflow at 4.85oE, 43.35oN. 
 

3. TRANSFER OF ENVIRONMENTAL UNCERTAINTY TO SIGNAL EXCESS 

For the following runs the monostatic sonar is located at 4.81oE, 42.96oN (red arrow in 
figure 1). The receiver horizontal beam width is 15o and the directivity index 15 dB. In 
order to fully capture the spatial variation of the environment the acoustic parameters are 
determined throughout the scenario area. The scenario area is first gridded and a target 
placed within in each cell. Range dependent signal excess is then determined for all targets 
on the grid - an Nx2D approach. Such analysis requires a large number of signal excess 
calculations that would otherwise be prohibitive from a computation time point of view. 
Consequently, we employ the modified pre-calculation version of ARTEMIS as described 
in [3]. This offers a significant speed increase by pre-calculating the mode parameters on 
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the grid and interpolating thereafter (each coverage plot requires approximately 70 
seconds). The spatial resolution is set to that of the ROMS model data resulting in a grid 
of 48x47 cells as seen in figures 4 and 6. Note that reverberation is determined for the full 
360o beam pattern - corresponding to a constant range circle around the sensor for each 
target position. Consequently it cannot be calculated for targets at a range for which the 
constant time ellipse leaves the scenario area (in this case greater than 40 km). The 
approach of generating multiple coverage plots with varying sound-speed profile was 
investigated using REP10 data and an earlier version of ARTEMIS in ([1]). 
 

Parameter Mean Standard Deviation 
Wind Speed (kts) 6 2 
Sound Speed in bottom (m/s) 1800 105 
Density of bottom (kg/m3) 2200 190 
Attenuation coefficient in 

bottom (dB/Wave length) 
0.88 0.01 

Bottom RMS roughness (m) 0.05 0.02 
Lambert’s constant -30 5 
Ambient noise (dB) 55 5 

Table 1: Environmental sampling parameters 
 
 
 
 

 

 

 
 

 
 

 
 
 
 
 
 
 

Figure 4: Illustration of two signal excess      Figure 5: perturbed sound-speed profiles 
coverage plots for two ROMS-EnKFsound     at 42.71oN,4.60oE. 
speed perturbations with fixed boundary  
parameters. 
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With the surface and bottom parameters set at the mean values detailed in Table 1, signal 
excess coverage plots are generated for each of the 43 ROMS-EnKF sound speed 
perturbations. Figure 4 shows a sample of 2 signal excess coverage plots taken from the 
set of 43 runs. With the sensor placed on the slope of the shelf we see that signal excess 
decreases rapidly in the shallow water region. The resulting standard deviation in signal 
excess ( SE), together with its logarithm, are shown in figures 6a and 6b respectively. 

An inspection of the full set of 43 signal excess coverage plots reveals two distinct 
types, those with fairly uniform levels as shown in the upper panel of figure 4  and those 
with a region of negative signal excess to the South West as shown in the bottom panel of 
figure 6. A total of 7 out of the 43 perturbations could be classified as having the region of 
negative signal excess. Since the boundary parameters (and of course bathymetry) are 
fixed in all runs the difference in signal excess is a result of the change in sound-speed 
profile from one perturbation to the next. The top 200 m of all 43 sound-speed profile 
perturbations for a fixed location inside the region of decreased signal excess - latitude 
42.71oN longitude 4.60oE - are shown in figure 5. Those perturbations resulting in the area 
of negative signal excess in the South West region are highlighted in blue. It can be seen 
that the highlighted sound-speed profiles all have lower surface sound speed and a deeper 
surface layer. The identification of such a feature could lead to the automatic classification 
of acoustic performance in future decision aids. The observed variation in signal excess 
discussed here is significant from an operational perspective since the negative value 
results in a significantly decreased probability of detection.  
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Figure 6: Standard deviation of signal excess for different perturbations of either 
the sound speed profiles (a,b), the boundary parameters (c,d), or both (e,f). 

In order to fully examine the relative effects of uncertainty in both sound-speed profile 
and boundary parameters we determine the signal excess standard deviation for a number 
of runs with fixed sound-speed profile and then with fully sampled sound-speed profile 
and boundary parameters 

Figure 6 a and b result from 200 runs in which the sound speed data was sampled 
randomly from the 43 ROMS-EnKF perturbations. Figure 6 c and d result from 50 runs in 
which the sound speed data was set to the mean value and the boundary parameters were 
sampled according to the mean and standard deviations given in Table 1. Finally, figure 6 
e and f combine the perturbations of the sound speed profiles and boundary parameters. 

Figure 6 may be interpreted as follows. Sub-plots e. and f. show the resulting standard 
deviation in signal excess for a mission with minimal knowledge of the environment - in 
other words uncertainty in both sound-speed profile and boundary parameters. The 
remaining sub plots represent the standard deviation in signal excess for operations in 
which REA platforms and techniques have been exploited. This could be through better 
sampling and measurement of surface and bottom properties or through the advanced 
modelling of sound-speed profiles discussed above. REA techniques are the topic of 
investigations within the CMRE Environmental Knowledge and Operational Effectiveness 
(EKOE) program. 

Decreasing uncertainty in the sound-speed profile results in a signal excess uncertainty 
(standard deviation) shown in sub-plots c. and d. It can be seen that the standard deviation 
in signal excess has decreased only marginally from the values shown in sub-plots e. and 
f. If on the other hand effort is expended to decrease the uncertainty in the boundary 
parameters the standard deviation in signal excess decreases to the values shown in sub-
plots a. and b. The decrease in uncertainty is most apparent in the middle of the scenario 
area corresponding to the location of the shelf. This suggests that knowing the boundary 
parameters in this region is more important. The standard deviation of signal excess is 
reduced only slightly in the deeper water region where interaction with the boundaries is 
reduced. In this region one should still seek to reduce uncertainty in the sound-speed 
profile as evident in the increased uncertainty corresponding with the South Western 
region discussed above. 
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4. CONCLUSIONS 

This study employed the ARTEMIS fast acoustic model to run many instantiations of 
signal excess calculation with uncertainty in boundary parameters and sound-speed 
profiles. The fully range dependent scenario of the NOMR12 exercise was considered. 
This study was able to determine the spatial variation in the standard deviation of signal 
excess using stochastic ROMS three dimensional sound speed field estimates which were 
generated during the exercise. This data was combined with theoretical uncertainty in 
boundary parameters to determine the resulting uncertainty in signal excess. 

The results identified a small region within the scenario area in which the signal excess 
could become negative for certain sound-speed profile perturbations prohibiting target 
detection. The investigation continued to examine the uncertainty in signal excess as a 
function of the type of REA effort expended in terms of minimizing uncertainty in either 
sound-speed profile, boundary parameters, or both. The general decrease in signal excess 
uncertainty over the scenario area as a whole suggested that the boundary parameters were 
of most importance for this particular exercise. However, the spatial variability of the 
results showed that the location within the scenario area determined the relative 
importance of either sound-speed profile or boundary conditions. 

Providing operators with spatial coverage plots of signal excess uncertainty will allow 
them to better understand the source of uncertainty as a function of the particular location 
within the scenario area. For a complex real world scenario such as NOMR12 it is not 
possible to recommend whether military planners should concentrate their environmental 
assessment in either boundary parameters or sound-speed profile over the entire scenario 
area. Rather, they may well be required to minimize one source of error in one location, 
and a different source of error in another location.  
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Abstract: Acoustic propagation and scattering in marine canyons is an inherently three-
dimensional (3-D) problem, both for the environment (bottom and oceanography) and the 
acoustic field. Such canyons generally (though not always) extend from the continental 
shelfbreak (D~100m) to the middle of the continental slope (D~1000m). In mid-and low-
latitudes, the soundspeed profile (SSP) is downward refracting overall, driving sound into 
the canyon walls and bottom. The source position, the SSP, the normal to the bottom, and 
the bottom critical angle determine if sound reflects from or is absorbed by the bottom. 
For a given canyon geometry, one generally sees ducting of sound along the canyon axis 
and "cutoff" of sound across the axis. Scattering of sound by bottom and surface 
roughness, as well as internal oceanography, can move the sound back and forth between 
the ducted and cutoff regimes. These characteristics will be demonstrated by examples 
using 3-D oceanographic and acoustic models. 

Keywords: Submarine canyon, underwater sound propagation, 3-D acoustics 
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1. INTRODUCTION AND BACKGROUND 

Three regions of high complexity for ocean acoustics are the shelfbreak front, the 
continental slope, and the marine canyons that cross cut the slope (and sometimes the shelf 
as well).  These areas have extremely complex oceanography, bathymetry/geology, and 
even biology, all of which make the description of the “acoustic medium” very 
challenging. In addition, these regions need 3-D acoustics and geology and 4-D (time plus 
space) physical oceanography for their basic inputs. The biology also requires a 4-D 
description, but obtaining the “biological field” in such detail is beyond our current 
capabilities. Acoustics to date has focused on deep and shallow water, but these transition 
regions between them have received far less attention, in no small part due to their 
complexity. In this paper, we will look at one of these three complex areas, marine 
canyons, with the purpose of getting an overview of what the current scientific and 
technical problems are for ocean acoustics, and where we stand on solving them. To do 
this, we will: 1) discuss some of the extant questions verbally and qualitatively, 2) look at 
what one might do with a “simple model” of a canyon, and 3) look at how some of the 
more advanced acoustic models (e.g., ray and parabolic-equation (PE) methods) in the 
marine canyon environment, and what their advantages and disadvantages might be. 

Before diving into the discussion, a look at a map of some (local to the authors) 
submarine canyons is useful to give some insight into just what one is considering. In Fig. 
1, we show a publicly available (on the web) map produced by USGS scientists Jim Robb 
and Dave Twitchell [1].  First, one clearly sees that the US Northeast continental slope is 
crosscut by numerous canyons – and looking at other shelves one would soon find out it is 
not unique in this sense. Another interesting thing one sees is that most of the canyons 
extend from just past the 200m isobath (the shelfbreak) down the slope to the abyssal plain 
starting at about 2200 m, a drop of 2000m overall. (The Hudson Canyon is gigantic, and 
an exception to the rule, extending from the shoreline to well out into the abyssal plain.)  
Another feature that can be seen is that the slope along the canyon axis is generally steep 
at the origin of the canyon (near the shelfbreak) and becomes gentler about halfway down 
the canyon (going to deeper water). The width of the canyons is also of interest, as this 
and the axis depth determine the slope of the canyon sides. 

While Fig. 1 shows the large scale features of some typical canyons, there is still much 
more detail that is needed for acoustic studies that is not shown, and what those details are 
we will discuss next. 

2. DISCUSSION OF SCIENTIFIC AND TECHNICAL ISSUES IN CANYON 
ACOUSTICS RESEARCH 

The first order of business as regards canyons and acoustics is mapping the bathymetry 
of the canyons “to the level of detail needed for the acoustics.”  If we just concern 
ourselves with forward acoustic propagation and noise studies (not reverberation), then a 
reasonable estimate for the feature size one needs resolved is given by the “Fresnel zone 
radius”, which in its simplest form is given by RRF  where  is the acoustic  
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Fig.1: Seven canyons in the Mid Atlantic Bight, in the neighborhood of the Hudson 

Canyon. This figure is from soundwaves.usgs.gov, and is part of an article posted on that 
site by Robb and Twichell [1]. 

 
 

wavelength and R is the source to receiver (S/R) range. As R can go from zero to some 
maximum range Rmax (determined by the spreading and attenuation of the signal), we take 
R  Rmax as a reasonable average estimate of a S/R range. For acoustic frequencies in the 
50 to 5000 Hz range (low to mid frequency acoustics), Rmax is of order 50 km to 5 km. 
Thus we get (average) Fresnel zone sizes of 866m to 28m. For shorter range transmission, 
the scales of the features one must resolve get correspondingly shorter. This means one 
must probably look to 10m resolution at high frequencies and 100m resolution at lower 
frequencies to be safe. This is within the reach of modern multibeam sonar systems, and 
so it is probably not amiss to say we can get adequate bathymetry for deterministic 
propagation studies and purposes. (Acoustic backscatter descriptions require higher spatial 
frequency information about the bottom, and probably one has to look at roughness 
statistics for these purposes.) 

The next interesting piece of the geology one needs to consider is getting the 
geoacoustic properties of the sediments (including a possible hard “basement”) down to 
about 1 , which translates to 30m for 50 Hz and 0.3m for 5 kHz. This is actually a 
research challenge for acoustics at this point in time, especially for the steeply sloping 
parts of the canyon. Reflectance maps of higher frequency sound can give an indication of 
sediment types at the surface, but for low to medium frequency acoustics, this is not 
sufficient. Chirp sonars can penetrate to reasonable depths, especially when transmitting 
close to the bottom – but staying close to the bottom in canyons is a bit risky (though it is 
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done). Many of the lower frequency acoustics methods used to obtain bottom properties in 
shallow or deep water fail due to the strong range dependence and 3-D propagation 
properties seen in canyons. The canyon “seabed properties” problem looks to be an 
interesting one for future work, and one can envision a mixture of autonomous vehicles 
(AUVs) with sources and receivers on them mixed in with moorings (also risky in 
canyons) and shipboard lowered/towed instruments.  We would note that this is very much 
a mapping problem, as the seabed properties can change dramatically from spot to spot in 
canyons (feel free to look at a terrestrial hill/valley system if you doubt this), and so 
mobile methods should have an advantage. 

The physical oceanography detail one needs for canyon studies would seem to be less 
of a worry at first glance. From Fig. 1, we see that the canyons quickly transition from 
shallow water, where the oceanography is more variable, to deep water, which is more 
stable. Indeed, the one kilometer isobath is quickly reached in the canyons, and is also 
reached about halfway down the slope. If we consider a standard SOFAR axis depth of 
one kilometer, then we see that the sound is beginning to be pushed upward at that point, 
and indeed sound that “trickles downslope” along the canyon launches into the deep sound 
channel axis at that point. Thus one might expect the ocean to be describable by a simple 
deep ocean profile, and that it would be sufficient. However, that is not quite the case. Due 
to the sound being driven into  very complex topography, even a small deviation in the 
water column changing the path of a bottom interacting ray/mode  can result in a large 
deviation of the reflected energy. This leads to a large amount of scintillation in bottom 
interacting paths due to the ocean. So, despite hoping for a big simplification here, one 
again has to be cautious and ultimately include a good 4-D ocean model. Another, rather 
practical consideration due to the physical oceanography is the current field. While second 
order to acoustic propagation, it is very much a first order concern when operating a 
vehicle or towed body in a canyon, or emplacing a mooring. 

Biology (fish, turtles, marine mammals at the frequencies we’re concerned with) is 
important to acoustics when it is present, and canyons are well known hotbeds of marine 
life. There are both acoustics science and practical issues associated with this marine life. 
Scientifically, fish can absorb and scatter sound, and marine mammals can also contribute 
substantial background noise (or signals, if you are a biologist.) We can listen to and even 
track marine mammals by their vocalizations, and more recently we have begun to look at 
mapping fish schools with AUV’s and sidescan sonar (which augments traditional 
mapping with ship borne echosounders.) So we may be able to start doing some bio-
acoustics in marine canyons, which is an exciting prospect. On the practical side, canyons 
are where you will find large fishing fleets, recreational boats and plenty of lobster traps 
and nets and fishing lines. Oceanographers must coexist with the fishermen, which means 
that we have to be extremely careful about both our equipment and theirs. This is not easy! 

Finally, we come to acoustics. It is well known at this point that canyons will cut off 
sound going across them (as the sound hits the canyon wall across from the source) as well 
as going upslope (due to increasing the bottom interaction grazing angle) [2]. It is also 
evident that sound ducts horizontally while going downslope, and we have previously 
shown pictures of sound “flowing downhill” in a canyon with a downward refracting 
profile above one kilometer depth. This 3-D downhill ducted sound makes hearing both 
noise and signals from upslope easier, and indeed studies of the noise field in a canyon 
and detection of a known source in a canyon are still of current interest. Another 
interesting study for canyons is the “random” scattering of sound from the irregular 
bathymetry, as mentioned before. Canyons are another one of those features which 
produce partially deterministic and partially random propagation, and determining what 
physically produces the boundary between them is both useful and interesting. 
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3. ENVIRONMENTAL MODELS FOR CANYON ACOUSTICS RESEARCH 

In performing real world calculations for acoustic propagation within and across 
canyons, previous work [2-5] have used a combination of high resolution bathymetry, 4-D 
ocean models, and fully 3-D parabolic equation, ray and mode codes, as will be discussed 
in the next section. This is the level of sophistication that is needed to understand real 
experimental data. However, to just understand the basic propagation physics of canyon 
systems, simple models can be of use. 

If we look at Fig. 1, we see that we can simplify the bathymetry and “straighten  out the 
axial meanders” to first order, and still have a 3-D canyon that shows the main 
deterministic effects for propagation and noise. For instance, one might look at the side 
and top views as presented in Figs. 2 and 3, where we take a bilinear canyon axis 
bathymetry curve, and then horizontal linear strips joining the canyon axis depth to the 
continental slope depth in the cross canyon direction.  This gives simple linear features, 
which are easy to interpret for acoustic effects, and yet these features also capture much of 
the basic structure of these local canyons. A simple bilinear ocean profile (downward 
refracting with gradient -40/1000 m/s/m over the top kilometer, and then upward 
refracting with gradient 0.017 m/s/s down to the bottom, with csurface = 1500m/s)  is not a 
bad approximation, and lets one use simple forms for ray acoustics that show the physics 
well. With such a model, one can actually   find analytic forms for some of the salient 
propagation effects. If one is interested in smoothing the canyon for the derivatives, 
Gaussian forms are also useful. 

As a trivial example of what one can do with such simple forms, consider a bilinear 
ocean soundspeed profile refracting sound downward down to one kilometer, and thus 
refracting surface noise (ship noise or wind/wave noise) down onto the canyon. We are 
interested in what angle the sound hits the canyon sides and floor, and whether this angle 
is above or below critical bottom grazing angle (i.e. does it get lost quickly or propagate?)  
This of course assumes some knowledge of the bottom material, but let’s make that 
assumption for now. 

 

 
Fig.2: A bilinear simplification of canyon axial structure such as is seen in actual 

canyons in Fig. 1. After a steep drop, the axial slope decreases going down to the abyssal 
plain. At the bottom, the canyon slope and the ambient bottom slope often can match (not 

shown here.) 
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Fig.3: Approximating the across canyon structure by a series of linear strips. This 

allows a rather steep along-slope transition from the slope to the canyon walls. A 
Gaussian form would make this much smoother, if desired. The linear form allows one to 

generate analytic results, which are useful for interpretation of acoustics effects. 
 
 
Snell’s law 2211 coscos cc  and the soundspeed versus depth profile of course 

provide the angle that the sound hits with the vertical at any point. However, for a linear 
gradient profile, things get even simpler, and one has gccdd 1212 . If we 
consider the ray leaving the surface at grazing angle 1 = 0, which will give the smallest 
angle to the bottom vertical possible, then we can combine equations to get (for the top 1 
km of the canyon) 

1

2
2 1cos

c
gd  (1)

This gives a nice map of what the smallest angle of the downward refracted sound is 
with the vertical versus depth in the canyon. One then just needs to see what the slope of 
the canyon is at that point along the source to bottom trackand take a dot product of the 
sound ray with the downward pointing surface normal to see if the surface produced sound 
energy will survive even the first bottom interaction. This is just a small example of the 
useful things one can do with such simplified models. 

Of course, given modern math packages, entering real bathymetries and getting slopes 
and normal vectors is rather trivial, and to see beyond the basic 3-D reflection/refraction 
physics (e.g. scattering), one has to “bite the bullet” and put in the real world. We look at 
that next. 

4. NUMERICAL EXAMPLES 

Finally, two numerical methods of 3-D underwater sound propagation are employed 
here: (1) 3-D parabolic-equation method [6] and (2) 3-D ray-tracing method [7]. North 
Mien-Hua Canyon, located at the south of East China Sea northeast of Taiwan, is 
considered here. The canyon bathymetry in the model domain is shown in Fig. 4, and the 
horizontal variability of the oceanography is neglected in this preliminary work. The water 
column sound speed profile in the model is a result of averaging the sound speed 
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measurements made during the Quantifying, Predicting and Exploiting (QPE) Uncertainty 
Initiative Experiment [8] in 2009. A homogeneous sandy bottom is assumed in the 
calculation. 

Figure 5 shows  2-D and 3-D PE solutions for underwater sound propagation along the 
axis of the canyon branch. In the 3-PE solution, one can see that the bottom reflected beam 
disappears at range 8 km in the vertical plane plotted in the figure. This is because the 
bottom reflection reflects out-of-plane due to the concave canyon topography. To study 
the reflection of acoustic beams, the 3-D PE model [6] can be initiated with a Gaussian 
beam pointing at the canyon seafloor. Figure 6 shows a simulated beam reflection from 
the canyon seafloor; a part of the beam is focused, but another part is scattered. Lastly, a 
3-D ray-tracing program is implemented, and a ray path ducted by the canyon is shown in 
Fig. 7. 

 

 
Fig.4: Bathymetry along a branch of North Mien-Hua Canyon northeast of Taiwan. 

 

 
Fig.5: Comparison of 2-D and 3-D PE solutions forunderwater sound propagation in 

the North Mien-Hua Canyon. 

1st International Conference and Exhibition on Underwater Acoustics

1117



 

 
Fig.6: 3-D PE solution of a Gaussian beam reflected from the seafloor of North Mien-

Hua Canyon. 
 

 
Fig.7: A 3-D ray path showing acoustic ducting by the canyon. 
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 PROPAGATION OF BROADBAND SIGNALS IN SHALLOW 
WATER WAVEGUIDE IN THE PRESENCE OF HORIZONTALLY

STRATIFIED PERTURBATIONS 
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Abstract: Horizontal stratification is rather widespread sort of perturbations in shelf zone 
of the ocean, where typical scales of these perturbation are from a few km to tenths of km 
in range and from a few up to tenths minutes in time, more over for some types of 
perturbations spatial scales are essentially different in different directions in horizontal 
plane. It can be coastal wedge, temperature front, different sorts of slopes and canyons. In 
this case there is remarkable horizontal refraction in sound propagation and for 
horizontal ray pattern, corresponding to vertical modes frequency dependence of ray 
trajectories takes place. Propagating wide-band signal has additional spectral distortion 
as a result of different phase shift for different spectral components, propagating along 
different ways. Also there is difference in directions of wave vectors for difference spectral 
components (tangents to horizontal rays), leading to phenomena similar to spatial 
dispersion: different directions of phase and group velocities, compression and 
decompression of pulses, additional time delay of signal etc. In the paper mentioned 
phenomena are considered for models of coastal wedge and temperature fronts. Analytical 
estimations are presented, as well as results of numerical modeling  

Keywords: horizontal refraction, sound pulse propagation, acoustical waveguide, shallow 
water acoustics 
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1. STATEMENT OF THE PROBLEM. PATTERN OF HORIZONTAL RAYS  
 
 Let’s consider sound field in shallow water waveguide in the presence of “horizontal 
stratification”. The most typical examples of this stratification are coastal slope (wedge) 
and temperature front. In this case some redistribution of the sound energy in horizontal 
plane takes place, which can be described within the framework of the theory of the so 
called vertical modes and horizontal rays.  Specific features of the ray pattern in horizontal 
plane are frequency and modal dependence of horizontal rays and possible multipath 
propagation.  
 

 
 
 
 

Fig.1 Coastal wedge (left) and temperature front (right) taken for the modeling  

    One of sequences of these things is variability of pulse parameters in dependence on 
parameters of waveguide, what is considered below for temperature front and coastal 
wedge.  

Let’s have point source in the waveguide , placed at the point  (0,0) of the horizontal 
plane at the depth z1 , radiating signal with shape )(tf  with the spectrum )(S  
( 21 ). Waveguide is characterized by the depth )(),( rHyxH , depending on 
horizontal coordinates, sound speed profile ),( zrc , and a liquid homogeneous bottom 
(half-space) with parameters ,, 11 c  (density, sound speed, attenuation coefficient). 
Complex amplitude of the sound field at the point ),( zr  and at the time t  is determined 
by 
 

2

1

]),([
001

)();,();,0(2),,( de
rq

SzrztzrP tri

l
lll

l ,                                          (1)       

                
where );,( zrl  - “vertical” mode with number l , the corresponding eigen values are 
denoted as  );(rql ,  ),(rl  is phase function (eikonal) which determined rays and 
wave fronts of this sound signal in the horizontal plane. Due to smooth dependence of 
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mode shape on frequency we can take modes  l  out of integral (1) at the some frequency 

0  : 201 . 
Model of the coastal wedge and temperature front are shown in the Fig.1 and the 
corresponding frequency dependencies of refraction index are shown in the Fig.2  
 

 
                    
Fig.2. additive to refraction index for horizontal rays, as a function of frequency for a) 
temperature front at 0y  ,value 1n  corresponds to y , b)for the coastal 
wedge at 3.9y  km, value 1n  corresponds to 10y  km.
 
If we suppose that positions of the source and receivers correspond to acoustical track 
parallel to the axis x , then ray pattern in horizontal plane inside of wedge or in vicinity of 
the temperature front or train of nonlinear internal waves (NIW) is similar to that shown in 
the Figure 3, where some rays are presented, between the source S and receiver R in the 

 
Fig.3.  Horizontal rays (right) and refraction indexes (left)  

horizontal plane corresponding to two frequencies. If trajectories for frequencies 
21  are placed between extreme rays then signal constitutes the beam which can 

be characterized by the spatial spectra at the source )(qS  with wave vectors between 0
1q  

and   0
2q ,  and at receiver )(qSr , limited by wave vectors  1q  and 2q .  )(qSr  is different 

in comparison with )(qS , as spectrum )(rS  is not the same as )(S . 
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Spatial-temporal shape of pulse at the point of receiver also differs from the radiated one. 
And in the case of multipath propagation there are different signals, coming over “direct” 
and “reflected” trajectories. (Fig.4). 
 

 
Fig.4. Horizontal rays for “direct” and “reflected” signals propagating in area of the 
coastal wedge (in the right side) and the corresponding refraction indexes (in the left part)  
 
In the general case beam of rays is characterized by the distance for the source to receiver 
over x-axis, depending on grazing angle and frequency.  Let’s suppose that this distance is 
fixed for some set of values of grazing angles and frequencies (pulse spectrum): 

),( 0D const.  
In this case )//()/(/ 00 DDdd . Refraction index tends to the value one by 
increasing of frequency and ray cycle (distance along x-axis) is increasing: 0/D .  
For “direct” rays ray cycle is increasing as a function of angle: 0/ 0D   and ray with 
smaller frequency has less deviation from the straight line (Fig.3), joining source and 
receiver (acoustic track) for “reflected” ray cycle. For “reflected” rays situation is opposite 

0/ 0D  and order of horizontal rays I see another order evolution of pulse  

 
Let’s consider as an example some pulse with the frequency modulations 
 
 

 ])cos[()( 2,10 ttftf  ,                                                                                      (2) 
 

 
with the frequency band between 1001 Hz and 3002 Hz, duration 1.0T s, 
parameter 2000 Hz/s. If the frequency is increasing in LFM signal then we have sign 
«+», for the decreasing frequency we have sign “+” for the decreasing frequency we have 
sign “-“. 
Evolution of signals is shown in the Fg.5 for positions of the source-receiver are depicted 
in the Fig. 4. Let’s consider the case of increasing frequency (Fig.5 left) in LFM signal.  
It is shown that “direct’ signal has some compression up to ~ 0.05-0.07 sec, (middle row) 
at the same time “reflected’ signal has decompression up to ~ 0.4-0.5 sec (lower row). It 
means that for the direct beam rays corresponding to high frequency spectral components 
propagate more slowly than low frequency components and low frequency components, 
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radiated later catching up high frequency components and in principle can even become 
earlier to receiver.     

Fig. 5. Evolution of LFM pulses: radiated signals (upper panels), direct pulses (middle 
panels) and reflected pulses (lower panels). 
 
For reflected signals we have opposite situation, propagation time of low frequency 
components is more than propagation time of high frequency components, and low 
frequency components for given signal falling behind of high frequency components so 
we have in this case decompression of signals. 
 Let’s consider now the case of decreasing frequency in LFM signal (Fig.5, right). In 
contrast to the previous case for “direct” signal we have anomaly dispersion and signal 
will be decompressed in the less degree than in the previous case, at the same time for 
“reflected” signal high frequency rays propagate quicker than low frequency ones. For 
given distance some pulse inversion takes place , and received pulse is also LFM signal, 
but with opposite direction of increasing (decreasing) frequency. In the general case 
resulting modulation has rather complex character, depending on many factors: spectrum, 
type of initial modulation of radiated pulse etc. 
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Abstract: Analysis of fluctuations of direction in horizontal plane of sound pulses coming 
to receiver from the low frequency source in shallow water  in the presence of horizontal 
variability of waveguide parameters (for example in the presence of nonlinear internal 
waves) is presented.  Due to frequency dependence of horizontal refraction phase and 
group velocities of propagating modal pulse should be not parallel. Trial to find 
mentioned effect both in theory and in experiment is presented using L-shaped array as a 
receiver, consisting of vertical and horizontal chain of hydrophones. As an example SW06 
experiment is submitted where LFM signal (300±30 Hz) was used. Length of an acoustic 
track is about 20 km, visible from the source projection of horizontal array is about 140m, 
acoustic track is directed almost parallel to the NIW front. To determine direction of 
sound pulse propagation two ways are used: on the base of amplitude and phase 
information and on the base amplitude only. Fluctuations of phase and group velocities 
are considered using two-dimensional Fourier transform. Experimental results are 
discussed, comparison with modeling is carried out as well. 

Keywords: shallow water waveguide, phase and group velocity, sound field fluctuations
 
 
 

1. INTRODUCTION

   It is known that horizontal stratification (variability) in shallow water can lead to 
redistribution of the sound field in horizontal plane depending on frequency. In this case 
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sound propagation has specific features similar (but not identical) to propagation in 
medium with frequency and spatial dispersion. In given paper this effect is considered in 
the presence of nonlinear internal waves of not significant amplitude  

 
Let’s have the source radiating narrowband pulse. We consider this pulse far from the 

source in narrow angle range near the bottom. For arbitrary  waveguide mode this signal 
has the form  

 
 

titAts 00expRe, rqprr ,                                                                            (1) 
 

where yx,r  is radius vector in horizontal plane, t  is the time, 0q  is wave vector in 
horizontal plane (eigen vector) , corresponding to given mode, in the following 
consideration we omit the mode number. This vector characterizes direction of the phase 
front at the frequency 0 , p  is unit vector, defining direction of amplitude front (AF). In 
our model AF and PF at the frequency 0  are approximately rectilinear in the plane yx,  
perpendicular to vectors 0q  and  p  (Fig. 1a). 

In horizontally homogeneous waveguide vectors p  and 0q  are parallel to each other. 
If there is some horizontal stratification in a waveguide then horizontal refraction takes 
place depending on waveguide parameters and on frequency . It means that for pulse, 
having some spectra horizontal refraction for different spectral component will be 
different and in turn some angle between vectors p  and 0q  should take place. Goal of this 
paper is to elaborate data processing to display this finite angle.  

Let’s consider the following method. First of all construct space-time spectrum of 
received signal 

 
 

dtdtitsqqG yx rqrr exp,,, ,                                                              (2) 

 
where yx qq ,q  is wave vector of the plane wave with the frequency . Let’s suppose 
that in the area of reception for given mode number dependence qq  is known 
(where qq ).  This dependence in principle can be calculated using sound speed profile 

zc . In this case spectrum (2) can be considered as a function of two independent 
variables. In the Fig.1b spectrum  yx qqG ,  is shown. In our case spectrum is mainly 
concentrated in vicinity of vector 0q , from the origin in vector space. The shape of the 
spectrum is prolate in direction of the vector p  for comparatively short pulse. Using shape 
of the spectrum it is possible to find angles ph and  am  characterizing slope of phase and 
amplitude fronts.  

 
2. DATA PROCESSING OF SW06 
 
Let’s consider scheme of given method for data of Shallow Water 2006 (SW06). 

Layout of this experiments is shown in the figure 1c. NRL300 is the source placed near  
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Fig 1. A) scheme of amplitude and phase fronts, b) schematic of spectrum yx qqG , , c) 
layout of experiment SW06, d) example of received signal on HLA txs , , d), e) steps of 
the data processing: spectrum of the mode 3 ,xqG  and its recalculation to yx qqG , .
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the bottom,  generates LFM signals with duration 2.048 s, band 300±30 Hz, period 
between pulses 4.096 s. Receiver is L-shaped array , consisting of horizontal (HLA) and 
vertical (VLA) parts.  HLA has the length L 465 m, 32 hydrophones, with internals  
15 m, along x  axis between points 2L  and  2L . VLA contains 16 hydrophones, 
horizontal coordinates 0,2L . Distance from the middle point of HLA to the source is 
19.97 km.  

Angles in the Fig. 1c) are 75.251 , 04.260 , 34.262 .Visible length of 
HLA from the point of the source is ~200 m. Depth of the ocean is taken ~80 m.  

 Area of experiment can be characterized by the presence of half-day nonlinear 
internal waves (NIW) with amplitude ~ 5–25 m. Acoustic track is approximately parallel 
coastal line and in turn to to NIW fronts. In given work interval 21:02–21:08 (17 of 
August 2006) is considered, where half an hour later NIW will come with amplitude ~20 
m. In accordance with thermistors data during interval for analysis oscillation of the 
thermocline kevel were about 5 m. 

In the Fig.1.d) amplitude of one of received signals by HLA txs ,  is shown. In this  
 
 

 

Fig.2 Temporal fluctuations 1) Amplitude front for 291±10 Hz, 2) Phase front at the 
frequency 301 Hz, 3) Phase front at the frequency 281 Hz. Dotted line denotes angles 1

and 2 .
 
 
case signals was processed using match filtering as a result duration of pulses became 
~0.02 s. Number of modes can be determined using shape of pulses, and in turn it is 
possible to determine mode number using HLA. We carry out the following analysis for 
the mode 3. In the Fig.1e) two-dimensional Fourier spectrum is shown for the mode pulse 

txs , . In reality it is spectrum (2), but in contrast to Fig.1b) spectrum has other 
independent variables: ,xqG . Taking into account dependence qq , calculated in 
accordance with thermistor’s chain on the VLA it is possible to calculate spectrum as a 
function of wave vectors: yx qqG ,  (Fig. 1f). 
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80 pulses were processed, position of the global maximum on the frequency axis in the 
Fig 1e) is 291±1 Hz. Let’s choose 20 291 Hz as a carrier frequency,  for every 
pulse at 0  it is possible to find yx qq 000 ,q  and to find angle of slope of the phase 
front: 2.01.27arctg 00ph xy qq  using maximum in spectrum yx qqG , . It is 
possible to explain increasing of angle of real direction to the source by 1°relative real 
direction by error of determination of the sound speed profile zc . Using slope of the 
spectrum yx qqG ,  in band 291±10 Hz, we can determine vector p  and slope of 
amplitude front: 6.16.29am . Remark that result remains the same if we consider 
narrow frequency band. Temporal fluctuations are shown in the Fig.2. In interval 21:05–
21:06 value of angles are  amph . Remark next that fluctuations of amplitude and 
phase fronts for limiting frequencies 291±10 Hz are practically the same. It should be so if 
phase fronts for all frequencies remains the same then amplitude front coincides with 
phase front. In the contrary , if phase fronts for different frequencies are different, as we 
can see in interval out of 21:05–21:06, then it leads to the slope of amplitude front: 

5.15.2pham . 
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Abstract: One of the things that Bill Carey most objected to was being labelled as a 
narrow specialist in one area or another, whether it be in science, technology, or the 
humanities. Bill lived his principles, and was interested in pretty much everything, worked 
in diverse areas, and read voraciously to obtain background in whatever topic piqued his 
interest. Bill's technical talent allowed him to make significant contributions to many 
areas of ocean acoustics and signal processing, including acoustic bubbles, bottom 
interacting acoustics, array coherence, and ambient noise, to name a few. His 
technological skills allowed him to pioneer the use of short arrays with autonomous 
underwater vehicles, and show their unique capabilities. Bill was a staunch advocate of a 
strong national defense, but also was a very liberal and vocal defender of human rights 
worldwide. He was an avid student of Irish and Mid-East history and politics, and would 
have made an excellent statesman and political leader had not science and engineering 
claimed his interests and talents first. 
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INTRODUCTION

This paper is a brief tribute to a sorely missed colleague from some of his close 
collaborators through the years. Bill Carey had a large impact on us, and on ocean 
acoustics and its practitioners in general, and we are happy for this chance to pay a formal 
tribute to Bill as both a friend and valued colleague. 
 

BILL’S CAREER PATH – NOT THE USUAL ONE 
 
 Bill Carey was a physicist by training, as were many of his generation of ocean 

acousticians. Physics is a very broad, flexible background from which one can attack 
many problems, both scientific and engineering, and Bill made the most of that 
background through the years. After getting his Ph.D. in Nuclear Science from the 
Catholic University of America, Bill worked at Argonne National Laboratory for five 
years looking at bubbles and cavitation in nuclear reactor plants, an interesting and 
important engineering problem. This work led Bill to a lifelong interest in bubble 
processes, and furthering our understanding of the scattering of sound by bubbles in the 
ocean was one of Bill’s big contributions to the ocean acoustics. 

After leaving Argonne, Bill worked over the next three decades at a number of 
different laboratories and agencies (Naval Research Laboratory, Naval Ocean Research 
and Development Activity, Naval Underwater Systems Center, and Defense Advanced 
Research Projects Agency) as both a researcher and a manager. Bill’s gregariousness, 
forceful personality, and broad knowledge made him an excellent manager, but his own 
interest in seeing how things work and how to devise new technologies kept him wearing 
his “researcher hat” as well.  

Very few managers and government lab workers “retire to academia”, but Bill Carey 
never read the rules, and towards the end of his career, he did just that. After having 
enough years of government service to retire comfortably at home, Bill found his next 
challenge to be the professor’s role. Bill took on a two year teaching stint at MIT as his 
gentle introduction to being a professor, and right after that accepted a position as a senior 
professor at Boston University, where he spent the rest of his career. Bill also signed on as 
an adjunct professor at Rensselaer Polytechnic Institute and Woods Hole Oceanographic 
Institution in those later years, to help him pursue both theory and at-sea experimental 
research in ocean acoustics.  
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Fig. 1: Professor Bill Carey (right ) with his Boston University Ph.D. student Jason 
Holmes at Jason’s graduation ceremony. 

 

BILL CAREY, RESEARCHER 
 
One thing that Bill Carey hated was being “pigeonholed” as a certain type of research 

specialist. Bill often groused that he was cast as a “bubble guy” or a “noise guy” as 
opposed to an ocean acoustician who looked at everything. (And moreover, who wanted to 
maintain the freedom to look at everything of interest!) In fairness, Bill did have his 
specialties, mainly due to human and time limitations, but they spanned a pretty big 
domain. Bubbles, noise, array design and performance, and bottom interacting acoustics 
were major themes for Bill throughout the years.  To pursue these themes, Bill did a 
remarkable job of applying both theory and experiment, both in good dollops, to whatever 
problem he considered. He also combined these themes skillfully.  

A good example of this is his (rather recent) work on array design and performance. 
After having worked in the 1980s and 1990s on towed array performance bounds due to 
deep and shallow water environmental variability (see our UAM talk on “the Carey 
Number”), Bill revived his interest in towed arrays by attaching them to a more recent 
platform, the autonomous underwater vehicle(AUV). We had a small REMUS 100 vehicle 
available at Woods Hole and Bill decided that this tiny AUV should have a 30m long 
array trailing behind it. The AUV certainly gives one flexibility beyond a large research 
ship, but would the darn thing fly? And if it did, would the array droop badly and be 
unusable? By scrounging spare parts, and with very little money, Bill and his student 
Jason Holmes (Fig. 1) put together a workable array system, which we then first tested in 
miniscule Dodge Pond, CT. Miracle of miracles, the darn thing flew, the array worked and 
took very usable data, and Bill had a new system to play with. The next usage of the 
vehicle with the array was off Nantucket Sound, MA, where Bill had the vehicle fly a 
meter off the bottom, listening to a bottom mounted acoustic source. By taking this next 
unconventional step, the array was able to monitor Scholte waves in the bottom, as well as 
the usual acoustic modes, and so provide a useful way to map both shear and 
compressional wave properties in shallow water. Moreover, Bill and Jason spotted a noise 
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peak in the data, which they quickly recognized as the noise from the Nantucket Ferry 
passing by on its scheduled runs. Putting his array processing hat on, Bill had Jason use 
the towed array to track the ferry around, thus giving the array a useful tracking 
application to pursue, as well. Again, this turned out extremely well, and provided the US 
Navy with a new technology to consider.  Bill was always rather proud to (truthfully) tell 
people that this quite successful effort was done mostly with spare parts and very little 
money. This effort was also one that the authors had some part in, so it is a bit special to 
us personally. 

As a parting note for this brief glimpse into Bill’s scientific career, we show a picture 
below that Bill would probably give us untold grief for showing, but which we think is 
actually highly complementary. Fig. 2 shows the 60+ year old academic Professor Carey 
out on a coastal boat, on his hands and knees on the deck, adjusting some gear for the 
experiment we just described. Bill was a hands-on experimentalist to the very last, and 
went out to sea and got wet, cold and dirty at an age when most people would not even 
think about such indignity. Bill kept going to sea until his health absolutely forbade it – a 
real oceanographer! 

 
  

 
 

Fig. 2: Bill Carey, hands-on oceanographer, on the R/V Tioga in Nantucket Sound, 
MA.

 BILL CAREY, EDITOR 
 
One of Bill’s proudest achievements was being a journal editor, both for the IEEE 

Journal of Oceanic Engineering (Editor in Chief for 10 years) and for the Journal of the 
Acoustical Society of America (Associate Editor for many years). Bill regarded the peer 
reviewed literature as one of our greatest intellectual treasures, and he took scholarship 
and integrity very, very seriously. Again, most of the authors of this paper have served as 
journal editors and/or associate editors, and so we have had a lot of chats with Bill 
throughout the years about “matters Journal.”  Bill had a fair number of pet peeves when it 
came to mostly anything (he was opinionated, though not grumpy – well, most days), and 
as regards Journals, his favorite peeve was “sloppy scholarship.” Bill routinely growled 

1st International Conference and Exhibition on Underwater Acoustics

1138



 

about people who never read the literature or cited it, and thus would reinvent the wheel, 
or only cite their own work. Sadly, on most occasions he was dead right. This is a problem 
that still needs correcting. 

Bill fought hard to maintain journal participation, scholarship, and readership, and all 
of us members of scientific and technical societies should applaud and encourage efforts 
such as Bill’s. Quality and integrity are the core of science and engineering, and Bill 
fought hard to see these maintained.  

BILL CAREY, CITIZEN OF THE WORLD (BUT ESPECIALLY THE USA AND 
IRELAND) 
 
 Nobody could mistake Bill Carey for anything other than a Boston born Irish-

American, though in truth he lived most of his youth in Germany. Bill was a patriotic 
American first and foremost, and worked tirelessly for the US Navy and national defense. 
However, Bill was anything but a blind patriot, and was critical of national policy when he 
felt it wrong. Despite holding high clearances, Bill would participate in political rallies 
and protests, as long as he felt his position was correct. Bill always searched for the moral 
high ground, and there he would perch, no matter what anyone thought of his position.  

Bill also thought a lot about international problems, with his two biggest interests 
being Ireland and the Middle East. Bill stayed exceedingly well informed about events 
there, and pretty much all of his colleagues would receive daily emails containing articles 
and facts about world affairs. In conversation, one of Bill’s favorite opening lines would 
go like this: “Jim, I gotta tell you I’m really worried about this situation in…” This would 
be followed by a lengthy and very well informed discourse. 

Bill’s interest in Ireland was not just in the latest “troubles,” but also in Irish history 
and culture. Bill was very proud of his Irish heritage, and later in life became a dual 
citizen. Again, most of us have a rather impressive collection of Irish history articles and 
books courtesy of Dr. Carey, and could likely obtain a degree in Irish history if we read 
them all. We do have to admit to some skepticism about the Irish inventing, well, damn 
near everything, but we would never tell Bill that to his face. 

BILL CAREY, UNIVERSITY PROFESSOR 
 
I think all the authors would agree that Bill finally found his favourite home in 

academia, after long years in the laboratory system. Bill was happy teaching courses in 
acoustics, energy conversion, math methods, or any other topic that needed an instructor. 
Bill kept his “I do anything/everything” credentials right up to the end, and he seemed 
happy for the freedom to do this. 

Bill was also a very good, “old school” instructor and mentor in an era when such a 
professor might come as a shock to some students. If you were a hard working student, 
Bill would be on your side, and if you were talented as well, you’d get a nod of approval. 
But if you were lazy, whether talented or not, heaven help you. Dr. Carey had no patience 
for students who wanted to cruise through and be spoon fed, and we can testify to seeing 
some rather unhappy, and a bit startled, faces emerge from his office after a “student-
teacher chat.” Bill had high standards, and you either dealt with them or went elsewhere. 
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POSTSCRIPT 
 
On all levels, Bill Carey was just one of those “really good people” that you, if lucky, 

get to know and work with. We were glad that we got that opportunity, and also for the 
opportunity to share our reflections with you. We wish Bill’s spirit peace as it, as we 
might think, wanders through the bustling halls of academia, the rocky hills and seaports 
of New England, and  the green fields of Ireland. 
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Abstract: One of Bill Carey’s many scientific interests throughout his career was the 
acoustics of bubbly liquids. Many underwater acousticians know of Carey’s work 
associated with bubble clouds and more recently, gas-bearing sediments, but Bill got his 
start with the subject earlier in his career, studying flow in a boiling water reactor while 
employed at Argonne National Laboratory. Here, the acoustic velocity of bubbly liquid is 
of interest because of the possibility of supersonic flow, at comparatively low flow rates, 
in the high-void-fraction mixture within the reactor’s piping system. In this talk, an 
overview of Bill’s work with the acoustics of bubbly liquids will be presented, including 
noise and scattering from bubble clouds, and sound propagation within bubbly liquid and 
gas-bearing sediments. Finally, Bill’s campaign to rename a famous equation (Wood’s 
Equation) in honor of its forgotten originator (Mallock) will be reviewed. [Work 
supported by ONR.] 

Keywords: bubbly liquids, ocean ambient noise, scattering, bubble clouds, gas-bearing 
sediments 
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1. ORIGIN OF CAREY’S INTEREST IN BUBBLY LIQUIDS 

A review of Bill Carey’s earliest publications reveals that he was thinking about 
acoustic bubbles from the very beginning. His first two publications were related to the 
acoustic detection of bubbles associated with decompression sickness, and were written 
while Bill was still a student at Catholic University. [1, 2]  After obtaining his PhD, Bill’s 
work centered around his training as a nuclear physicist when he was employed at 
Argonne National Laboratory (ANL) and was involved in nuclear reactor design and 
control instrumentation, but bubbles were still at the center of his activities. At ANL, Bill 
worked on topics related to the detection of boiling in reactor systems. [3, 4]  It is 
interesting to note, that even at this early time in his career, Bill’s work was already 
foreshadowing his later career. The first sentience of Ref. [3] reads “The objectives of this 
report are to discuss the detection, classification, and, possibly, the localization of boiling 
in a liquid metal fast breeder reactor by means of a few acoustic sensors positioned in the 
outlet plenum…,” which was indeed referring to the sonar equation, discussed 
subsequently in the same report. Also discussed are the detection of signals in noise and 
the analysis of ambient noise. 

Propagation in bubbly liquids was not discussed in Bill’s early work, but while at ANL, 
Bill encountered research by Karplus [5] on sound propagation in bubbly liquid, which 
was conducted several years earlier at a neighboring institute in service of the design of 
boiling water reactors. The low sonic velocity found in high void fraction bubbly liquids 
flowing though piping in a boiling water reactor, leads to supersonic flow conditions at 
comparatively low flow rates, hence the interest in that field. This relatively obscure paper 
by Karplus, which was only published as a technical report, was later cited by Bill, and 
shared with colleagues and students many times in subsequent years, and became the basis 
of experimental work he conducted late in his career while a professor at Boston 
University. The Karplus paper may have also been one of Bill’s earliest encounters with 
Wood’s equation and the use of a one-dimensional acoustic resonator to determine sound 
speed. None-the-less, it is clear that Bill was thinking about sonar and underwater 
acoustics before he formally began working in the field. 

2. BUBBLE CLOUDS AND AMBIENT NOISE IN THE OCEAN 

We now fast-forward about ten years to the mid-1980s. Bill had been trying to 
understand the cause of a particular feature of ocean ambient noise: a rise in the low-
frequency noise spectrum associated with increased wind speed. At the Fall 1985 meeting 
of the Acoustical Society of America (ASA), Bill hypothesized that this noise was due to 
the collective oscillation of breaking-wave-generated subsurface bubble clouds. This 
material was presented during the meeting but did not appear in the published abstract. [6]  
(Aside: Bill himself always jointly credited Andrea Prosperetti with first presenting this 
hypotheses. Prosperetti also discussed collective bubble cloud oscillations in the same 
ASA meeting session. [7]) He then embarked on more than decade-long research journey 
to prove this hypothesis, which he (along with co-workers and other members of the ocean 
acoustics community) eventually did. The key idea was the following: wind-driven 
breaking waves generate bubble clouds under the spilling breaker. These bubble clouds 
radiate sound upon their generation that is responsible for the ambient noise feature 
previously mentioned. The sound radiation is driven by the collective volumetric 
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oscillation of the cloud and is governed by the effective sound speed of the two-phase 
mixture that makes up the cloud and the overall size of the cloud. Wood’s equation [8] 
relates the sound speed inside the cloud to the volume fraction of gas bubbles in the  
mixture and is independent of bubble size, since the collective oscillation frequency is 
well below the resonance frequency of largest single bubble. Moreover, the dimensions of 
the cloud are smaller that the wavelength of acoustic emissions. The cloud therefore 
behaves, to first order, as an effective fluid sphere, and given the low sound speed inside 
the cloud and typical oceanic bubble cloud dimensions, the frequency of this collective 
oscillation matches that of the observed ocean ambient noise measurements. Several 
publications described this work [9-14] and a typical result is shown in Fig. 1, which is the 
experimental apparatus and radiated noise spectrum from an artificial breaking wave 
event. [15] It was along this research path that Bill began extensive use of Wood’s 
equation that continued throughout his career. 

 

 
Fig.1: Tipping trough apparatus (a) used to generate model breaking waves and (b) 

radiated noise spectra from bubble clouds produced by model breaking waves in fresh and 
salt water. The peaks in the spectra are near 100 Hz, showing that bubble clouds can 

indeed radiate low frequency noise. Figures adapted from Ref. [15].  

3. SCATTERING FROM BUBBLE CLOUDS 

If radiation of sound from an object is one side of a coin, then scattering of sound from 
that object is the other side. To further support the aforementioned hypothesis, Bill Carey 
sought to measure and model acoustic scattering from bubble clouds. One of these 
measurement campaigns became known as the Lake Seneca experiment. The experimental 
arrangement is shown in Fig. 2(a), and consisted of a source of compressed air that fed an 
air plenum and needle bank, used to make freely rising bubble clouds on demand at a 
depth of 91m in a fresh water lake. The bubble cloud rose up in the water column and 
intersected the acoustic axis of a monostatic sonar system that was used to measure the 
rising cloud’s target strength. A typical result is shown in Fig. 2(b), including measured 
target strength compared to a model prediction based on scattering from an effective fluid 
sphere, with acoustic properties derived from knowledge of the cloud’s void fraction and 
Wood’s equation. [16]  Experimental conditions were sufficiently well known to allow for 
good model-measurement comparison, and the result qualitatively supported the 
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hypotheses discussed in Section 2, but there were some quantitative differences between 
model and measurement due to experimental complications involving the shape of the 
cloud and interaction with the bubble generator itself. These complications where 
eventually worked out through the use of a confined bubble cloud, where the shape was 
well-known, [17] and using an indoor tank facility, where free-field scattering from the 
artificial bubble cloud could be achieved. [18]  Bill’s hypothesis has now been accepted in 
the community, and model clouds indeed behave as effective fluid objects with acoustic 
properties given by Wood’s equation. 

 

Fig.2: (a) Experimental apparatus used in the Lake Seneca experiment to examine scattering from 
bubble clouds. (b) Measurement results compared to a model of fluid sphere scattering using 

Wood’s equation to describe the acoustic properties of the cloud. Figures adapted from Ref. [16]. 
 

4. PROPAGATION IN BUBBLY LIQUIDS AND GAS-BEARING SEDIMENTS 

At the time, there was also substantial interest within the community in sound 
propagation in bubbly liquids at frequencies beyond the “Wood’s limit,” that is, at 
frequencies near and beyond the resonance frequencies of the individual bubbles in the 
mixture. Also of interest was sound transmission in high void fraction mixtures. Such 
conditions exist early in the life of an oceanic bubble cloud, and measurement is 
complicated by the predicted excessive attenuation coefficients. Commander and 
Prosperetti [19] had published a new rigorous propagation model in 1989 but had not 
found agreement between their model and measurements available at the time, which even 
in 1989, were already decades old. Bill and colleagues set out to measure bubbly liquid 
sound speed and attenuation using an impedance tube method, which eventually was 
successful [20] and proved that for most oceanic void fractions the model of Ref. [19] was 
sufficient to describe attenuation, even at the individual bubble resonance frequency 
(IBRF). The apparatus and typical data are shown in Fig. 3. 

Interest shifted to the acoustics of gas-bearing sediments and of mud, and since the 
complexity of this medium is comparatively high, Bill’s focus shifted back to the low 
frequency regime and he investigated the use of Wood’s equation to describe gas-bearing 
mud. It was found that in fluid-like muds that contain bubbles, a very simple equation, 
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derived from Wood’s equation, describes the measured sonic velocity, which depends 
only on the void fraction, the sediment bulk density, and the local hydrostatic pressure.  
This is somewhat remarkable, because dozens of parameters are required to fully describe 
the details of a gas bearing sediment, including the fluid and sediment grain parameters 
and their packing, plus the bubble size distribution and air properties. Again, an acoustic 
resonator technique was used to measure the sound speed in a gas-bearing mud. X-ray 
micro-computed tomography was used to determine the void fraction, and with knowledge 
of the sediment effective density (measured directly) the measured sound speed agreed 
exactly with the prediction of the three-parameter model. 

 

Fig.3: (a) Water-filled impedance tube apparatus used to measure the sound speed and 
attenuation in bubbly liquids at and near the individual bubble resonance frequency (IBRF). 

(b) Comparison between measurements and the model of Ref. [19]. Note that IBRF is near 5.2 kHz 
and the attenuation is about 140 dB per meter. Figures adapted from Ref. [20]. 

 

5. REINTRODUCTION OF MALLOCK TO THE MALLOCK-WOOD 
EQUATION 

Sometime circa late 1990s, online booksellers proliferated and made the locating and 
purchasing of old books both inexpensive and easy. Bill purchased an original edition of 
Wood’s A Textbook of Sound (1930), and found that it differed from the later (1950’s) 
edition he had been using. Specifically, in the section that describes what came to be 
known as Wood’s equation, there was a reference to an earlier work by Mallock [21] on 
the acoustics of bubbly liquids, that was absent from the later editions. Bill tracked down 
Mallock’s paper and found that Mallock had actually derived an equivalent form of 
Wood’s equation in 1910, which was twenty years before Wood published it himself. 
Once Bill discovered Mallock, he began referring to Wood’s equation as the Mallock-
Wood equation, in an effort to give back some of the credit to Mallock, whose 
contribution had somehow been overlooked. 

It is interesting to speculate as to how this might have occurred. Bill hypothesized 
colloquially that it was because Mallock had incorrectly plotted the equation in the 1910 
paper. Mallock’s plot is shown in Fig. 4(a) and a number of things look unusual to a 
modern reader. First, the abscissa is reversed from modern convention. Second, and most 
importantly, the shape of the plot is unfamiliar, but the limiting high and low volume 
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fraction sound speeds do assume the values for air and water respectively, as we expect. 
Even with the reversed abscissa, we expect a smooth curve, like that shown in Fig. 4(c), 
rather than the three-sectioned curve of Mallock. It is easy for a modern reader to assume 
Mallock’s plot was either a sketch or just incorrect given the tools of his time. Upon 
further inspection (which took this author (PSW) ten more years to understand), Mallock’s 
original plot is actually plotted on three different concatenated abscissas, from 0 to 1 on a 
linear scale, then from 1 to 1000, then from 1000 to 1000000.  This can of course also be 
done with a modern plot as in Fig. 4(b), and one finds that Mallock’s plot was actually 
quite accurate after all. We can only speculate as to how this would have modified Bill’s 
opinion of why Mallock was lost to history, but it does seem to refute the contention that 
Mallock was overlooked because of an inaccurate plot. 

 

Fig.4: (a) Mallock’s original 1910 plot of sound speed in bubbly water, as it appeared with a 
three-segment abscissa. [21]  Modern versions of the same plot are shown with the same three-

segment abscissa (b) and in a more familiar form (c) with a continuous abscissa. 
 

6. SUMMARY 

Bill Carey was trained as a nuclear physicist but almost immediately started to think in 
terms of underwater acoustics and the acoustics of bubbles. He soon transitioned into 
underwater acoustics and remained in that field for the rest of his career. He discovered 
Wood’s equation while working on nuclear reactor technology and carried it into his 
underwater acoustics career. Over the next thirty years, Bill used Wood’s equation to 
describe the sound radiated by bubble clouds that are generated by wind-driven breaking 
waves, to describe acoustic scattering from bubble clouds, and to describe acoustic 
propagation through bubble clouds and gas-bearing sediments. In the last several years of 
his career, Bill discovered that Mallock was the originator of what had previously been 
referred to as Wood’s equation and began a campaign to reestablish Mallock’s 
contribution. Bill began referring to the equation as the Mallock-Wood equation, rather 
than just Wood’s equation. One of Bill’s uncompleted quests, to discover the cause of the 
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historical oversight, has been brought one step closer to completion. It had been suggested 
that Mallock was not remembered for his equation because he had published an incorrect 
plot in 1910. We now see that the 1910 plot was in fact quite accurate. We hope this work 
helps to carry on Bill’s campaign to restore Mallock’s legacy as a progenitor of the 
Mallock-Wood equation. 
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Abstract: One of Bill Carey’s lifelong interests was in arrays and array processing. Key to 
how much gain one can obtain from a horizontal line array is the array coherence, which 
depends on what the spatial and temporal bounds of acoustic wavefront coherence are in 
a variable medium. Using careful measurements of array output at normal incidence to a 
source in locations off the Eastern U.S. coast and in the Korean Strait, Bill came up with 
an average number of ~30 lambda for the array spatial coherence length. This is for 
"typical" shallow water environments with a source several kilometers away. Recent 
environmental and acoustic measurements from the Shallow Water 2006 experiment shed 
experimental light on the ocean and seabed scattering processes that control the 
coherence.  Simple theoretical arguments for the coherence length are provided based on 
such environmental input, and show interesting initial agreement with Carey’s results. 
Directions for further research are discussed.

Keywords:  Carey number, shallow water acoustics, horizontal coherence length
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1. INTRODUCTION

Bill Carey was an underwater acoustics scientist with a broad range of interests, as was 
well known to his colleagues. Bubbles, ambient noise, acoustic bottom interaction, and 
towed array design and performance were some of his major themes. Those who knew 
Bill most closely also knew that Bill was motivated and very driven by the practical 
importance of a problem, i.e. by the engineering world as well as by the science. If a topic 
constituted an important part of the sonar equation and was relevant to US Navy needs (as 
Bill saw them), then Bill would readily invest his scientific and engineering efforts, both 
in theory and experiment.  One topic of obvious importance is array gain, and for many 
Navy systems, this means horizontal towed array gain. Bill worked in the area of towed 
array design and performance from its earliest days in the 1970’s, when computer and 
electronics technology had advanced just far enough to make such array systems practical 
and useful. Bill’s efforts in this area and our thoughts on his results are the main topic of 
this brief paper. 

2.   BILL’S AT-SEA EXPERIMENTS AND “THE CAREY NUMBER” FOR 
SHALLOW WATER ACOUSTICS 

 
Bill Carey worked for DARPA, ONR, NUWC and other US Navy labs and 

concerns, both as a manager and as an investigator. This inevitably pushed his focus 
towards concrete and practical results. One of the most practical questions one can ask of 
an array system (for any wave signal, electromagnetic, acoustic, or other) is: “how much 
gain can I get?” Amplifying a weak signal is usually the name of the game. In a simplistic 
world of perfectly known wavefront geometry, one would get a 10 log N gain (where N is 
the number of array elements), and beamwidths determined simply by the array length and 
the acoustic frequency. But it is (and was for a long time) known that the ocean and 
seabed medium is anisotropic, inhomogeneous, time dependent, and in a word – messy. 
Given a medium that makes exact theoretical prediction hard, Bill took the simple and 
pragmatic approach – go out in the field with your gear and see what you see. Given 
enough careful measurements, perhaps a useful pattern or some “rules of thumb” might 
emerge. Over the years, Bill did just that.  

Bill’s classic paper on coherence was “The determination of signal coherence 
length based on signal coherence and gain measurements in deep and shallow water,” 
published in The Journal of the Acoustical Society of America [1], which he wrote will 
doing a two-year stint as a visiting professor at MIT. In this paper, Bill quotes and uses the 
results of a number of experiments, many of them his own, to tabulate statistics of , 
the horizontal array coherence length, while also keeping careful track of the experimental 
parameters (including the environment) for each experiment. However, while noting the 
experimental conditions, Bill stopped short of trying to model them in that paper, and just 
reported experimental results. This was again common sense – such modeling, when done 
fastidiously, is a formidable task, and has been the topic of numerous theoretical and 
computational papers over the years.  

Two major points that Carey stressed in his paper were: 1) that array signal gain 
(ASG) (also AG) [2] was a good quantity to study, as it has a larger SNR and more DOF’s 
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than other methods, and 2) that broadside is an optimal geometry for estimation, as 
the ray/mode multipaths all arrive on the same azimuthal beam (which they do not for off-
broadside configurations.)  In doing this present paper, we will do some computer 
modeling where we ignore point #1, but we will use point #2 explicitly.  We will also 
restrict ourselves to the shallow water case, as our title indicates.  

At this point, it would be of interest to look at Bill’s 200-400 Hz data for  
versus range to see if we can spot the interesting features.  A graphic view of his data 
(tabular in his paper) is presented in Fig. 1.  

 

 
Fig. 1: Horizontal coherence length (also called in our paper) versus range 

for 200-400 Hz data [1]. 
 
Assigning the name “Carey Number” C to the ratio of coherence length scale to , 

one sees from Fig. 1 that Carey’s rough average of  = 30  , i.e. C = 30, evolves, but 
that there is also a more general clustering around 25  if one ignores the 38  data points. 
No evidence of a strong range dependent trend is seen, which is rather interesting.  Theory 
estimate points will be discussed later.  

 
3. SW06 AND THE SHALLOW WATER CAREY NUMBER 

In 2006, the US Office of Naval Research (ONR) sponsored the largest shallow 
water acoustics/oceanography experiment we know of to date, called Shallow Water 2006 
(SW06). In this experiment, there were several vertical and horizontal line array pairs 
(HLA/VLA’s) deployed, along with numerous ocean and seabed measurements that allow 
us to look at horizontal array coherence in the context of a well characterized 
environment. [3].  Data from one of these arrays, the WHOI HLA/VLA, was intensely 
analyzed for array coherence using a signal sent from an along-shelf source which 
transmitted frequencies of 100, 200, 400, 800, and 1600 Hz. The HLA lay on the bottom 
in 78m of water, and the experimental parameters were very similar to a number of the 
experiments reported by Carey. After correcting for off-broadside effects, Duda and his 
collaborators [4] produced plots such as the one shown in Fig. 2. In this figure, one can see 

(panel three) and how it varies with the passage of strongly nonlinear internal waves 
(panel one.) It is seen that, during periods with no strong internal waves,  averages 
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around 30 , with a spread between 20-40 . This is very much in keeping with Carey’s 
observations.  During times when there are strong nonlinear internal waves, however, the 
coherence length plummets to ~10 , and then slowly recovers as the wave train passes. 
This latter effect is due to the alongshelf ducting and refraction of the sound by the 
internal waves, has been observed often, and its effects on predicted long ago by Oba 
and Finette using computer models [5].  Thus, we can see that Carey’s 20-40  spread for 

appears robust, and also responds to local oceanographic processes rather strongly. 
But there are a number of strong shallow water oceanography processes that can affect the 
array coherence, and so our next chore should be to address this list. 
 
4. VERY SIMPLE MODEL ESTIMATES FOR  IN SHALLOW WATER - 
DISCUSSION 

 So, how does one predict Carey’s 30 -ish  from “basic physics?”  The 
coastal ocean is a complicated potpourri of oceanography, bathymetry, bottom geology, 
and even biology that one needs to consider to describe the propagation and scattering of 
sound, and the array coherence properties that result.  This can be done with large 
parabolic equation (PE) computer models, and the work of Oba and Finette, and more 
recently Lin et al [6] are good examples of this. Yet even these models don’t yet include 
all the ocean physics (yet – progress is being made!) , and moreover, they are very 
computer intensive to run repeatedly, as would be needed. Analytically, one could turn to 
coupled mode theory, but even the “simpler” calculations with it (e.g. Lynch et al for 
linear internal waves and Colosi for nonlinear internal waves [7,8]) quickly become rather 
involved. So, is there something even simpler we can do? The answer we give in this brief 
paper is – perhaps! What we will present next is the initial stages of an attempt to see if 
  

 
 

Fig. 2: Top (first) panel shows vertical displacements due to internal waves in SW06. 
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Second and fourth panels show azimuthal angle variability of the energy received at the 
WHOI HLA. Third panel is a time series of the “Carey number”, clearly showing how it 

varies due to the internal waves. 
 

one can produce  and the Carey number via a “back of the envelope” adiabatic 
ray/mode approach that concentrates on getting the phases of the arrivals (to which the 
array processing is most sensitive) reasonably well, and doing less justice to the 
amplitudes (which can be less accurate while still producing reasonably good 
beamforming and array performance.) The phases will be determined by the basic 
geometry, strength, and orientation (relative to the acoustic S/R track) of the ocean and 
seabed features.  
 To be more precise, we will consider vertically averaged oceanography 
(soundspeed profile), surface and bottom reflected rays and modes, no horizontal (3D) 
refraction, no mode coupling and no attenuation. (We will relax the vertical averaging in 
future work we report, but for the simplest model, the vertical averaging is appropriate.) 
We are mainly interested to the travel time/phase perturbations that are introduced by the 
ocean and seabed, and which can be expressed as  

 
and converted to phase by (Duda et al. [4] present SW06 evidence that phase 
fluctuations control the coherence, as expected, rather than amplitude.) We could also add 
a subscript m to the time and phase if we wished to track each (vertical) multipath, but we 
will not do that here, as mentioned.  
 From the variation of these arrival phases across a (broadside) array, one can find 
the distance over which the phase changes by /2, or some other reasonable criterion. This 
reduces the problem to doing some very simple path integrals of phase, and perhaps also 
doing some simple root finding.  
 Before showing our detailed examples, some of the “positives and negatives” of 
this approach are worth discussing. On the positive side, this approach is simple, and one 
can generate approximate answers in minutes. This approach can also accommodate 
models of many types of oceanography as well as bottom features. Turning to the 
“neglected terms”, the attenuation is not crucial to phase estimates, though it (and other 
amplitude effects) will affect the relative weightings of the multipath arrivals. For strong 
mode coupling, the adiabatic phase we are using may not seem adequate, but for close 
coupling cases, the relative phase differences between the coupled and adiabatic mode 
pictures may actually be rather small. Also, using the depth averaged ocean (or 
equivalently looking just at surface and bottom interacting rays and modes) has been seen 
Lynch et al [7] to give fluctuations that are within a factor of two of the maximally 
perturbed rays and modes (which turn in the thermocline.) So we might expect to be able 
to make a reasonable estimate of the relative phases between the arrivals seen on a 
horizontal, broadside array.  
 On the negative side, one does eventually want to see the array coherence for the 
arrivals at all grazing angles, i.e. with turning points below, in and above the thermocline. 
This means adding the vertical dimension back, or making the “effective vertically 
averaged soundspeed perturbation” ray and or mode number dependent. Work on this is 
being done, though it is not reported here. It is also a rather simple extension of what we 
present here.  
 
5. SIMPLE MODEL ESTIMATES FOR  IN SHALLOW WATER - 
GEOMETRIES
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Let us consider the phase distortion due to four important common and important 
ocean features which can be described with relatively simple geometries: fronts, eddies, 
internal tides, and nonlinear internal waves. Surface waves, linear internal  waves and 
spice (density compensated turbulent filaments) are also important, but as they require a 
spectral description, we will not treat them here. (They are not very different to treat, but 
given space limitations, we restrict our topic.)  We will treat eddies, nonlinear internal 
tides, and nonlinear internal waves first, and rather briefly, just presenting the geometries 
and basic equations. We will then present a more detailed treatment of the phase 
perturbations due to a sloping coastal shelfbreak front, based on SW06 data.  
 We first consider a coastal eddy feature, which we can take as a simple circular 
feature with a radius given by the “baroclinic Rossby radius”, generally on the order 
of 5-10 km in coastal regions. Considering a simple circle ties the radius directly to the 
ocean dynamics, and is reasonable to do for an “average” answer. The 
temperature/soundspeed disturbance one uses depends on local conditions, but generally 
using a soundspeed disturbance that is of the magnitude of the difference between the 
mixed layer soundspeed and the bottom water soundspeed is reasonable.  Taking the layer 
to have a thickness of order ~10-20 m (typical of an internal wave height) is also 
reasonable. (Of course, incorporating local observational data is the best procedure, when 
possible.)  Depth averaging is then done for this soundspeed disturbance in the context of 
the simplest treatment. 

 
Fig. 3: Circular geometry representing a coastal eddy. The two chords shown are 

“special case” chords, i.e. the diameter chord and the broadside point chord. 
 
 For this case, all we need to do for the path integral is to find the length of the 
circle chords created by the S/R track cutting through the eddy. This is a standard 
scattering problem, and we get that the chord length is 

 
where b is the “impact parameter” (point of closest approach of the given path to the 
center of the eddy). From our path equation seen before, we have 

 
To do this calculation in a practical sense, we let the angle from the source to the receiver 
array vary, and thus sample the chords transiting the eddy. We look for the point where 

 on each side of broadside, which is a very simple root-finding problem. (One 
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could also get an analytical form, given the center of the eddy and the source-receiver 
coordinates, but it is slightly messy. A root finder is very simple in this case.) This gives 
us  for a given source receiver geometry and x-y horizontal position of the eddy, and 
if one wants statistics, it is easy to move the position of the eddy around. These will be 
shown at the UAM conference.  
 The next major feature of interest, which is always present in the coastal ocean, 
is internal tides.  These are internal waves at the tidal frequency, and typically  have 
wavelengths of order 20-40 km on the continental shelf. They are commonly generated by 
stratified tidal flow over the shelf-edge, canyons, and other topographical features. The 
soundspeed perturbations and wave amplitudes are of the orders mentioned for the eddy 
case above. A generic picture of a sinusoidal  internal tide, such as would be generated by 
a line source at the shelfbreak,  propagating at some angle  to the source-receiver track, is 
shown in Fig. 4.  

 
Fig. 4: A sinusoidal internal tide at angle  to an acoustic propagation track. 

 
When treated as such a sinusoidal disturbance, the phase disturbance due to it is: 
 

 
where  

) 
and 

 and  
 

is the angular difference between the internal tide propagation direction and the acoustics 
track. We again look at the  points at each side of the array broadside point, 
using a simple root finder. In that the internal tides are a rather regular feature, doing 
statistical averages is not needed for our simple estimate.  
 A third important, and very common, feature in the coastal ocean is nonlinear 
internal waves, which are often associated with internal tides that are driven to 
nonlinearity. These appear as groups of waves (order 1-20, depending on their evolution) 
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spread over a few km distance. Again, the soundspeed perturbations and wave amplitudes 
are as described before. A generic picture of such a wave train is shown in Fig. 5 below. 
Scattering of sound by such features has been well described at this point in time, but the 
pictures of  presented in these studies are rather complicated. Duda [9], for example, 
computes this for coupled mode propagation but no horizontal refraction. As an 
alternative, we endeavor to show a simpler result here. 

 
Fig. 5: An internal wave train propagating at angle  to an acoustic track 

 
From our previous work, we just write the simple result 
 

 
where 

 
 

Again, a simple root finder to locate the   points at each side of the array 
broadside point suffices to give   We note that this works for large , but 
breaks down when the difference approaches zero. In this regime, 3D refraction and 
ducting effects must be considered, which is beyond the reach of our simple formalism.  
 
6. A DETAILED SIMPLE MODELS ESTIMATED FOR  IN SHALLOW 
WATER – THE SHELFBREAK FRONT 

 Given the limited space available, we will show details for only one of our four 
“geometric” coastal oceanographic features, the shelfbreak front. This is a very common 
and important feature around the very salty Atlantic Ocean, and moreover was one in 
which Carey performed many of our experiments, and also exists in the region where 
SW06 was conducted. Thus we have data (Figs. 1 and 2) that show the effects of this 
feature. We will use parameters in our calculations from the SW06 experiment, since it 
had very detailed oceanographic information on the structure of the local shelfbreak front. 
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Fig. 6: Top panel shows side view of a sloping shelfbreak front of width W, taken to be a 
linear slope here. Bottom panel shows a top view of the experimental configuration, with 

receivers at various azimuthal angles to a source at the deep edge of the front. 
 
         We consider, based on this data, a sloping front (sloping from the top at the 
shelfbreak to the bottom inshore) of W=10km, as shown in the top (side view) part of Fig. 
6. The frontal soundspeed disturbance is of order 40 m/sec. As shown in the bottom panel 
of Fig. 6, we are interested in the broadside coherence length for a variety of azimuthal 
angles (of the track to the frontal orientation) and also within and across the frontal region.  
Carey’s experiments and the SW06 data we show were primarily along isobaths and in the 
deeper part of the shelf, so the along isobath result is perhaps the most pertinent.  Let us 
now look at the (rather simple) mathematics of these cases.  
 We first consider a path across shelf and receiver outside the front. For x 
alongshelf and z across shelf as in Fig. 6 (we depth average here, so we don’t need z for 
depth and are free to use it), we have that the soundspeed perturbation due to the front is 

where .   For a path to the center of the array at , 
the “exit point” from the front is at .  The path thus feels the perturbation from the 
source up to the point   Thus  is given by 
 

 
 

where dl=dz/cos .  Using =W/cos , simple integration gives 
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As a quick check, this form gives  for =0, as one would expect. Also 

note that this form will break down for very large .  As it is designed for a path crossing 
the front, that is not a region it is suited for, and one just needs to make sure that the 
geometric restriction is honored.   
 To get the phase change across the array, we just need to use 

 
and , where L is the distance along the array measure from the center 
(broadside) point.  For the  terms, we need to use the standard trigonometry 
identities 

 
This identity show the asymmetry in  for , which is what one expects. 

 As a “sanity  check”, one can derive a simple, explicit form for =0, which should 
have phase symmetry on either side of the array from the broadside point. We have (going 
from  to L) 
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7.  SOME VERY PRELIMINARY CONCLUSIONS AND SOME IDEAS FOR 
FUTURE WORK

This being a short conference paper, we can’t show a complete story, but the 
presented work provides some potentially useful guidelines. Results from some of the 
preliminary paths we have taken in our attempt at simplifying estimates for  tend to 
agree with measurements. Note that we are not trying to replace more complete theories or 
computer models of numbers like , but rather trying to provide an estimation tool that 
is readily available to anyone with a hand calculator. This has been made possible by the 
experimental measurements of the coastal environment, and the understanding of its 
dynamics and structure that has ensued. With this environmental input available, we can 
get good estimates of acoustic quantities, be they simple or more complicated. 
 Finally, there is our unfinished business. First, we need to complete the work on 
fronts, eddies, internal tides and nonlinear internal waves, as outlined in the paper. This 
means looking at the statistics of various source receiver placements/geometries relative to 
the ocean structures (e.g. vary S/R ranges, azimuths, and absolute positions.)  Second, we 
need to extend this work to the vertical dimension, i.e. include the vertical multipath 
structure (be it ray or mode.) This actually isn’t so hard to do, and will add flexibility to 
the depth averaged results we discuss here. Finally, we would like to create a small 
collection of useful equations and computer codes that can be readily employed by 
someone who is interested in array performance in a coastal region. We think Bill Carey, 
who worked with us on more complex  estimates, would approve of these practical 
goals. 
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Abstract: Ocean Networks Canada initiated a project to evaluate the performance of a 
low frequency, smart hydrophone for cabled ocean observatories.  A suitable independent 
calibration facility could not be found that was capable of calibrating a) digital 
hydrophones or b) down to 0.01 Hz.  The lack of an end to end calibration capability for 
digital hydrophone systems is a potential source of errors, and the lack of a standard for 
digital hydrophone calibrations invites the use of multiple metrics such as dB re μPa2@FS
or dB re counts2/μPa2.  The lack of an existing end to end calibration system necessitated 
the design of a low frequency, digital, hydrophone calibration system for the ocean 
observatory.  This paper describes the design, operating challenges and performance of 
the new calibration system. The system is driven by a piston that sinusoidally pressurizes a 
small, constrained volume of water in which a reference pressure sensor and the unit 
under test are immersed.  The calibration assembly is immersed in a water bath for 
thermal damping and the bath is enclosed for vibration isolation. 

Keywords: acoustic, calibration, hydrophone, low frequency 
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1. MOTIVATION  

Ocean Networks Canada (ONC) operates the VENUS and NEPTUNE Canada cabled 
underwater observatory networks.  Hydrophone data is one of the core data sets that ONC 
provides free of charge to researchers around the world.  In response to pressure from a 
number of stakeholders ONC initiated a project to improve the reliability, maintainability 
and acoustic quality of the hydrophone data.   

Systematic issues with ONC's previous two digital Ethernet hydrophone 
implementations (custom built hydrophone arrays and single element hydrophones 
purchased from a hydrophone manufacturer) could have been discovered had a full end to 
end (acoustic pressure to counts) calibration been carried out. 

To improve ONC’s hydrophone data the specifications of a number of technologies 
were assessed and the Ocean Sonics icListen Smart Hydrophones were chosen for a series 
of technology demonstration projects.  The first project focused on the icListen LF 
hydrophone. This meant verifying the dynamic range, long term reliability and sensitivity 
over the frequency range of 0.01 Hz to 1600 Hz. 

Hydrophone calibration techniques are well understood (Bobber, 1989).  Although 
open water and large tank facilities are readily available, facilities willing to calibrate 
digital hydrophones could not be found.  Calibration facilities down to 20 Hz, using air, 
are also available but only for analog sensors.  Below 20 Hz, neither analog nor digital 
calibration facilities could be found.  Therefore it was decided to construct the 0.01 Hz 
capability in house.  This paper describes the low frequency prototype system and its 
results. 

2. VERY LOW FREQUENCY PROTOTYPE DESIGN 

For a comparison calibration it is necessary to expose both the reference and the 
hydrophone under test to the same acoustic pressure.  The reference will allow the 
calculation of the acoustic pressure and the test hydrophone’s output at that pressure 
which can then be used to compute the sensitivity.  The concept is shown in Figure 1.  
This measurement is performed at multiple frequencies spanning the test hydrophone’s 
operating range to produce a sensitivity plot. 

 

 
Fig.1: Traditional comparison calibration 
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During the design phase it was decided to calibrate frequencies at and above 100 Hz 
using a traditional reference hydrophone comparison calibration technique in open water. 
Below 100 Hz a new calibration system would be designed.  In order to provide some 
spectral overlap the low frequency calibration system was originally designed to operate 
up to a maximum frequency of fmax = 500 Hz.  

To provide spectral overlap with the observatory’s seismometers it was desirable to 
extend the icListen LF hydrophone calibrations down to a minimum frequency of fmin = 
0.001 Hz.  

Calibrating a hydrophone in the far field in this frequency range is impractical due to 
the long wavelengths involved. Therefore to minimize diffraction issues the calibration 
system was designed to operate as a hydrostatic pressure system.  To achieve this, the 
longest dimension of the pressurized volume was constrained to < 1/20th of a wavelength 
( ) at the highest frequency of operation.  At /20 the maximum differential pressure ratio 
(dPrel) of any point in the chamber relative to the midpoint of the longest internal 
dimension at /2 phase in the sinusoidal pressure is dPrel = sin( /2- /20)) = 0.988 .  In dB 
this equates to a maximum pressure error of EdB = 20*log10(dPrel) = 0.1 dB . In water with 
a sound speed of c = 1485m/s, this equates to a maximum internal dimension of Dmax = 
c/(20*fmax) = 15cm. The longest internal dimension in the prototype calibration system is 
the water path from the reference pressure sensor to the vent ball valve as depicted in 
Figure 2. 

 
Figure 2 – Cross section of the VLF calibration system prototype 

 
Since reference hydrophones were not available for the frequency range desired a 

pressure sensor was chosen as the reference.  The icListen LF hydrophone being tested 
had a full scale acoustic specification of 168 dB re 1μPa2 (355 Pa peak) on the flat portion 
of the manufacturer’s plots.  To allow for some thermal variations of pressure in the 
constrained water volume the pressure range requirement was doubled. The most 
appropriate sensor found was a silicon wafer strain gauge differential pressure sensor with 
a full scale range of ±500 Pa and response time of 1 ms.  To improve the accuracy and 
verify the linearity the pressure sensor was re-calibrated as shown in Figure 3. The 
standard deviation of the calibration was 0.08%FS. 
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The calibration setup is shown in figure 4. A digital oscilloscope was used to capture 
the data from the reference pressure sensor.  The oscilloscope, waveform generator and 
hydrophone under test were automatically controlled during the calibration using a 
MATLAB script so that the reference pressure data could be synchronized with the 
hydrophone data.  The hydrophone was connected to the Ethernet port of the computer 
while the oscilloscope and waveform generator were connected to USB ports.   

 

   
  Figure 3 – Reference calibration Figure 4 – Prototype system setup 

3. RESULTS 

Data from the calibration results are provided in two forms; an immediate graphical 
interface as well as a detailed matrix report log. The interface allows the users to set 
parameters such as frequency range, hydrophone gain, reference coefficients and the 
sound pressure level. It also stores metadata such as the hydrophone serial number, IP 
address, calibration operator and the reference sensor information. 

 

  
Figure 5 – User interface of Calibration in Progress 
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The system is capable of producing very stable results with respect to hydrophone 
sensitivity, as shown in figure 6. Collections of calibration results, in this case using an 
icListen LF with at 2 pole front end filter, were combined to determine the repeatability of 
the system. The majority of the operable frequency range maintains a standard deviation 
below 0.05 dB re counts2/μPa2, faltering at the very low frequencies where a combination 
of loss in hydrophone sensitivity and environmental noise affect the accuracy. 

 

 
Figure 6 – Repeatability of Calibrations 

24 runs of 2 pole filter icListen LF 
 
The automated nature of the calibration system and the ability to set various sound 

pressure levels in the chamber allows the hydrophone sensitivity to be mapped over a wide 
range of sound pressure levels.  This characterises the hydrophone’s non-linearity.  As 
shown in figure 7, the icListen LF has been designed to reduce clipping at high sound 
pressure levels (SPL) by reducing the sensitivity.  The sensitivities are flat for all 
frequencies up to a frequency dependent maximum.  Since the majority of the data 
collected will be in the flat portion of the sensitivity versus SPL plot, the flat sensitivity 
magnitude should be plotted in the traditional sensitivity versus frequency plot.  A more 
complete analysis is shown by plotting the sensitivities at various SPLs, as shown in figure 
8. However this is likely too complex to be implemented in computations of high intensity 
measurements. 
 

   
 Figure 7 – High SPL Sensitivity Roll-off Figure 8 – Sensitivity plots at various SPLs 

1 pole filter icListen LF 1 pole filter icListen LF 
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4. OPERATING CHALLENGES 

Several expected challenges arose during operation of the calibration system. Bubbles 
cause a resonance peak and trough in the pressure plot (which should be a straight line as 
shown in the pressure plot of figure 5), necessitating the hydrophone removal to remove 
the bubbles. Electrical noise will show up in the voltage plot of figure 5 and can be 
minimized by turning surrounding systems off. Air pressure and acoustic noise also show 
up as spikes in the sensitivity plot and a recalibration will prove if the spikes are 
repeatable or due to noise.  Thermal variations with time over-range the reference pressure 
sensor.  A wider range reference sensor, faster thermal equalization (metal chamber) and 
automated pressure equalization between data points will resolve this issue. 

Several unforeseen challenges arose. The ball valve displaced water when closing and 
over-ranged the differential pressure sensor. This was resolved by equalizing the back side 
pressure on the reference sensor (water filled tube).  Compliant tank walls reduced the 
achievable SPL. Thickening the walls with 2.5 cm of cast epoxy nearly doubled the SPL. 
The next version of the calibration system will use a metal casing. The dual compression 
pipe seal around the hydrophone was compliant and difficult to successfully install and 
remove.  The next version will utilize stiff o-ring seals which will reduce the setup and 
tear down time dramatically. The ‘analog’ reference pressure sensor turned out to be a 
digital sensor with a digital to analog converter operating at 1 kHz.  This generated 
stepped sinusoids at high frequencies and reduced the effective upper frequency of the 
system to 100 Hz. The next system will utilize a silicon Wheatstone bridge strain gauge 
that will have a 1 kHz range. 

Another unexpected challenge arose when discussing the sensitivity results with several 
hydrophone manufacturers.  One manufacturer wished to use dB re μPa2@FS while 
another used dB re counts2/mPa2. The author’s preference is dB re counts2/μPa2 within the 
linear portion of the hydrophone sensitivity as discussed above. 

5. CONCLUSIONS 

Hydrophone calibration facilities have not yet embraced the digital age. 
The prototype VLF calibration system allowed ONC to successfully analyse the low 

frequency sensitivity of the icListen smart hydrophones.  The system took advantage of 
the digital nature of the hydrophone to allow automation of the calibration process.  This 
allowed the non-linear response of the hydrophone with respect to SPL to be 
characterized. The non-linear response shows the need to specify the sensitivity in the flat 
low SPL operating regime rather than referenced to full scale output which in this case 
was attenuated in sensitivity.   

The prototype issues with compliance and ease of use can be addressed with a new 
system design.  A fully analog reference will extend the upper frequency range and a new 
hydrophone seal will reduce the set up time.  
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 ASSESSMENT OF MEASUREMENT PERFORMANCE USING A 
RANDOM PLANAR ARRAY ON MATERIAL PANELS  
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Abstract: Acoustic measurements of echo reduction and transmission loss for panel 
materials suffer from contamination due to diffraction caused by the finite size of the 
panel. One method of discriminating against the diffracted signals is to use an array of 
hydrophones as the receiver. This paper examines the effect of the choice of hydrophone 
position and number of hydrophones on the array performance.  

Data were collected with a test panel of two layers, aluminium and rubber, insonified by a 
parametric array source for signal reflection and transmission in 2-D scans with a single 
hydrophone in front of and behind the panel.  

Numerical modelling of truncated parametric array has been carried out for the beam 
width of the parametric source used in the experiment. The predicted beam widths are in 
very good agreement with measured ones across the entire frequency range. The 
modelling can provide an estimate on the level of edge diffraction from a panel of finite 
size.  

Transmission and reflection loss were obtained as a function of number of receivers 
randomly selected from the scanning positions. The results illustrate that the random 
array with multiple elements will improve the measurement compared with a single 
hydrophone simply because of an increase of signal to noise ratio, where the noise is the 
edge diffraction that tends to be out of phase to the array elements, hence averaged down 
when the outputs of the array were summed, while the transmitted and reflected signals 
are in phase. This technique is particularly useful at low frequencies where edge 
diffraction cannot be gated out. 

Keywords: Acoustic measurement, Panel material, random planar array 
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1. INTRODUCTION 

Material properties in terms of transmission and reflection loss are often measured with 
samples of finite size in a laboratory. A test panel is placed in a water tank insonified by a 
normal incident wave from a transducer. Hydrophones are placed in the front and at the 
back of the panel to measure the reflected and transmitted signals. Reference signals are 
taken without the test panel. The transmission and reflection losses can be derived by 
comparing relative changes of the signals with the corresponding reference signals. 

The signals received by the hydrophones consist of not only the reflected and transmitted 
waves from the panel, but also diffraction from the edges of the panel and surface waves 
in the panel [1]. The diffraction and the surface waves are the sources of errors in the 
measurements. However, the main error is from the diffraction. The measurement method 
can provide very good results when the beam width of the transducer is so narrow that 
only the centre of the panel is insonified with little diffraction from the edges of the panel,
or the pulse length of the signal is very short that the nearest interference can be 
eliminated from the direct signals by time gating. The narrow beam width and short pulse 
length help to reduce or separate interfering signals from the surround of the panel, most 
importantly, the edges of the panel itself. In practice, it is difficult to have such conditions 
especially at low frequencies with a conventional transducer. For this reason, a parametric 
array source [2, 3] has been used to generate secondary signals with large band widths and 
very narrow beam widths even at low frequencies for this kind of measurements. 

The interference from the edge diffraction is still a problem even with a narrow beam 
generated by a parametric array source, particularly at low frequencies where the 
interference cannot be removed with time gating of the signal. To overcome this problem, 
NPL has employed a random array with 8 elements instead of a single hydrophone to 
measure the signals and then use the average of the results. This method improves the 
results of the measurements. However, it is desirable to find out the potential gains using 
such method and the optimum number of elements in the array. Synthetic array data were 
collected with a hydrophone scanning a square area in a plane in parallel with a test panel 
in the front and at the back of the panel. This is effectively a simulation of a planar array 
placed before and after the panel. The transmission and reflection losses can be derived 
from these data sets with any combinations of elements. The performance of random 
arrays with different number of elements has been assessed with the data in terms of a
normalised standard deviation for the measurements. It is noticed that the standard 
deviation decreases with the increase of number of elements. However, it approaches a
constant with more than 6 elements, indicating that an array of 6 elements will be 
sufficient for good measurements. 

2 EXPERIMENTAL SETUP  

The test panel was made of a single layer of Expancel filled polyurethane sheet, with a 
total thickness of 25 mm, 300 mm wide, 313 mm tall, backed with a 4 mm aluminium 
plate. A two-inch diameter plane piston type of transducer with a centre frequency at 1 
MHz was used to generate parametric signal for the measurements. The transmitted signal 
was modulated by a single cycle of a raised cosine signal at 30 kHz. An acoustic filter was 
used to remove the primary signal before it reached the panel so that there was no 
secondary signal generated within the panel material. A Reson TC4035 hydrophone was 
used to receive the signals. It was fixed to a 3-D carriage system under the control of a 
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computer so its position was shifted by a constant step of 10 mm for an area scan in a 
plane in parallel with the panel. The total scanned area was 360 mm by 360 mm. The 
distance between the transducer to the filter was about 1110 mm, and from the filter to the 
panel was 210 mm. The hydrophone scan planes were about 40 mm from the panel with 
scans undertaken both in front and behind the panel, and the hydrophone was moved by 5 
or 10 mm for a number of repeated runs. The mean distance from the transducer to the 
hydrophone was 1275 mm for reflected signals and 1400 mm for transmitted signals.  

Measurements of signal transmission through the panel were repeated first with the 
polyurethane side facing the transducer, and then with the aluminium side of the panel 
facing the transducer. The polyurethane side was always facing the transducer for the 
reflection measurements. There were three measurements with a 5 mm distance increase 
between the hydrophone and the panel for the reflection and, two measurements with a 10 
mm move of the hydrophone away from panel for the transmission. Reference signals 
were taken for each of the measurements when the panel was removed. The water 
temperature was in the range 19.7 oC to 20.1 oC for all the measurements.  

3 PREDICTED AND MEASURED SECONDARY BEAM PATTERNS 

The measurements were made at the border of the near field region of the transducer, and 
the length of the virtual array is about 161 m in fresh water at the frequency used where 
the distance between the transducer and hydrophone was well within the virtual array of 
the parametric source. There are numerical models to predict the secondary field from a 
parametric source of arbitrary beam characteristics in the near field region [4]. The 
secondary field is considered as the volume integration of a source density over the entire 
space, where the source density is a function of primary field that is continuous to the 
infinity. However, this is not the case for the experimental setup here, where the primary 
field was truncated well before the end of the virtual array. To take the effect into account, 
the method in [4] is modified. The volume integration is limited to the radius where the 
field is truncated. One notices that this is only an approximation to the problem where the 
truncation is in a plane in practice rather a sphere as considered by the volume integration 
in the model. The effect of the treatment is equivalent to having a phase reversed version 
of the same parametric array switched on at the position of the array truncation point, and 
this new source is superimposed on the existing array to form the entire secondary field. 

Figure 1 shows the predicted and measured beam patterns of the truncated parametric 
array at the two distances for the reflection (top row) and transmission (bottom row) 
measurements at three frequencies of 30, 42 and 54 kHz respectively. The agreement 
between the predictions and measured results is very good for all the frequencies and 
ranges. The beam pattern of the parametric array without truncation is also plotted in the 
figure in the red line. It is obvious that the truncated array has a much broader beam width 
due to a shortened length of its virtual array. The vertical dash lines indicate where the 
panel edges are. It is not a surprise to see the diffraction is stronger in the transmitted wave 
field because the relative signal strength from the incident wave at the edges of the panel 
is higher compared with the reflected wave field. 

4 MEASURED REFLECTION AND TRANSMISSION LOSSES BY THE 
PLANAR ARRAY 
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The measured pressure fields before and after the panel clearly showed  interference 
patterns due to signal diffraction from the edges of the panel. The interference patterns 
increase in the density of peaks and troughs with frequency as the wave length is getting 
smaller. It is obvious that the results of any measurement over a band of frequencies with 
a single hydrophone will be subject to the interference wherever it is placed within the 
measurement area. It is typical that the transmit source, the hydrophone and the panel are 
all aligned centrally for measurement. This is almost the worst case since all the 
interferences will arrive at the same time, causing the highest periodical peaks and troughs 
in the measured transmission and reflection losses over a frequency band. 
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Figure 1 Measured and predicted beam patterns at some secondary frequencies of the 
parametric array 

One effective way to reduce the effects of the interferences is to use a planar array in 
parallel with the panel to average out the diffractions since the phase of the waves changes 
quickly across the array while the main signal remains a constant phase. Figure 2 shows 
the measured reflection and transmission losses with a planar array and the centre element. 
The planar array was formed with all the elements with their signal levels in the reference 
signal greater than 3 dB as shown in the red areas of the plots in 
Figure 3. The reason of this choice is to have a good signal to noise ratio for all the 
selected elements in the calculation of reflection and transmission losses. The solid lines in 
the figure are for the data with all the elements in the planar arrays, while the dash and 
dotted lines are for the centre element of the arrays. The results with the arrays are close to 
each other, while spread is much more with a single element especially for the 
transmission case. 

5 MEASUREMENT PERFORMANCE OF A RANDOM SPARSE PLANAR 
ARRAY

A planar array is very costly in practice, so a random sparse planar array may be a good 
alternative if the performance is close to a planar array while the number of elements 
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is significantly fewer. A simulation was carried out to assess the performance of 
random arrays for the intended purpose. The elements of the random arrays were 
selected randomly within a smaller area inside the red areas of the reference field with 
10 elements for example as shown in 

Figure 3. A reasonably large ensemble of 50 random arrays was formed to provide 
reliable results. The standard deviations of the measured reflection and transmission losses 
were normalised with averaged reflection and transmission loss, and plotted as function of 
the element numbers in a random array in Figure 4. The spread of results decreases 
quickly with increase of number of elements initially, and then approach a constant as the 
number exceeds 10. Considering the cost effectiveness and practicalities of the technique, 
the optimum number is about 6 where the spreads are close to the constant and the number 
of elements in the array is reasonably small. 

The spread in the measurements with the soft back is less than the hard back as shown in 
the right figure in Figure 4. This confirms the study in [1] where the soft side of the panel 
facing the hydrophone generated less diffraction interference. 
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Figure 2 Measured transmission and reflection losses with all array elements and the 
centre element. 

6 SUMMARY 

Experimental investigation was carried out in order to demonstrate that the quality of echo 
reduction and transmission loss measurements can be improved by use of a sparse random 
planar receive array. This was shown to be the case in conditions where, due to a 
combination of the measurement frequency and finite size of the sample panel, it is not 
possible to eliminate interference due to diffraction from the edges of the panel from the 
direct signal. All signals from different elements of the random array are in phase, while 
the interfering signals have different phases at each element varying with its position and 
signal frequency. The output of the array, when summed, has a signal amplitude that is 
proportional to the number of elements, while the interferences tend to average out due to 
the randomness of the phase distribution. The performance of the random sparse array has 
been assessed in terms of the spread of the measurements to determine the number of 
elements necessary for substantially improved measurements of transmission and 
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reflection losses. There were significant reductions of spreads in the measured 
transmission and reflection losses with a fully filled planar array or a sparse random array 
with a minimum 6 elements from the same planar array compared that with a single 
hydrophone.  
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 HIGH-FREQUENCY ACOUSTIC SCATTERING AND 
PROPAGATION IN HIGHLY-STRATIFIED SHEAR FLOWS: 

USEFUL TOOLS FOR CHARACTERIZING MIXING? 

Andone C. Lavery, Woods Hole Oceanographic Institution, Department of Applied Ocean 
Physics and Engineering, Bigelow 211, MS 11, 98 Water Street, Woods Hole, MA 02543, 
USA, Tel: 508-289-234, Fax: 508-495-2194, E-mail: alavery@whoi.edu 

Abstract: Emerging high-frequency broadband acoustic backscattering techniques have 
shown remarkable promise for both imaging and quantifying turbulence generated by 
nonlinear internal gravity waves, which typically occur at the base of surface mixed layers 
where there is a strong pycnocline, complementing traditional in situ turbulence 
measurements. For example, the ability to quantify dissipation rates at high spatial and 
temporal resolution have supported the challenging goal of investigating the 
mechanisms by which energy cascades from nonlinear internal gravity waves to 
turbulence. These broadband acoustic scattering techniques are also proving useful in 
quantifying the transition from shear instability to turbulence in highly-stratified shear 
flows in estuarine environments. These techniques are particularly useful in the presence 
of confounding scattering sources, such as zooplankton, suspended sediments, or bubbles 
entrained by surface waves or at surface convergence zones. Recent measurements of 
high-frequency acoustic propagation in these shallow, highly-stratified, highly-sheared 
estuarine environments are also currently being analysed to determine if path averaged 
turbulent parameters can be accurately inferred using acoustic scintillation techniques. 

Keywords: broadband acoustic scattering, high-frequency propagation, turbulence, 
scintillation, microstructure 
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1. INTRODUCTION

There is a rich tradition of using high-frequency acoustic scattering techniques to 
rapidly and remotely investigate the physical processes that occur in the ocean interior 
over a range of relevant spatial and temporal scales, including internal waves [1], 
hydraulic jumps [2], bubbles [3], Langmuir circulation [4], suspended sediments [5], and 
turbulent oceanic microstructure [6-10]. To date, many of these studies have focused on 
using high-frequency acoustic scattering techniques to image these physical processes at 
high spatial and temporal resolution, but have not focused on the quantitative use of the 
calibrated backscatter. This is due, in part, to the ambiguities involved in discriminating 
between scattering sources based on either a single narrowband frequency, or a small 
number of narrowband frequencies [11].  

 

Fig.1: Broadband acoustic backscatter (envelope of matched filter) off the New Jersey 
Continental Shelf (left) and in the Connecticut River Estuary (right). 

 
Emerging high-frequency broadband backscattering techniques [8,12] have shown 

remarkable promise at both increasing the imaging capabilities (Fig. 1) through pulse 
compression techniques [13], as well as improving the ability of quantifying the sources of 
scattering based on spectral classification (Fig. 2). These broadband techniques have been 
used in the context of nonlinear internal waves [8-9], in which zooplankton were found to 
confound the interpretation of scattering from turbulence generated by Kelvin-Helmholtz 
instabilities (Fig. 3). 

 
 
 

Fig.2: Model-based volume backscattering predictions [8]. 
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Fig.3: Right hand panels: Broadband acoustic backscattering for two different frequency 

ranges, illustrating strongly frequency dependent scattering during the passage of 
nonlinear internal waves during SW06 [15]. Left hand panels: Broadband acoustic 

scattering spectra for the two regions shown in the boxes. The curves show the results of 
scattering models with best fit parameters as determined from a least squares 

optimization. The inferred dissipation rates of turbulent kinetic energy and abundances of 
zooplankton were in close agreement to direct measurements [8,9]. 

 
Recently these broadband acoustic backscattering techniques have been used to 

investigate turbulence in highly-salt-stratified shear flows in the Connecticut (CT) River 
estuary [10,14]. The CT River estuary is characterized by strong tidal flow, shear 
instabilities, high salt-stratification, shear, and turbulence intensities, and increased water 
property variability. Suspended sediments are the primary confounding factor for 
characterizing scattering from turbulence in this environment (Fig. 4).  

 
Fig 4. Broadband backscatter for two different frequency ranges in the CT River 
estuary during the early ebb [10,14], and associated acoustic spectra [10]. 

 
The transition from shear instability to turbulence has been well studied in relatively 

low-Reynolds number flows in both laboratory settings and in direct numerical 
simulations, where the general understanding is that the mixing involves overturning of 
the cores [14]. However, at the higher Reynolds numbers encountered in the CT River 
estuary, and likely a common occurrence in the ocean in general, the transition to 
turbulence is observed within the zones of intensified shear separating the cores (Fig. 5). 
Furthermore, the in situ and acoustic estimates of both the dissipation of turbulent kinetic 
energy, , and salinity variance, S, are in surprisingly good agreement over much of the 
tidal cycle [11].
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Fig. 5 (a) Broadband acoustic backscatter in the CT River estuary, showing shear 
instabilities during the ebb tide. (b) Inferred dissipation rate of salinity variance at high 

resolution, showing higher salinity variance braids versus the cores. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 6. Comparison of dissipation rate of salinity variance (left hand panels) and 
turbulent kinetic energy (right hand panels) inferred acoustically (black) and from in situ 

sensors (gray) at two different depths (sensors 5 and 6) [10].  
 
In contrast to the high spatial resolution afforded by broadband backscattering 

techniques, high-frequency line-of-sight acoustic propagation techniques provide a means 
for remote-sensing of the path-averaged statistical structure and motion of the intervening 
flow [16-17], providing information on the 2-dimensional characteristics of turbulence, 
microstructure, and advection. Most studies to date have focused on relatively unstratified 
conditions [18-24]. These high-frequency techniques have not been exploited in highly 
stratified and variable environments, such as those that characterize shallow, salt-stratified 
estuaries. Estuaries provide an excellent environment to quantify stratified turbulence and 
its influence on high-frequency acoustic propagation as a broad range of stratification and 
turbulence intensities are encountered within a single tidal cycle.  

Quantifying and understanding the influence of turbulence on high-frequency acoustic 
propagation, for example quantifying the times scales of variability, is particularly 
important in the context of recent developments in the area of high-frequency, shallow-
water, acoustic communications (for example for applications involving short-range 
underwater vehicle-to-vehicle data transfer and communication), as well as being 

MAST SENSOR 5 MAST SENSOR 5 

MAST SENSOR 6 MAST SENSOR 6 
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particularly relevant to the development of acoustic observatories for remote monitoring 
of transport, mixing, and circulation patterns in coastal regions. 

The goals of this paper are 1) to report on a recent experiment in the Connecticut River 
estuary, located in Connecticut, USA, which involved both high-frequency broadband 
(120-600 kHz) acoustic backscattering and high-frequency (120 kHz), short-range (40 m), 
line-of-sight acoustic propagation, 2) report on results of initial analysis of  the line-of-
sight acoustic propagation measurements, and 3) provide an initial assessment on the 
usefulness of these latter techniques to characterize highly-stratified shear flows. 

2. HIGH-FREQUENCY ACOUSTIC PROPAGATION TECHNIQUES FOR 
QUANTIFYING HIGHLY –STRATIFIED SHEAR FLOWS 

High-frequency (120 kHz), line-of-sight acoustic propagation measurements were 
conducted in the CT River estuary from 5-8 December 2012, using a cabled array with 
real-time data-collection capabilities (Fig. 7). The mean low tide water depth was 6 m, 
with ~1 m tidal excursions. The measurements combined acoustic scintillation, two-
dimensional angle of arrival fluctuations, and reciprocal transmission techniques [21-23]. 
The system consists of two, 120-kHz, 4-transducer, 0.75m2 square arrays mounted on 
tripods 3 m above the bottom (Fig. 1). The tripods were separated by 37 m. Each 
transducer has both transmitting and receiving capabilities, allowing forward and 
reciprocal acoustic transmissions along 16 different paths.  

High-frequency broadband acoustic backscattering (120 – 600 kHz) [10], currents 
(using a 1.2 MHz ADCP), suspended sediment concentrations using an optical backscatter 
sensor, fluorescence, and continuous conductivity, temperature, and depth (CTD) 
measurements were performed in support of the interpretation of the scintillation data. In 
addition, depth resolved turbulence measurements were performed on 6-7 December 2012 
using the Measurement Array for Sensing Turbulence [24]. 

 
Fig.7: CT River estuary and the high-frequency acoustic propagation array. The two 

white crosses indicate the position of the two tripods.
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Fig. 8: Arrival structure throughout multiple tidal cycles in December 2012.  
Initial analyses have revealed that this environment is strongly upwardly refracting 

(sound speed dominated by salinity and resulting in no discernible bottom interacting 
arrival) and variable, resulting in highly variable direct arrivals (Fig. 8), particularly 
during the ebb tide. The ebb tide is characterized by shear instabilities and intense 
turbulence, which in turn results in highly fluctuating time of arrivals and signal 
amplitude. Completely drop out of the direct arrival was observed during the flood tide 
when the velocity maximum associated to the incoming salt spans the depth of the 
propagation array (Fig. 8). Furthermore, there is initial evidence that individual shear 
instabilities can be identified in the time of arrival structure during the ebb tide (Fig. 9).

Fig. 9: Top panel: Time of arrival structure throughout a single tidal cycle. Bottom 
right panel: Time of arrival during a period in which large shear instabilities were 

observed. Bottom right panel: Broadband acoustic backscatter over the same time period 
as shown in (b), illustrating a large amplitude shear instability.  
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The specific objectives of this study include 1) testing the validity of the existing 
theoretical framework for high-frequency propagation through a highly turbulent medium, 
in particular, for propagations distances over which the Rytov approximation holds, 
determining the range of conditions of validity and accuracy of Tatarski’s weak scattering 
theory, 2) quantifying the effects of turbulence anisotropy on the effective refractive index 
fluctuations, which are related to turbulence parameters, and 3) understanding the 
influence of coherent 3-D wave structures and shear instabilities generated in highly 
sheared, high-Reynolds number environments on high-frequency acoustic propagation. To 
allow these objectives to be fully addressed the following analyses still need to be 
conducted: 

Extend the theory for log-amplitude and phase fluctuations in the inertial subrange to 
the viscous-convective and dissipation subranges appropriate for energetic and 
stratified environments. 
Perform ray-tracing to understand the influence of salt-stratification on the structure of 
the direct arrivals. 
Determine the range of validity of Tatarski’s weak scattering theory from the acoustic 
scintillation. 
Use the two-dimensional angle of arrival fluctuations to determine the importance of 
anisotropy throughout the tidal structure. 
Investigate the influence of coherent 3-D wave structures and shear instabilities. 
Invert the acoustic measurements to infer parameters associated to the 2-dimensional 
characteristics of turbulence, microstructure, and advection. 
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Abstract: The quantity of wave energy lost during breaking is an important component in the 
wind wave energy budget. Nevertheless, there is still not enough information about statistics of 
breaking waves – how many waves are breaking and how much energy do they lose. An attempt 
to investigate this process with passive acoustic methods was made in the shallow water of the 
Baltic Sea.  

 Underwater noise was recorded by the Autonomous Hydroacoustic Buoy equipped with 
four omnidirectional hydrophones. By processing the noise and using the time-delay estimation 
technique, the detection, localization and parameterization of individual breaking wave events 
were accomplished. Wave field parameters were registered concurrently by a Waverider buoy, 
anchored in a close distance to the hydroacoustic system. Once per hour, water elevation was 
converted to frequency-directional wave spectrum.  

 In a five-day long experiment over 16 000 individual events of the wave-breaking were 
found and about 2500 parameterized. For each of them, the speed and direction of propagation, 
time of duration and amount of acoustic energy were obtained. This allowed for finding 
associations between individual events and wind wave spectrum.  

Majority of detected breaking events were located in a most energetic part of a wave 
spectrum. This confirmed the hypothesis that individual breaking waves were observed. In 
consequence, spectral distribution of the acoustic energy in a wave spectrum was obtained.  

 
Keywords: breaking wave, passive acoustics, acoustic energy, Baltic Sea
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1.  INTRODUCTION 
 

Breaking of wave is the most significant physical mechanism that contributes to the wave 
energy dissipation. This energy is spent on entraining bubbles under the sea surface and on 
generating turbulent motion. Thus the process of breaking plays an essential role in exchange of 
heat and gases between the sea and atmosphere. Even though this process was of interest for a 
very long time, there is still no complete information about statistics of breaking waves – how 
frequent do they break and how much energy do they lose. Mainly it results from difficulties in 
conducting experiments in natural conditions where the multiple breakings happen. There are 
several methods of observing this phenomenon including passive acoustics. Gas bubbles created 
during breaking are crucial source of noise. Acoustic sensors deployed meters under the sea 
surface, can detect even small events of breaking. They are also less sensitive for harsh sea 
conditions than other instruments.  

Passive acoustic measurements have been employed in laboratory studies [1, 2] as well as in 
the field conditions [3-5]. Results of these experiments have showed the ability of acoustic 
methods to detect breaking waves and thus to study breaking statistics. However no much 
progress have been made in obtaining a spectral distribution of the wave energy loss [6].  

Furthermore, most of the experiments were conducted in ocean conditions which differ 
significantly from the conditions of the Baltic Sea. Not only different salinity and distinctive 
structure of  water masses distinguish this basin from others, but also location and wind 
conditions entail that results from the open ocean cannot be transferred to the Baltic Sea. 
Therefore simultaneous measurements of noise under breaking waves and records of sea surface 
elevation have been made in the Baltic Sea conditions.  

 
  

2. EXPERIMENT AND INSTRUMENTATION 

Acoustical observations of breaking wind waves were conducted for five days in the Gulf of 
Gdansk, Southern Baltic Sea, Fig. 1a, in November 2009. The water depth was 19 m and the 
distance to the coast was about 2 km. The sea bottom was sandy. 

This area is of a specific wave climate. First, it is partly sheltered from open Baltic waves by 
Hel Peninsula. Depending on wind direction, spectral characteristic of surface waves are diverse 
and it could have an influence on acoustic characteristics of breaking waves. Second, the salinity 
of Baltic Sea water is lower (~ 7 psu) than in the ocean. This can be of importance when 
considering the concentration and size distribution of gas bubbles generated during breaking of 
wave. Therefore, together with noise measurements, characteristic parameters of wind wave field 
were registered as well.  

Noise was measured by an array of four hydrophones placed at Autonomic Hydroacoustic 
System (AHS). Base of the AHS is a steel container of 1 m height and of 0.4 m diameter. The 
container embodies electronic components: amplifiers, controlling computer, AD converters and 
a power supplying battery set. Hydrophones are mounted at the end of steel, 2 m long arms. Each 
of four arm is attached to the container and oriented parallel to the sea surface. Distance between 
opposite hydrophones is 4.4 m, Fig.1b. After the measurements, acoustic release and floats 
allowed the AHS to emerge to the sea surface.  
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Fig.1: a) Location of the experiment, b) scheme of the Autonomic Hydroacoustic System. 

  
During the experiment, omnidirectional Reson TC 4032-5 hydrophones with integral low-

noise 10 dB preamplifiers, were placed at the depth of 10 m beneath the sea surface. Additional 
amplification of the returning signal was possible. Hydrophone’s sensitivity is -170 dB re 1 
V/μPa at 1 m and is linear in the frequency range 0.1 – 15 kHz. The acoustic data were recorded 
for 90 s and the interval between measurements was 150 s. The sample frequency was 50 kHz. 

The AHS is also equipped with upward-looking echosounder, pressure and temperature sensor 
and a compass. In the experiment, only passive acoustic unit was used, however general purpose 
of the AHS is more comprehensive. 

The waverider buoy (Datawell Directional Waverider Mk III) measuring at the same time 
wave parameters, was launched  at the distance of one nautical mile from the AHS. Twenty-
minute records of sea surface elevations were written once per hour unless the sea state was high 
– than once per half an hour. This time series was afterwards recalculated into a wave spectrum. 

Winds were measured at the hydrometeorological station by Vaisala wind sensor, 22 m above 
the sea level. Values were obtained over 10-min intervals. The station was located about 35 km 
from the deployment site.  

3. BREAKING EVENT DETECTION 

To determine frequency characteristic of noise, registered 90-s time series were filtered in 1/3 
octave bands. The highest values of noise spectrum level were obtained for 200 – 5000 Hz range.   

During breaking of wave, large amount of air is entrained under the sea surface in a form of a 
small, oscillating gas bubbles. Such volume of bubbles radiates sound and it is assumed that 
breaking wave may be regarded as a surface point source and its directional characteristic is 
dipole-like [7]. It was shown that acoustic signature of breaking wave can be used to identify 
breaking events [3, 8]. With one hydrophone it is possible to detect breaking wave [9] but the use 
of an array of hydrophones enables also its location and tracking [4].  

To detect and track breaking waves in the Baltic Sea, we have adopted method proposed by 
Ding and Farmer [4]. Acoustic source location can be determined by the time difference of arrival 
of a signal to each hydrophone. Two pairs of acoustic sensors are sufficient to determine surface 
source location. In order to estimate time delay between pair of opposite hydrophones, 
generalized cross-correlation method was used [10]. This method is based on cross-correlation of 
filtered signals, arriving at hydrophones and on determining position of the peak in the 
correlation. Knowing the position of hydrophones, distance between pairs of hydrophones, d, 
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values of time delay, ,  and the sound speed, c, location of acoustic source (xs, ys) can be 
determined from these equations (1): 

 

where  = d2 – c2 1
2 - c2 2

2.  
Length of correlated signals was 0.02 s. Assuming mean speed of breaking wave 5 m s-1, the 

source will change its position during this time by about 10 cm. This value is small comparing to 
the distance from hydrophones to the source and to the size of the radiating volume.  

Set of correlation functions formed correlation image. If the source was present during 
considered time and its noise spectrum level was higher than the ambient noise, we could have 
seen brighter streaks at the correlation images, Fig.2a. Two such images correspond to result 
obtained from correlating signals from two pairs of hydrophones. Maximum values of each 
correlation function determined in the area of visible streaks, correspond to changing time delays. 
In this study, breaking events in the correlation images were identifying by visual means. 

Coordinates (Eq.1) calculated at successive time steps determined source track. Scheme 
example of the source tracks determined for 90 s time is presented in Fig. 2b. Most of all 11 
breaking waves were propagating almost in the same direction.    

The surface area from which the sound will reach the hydrophone depends on the 
hydrophone’s depth [11]. For an array of sensors deployed at the depth of 10 m, the listening area 
is about 1662 m2. When breaking event was detected and tracked we were also estimating its 
speed, direction of propagation, duration of acoustically active breaking phase and emitted 
acoustic energy. 

 
Fig.2: a) Two correlation images of 10-second noise measurement. Color denotes value of cross-
correlation function. Brighter streaks suggest presence of an acoustic source, b) Top-view 
scheme of determined tracks of acoustic sources. Black circles stand for hydrophones location, 
lines correspond with source tracks and light squares point source direction.  

 
During analysis of correlation images we have encountered several difficulties related e.g. to 

the simultaneous presence of more than one breaking event or to the effect of finite source 
dimension. This effect causes broadening the peak in the correlation images as well as reduces 
the correlation level. Sometimes the streak indicating presence of acoustic source was visible 
only at one correlation image. In such case breaking event could have been detected, but not 
parameterized. 

1st International Conference and Exhibition on Underwater Acoustics

1190



In the period of five days, over 16200 breaking events were detected and over 2500 were 
parameterized. In this paper we will focus only on three parameters estimated for each 
parameterized event – speed of breaking wave, its direction of propagation and acoustic energy. 
 

 
4. WIND WAVE SPECTRUM AND ACOUSTIC ENERGY OF A BREAKING WAVE  

One of a result of surface elevation records is frequency-directional wave spectrum. This 
spectrum brings the information about mean distribution of wave energy during 20 minutes 
period of measurement. The example of different representations of wave spectra is shown in the 
Fig.3. First plot presents one-dimensional wave spectrum. Water waves which transport the most 
of wave energy (dominant waves) are reflected in the spectrum in the neighborhood of a peak 
frequency. Such representation of a wave spectrum does not indicate the direction of propagation 
of these waves. There are several methods that enables estimation of directional wave spectrum. 
Extended Maximum Likelihood Method was used in our analysis. The result of such estimation is 
directional spectrum presented in the Fig.3b, where angles of wave propagations are plotted in the 
polar coordinate system. Color scale indicates the value of the wave spectrum and the 0° angle 
corresponds to waves travelling towards East. However in many cases we are especially 
interested in distribution of wave energy in relation to the peak frequency and direction in which 
the most energetic waves are propagating in (dominant direction). The normalized directional 
wave spectrum is then very helpful, Fig. 3c. Color map reflects normalized values of energy 
distribution. Propagation directions are on x-axis where  = 0° corresponds to wave of fp 
frequency. Frequency y-axis is normalized by fp.  

 
Fig.3:Example of wave spectra obtained during experiment in the Baltic Sea.  a) One-

dimensional wave spectrum, b) directional wave spectrum, c) normalized directional wave 
spectrum. 

 From this example we can see that the most of wave energy is related to waves 
propagating in -90° to 90° directions. Moreover it is easy to observe that especially for directions 
other than 0°, frequency of the most energetic waves is higher than dominant frequency (f/fp >1). 

Presented wave spectra show mean image of the sea surface area. To locate acoustic events in 
this image we should know the frequency and direction of propagating breaking wave. Direction 
of breaking event is the parameter that we can easily estimate but so as to determine frequency of 
breaking wave we have to exploit dispersion relationship, which for deep water has following 
form (2): 

 
(2)
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where  = 2 f is wave angular frequency, g is gravitational acceleration and cp is a phase speed 
of a wave. Thus knowing the phase speed of a wave it is possible to estimate its frequency. 

Speed of a breaking wave was calculated from change of the source position in time. The 
direction of an acoustic source was initially determined in relation to the AHS position. 
Afterwards, on the basis of compass data it was converted to the geographical direction.  

Assuming that a breaking wave acts like a point source and emits plane acoustic wave, the 
total energy radiated during breaking, Ea, can be estimated by integrating intensity of a source 
over a hemisphere of radius R, centered at the point where the dipole intersects the pressure 
release surface [12]: 

 

where w is water density, c is a sound speed, p is the acoustic pressure and  is duration of 
acoustically active breaking event.  
 
 
5. RESULTS 

Our measurements of noise resulted in detection and parameterization of individual breaking 
events. In order to relate obtained acoustic results with the spectrum of water waves, each 
parameterized acoustic event was described by its speed and direction and was plotted on 
normalized directional wave spectrum, Fig. 4c.  

Figure 4 presents two sets of wave and acoustic data, for two different phases of the 
experiment. First set of spectra depicts situation of a sudden increase in the height and steepness 
of waves, as well as high level of noise. The wave spectrum was fairly broad and reach the 
maximum value of 0.52 m2s for fp = 0.27 Hz. Directional distribution indicates wide range of 
propagation directions with dominant direction close to south-east. During this period we have 
detected and parameterized nine events of wave breaking. Each event is marked as a pink dot in 
the normalized directional wave spectrum. Frequency of a few of these events is slightly higher 
than fp (f/fp>1) and is located in the most energetic region of spectrum. This means that these 
waves were traveling in the direction close to the dominant direction. 

Second set of spectra was obtained when the wave height was constant (above 1 m) for longer 
period of time and the wave steepness was lower than in previous example. The mean wind speed 
was about 8 m·s-1 with decreasing tendency. The wind direction was changing from north to west 
which in case of the Baltic Sea leads to the developed wind sea conditions. In comparison to the 
first set, the wave spectrum reaches high value of 1,58 m2s for frequency almost two times lower 
than previously, fp = 0.14 Hz. The wave direction range was smaller with the dominant wave 
direction changing to southern.  

Breaking events detected and parameterized by means of acoustics, coincide much with wave 
spectrum obtained from records of surface elevation. It seems to prove that acoustic methods 
allow for not only detection of breaking waves but also for proper estimation of wave frequency 
and direction of propagation. 

One of the most essential unknown related to the dissipation of breaking waves, is distribution 
of dissipation energy in the wave spectrum [13]. Making use of the information obtained through 
measurements of noise under breaking waves – acoustic energy emitted during event of wave 
breaking, propagation speed of a wave and its direction, we have calculated mean acoustic energy 
of breaking events depending on the peak frequency of the wave spectrum, Fig.5. Ratio of 
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acoustically estimated frequency of breaking wave fbr to the fp, gives the information about the 
difference between frequency of breaking waves and maximum frequency of wave spectrum. 

There is a common assumption that the most of wave energy is concentrated in the vicinity of 
fp. Thus we should expect that also acoustic energy would be the highest for waves of such 
frequency. However, the mean acoustic energy increases with frequency and reaches the 
maximum value for 1.5fp and then it becomes to decrease. Waves of a frequency close to fp  

fp  
 

 
Fig.4: Two selected sets of wave spectra for different wave situations. a) one-dimensional wave 
spectra, b) directional wave spectra, c) normalized directional wave spectra with breaking events 
marked by pink dots, detected and parameterized with acoustic methods. 

  
Fig. 5:Mean acoustic energy emitted by individual breaking events, depending on location in 

frequency wave spectra. 
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6. CONCLUSIONS 

Process of breaking of surface waves was monitored in the Baltic Sea, by the means of passive 
acoustic methods and standard measurements of surface elevation records. Use of an array of 
hydrophones allowed the detection of  individual events of breaking. For some of them we have 
also estimated direction and speed of propagation and acoustic energy emitted during breaking. 
Through dispersion relationship, we have also obtained frequency of detected breaking wave. 
This parameter together with wave direction made possible relating detected acoustic events to 
directional wave spectrum. 

Detected breaking events were located in the wave spectrum in the region of the highest wave 
energy. This confirms that acoustic events detected by hydrophones were in fact events of 
breaking. Moreover, in the Baltic Sea conditions frequency of individual breaking waves was 
higher than peak frequency of a spectrum.  

These results have confirmed the possibility of estimating energy dissipation of breaking 
waves with application of passive acoustic methods.  
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Abstract: Sperm whales (Physeter macrocephalus) have followed fishing vessels off the 
Alaskan coast for decades, in order to remove sablefish ("depredate") from longlines.  The 
Southeast Alaska Sperm Whale Avoidance Project (SEASWAP) has found that whales 
respond to distinctive acoustic cues made by hauling fishing vessels, as well as to marker 
buoys on the surface.  These behaviours have been exploited to test various passive 
acoustic tracking techniques.  Between 15-17 August 2010 a simple two-element vertical 
array was deployed off the continental slope of Southeast Alaska in 1200 m water depth. 
The array was attached to a longline fishing buoyline at 300 m depth, close to the sound-
speed minimum of the deep-water profile. The buoyline also served as a depredation 
decoy, attracting seven sperm whales to the area.  One animal was tagged with both a 
LIMPET dive depth-transmitting satellite and bioacoustic “B-probe” tag. Both tag 
datasets were used as an independent check of various passive acoustic schemes for 
tracking the whale in depth and range, which exploited the elevation angles and relative 
arrival times of multiple ray paths recorded on the array. Analytical tracking formulas 
were viable up to 2 km range, but only numerical propagation models yielded accurate 
locations up to at least 35 km range at Beaufort sea state 3.  Neither localization 
approach required knowledge of the local bottom bathymetry. The tracking system was 
successfully used to predict the maximum detection range of the signals as a function of 
sea state in Northern Pacific Waters. Keywords: bioacoustics, acoustic localization, 
matched-field processing. 
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1. MOTIVATION AND INTRODUCTION  

Sperm whales (Physeter macrocephalus) have learned how to remove black cod from 
deep-water longline gear in the Eastern Gulf Of Alaska (EGOA), and this activity has 
increased in frequency, severity and geographic extent over the past decade. In 2002 the 
Southeast Alaska Sperm Whale Avoidance Project (SEASWAP) was created to quantify 
the scale of this depredation in the EGOA and to recommend strategies to reduce it.  
Passive acoustic monitoring and bioacoustic tagging became important tools for studying 
sperm whale behavior during natural and depredation foraging behaviours [1] . One key 
aspect of the study has been determining what acoustic cues alert the animals to fishing 
activity, and over what distance these cues are detectable above background noise levels. 
Preliminary work found that whales identify demersal longline fishing hauls by the 
cavitation sounds generated by the engagement/disengagement of the vessels' propellers 
during hauling [2]. However, determining the ranges over which whales respond to these 
cues is more problematic, as it requires an acoustic deployment for tracking whale 
positions over several hours, while covering a region of at least 10 miles in radius. 

Unfortunately, standard methods for tracking sperm whales using passive acoustics are 
impractical to use under most practical fishing scenarios, as these methods require the 
deployment of multiple hydrophones separated by hundreds to thousands of meters, a 
process that absorbs prohibitive amounts of time and increases the chance of losing gear. 
Similar problems arise when studying depredation of other marine mammal species. 

 Here we present a passive acoustic tracking method that requires only a single 
deployment of two hydrophones, attached to the fishing gear itself. The hydrophones, 
arranged as a vertical array with 10 m separation, exploit the depth-dependent sound speed 
profile of the cold-water region to detect multipath propagation of sperm whale sounds 
and thus establish range and depth estimates.  The technique may also be viable in more 
temperate waters, as long as a sound speed minimum in the water column exists, although 
"shadow zones" may arise at certain ranges, due to the expected differences between 
sperm whale foraging depths and the (lower) sound speed minimum in temperature 
waters.   

2. DATA COLLECTION 

Between 15 and 17 August 2010, the F/V Northwest Explorer deployed a two- element 
vertical array in 1200 m water depth at the Spencer Spit (57.8115 N, -137.4043 W), on the 
southeast Alaskan continental slope. The array was comprised of two acoustic recorders, 
attached at 300 m depth to a longline buoyline, and separated by 10 m vertically.  Two 
Sonotronics acoustic pingers were attached 1 m above each unit. Every 30 s each pinger 
emitted a 10 ms pulse at 10 kHz, which was used to time synchronize the acoustic data. A 
Seabird SBE39 was deployed between the acoustic recorders, providing pressure and 
temperature measurements every minute. During deployment and recovery the SBE39 
also provided a temperature profile of the water column to 300 m depth.  A 30 kg lead 
cannonball was placed below all instruments to keep the system as vertical as possible 
throughout the deployment. This instrumental configuration was easy to attach and deploy 
using standard longline fishing techniques. 

The resulting sound speed profile revealed that the local sound speed minimum lies 
close to 300 m.  This depth was selected for the subsequent array deployment, in the 
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anticipation that some of the sound generated by the deep-diving animals would refract 
toward the sound speed channel with minimum surface or bottom interactions, thus 
minimizing its transmission loss and increasing the potential detection range. A second 
cast was made at the end of the experiment (3 days later) and revealed a very similar 
sound-speed profile. The average sound speed variation between the two casts was less 
than 0.1 m/s. 

During the same trip that the array was deployed, tags in the Low Impact Minimally 
Percutaneous External-electronics Transmitter (LIMPET) configuration[3] were also 
deployed several times from a small boat launched by the F/V Northwest Explorer. The 
LIMPET Mk10-A tags were deployed between 6 to 10 m from a whale using a pneumatic 
rifle and were attached with two barbed titanium darts that penetrated 6.5 cm into the 
dorsal ridge. The tags were based on the Wildlife Computers Mk10-A, which is able to log 
and transmit detailed information on diving behaviour. The tags were programmed to 
transmit a low resolution time series of dive depth measurements taken every 2.5 minutes; 
however, for every dive they also transmit higher resolution data on the maximum dive 
depth (1-2% resolution), dive duration, overall dive profile shape, and post-dive surface 
interval, provided that enough surface time is available for transmitting the data via the 
Argos-system. Geographic locations of tags were determined by Service Argos (CLS 
America) using the Doppler shift created by the satellite passing overhead.  

At least seven sperm whales were sighted close to the vertical array during the two-day 
experiment. At 12:21 on 15 August 2010 one whale was tagged with a LIMPET satellite 
tag 1.4 km away from the vertical array, and was later tagged at 19:00 with a B-probe 
suction cup tag 300 m away from the vertical array.  The tagged whale was recognized as 
“GOA 025” and had been sighted in 2003 and 2004 close to fishing vessels in the Sitka 
fishing area. This whale will subsequently be referred as “the tagged whale” in the text.  
The B-probe stayed on the tagged whale for 2.5 hours and provided high resolution 
acoustic, depth and orientation data for three complete dives. The LIMPET satellite tag 
continued to transmit location and depth data until 30 August 2010, when it was 1000 km 
south from the original tagging site.  

3. ANALYSIS 

3.1. Data pre-processing 

Each click "event" generated by a sperm whale can arrive on a hydrophone via multiple 
ray paths.  In this paper the ray path that arrives first on a hydrophone will be dubbed the 
"primary" path, and other ray path arrivals that arise from the same click event are dubbed 
"secondary" paths, or "multipath".  Localizing a sperm whale requires measuring the 
relative arrival times of all click event ray paths on both vertical array hydrophones. Since 
multiple sperm whales were generally present in the area and simultaneously vocalizing, 
the tagging data was needed to help flag the tagged whale click trains and their associated 
multipath arrivals in the vertical array acoustic data, where a click train is defined here as 
a temporal sequence of primary path arrivals from the same animal that contain no 
interruptions greater than a couple of seconds.  The satellite tag data provided the start 
time of most of the dives, and a sperm whale usually starts clicking within two minutes of 
the start of a dive, so the satellite tag data could be used to estimate when the tagged 
whale's initial click train would appear in the vertical array data.  A simple "energy" 
detector was applied to the vertical array acoustic data by generating a series of 512 pt 
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Fast Fourier Transforms (FFTs) (0.0102 s window), overlapped 75%, integrating the 
power spectral density between 5000 and 9000 Hz, and subtracting a running average of 
the background noise level.  This frequency range excluded vessel noise (below 4 kHz) 
and pinger pulses (10 kHz). The detection threshold on the array data was set to 5 dB.   By 
stacking the time series of all detected events as a waterfall plot, it became possible to 
identify the click train of a whale that had just begun vocalizing while starting its descent 
from the surface Once this separation occurs, all multipath arrivals were then manually 
extracted by plotting 20 s of the filtered time series, starting from the time when the 
secondary path becomes distinguishable from primary direct path. This technique 
permitted consistent multipath arrival patterns to be extracted from the tagged whale in the 
presence of multiple animals.  The computation of elevation angles for each detection was 
then straightforward. 

3.2. Localization 

At ranges close to the vertical array, the acoustic multipath arrives at steep angles and 
thus does not refract much through the water column.  At very close ranges (less than 2 
km) the surface-reflected and bottom-reflected paths from a click can be isolated in time 
from the direct path received on one hydrophone, and the whale’s depth and range from a 
single hydrophone can be determined.  However, the technique only works over short 
ranges and requires considerable knowledge of the regional bathymetry. If two 
hydrophones are available, the requirement of a third propagation path (e.g. bottom-
reflected path) can be eliminated; only a second (e.g. surface-reflected) path is required, 
eliminating the need for independent knowledge of the local bathymetry.  Unfortunately 
the validity of the rectilinear assumptions behind the analytical formulas become invalid 
beyond 2 km. 

The Gaussian beam-tracing acoustic propagation model BELLHOP[4] was used to 
simulate the relative arrival times and angles of ray paths received by a hydrophone for 
hypothetical sources located at various depths and ranges[5,6]. While the model can also 
incorporate range-dependent effects, a single range-independent sound speed profile was 
used, based on the sound speed profile measured during the vertical array deployment. 
Given the lack of additional environmental data, assuming range independence is 
reasonable, given that the scale of variability of oceanographic features in this region is 
tens to hundreds of kilometers, at least in regions not adjacent to large straits of the Inside 
Passage (e.g. Chatham Strait).  

Simulated sources were spaced every 10 m in depth down to 1200 m and every 10 m in 
range out to 40 km range from the receiver, which was modelled at 300 m depth. For each 
candidate location 200,000 rays were launched, since a fine angular sampling is required 
to solve for "eigenrays," or ray paths connecting a given source and receiver. The 
centerline of the Gaussian ray bundle had to pass within 5 m of the receiver to be counted 
as an eigenray. The model assumed a source frequency of 6000 Hz, the averaged peak 
frequency of clicks recorded on the vertical array over the three-day experiment.  

The ambiguity surface is a two-dimensional function that displays some metric of 
similarity between the modelled and measured ray paths, as a function of range and depth 
locations along a vertical grid extending from the array location, which defines the origin 
of the range axis.  One approach for creating an ambiguity surface is to compute the mean-
square error (MSE) between the measured and modelled relative arrival times [6].  The 
present case also requires the inclusion of the measured and modelled arrival angles, 
which requires a more complex normalization procedure.  
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Two different MSE strategies were studied.  First, the weighted mean-square error 
LWMS at each point of the grid (r,z) was computed for the first and second arriving 
measured ray paths i and j, using every possible combination of modelled non-bottom 
interacting ray paths A and B: 

L i, j,r,z WMS min  
A ,B

Lk i, j,r,z
k 1
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where dTA,B(r, z) is the arrival time difference between a particular A and B modelled 

ray path set on the top hydrophone, generated from location (r,z), dTi,j is the measured 
arrival time difference between two multipath arrivals i and j on the top hydrophone, 
andαA(r, z) and αB(r, z) are the modelled elevation angles of candidate A and B paths 
originating from location (r,z). i  and j  are the measured elevation angles of i and j, 
while time is the estimated standard deviation of  the measured arrival time differences, 
and angle is the estimated standard deviation of measured elevation angles. time was set to 
5 ms and angle  was set to 1 deg.   

 In Eq. (1a), the three parameter error terms (two angles, one relative arrival time) 
are summed together and then the modelled arrival combination A and B that minimizes L 
is selected. If more than three measured ray paths were ever detected, Eq. (1a) could be 
modified to minimize over all the possible pairwise combinations of i and j as well.  
However, in the results presented here no tertiary arrivals were ever detected.  Dividing 
each individual error term in L by its standard deviation lowers the weight of components 
with a high variance relative to the mean. The relative standard deviation of the measured 
arrival angles angle  is larger than the relative standard deviation of the measured arrival 
time differences time , so the arrival time measurements dominate the final error LWMS. 

An alternative normalization LNMS achieves more equal weighting between angles and 
arrival times by dividing the normalized errors by the maximum error encountered in the 
simulation for that term.  Thus Eq. (1a) becomes 
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L̂k  i, j, r, z( ) =  
Lk i, j, r, z( )

max
r ,z

 Lk i, j, r, z( )�� ��
 ,

 
(2b)

where max
r,z

 Lk  is the maximum value of Lk encountered when modelling all 

candidate source ranges and depths.  A potential weakness of this approach is that the 
value of (2a) might thus change depending on the range and depth intervals modelled; as a 
practical matter, the maximum values of a given term Lk are relatively insensitive to the 
span of the model parameter space, because much of the range in variation of the modelled 
Lk arises from changes in modelled source depth, not range.  Thus the span of ranges 
modelled generally has little effect on the denominator of Eq. (2b).   

Low values of LNMS or LWMS in the ambiguity surface indicate more likely positions, in 
contrast to the scoring ambiguity surfaces, where the global maximum indicates the 
likeliest position. 

 

 
 

Figure 1: Localization estimates of satellite-tagged whale at 22 km range, recorded on 
16 Aug. 2010 at 21:46. The horizontal and vertical dashed lines indicate the maximum 
depth and range recorded by the satellite tag during this dive. (a) Ambiguity surfaces 

using scoring method on data. (b) Ambiguity surfaces using weighted mean-square (WMS) 
error  and (c) (NMS) error. (d) Eigen rays and travel times modelled between a sperm 

whale at 400 m depth and a hydrophone at 300 m depth and 35 km range. Dashed lines 
indicate paths that are predicted in the model but were not found in the vertical array 

data.

4. RESULTS 
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 Figure 1 shows a tracking example for a sperm whale call at 22 km range.  Figure 2 
shows the estimated detection and tracking capability of the system for various sea states, 
using data collected under sea state 3. 

5. CONCLUSION 

This paper has reviewed the sperm whale detection and tracking performance of a 
simple two-element vertical array placed at the depth of the sound speed minimum in 
high-latitude waters. Tagging data were used to validate the accuracy of passive acoustic 
tracking techniques that used both analytic and numeric sound propagation models. The 
results show that beyond 2 km range it is necessary to use an accurate sound speed profile 
and a numerical propagation model to account for ray-refraction effects. After modelling 
arrival times and arrival angles of ray paths with BELLHOP, several methods were used 
to construct ambiguity surfaces. The “normalized mean-square error” (NMS) resulted in a 
better accuracy than the “weighted mean-square error” (WMS) and the “scoring” methods. 
Using the NMS method the tagged whale was tracked up to 35 km range under sea state 3 
conditions, with a ±1 km range uncertainty that matches the uncertainty of the satellite 
location measurements. One substantial advantage of all the techniques described here is 
that no independent knowledge of the local bathymetry is required, since ray paths that 
interact with the ocean bottom are rejected from the analysis.  Bottom-interacting paths 
generally produce distinctive changes to the detected signal that can be recognized during 
the analysis. 

The data collected during the 2-day vertical array deployment also permitted modelling 
of the propagation environment, and the best simple analytical fit to the BELLHOP 
transmission loss curve was found to be 17log(R), plus Thorp attenuation. These 
transmission losses were used to estimate the apparent sperm whale's click source level at 
186 dB re 1 Pa (rms), a value that varied little over time and source range, and is lower 
than previously-reported source level measurements conducted at much shorter ranges.  
All this information, combined with the ambient noise statistics gathered from the 
deployment, suggest that even under sea state 5 conditions, sperm whale detection ranges 
are possible up to 35 km, with tracking ranges up to 19 km [7]. 
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Figure 2: Estimated detection and tracking range of usual sperm whale clicks by 
vertical array system as a function of sea state, using a detection threshold of 2 dB.

Detection range of creaks can be estimated by dividing detection ranges by 7. 
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Abstract: Underwater Acoustic Imaging (UAI) is a passive location technique offering high 
precision in the near field. It is often used to describe the spatial distribution of sound 
sources, such as watercraft-emitted noise. This paper describes the principles of the UAI 
technique and its possible application for marine mammal tracking. To improve the 
resolution and precision of low frequency sources, a minimum variance distortionless 
response (MVDR) focus beam-forming algorithm is used. To validate the capability of the 
algorithm, an experiment was conducted at sea. The target was a catamaran, which had two 
propulsion modes: single and twin propeller. The results obtained demonstrate that this 
method can improve the resolution of low frequency sources and the performance of UAI. 
This paper applies UAI techniques into passive marine mammal monitoring, and analyses its 
feasibility. The characteristics of marine mammal signals are described, and modelled by an 
empirical formula. The length of measurement array was determined to obtain a high 
resolution based on signal bandwidth and tracking distance. Simulation results of passive 
whale monitoring are presented that suggests the possibility of passive marine mammal 
monitoring with UAI. 

Keywords: Marine Mammal Monitoring, Underwater Acoustic Imaging, Passive localization, 
Near field focus beam-forming 
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1.  INTRODUCTION 

Acoustic imaging technique has yielded good results for the measurement of spatial sound 
intensity distribution in the near field of acoustic signals generated by point, distributed, or 
multiple sources, both in air as well as underwater [1-3].  

An acoustic waveform generated by a small volume element called a “pixel” can be 
considered a point source (a target). Such a source generates a spherical acoustic waveform 
with a radius related to the distance from it. The radius and arriving azimuth angle can be 
determined by a suitable receiving array and therefore the position of the pixel with respect to 
the array can be determined as well as its signal strength. By monitoring the positions and 
strengths of a multitude of sufficiently dense pixels, an image can be constructed representing 
the acoustic intensity field generated in the area of interest. The strong acoustic levels of 
certain pixels are called “highlights”. Highlights can be used for passive monitoring and 
tracking of underwater sound sources [4-7]. Recently, the monitoring of ship vibration and 
noise by Underwater Acoustic Imaging (UAI) has received much attention [8-9]. It can be 
also used for passive tracking of vocalizing marine animals such as whales. 

The core algorithm of UAI is focus beam forming that in principle is similar to 
conventional beam forming. The difference between these two methods is that UAI is 
applicable in the near field situations dealing with spherical wave front propagation whereas 
conventional beam forming is associated with plane waves. The spatial distribution of sound 
sources is determined by the beam-former power outputs as seen in different pixel points 
during spatial scan. The resolution of the UAI algorithm is proportional to the receiving array 
length and frequency and is inversely proportional to source range. A minimum variance 
distortionless response (MVDR) beam former is often used for direction of arrival (DOA) 
estimation. It can significantly reduce the effects of beam side lobes and improve the 
resolution compared to the conventional beam former (CBF) [10-14]. The effective 
operational range of UAI is in the near field while the classic MVDR beam former was 
developed for far field, plain front-wave propagation. Therefore an amended MVDR beam 
former was used in this paper. 

2. PRINCIPLE OF UAI 

The core algorithm of UAI is dynamic focused beam forming [4-7, 10-11]. A possible 
UAI arrangement uses a horizontal, linear array placed on the bottom. Initially, a uniform 
grid pattern on the measurement region is made. The focused beam-forming has been used to 
scan all pixel points in the measurement region. The output signal level at the output of the 
beam former with the beam focused and pointed at the pixel is the value of the pressure at 
this area. An image (source distribution map) is obtained by a complete scan mapping of the 
pressure levels in an area. The receiving array can be located on the seabed to be used for 
measurement of ship noise spatial characteristics. The output of the focused beam former 
generates a peak or a “highlight” based on lookup direction. When scan points coincide with 
any acoustic signal source (a target), signals satisfy in-phase stacking and the output level is 
enhanced, resulting in a highlight appearing on the image. This method can be used with 
multiple distributed sources leading to multiple highlights. 

Signal from each source, it is not only affected by non-coherent interferences of the ocean 
environment background but also by coherent interferences from other sources. This leads to 

1st International Conference and Exhibition on Underwater Acoustics

1206



 

 

3

deterioration of the image quality by the decreased Signal to Interference Ratio (SIR). It also 
increases the noise background of the image. The highlight resolution of UAI is related to the 
array length, frequency and the position of targets. A longer array length, higher frequency 
and smaller target range results in a better resolution. The focus highlight scale formula is 
given by Eq.1: 

2 2

2 22

c L ry
L r r f

 (1)

Where: c is sound velocity, f is frequency, L is half of the array length, and r is the target 
(pixel) range. y is often used as a measure to evaluate the resolution. In ideal conditions, the 
length L of receiving array is very large; a point sound source presented on the source 
distribution map will appear as just one highlight. Otherwise the highlight could not focus on 
one pixel point only.  

A MVDR beam former is intended to suppress noise, as well as interference from any 
direction other than the observation direction, to have the smallest contribution to power, 
while receiving the signal in the angular observation direction For narrow-band signals, in 
the far field, the MVDR beam former optimum solution can be expressed as: 

HminP W RW  s.t. H 1W a      (2)

Where: H[ ( ) ( ) ]E n nR X X , [ ]E � represents expected value and H indicates conjugate  
transpose. The receiving data by array is expressed as T( )=[ ]1 2 Nn x (n),x (n), ,x (n)X , 

1, ,n N where N is the number of elements and T indicates transpose. 
The weight vector W and its spatial spectrum P are obtained as follows: 

1

H 1

R a
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a R a
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(3)

(4)

The array output y can be expressed as: Hy(n) ( ) ( )nW X , and the steering vector: 

2 2 ( 1) T[1, , , ]j f j f Ne ea  (5)

where: sin /d c  and is the target azimuth.  
All of the above results are for the case of a far-field MVDR beam former. In case of near 

field, the model of MVDR must be modified. Near field beam-forming deals with spherical 
wave front and therefore output of the beamformer is related not only to the direction of the 
target, but also by its range that must be included in the formulas.  

The modified MVDR vector and the spatial spectrum follow: 
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(7)

The above derivation is based on the assumption of a narrow-band signal. In this case the 
broadband signal can be divided into K narrow sub-band signals and use the narrow-band 
beam forming algorithm in each sub-band k to estimate the spatial spectrum of the target. 
Finally by integration or summation of sub-band contributions over the entire bandwidth, the 
output for the broadband signal is obtained [3-5]. In this case: 

1 1
T2 2, , 1, , ,k k Nj f j f

kf r e ea  (8)

The sub-band MVDR beam-forming weight vector is: 

1

H 1

, ,
, ,

, , , ,
k k

k
k k

f f r
f r

f r f r
R a

W
a R a

 (9)

Among them, H
k k kf E f fR X X is the cross-spectral density matrix.  

The spatial spectrum output of k sub-band is: 

1H

1, ,
, , , ,k

k k k

P f r
f r f f ra R a

 (10)

The broadband non-coherent MVDR beam output is the summation of all K the sub-band 
energy:  

1H
1 1

, , ,
, , , ,

K K
k

k k
k k k k k

P r P f r
f r f f ra R a

 (11)

Where: k is the energy weight of each sub-band signal. Theoretically, each band can be 
weighted by SNR, but in practice it is difficult to determine the weights and generally k = 1 
by default. 

3. SIMULATION AND SEA TRIAL 

3. 1 Simulation 

For the simulation it was assumed: a linear ten-element array with element spacing of 5m, 
a sampling frequency fs =100kHz and the signal band is B=500-2500 Hz, sub-bands number 
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K = 2001, and snapshot number is 50,000 (0.5s). The result of the broadband simulation of 
double sources is shown in Fig.1, and the coordinates of two targets are (10m, 65m), (5m, 
45m) respectively. The x-axis is aligned with receiving array, and the origin is at the centre of 
the linear receiving array. The y-axis indicates the range off centre of the linear receiving 
array with respect to the scanning point. Fig.1a shows the results for conventional beam 
former (in-phase stacking only). For the same conditions the MVDR focused beam-forming 
method exhibits a higher resolution and increased background noise suppression, as 
illustrated in Fig.2b. 

 

   
 

(a) Result of conventional focused beam forming                      (b) MVDR result 
Fig.1 Simulation results of UAI 

3.2 Sea trial results 

A ten-element linear array, array with element spacing of 5m was deployed. The array was 
placed at the bottom at 23.68m depth. The experimental target was a catamaran with two 
propulsions modes: single screw and twin screw propeller. The catamaran passes over the 
array in perpendicular direction. The results of the sea-trial measurements confirmed the 
simulation and suitability of the method. 

4. FEASIBILITY ANALYSIS OF MARINE MAMMAL MONITOERING WITH UAI 

Acoustic monitoring is extensively used for marine mammals monitoring underwater [15]. 
UAI techniques can be applied for passive monitoring, and this section assesses its feasibility 
based on theoretical considerations and computer simulation.  

4.1 Marine Mammal Signal  

Marine mammal sounds can be classified into whistles and echolocation signals [16-18].  
Echolocation signal (pulse) can be expressed as [18] 

2 2 2
0 0( ) cos(2 )exp ( )s t A f t t t  (12)
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Where:  A is the amplitude, 0f is the central frequency, is the phase shift, 0t is delay time 
the center of the envelope of the signal, and is an arbitrary duration of the signal. A 
simulated echolocation signal is shown in Fig.2a, with center frequency of 125kHz, duration 
of 30 s and phase shift of 0.5  and with spectrum shown in Fig.2b. 

         

(a) Waveform                               (b) Power Spectral Density Estimate 

Fig.2: Waveform and Power Spectrum of a simulated echolocation signal 

4.2 Size of the Receiving Array  

If the length L of receiving array is large enough, a point sound source presented on source 
distribution map will appear as just one highlight,  

A uniform linear point array is utilized to illustrate the curvature of focused peak scale, 
tracking range vs. array length L where signal frequency is assumed as f0 = 30 kHz in Fig.3a 
and 125 kHz in Fig.3b respectively.  

     
(a) f=30kHz, c=1450m/s       (b) f=125kHz, c=1450m/s 

 
Fig. 3 The curve of focused peak scale, tracking range vs. array length

 
It is clear from Fig.6 that the scale of highlight becomes larger as the tracking rang gets 

longer, which means the resolution of UAI gets worse. Based on this consideration, the 
measurement arrays of L=22.5m and L=50m in Fig. 6a are abandoned, due to poor resolution 
at a tracking range of 2000m. For the same conditions the resolution is 19.36m (L=100m) and 
8.63m (L=150m). Meanwhile, the resolution gets to 4.65m and 2.07m respectively in Fig. 6b, 
as UAI is much more sensitive to higher frequencies. Since signal band is 30~125kHz, the 
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overall resolution is within the range of 4.65~19.36m and 2.07~8.63m, when the target is at 
the distance of 2000m.Therefore, a long array, at least L=100m, is recommended to track a 
moving marine mammal within the range of 2000m. 

4.3 Simulation of tracking marine mammal with UAI 

This section brings a scenario of tracking marine mammals with UAI. It is assumed that a 
receiving array has been deployed at a certain depth, and there are two whales, emitting 
simulated echolocation signals given by Eq.12. Simulation conditions: linear array, the 
number of array elements is 20, element spacing is 10m and array depth is 13.63m. Simulated 
coordinates (r, depth of each whale are at (1500 m, 600, 2m), (300 m, 59.50) respectively. 
The signal band is 30~125kHz, signal sampling frequency is fs=380 kHz and signal-to-noise 
ratio is 0dB. Although the two simulated whales are nearly at the same direction, they are 
resolved by UAI perfectly. This result is superior compared to conventional DOA estimation, 
because DOA estimation usually fails for resolve two close sound sources. By repeating this 
procedure for different depths, 3D tracking is possible. For simulation, an ideal environment 
was assumed in which multipath reflection, reverberations and scattering of the echolocation 
signals were not considered.  

5. CONCLUSIONS 

As marine mammal monitoring has recently received an increased attention, this paper 
devises a scenario for passive marine mammal monitoring with UAI techniques. The 
simulation with a moving marine mammal was performed and tracked using the UAI method. 
Simulation results of passive whale monitoring are presented which shows that passive 
marine mammal monitoring with UAI can provide high resolution tracking compared to 
conventional DOA.  
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Abstract: Recent directives outline the need to mitigate underwater noise footprint due to 
shipping and to prevent negative consequences to marine life. For this purpose, the EU 
project AQUO “Achieve QUieter Oceans by shipping noise footprint reduction” 
(www.aquo.eu), involving 13 partners from 8 European countries, was initiated in the scope 
of the FP7 European Research Framework. The project started in October 2012 for 3 years. 
The final goal of AQUO project is to provide to policy makers practical guidelines, 
acceptable by shipyards and ship owners. Two types of solutions taking into account 
bioacoustics criteria will be provided: solutions regarding ship design (including propeller 
and cavitation noise) and solutions related to shipping control and regulation.
The project is supported by relevant methods and tools (noise footprint assessment tool, 
dedicated bio-acoustic studies, in-situ measurements at sea, scale model experiments, 
existing database, etc.) which will be used to assess the effectiveness of noise mitigation 
measures in order to select the most appropriate.
In a first part, this paper presents an overview of the project objectives and the methodology 
followed for the assessment of the underwater noise impact on marine life due to shipping. 
In a second part of the paper, some focus is given on preliminary results of the project. In 
particular, topics such as the following are addressed: representation of the total underwater 
radiated noise from a ship as the superposition of different noise components, accurate 
methods for the measurement of noise radiated from a ship, and the search for bioacoustic 
criteria relevant to representative marine species of European areas.

Keywords: European collaborative project, Marine species bioacoustics, Ship radiated noise, 
Underwater noise, Noise mitigation measures 

1. OVERVIEW OF THE EUROPEAN PROJECT AQUO 

1.1. Project objectives 

In the past hundred years the scale of anthropogenic noise introduced into the marine 
environment has grown to unprecedented levels. On the other side, there is a growing 
consensus about the potential impact of man-made sound on marine fauna. The conscious 
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awareness of this issue has been reinforced by a series of cetacean strandings coinciding with 
the exposure to man-made sound sources. The sources of marine noise pollution produced by 
human activity, includes, amongst others, maritime transport, oil and gas exploration and 
exploitation, industrial and military  sonar, experimental acoustic sources, undersea 
explosions; military and civilian, engineering activities, supersonic aircraft noise and the 
construction and operation of sea-based wind farms. Recently, the International Maritime 
Organization issued a report which is a first step towards the reduction of noise from 
commercial shipping and its adverse impacts on marine life [1]. 

The overall objective of AQUO is to assess and mitigate noise impacts of the maritime 
transport on the marine underwater environment, mainly for the protection of marine species, 
to support the requirements of Directive 2008/56/EC (Marine Strategy Framework Directive 
or MSFD) and related Commission Decision on criteria for Good Environmental Status. 
AQUO is split into five technical work packages (WP), interconnected as shown below. 

 

 

Fig.1: AQUO project technical workpackages. 

1.2. Noise footprint assessment 

The purpose is to determine the impact of underwater noise due to shipping on marine life, 
using adequate performance indicators. A first step is to establish a noise map of an area of 
interest, for example a maritime area which is considered to be sensitive regarding some 
marine species. However, this approach might not sufficient because some aspects such as 
variability and bioacoustic sensitivity criteria should be taken into account. The idea of 
underwater noise footprint is emergent, literature is not abundant on that topic [2], and a 
specific effort must be conducted for clarification and eventually standardisation. Several 
options are available, since the underwater noise footprint can either be the total noise power 
above the ambient noise, the total noise power as perceived by marine species, the statistical 
noise power perceived by marine species,… 

Work bringing together experts on acoustics, biology, and regulation will converge toward 
a common definition that takes into account the introduction of noise energy into the ocean 
and the potential impact on marine species.  

In a second step, the noise footprint indicators will be implemented in a predictive model, 
which can used either for the purpose of assessment or optimization of solutions, or in real 
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time to obtain a map of underwater noise in a maritime area, using as input ship traffic 
through AIS data. For AQUO project, the tool will be adapted from Quonops [2] an 
operational global anthropogenic noise prediction system, designed similarly to weather 
forecasting systems, developed by Quiet-Oceans, a French SME. The system has been 
designed to be able to handle most maritime areas and activities. The current version of the 
system aims to deliver a mapping service based on the current technical and scientific 
possibilities. As an example, figure 2 shows the predicted noise map, frozen at a given time, 
offshore of Brittany, France. The hot spots on the map represent ships sailing in the area, the 
size of the spot being related to the radiated noise level of the ship and acoustic propagation 
conditions.  

 

 
 

Fig.2: Underwater noise map prediction using Quonops® 

1.3. Methodology for the derivation of guidelines for underwater noise mitigation 

At the end of the project, the main deliverable will be practical guidelines documents 
providing support to policy makers, to meet the requirements of the MSFD. The design 
recommendations for the reduction of URN of ships and measures for the mitigation of 
impacts of shipping noise on the marine environment must be practical and economically 
feasible. If not, the different stakeholders of the maritime activity sector would not support 
this initiative, as a consequence, it would not be suitable to impose a blanket underwater 
noise limit for all vessels, in all areas, in all cases. The issue is much more complex, and a 
more global approach must be followed. 

The approach followed in AQUO project to build consistent practical guidelines is 
represented schematically on figure 3. 

Based on the experience of the different partners in AQUO consortium, a list of solutions 
will be first established, split into solutions regarding ship design (including propeller and 
cavitation noise), and solutions related to shipping control and regulation (for example speed 
reduction). In a second step, the efficiency of these solutions will be assessed using different 
predicting tools and results from experiments at sea. In particular, the noise footprint model 
introduced in § 1.2 will be used to assess the efficiency of solutions regarding marine life. 
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Fig.3: Methodology for noise mitigation measures assessment 

2. PRELIMINARY RESULTS 

All workpackages are currently active in the project, except WP5 which is scheduled to 
begin in October 2013. The following sections are not exhaustive and will limit to some 
examples of results from different tasks. 

2.1. Ship URN measurement at sea 

Ship URN measurement at sea is a difficult task requiring special equipment and 
expertise, also subject to uncertainties due to environmental and other aspects. Up to now, 
few standards are available and it must be noted that most European areas are shallow waters, 
unless going far offshore. For that reason, a task in AQUO project is dedicated to the 
improvement of ship URN measurement procedures, more particularly in shallow waters and 
at low frequencies [4].  

Different measurements on ships are planned in AQUO project during summer 2013, two 
of these being commercial vessels (figure 4).  

 

 
Fig.4: Ships to be tested at sea in scope of AQUO project 
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In addition to URN and on-board measurements, data regarding cavitation effects will be 
collected for deeper analysis.  

2.2. Ship modelling as a noise source 

In general, total URN (underwater radiated noise) from a ship can be split into different 
components: noise from internal machinery and equipment, noise from the propeller (with 
and without cavitation), due to hydrodynamic pressure fluctuations, hydrodynamic noise due 
to flow pressure fluctuations along the hull. As for commercial vessels, hydrodynamic flow 
noise can be neglected, the total URN can be represented by the sum of radiated noise due to 
machinery, propeller noise and cavitation noise. Each of these components depends on 
frequency and ship speed according to a given pattern. For example, it is known that 
cavitation noise spectral level at high frequencies exhibits a slope of -20 dB per decade [5]. 
As far as experimental URN data is available for a given vessel at different speeds, it is 
possible to determine unknown coefficients in the patterns in order to fit experimental data. 
An example of result from this approach is shown on figures 4 and 5, using data from ref. [6].  
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Fig.4: Representation of ship URN after decomposition into noise components,  
(____) experimental data, (- - - - -) reconstructed URN at two different speeds 

  
Fig.5: Decomposition of ship URN  into noise components:  

(__) experimental data, ( _) Machinery, ( _)Propeller without cavitation,   
( _) Cavitation, ( _) Reconstructed URN 

2.3. Bioacoustic studies 

AQUO Consortium includes three partners known for their expertise in the field of 
bioacoustics: UPC, IMARES and FOI. A lot of literature exists on the possible effects of 
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underwater sound, but few well-controlled experiments have been done. For that reason, 
different subtasks are underway in AQUO project to better understand and quantify these 
effects. Three marine species representative of European waters will be studied (porpoise, 
cod and cephalopods), with the help of an external expert focusing on ethical issues. The type 
of experiment conducted is shown on figure 6. 

 

 
 

Fig.6: Two bioacoustic experiments conducted in AQUO Project 
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 SENSITIVITY BEHAVIOR OF PHASE AND PEAK
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Abstract: Perturbation relations for phase and peak arrivals are reviewed and relations 
connecting the two types of observables are derived and discussed. Phase arrival times 
referring to the modulated and demodulated pressure are considered. On the basis of the 
perturbation relations, vertical sensitivity kernels for the different travel-time observables are 
calculated and numerically compared with each other. The kernel efficiency is examined by 
comparing predicted and actual travel-time perturbations based on forward calculations. 

Keywords: Sensitivity kernels, travel time, phase, perturbation relations 
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1. INTRODUCTION

Acoustic travel times between a source and a distant receiver are common observables in 
ocean acoustic tomography [1]. They are usually defined as the times corresponding to the 
peaks of the acoustic pressure envelope at the receiver (peak arrivals) and they are modelled 
in a geometric or wave-theoretic context [1,2]. The time resolution of peak arrivals is limited 
by the source bandwidth and the arrival width is inversely proportional to the bandwidth. In 
this connection, a source of sufficient bandwidth is needed in order to resolve peak arrivals.  

A way to obtain higher temporal resolution is to exploit phase arrivals, the peaks of the 
acoustic pressure itself. The width of phase arrivals is inversely proportional to the source 
frequency, which is in general much larger than the source bandwidth. From a normal-mode 
viewpoint phase arrival times are associated with phase velocity whereas peak arrival times 
are associated with group velocity [3]. In this connection peak and phase arrivals and their 
sensitivity behavior are different.  

In the following, perturbation relations for phase and peak arrivals are reviewed and 
relations connecting the different observables are derived. Phase arrival times referring to the 
modulated and demodulated pressure are considered. On the basis of the perturbation 
relations, vertical sensitivity kernels for the different travel-time observables are calculated 
and numerically compared with each other. The kernel efficiency is examined by comparing 
predicted and actual travel-time perturbations based on forward calculations. 

2. PERTURBATION RELATIONS AND SENSITIVITY KERNELS  

The complex pressure at the receiver in the time domain [2] can be written in the form 

0( )( ) ( ) i ti tp t a t e e ,       (1) 

where t  denotes time, ( )a t is the amplitude (arrival pattern), ( )t  is the phase and 0  is the 
central (carrier) circular frequency of the source. The demodulated pressure  

( )( ) ( ) ( ) ( )i tp t a t e u t iv t           (2) 

results after removal of the carrier frequency and can alternatively be expressed in terms of 
its real and imaginary parts, u  and v , respectively. The above quantities ( )a t , ( )t , u(t), 
and ( )v t , and the resulting arrival times, depend on the source/receiver location as well as on 
the sound-speed distribution ( )c x , where x  is the spatial variable. Thus, perturbations ( )c x  
give rise to perturbations in arrival amplitude, arrival phase and arrival times.  
 
Peak Arrivals 

Peak arrival times ,P  are defined as the times of the local maxima (peak arrivals) of the 
arrival pattern, where the index  spans the arrival peaks. As the sound speed changes the 
peaks of the arrival pattern are deformed and displaced, i.e. peak arrival times change as well. 
In the following we focus on a single peak and omit the index  for convenience. By 
applying this definition with the background ( )c  and the perturbed ( )c c  state we have  
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( ; ) 0Pa c ,         (3) 
( ; ) 0P Pa c c . 

where the dots denote time derivatives. A 1st-order Taylor expansion of the left-hand side of 
the latter about the background state results in  

1( ; ) ( ; ) ( ; ; ) 0P P P Pa c a c a c c  ,    (4) 

where 1a  is the 1st-order perturbation of a  due to c . Eq. (4) combined with the 
background relation in eq. (3) results in  

1 1 1 1 1
2 2

( ; ; )
( ; )

P
P

P

a c c u u u u v v v v
a c u uu v vv

,    (5) 

where the quantities u , v  and their time derivatives are considered at the background state 
( c ) and their 1st-order perturbations are due to c .  

Demodulated Phase Arrivals

Phase arrival times can be defined in different ways for the complex pressure ( )p t  or for 
its demodulated form ( )p t . To start with the latter, the phase arrival time DR  can be defined 
as a local maximum (or local minimum) of u , the real part of the demodulated  pressure.  

( ; ) 0DRu c ,         (6) 

Using a similar argument as for the peak arrival time, the perturbation of the phase arrival 
time DR  due to a sound speed change can be written as  

1( ; ; )
( ; )

DR
DR

DR

u c c
u c

       (7) 

The corresponding phase arrival time DI , based on the imaginary part ( v ) of the complex 
pressure, ( ; ) 0DIv c , obeys the perturbation relation  

1( ; ; )
( ; )

DI
DI

DI

v c c
v c

       (8) 

 
Interrelations 

In the following, we see that the peak and demodulated phase arrival times are 
interrelated. At the peak arrival time we have from eq. (3)  

0uu vv         (9) 

The phase ( )t  can be written as  

1 ( )( ) tan
( )

v tt
u t

       (10) 

Its time derivative can be obtained by differentiation 
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2 2 2

uv vu uv vu
u v a

       (11) 

 which at the peak arrival time ( Pt ), through eq. (9),  becomes  

2

2

1 u u u vvu
a v v u

      (12) 

From this relation it follows that if the phase is stationary ( 0 ) at the peak arrival time 
( 0a ) then the real and imaginary parts of the demodulated complex pressure u  and v  are 
also stationary, i.e. the peak and phase arrival times coincide: P DR DI  , and so do their 
perturbations: P DR DI . If the phase is non-stationary ( 0 ) at the peak arrival 
time then the behavior of the peak and demodulated phase arrival times can be different. The 
phase  is anticipated to be close to constant (i.e. near stationary) in the case of resolved ray 
arrivals. If this is the case, peak and demodulated phase arrivals should behave similarly.  

 
 
Modulated Phase Arrivals

In the following phase arrival times on the modulated pressure are considered. The 
modulated phase can be written as  

0( ) ( )t t t        (13) 

Due to the term 0t , the phase ( )t is rapidly increasing with time, and thus remains far 
from stationary even in the vicinity of resolved ray arrivals, in contrast to the demodulated 
phase ( )t . It is thus straightforward to define modulated phase arrival times  as fixed-
level crossings of the modulated phase ( ) , where  is a fixed threshold (e.g. 

2n  for maxima of the real part,  / 2 2n  for zero crossings of the real part of 
( )p t ). By applying the definition at the background and the perturbed state we have 
( ; )c  and ( ; )c c . By using a Taylor expansion of the latter and taking 

into account the former we obtain 

2 2
0 0

u v v u
uv vu u v

     (14) 

In the case of near-stationary phase ( 0 ) this expression becomes  

2 2
0 0

u v v u
u v

      (15) 

Thus, the perturbations of the phase arrival times  are directly related to the perturbations 
of the phase .  

Vertical sensitivity kernels 
From the above perturbation relations and assuming range independence vertical sensitivity 
kernels of the various travel times can be obtained, representing the 1-order effect of sound-
speed changes on the corresponding travel-time observables 
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( ) ( )
V

K z c z dz   (16) 

The kernel ( )K z  can be obtained by combining the perturbation relations, e.g. eqs. (5), (7) 
or (14), with the Fourier transform expression of the perturbation of the complex pressure in 
terms of the perturbation of the underlying Green’s function ( ; )srG c [3] 

1( ) ( ) ( ; ; )
2

i t
s srp t P G c c e d       (17) 

where  is the circular frequency and ( )sP  the signal emitted by the source, and the 
expression for the Green’s function perturbation due to the underlying perturbations of the 
sound speed profile ( )c z , which has the form [2] 
 

( ; ; ) ( ; ) ( )srG c c F c c z dz .      (18)  

3. NUMERICAL RESULTS 

In the following some numerical results on the 
behavior of peak and phase arrivals – modulated and 
demodulated – are presented for a linear sound-speed 
profile, typical for the Mediterranean Sea in winter, shown 
in Fig. 1. An absorbing bottom at a depth of 2500 m is 
considered. Source and receiver are taken at a depth of 
150 m (dots in Fig. 1) and horizontal distance of 30 km. 
The acoustic signal is a Gaussian pulse with central 
frequency 100 Hz and bandwidth 70 Hz (3-dB 
bandwidth). The Green’s function in the frequency 
domain is numerically evaluated in the frequency range 
from 5 to 195 Hz using a normal-mode code [3].                  

The arrival pattern at the range of 30 km is shown in Fig. 2(a).  It contains six major 
peaks, the first three of which can be resolved as ray arrivals, i.e. each arrival can be 
associated with an eigenray. This is not the case for the late arrivals, which are represented by 
a small number of low-order modes. Two peak arrivals, an early and a late one – marked by 
crosses and numbered as #1 and #2 in Fig. 2a – are selected to study their sensitivity 
behavior. Figs. 2(b) and (c) show the real part of the demodulated and the modulated 
complex pressure at the receiver, respectively. The phase arrivals corresponding to peak 
arrivals #1 and #2 are also marked on these figures. It is seen that the demodulated phase 
arrivals correspond, nearly one by one, to the peak arrivals. There are amplitude and sign 
differences however. (note that Figs. 2(a) and (b) have different vertical axes scales) .  In the 
modulated pressure, there are multiple cycles for each peak arrival.   

Fig. 3(a) shows the phase  of the received signal as a function of time. The phases 
corresponding to the selected peak arrival times are marked by crosses. It is seen that the 
phase is nearly stationary at the early arrival and non-stationary at the late arrival. According 
to the previous analysis, this implies that the peak and the demodulated phase arrival #1 
nearly coincide and have similar behavior whereas there should be differences in the case of 
arrival #2. Figs. 3(b) and (c) show the detailed phase changes around peak arrival time #1 and 

Fig. 1.  Linear sound-speed profile 
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#2. It is seen that the phase of arrival #1 is not strictly stationary – none of the points of 
stationarity ( 0 ) coincides with the actual peak arrival time #1 (+). The deviation from 
stationarity is much stronger in the case of arrival #2, Fig. 3(c).  

 

 
Fig. 2: Arrival pattern (a), real part of demodulated (b) and modulated (c) pressure at 30 km range.  

 
 

 
Fig. 3: Phase change with time (a) and details for arrivals #1 (b) and #2 (c). 

 
Fig. 4 shows the vertical travel-time sensitivity kernel, normalized by the propagation 

range, for the peak and phase arrival times associated with arrival #1 and smoothed with a 
100-m moving window. The kernel for the peak arrival time, Fig. 4(a), is comparable, still 
not identical, with the kernel for the demodulated phase arrival time, Fig. 4(b) and exhibits 
maximum sensitivity around the lower turning depth – due to the upward refracting sound-
speed profile there is no upper turning depth. The sensitivity kernel for the corresponding 
modulated phase arrival time is smoother and also weaker. The latter behavior is attributed to 
the division with the central circular frequency 0  in eq. (15), which implies that increasing 
frequency not only increases the number of cycles of the complex pressure but also causes 
the corresponding -sensitivity to decrease.   

Fig. 5 shows travel-time perturbations of arrival #1 caused by sound-speed changes about 
the depth of 1400 m, close to the maximum sensitivity depth, and comparison with the 1st-
order predictions based on the corresponding sensitivity kernels. Box-shaped sound-speed 
perturbations with vertical extent 100 m and magnitude between -0,2 and 0.2 m/sec are 
considered. The crosses in Fig. 5 represent the actual calculated sound speed perturbations 
whereas the solid lines show the 1-order predictions from the sensitivity kernels. The 
predictions turn out to be successful for all three observables. The demodulated phase arrival 
times appear to be more affected by the sound-speed perturbations than the peak arrival times 
and further they exhibit a weak non-linear behaviour, which cannot be captured by the 1st-
order prediction. The modulated phase arrival times, on the other hand, are least affected by 
the sound-speed perturbations, in agreement with the weaker sensitivity kernel in Fig. 4(c).  

Fig. 6 shows the normalized vertical travel-time sensitivity kernel for the peak and phase 
arrival times associated with arrival #2, again smoothed with a 100-m moving window. The 
kernels now are limited to sampling a much shallower depth layer.  In this case, the kernel for 
the demodulated phase arrival time is much stronger than the one for the peak arrival time. 

1st International Conference and Exhibition on Underwater Acoustics

1226



 

This is because of the large deviation of the phase from stationarity for that particular arrival, 
Fig. 3(c). The kernel for the modulated phase arrival time, on the other hand, is comparable in 
magnitude but still significantly broader than the peak arrival kernel.  

 

 
Fig. 4: Vertical sensitivity kernel for peak (a), demodulated (b) and modulated (c) phase arrival #1 

 
Fig. 5: Actual (+) and predicted (line) travel-time perturbations for arrival #1  

 
Fig. 7 shows travel-time perturbations of arrival #2 caused by sound-speed changes 

centred about the depth of 150 m, close to the maximum sensitivity depth. Again the sound-
speed perturbations are box-shaped with vertical extent 100 m and magnitude between -0,2 
and 0.2 m/sec. Even though the sound-speed perturbations are of the same vertical extent and 
magnitude as before the travel-time perturbations are much larger (note the different scales in 
the vertical axes in Figs. 5 and 7). The predictions based on the sensitivity kernels (solid 
lines) are in good agreement with the actual travel-time perturbations (crosses) in the case of 
peak and modulated phase arrival times. The demodulated phase arrival times, Fig. 7(b), 
exhibit irregular perturbation behaviour with strong non-linearity. The 1-order prediction in 
this case describes the tangent of the actual behaviour at the reference state ( c =0).  

4. CONCLUSIONS 

The relation between peak and demodulated phase arrivals appears to be controlled by the 
time behavior of the phase . If the phase at the peak arrival time is stationary ( 0 ) the 
two observables (and their perturbation behavior) are identical. If the phase deviates from 
stationarity the observables and their sensitivity kernels are different. The larger the deviation 
the bigger the difference. In the case of resolved ray arrivals (early arrivals in deep-water 
long-range propagation) the phase turns out to be close to constant, even though not exactly 
stationary, such that in those cases the difference between peak and demodulated phase 
arrivals is small, but still not zero. For late arrivals the phase is highly non-stationary and the 
differences between the two are large, with the demodulated phase arrivals exhibiting a much 
higher sensitivity than the peak arrivals as well as non-linearity.  

The modulated phase arrivals exhibit a more stable and predictable behavior than the 
demodulated phase arrivals, which in combination with the increased time resolution that 
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they offer is a significant advantage and makes them a good observable. In addition, 
modulated phase arrivals can be resolved and exploited even in the case of narrowband (or 
even CW) sources. The results shown here refer to a range independent environment and give 
motivation for further study. The behavior and stability of phase arrivals in range dependent 
environments, with different forms of range dependence, from fine-scale (internal waves) to 
meso-scale should be studied to see under which conditions this type of observable can be 
exploited in real experiments [4].  

 

 
Fig. 6: Vertical sensitivity kernel for peak (a), demodulated (b) and modulated (c) phase arrival #2 

 
Fig. 7: Actual (+) and predicted (line) travel-time perturbations for arrival #2  
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Abstract: The study of weak scattering from inhomogeneous media or interface roughness 
has long been of interest in sonar applications. In an acoustic backscattering model of a 
stationary field of volume inhomogeneities, a stochastic description of the field is more 
useful than a deterministic description due to the complex nature of the field. A method 
based on linear inversion is employed to infer information about the statistical properties 
of the scattering field from the obtained cross-spectral matrix. A synthetic example based 
on an active high-frequency sonar demonstrates that the proposed method provides a 
quantitative description of a weak scattering field in terms of its second-order statistics. 

Keywords: Weak scattering, least-squares inversion, high-frequency active sonar, 
covariance matrix 
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1. INTRODUCTION

The challenge of a deep-water oil leak is that a significant quantity of oil remains in the 
water column and possibly changes properties. It is of interest to determine the physical 
properties of the new forms of oil in order to monitor the degradation process. The weak 
scattering approach is applied to model monostatic backscattering from submerged oil, 
which is modelled as a fluid medium with spatial heterogeneity. A high-frequency active 
sonar is selected to collect the backscattered returns, which can both overcome the optical 
opacity of the water and resolve small scale structure of the new forms of oil. The 
parameters of the spatial covariance of the contaminated region can be inferred by relating 
the statistical properties of the scattered field to the statistical properties of the scattering 
medium. 

 
 
2.  FORWARD PROBLEM 

 
The scattered sound pressure, ps, observed at a remote position r0 due to scattering 

from spatial fluctuations of the compressibility, εκ , and density, ερ , of the medium within 
a scattering region R is given by the integral equation [1], 

 
 
ps(r0 ) = (k2εκ (r)p(r)− div(ερ (r)�p(r)))g(r0 | r)dr

R
� ,                                                  (1) 

 
where k  is the wavenumber, p is the wave insonifying the scatterer located at r  and 

g(r0 | r) = 1
4π r0 − r

e−ik r0−r  is the free-space Green’s function relating the field observed 

at r0 due to a point source at r . The harmonic dependence eiωt  is implied and neglected 
for simplicity and the mean sound speed is assumed constant throughout the medium. The 
compressibility and density fluctuations are normalized to their mean values, 
εκ r( ) = δκ r( ) κ , ερ r( ) = δρ r( ) ρ , thus are dimensionless quantities. 
 
   For far field radiation, the Fraunhofer approximation for the range term is valid, 
r0 − r ≈ r − r̂ �r0 , where r = r  and r̂ = r r , and the Green’s function takes the simpler 

form [2], 
 

  g(r0 | r) = 1
4π r

e−ik(r−r̂�r0 ).                                                                                                   (2) 

 
   The incident wave which insonifies the region R emanates from a monopole located at 
the origin of the coordinate system out of the scattering region R, 
 

   pi (r) = Ae−ikr

r
,                                                                                                                 (3) 
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where A is the pressure amplitude at a distance 1 m from the source and r denotes the 
range of the insonified point. 
 
   Assuming weak scattering, the Born approximation applies, p ≈ pi . Thus, inserting Eqs. 
(2) and (3) in Eq. (1) the pressure scattered from inhomogeneities in the acoustic 
parameters of the medium is, 
 

   ps(r0 ) ≈ k2A
4π

(εκ (r)−ερ (r))
R
� e−ik(2r−r̂�r0 )

r 2 dr .                                                                    (4) 

 
   Owing to the Born approximation, Eq. (4) relates linearly the backscattered pressure and 
the fluctuations in the acoustic parameters thus can be discretized and rearranged in a 
matrix-vector formulation, 
 
    d = Gm+ n                                                                                                                     (5) 
 
where d  is the vector comprising the acquired data (the scattered returns possibly 
contaminated with additive noise n), G  is the linear forward operator and m is the 
vector of model parameters, namely the compressibility fluctuations. The density 
fluctuations are neglected henceforth since they are proportional to the compressibility 
fluctuations and are less significant in fluid media [3]. 
    
 
3. INVERSE PROBLEM 

   Assuming that the random field of model parameters is stationary, the model covariance 
matrix, Cm , has a Toeplitz structure determined by the covariance function. Due to the 
fact that model parameters, which are more than a correlation length apart, are 
uncorrelated the dimensions of the problem can be significantly reduced [4] when the 
interest is in inferring the model covariance function and not the model parameters per se.  
 
   The forward linear problem yields,  
 
   Cd = GCmGH + Cn,                                                                                                         (6) 
 
where Cd = ddH  is the data covariance matrix,  Cm = mmT  is the model covariance 

matrix and Cn = nnH  is the noise covariance matrix, T denotes transpose, H denotes 

conjugate transpose of a vector or matrix and  is the ensemble average. The noise is 
assumed uncorrelated with the model parameters.  
 
   Inversion of Eq. (6) with the least-squares approach yields, 
 
   Ĉm = G+Cd G+( )H

                                                                                                           (7) 

 
where + denotes generalized inverse.  
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4.  SIMULATION RESULTS 
 
   A monostatic configuration is assumed. The receiver is a uniform linear array (ULA) 
centered at the origin of the coordinate system such that the sensors locations are 
x = q− (nm −1) / 2[ ] , q = 1, 2,� ,nm[ ] , nm  is the number of sensors with interelement 
spacing dm. Time varying gain is applied to compensate for spreading loss and absorption 
due to propagation in the medium. Autofocusing is used to relate the focusing distance to 
the arrival time. Thus, the forward matrix has a depth dependent structure, 
 

   G(ri )nm�nθ
∝ e−ik2ri

eikx1sin(θ1) eikx1sin(θ2 ) eikx1sin(θnθ )

eikx2 sin(θ1) eikx2 sin(θ2 ) eikx2 sin(θnθ )

eikxnm sin(θ1) eikxnm sin(θ2 ) eikxnm sin(θnθ )

�

�

�
�
�
�
�

�

�

�
�
�
�
�

                                     (8) 

 
   The total GN�M matrix, where N = nmnr  and M = nθnr  ( nr is the number of focusing 
ranges and nθ  is the number of broadside angles to the scatterers positions), is a block 
matrix which is constructed by the direct sum of G ri( )  for i =1, 2,� ,nr . Its eigenvalues 
are the combined eigenvalues of the G ri( )  matrices. 

GN�M = �
i=1

nr
G(ri )nm�nθ

                                                                                                      (9) 

 
   In the overdetermined case ( nm > nθ ) and assuming equidistant spacing in sin θ( ) , such 
that sin θ( )i − sin θ( ) j = dsin i − j( ) , it is easily deduced that asymptotically the matrix 

GHG�� ��ij → sinc nmdm

λ
dsin (i − j )

�
�
�

�
�
� is a Toeplitz sinc matrix. The eigenvalues of a Toeplitz 

matrix are connected to the Fourier transform of the series [5]. And by choosing 
dsin ≥ λ nmdm( )  the matrix GHG is full rank, thus invertible [6]. The higher the frequency 
and/or the longer the receiving array, the finer the resolution that can be achieved.  
 
   Naturally, the field of model parameters exhibits stationarity in the Cartesian coordinate 
system. However confining the insonified area within an opening angle [-15o, 15o] the 
curvature is negligible and dsin ≈ dx r . 
 
   A synthetic example is implemented to demonstrate the method. A high-frequency 
active sonar is considered [7]. The receiver is a ULA with nm = 256 , dm =1.6 mm. The 
field is insonified by a narrowband 200 kHz source. The duration of the pulse is 120 s 
corresponding to a range resolution of 0.1 m (c=1500 m/s). The transmitter is assumed to 
have a narrow directivity pattern in the along-track plane, thus only the 2D across-track 
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plane is modelled. The data covariance matrix is calculated by an ensemble average from 
500 pings and additive Gaussian noise is assumed n ~ CN(0, 0.01). 
   Figure 1 shows the measurement setup and a realization of the 2D field of 
compressibility fluctuations confined to the area considered for the inference. The field is 
described by an anisotropic spherical covariance function with characteristic length (the 
lag where the covariance function has decayed by at least 95% ) 2 m in the x-direction and 
0.5 m in the z-direction [8]. Figure 2 shows the actual and reconstructed covariance 
function with respect to the lag distance in x-direction and z-direction respectively. The 
characteristic lengths are denoted by vertical dotted lines and the variance corresponds to 
the values at zero lag distance. 
 
 

 
 

Fig.1: Measurement setup. 

5.  CONCLUSION 

   For stationary scattering fields the method of covariance inference basically allows 
significant reduction of the dimensions of the problem. Generally, in a medium where 
there is flow as in the water column, the scattering field will not be static so a 
deterministic description has less to offer. Localization of the contaminated region can be 
provided by beamforming and identification by inference of the covariance characteristics 
of the model covariance. 
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Fig.2: True, Cm, and reconstructed, Ĉm, covariance function as a function of lag-distance 
in x and z-direction respectively. The characteristic lengths are denoted by dashed lines in 

each case. 
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Abstract: This paper presents a comparison between two experimental techniques for 
measurement of reflection loss versus grazing angle at the ocean bottom. One method 
used a conventional expanding spread geometry; its advantage is that a single sea floor 
site is ensonified at all angles. The other used a broadside reflection geometry that 
enables measurement of the first bottom reflection at the specular angle; in this 
configuration, the reflectivity is sampled at different sea floor sites for each angle. Both 
experiments involve two ships, a source ship to deploy impulsive sound sources and a 
second ship to tow a horizontal line array. The experiments were carried out in deep 
water (~ 5 km) at a site in the North Pacific where a thin layer of sediment covered upper 
crust basalt. The data were processed to provide reflection loss versus angle in a third-
octave frequency band centred at 8 Hz. The comparison is based on the results of 
Bayesian inversion of the reflectivity data to infer model parameters of a geoacoustic 
model for the bottom at the experimental site. The inversion was most sensitive to the 
thickness of the overlying sediment layer and the compressional and shear velocities of the 
basalt. The results showed that both techniques gave similar values for the model 
parameters.

Keywords: ocean bottom reflection loss, horizontal line array, geoacoustic model, thin-
sediment basalt, Bayesian inversion 
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1. BACKGROUND  

The ocean bottom in extensive regions of the Pacific Ocean consists of thin sediment 
overlying basalt crust that is rugged over large spatial scales. The presence of the elastic 
solid material close to the sea floor introduces appreciable energy loss in sound 
propagation, due to shear waves generated by sound that interacts with the basalt bottom.  
Consequently, knowledge of geoacoustic properties of the basalt is critical for modelling 
sound propagation in these deep water environments. It is well known that estimates of 
geoacoustic model parameters in deep water can be inferred from measurements of bottom 
reflection loss (or the plane wave reflection coefficient) versus grazing angle [1].  
Recently, the broadside reflectivity measurement (BRM) method, an experimental 
technique that used a towed horizontal line array to resolve specular reflections from 
impulsive sound sources, was described for obtaining bottom reflection loss data in deep 
water basalt environments [2]. Although the technique is effective in spatially filtering 
scattered sound from the rough bottom interface, the reflection at each grazing angle is 
obtained from a different spatial area on the bottom. This paper compares the performance 
of the BRM technique against a conventional seismic survey technique in estimating 
geoacoustic model parameters of the thin-sediment, crustal-basalt deep water 
environment. The benchmark survey technique uses the expanding spread geometry to 
ensonify the same area of the sea floor for each grazing angle [3]. 

The remainder of the paper is organized as follows. The BRM survey technique and the 
comparison experiment are briefly described in the next section. Following this, the 
reflection loss versus grazing angle data are presented for each experimental technique. 
The inversion method for estimating the parameters of the geoacoustic model of the thin-
sediment basalt bottom is described, and results for each technique are compared in the 
next section. The final section summarizes the results. 

2. OCEAN BOTTOM REFLECTIVITY MEASUREMENTS  

The bottom reflectivity experiments were carried out at sites along a track from 33.38° 
N 143.93° W to 32.36° N 148.92° W in the Pacific Ocean. Water depth was about 5500 m 
along the track. The motivation for the experiments was to determine the variation of 
sound speed in upper oceanic crust as the age of the basalt increased westward, away from 
the ocean spreading centre. Two research ships participated in the experiment: CFAV 
ENDEAVOUR towed the receiving system, a horizontal line array (the Canadian Ocean 
Acoustic Measurement System (COAMS)), at a depth of ~ 220 m, and CSS JOHN P. 
TULLY deployed 0.82 kg charges as sound sources that were set to explode at ~ 190 m. 
The horizontal line array comprised four nested sub-arrays; the very low frequency (VLF) 
sub-array that consisted of 40 hydrophone groups spaced at 38.1 m with an aperture of 
1486 m was used for analysis of the reflection loss data. The hydrophone data were 
sampled at a rate of 699 samples/s and recorded on the ship. The array configuration was 
monitored by 3 heading sensors and 6 depth sensors on the array.  Sound speed profiles in 
the water were measured by expendable sound velocity probes (XSVs) at each 
experimental site. Ship positions that were used to determine experimental ranges were 
obtained from Global Positioning System (GPS) data recorded on each ship. 

The geometry of the BRM experiment is shown in the sketch in Fig. 1. The ship speeds 
and courses are designed so that the reflection points of the first bottom reflections follow 
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a selected track along the bottom. For this experiment, the source ship sailed on a course 
approximately 65° with respect to the array ship course. This ensured that the reflection 
point track was east-west over a distance of about 25 km, so that the geological age of the 
basalt was essentially constant for all reflections. The shot to array range increased from 
1.5 km to ~40 km over the track, providing a spread of grazing angles from 80° to around 
10°.  

 

 
 

Fig. 1. Experimental geometry of the BRM survey. 

The benchmark survey used the expanding spread geometry to ensonify the same sea 
floor area for each bottom reflection [3]. The ships sailed anti-parallel north-south courses 
at the same speeds, and opened range to the same 40-km distance. The geometry of each 
survey ensured that the sound propagation was in the same north-south direction for both 
survey techniques. 

For each survey, the array data were narrow-band filtered in a 1/3 octave band at 8 Hz 
and spatially filtered to extract the VLF signal in the specular beam. For the expanding 
spread geometry, the beams were near the rear endfire direction; for the BRM geometry, 
the specular reflections were all near the broadside direction. Measurements of the  
propagation losses, Hm, of the signals in the specular beams were determined using known 
source levels for the charges [4], and then bottom losses, BL, were obtained from the 
difference between the measured and calculated propagation losses, Hc, according to 

 
cm HHBL  .       (1) 

 
Since the measured losses included all four components of the bottom reflection, the 
calculated losses were determined by coherent summation of the four bottom interacting 
paths. Bottom grazing angles were calculated from the experimental geometry for each 
shot using ray theory and the measured sound speed profiles. 

The inversion assumes that reflection at the ocean bottom can be modelled by the plane 
wave reflection coefficient. The reflection coefficient, V, was calculated from the bottom 
loss using 
 

2010
BL

V .        (2) 
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The reflection coefficient versus grazing angle data are plotted in Fig. 2 for the BRM and 
expanding spread geometry experiments from one of the survey sites, site 3, at 32.96° N 
146.07° W. The most significant features of the data are the peaks around 63° and 20° that 
are related to compressional wave and shear wave critical angles in the basalt. This 
suggests that the shear wave speed in the basalt is also greater than the water sound speed 
at the bottom. 
 

 
 

Fig. 2 Upper panel: Reflection coefficient vs. grazing angle for the expanding spread 
geometry; lower panel: Reflection coefficient vs. grazing angle for the BRM geometry. The 

solid curves in each panel are the calculated reflection coefficients for the estimated 
geoacoustic models. 

3. ESTIMATION OF GEOACOUSTIC MODEL PARAMETERS 

3.1 Geoacoustic inversion method 

The geoacoustic model consisted of an elastic sediment layer over an elastic solid half 
space. Each layer was described by the compressional and shear sound speeds and 
attenuations, and the density of the material. A total of 11 model parameters, including the 
thickness of the overlying sediment layer, were estimated for the thin-sediment basalt 
environment. The inversion was based on Bayesian inference to provide estimates of the 
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model parameters and their uncertainties in terms of a posteriori probability densities 
(PPD) [2, 5]. 

3.2 Inversion results 

The prior information about the ocean bottom is shown in Table 1 that lists the lower 
and upper bounds for the geoacoustic model parameters. Results from a Bayesian 
inversion can be displayed in terms of 1- and 2-dimensional marginal probability densities 
that are derived from the PPD. These are shown in Fig. 3 for the sound speeds in the 
sediment and basalt and the sediment layer thickness for the results of the BRM survey.  
The most sensitive parameters in the inversion were the sediment layer thickness, H, the 
compressional and shear wave sound speeds in the basalt, vp2 and vs2, respectively, and the 
shear wave speed in the sediment, vs1. The marginal probability densities for these 
parameters are sharply peaked within the search bounds, indicating that the parameters 
were well estimated. The data did not contain significant information about the other 
model parameters, as revealed in Fig. 3 by the flat distribution for the 1-d marginal 
probability density of the sediment compressional sound speed, vp1. Similar results were 
obtained for the data from the expanding spread survey. 

 

Medium Bounds H       
(m) 

vp 
(m/s) 

vs 
(m/s) 

p 
(dB/ ) 

s 
(dB/ ) 

 
(g/cm3) 

1 

Sediment 

Lower 

Upper 

0 

100 

1500 

1700 

100 

500 

0.0 

3.0 

0.0 

3.0 

1.0 

2.0 

2 

Basalt 
LowerU

pper 
- 

- 

2500 

4500 

1000 

2000 

0.0 

3.0 

0.0 

3.0 

2.0 

3.0 

Table 1. Model parameters and search bounds in the inversion. 

The comparison between the estimates of the compressional and shear wave speeds of 
the basalt from the two survey techniques is shown in Fig. 4 where the mean values and 
95% highest probability density credibility limits are presented. Site 3A refers to the 
expanding spread survey, and site 3B refers to the BRM survey. As can be seen in the 
figure, the estimates of wave speeds from both techniques are in very close agreement. 
The results are listed numerically in Table 2 for the maximum a posterior (MAP) and 
mean values, standard deviations and 95% highest probability density credibility limits.  

The BRM technique provides a dense sampling of the reflection coefficient at large 
grazing angles, and is thus well suited for estimation of the high wave speeds in crustal 
basalt. This could also be arranged with the expanding spread survey, but is more difficult 
experimentally because the rate of change of angle with range is greater for the anti-
parallel courses. The large uncertainty for the expanding spread data is difficult to 
understand. However, the courses are not exactly anti-parallel for the initial shots, so that 
the ensonified area of the sea floor is different for the first few angles. Although this is 
true for all the shots in the BRM survey, there is a greater average over different sea floor 
conditions. 
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Fig. 3. 1-D and 2-D marginal probability distributions for BRM data. 

 

Fig. 4. Mean values with error bars indicating the 95% highest probability density 
credibility intervals for the expanding spread and BRM data, (Sites 3A and 3B 

respectively).
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Site H (m) Vp2 (m/s) Vs2 (m/s) 

Expanding 
Spread 

34.0 
46.6 
10.4 

26.7-63.3 

3224.5 
3394.0 
240.0 

3033.3-3833.3 

1686.9 
1614.0 
124.2 

1350.0-1800.0 

BRM 

28 
28.4 
2.49 

23.3-33.3 

3578.4 
3524.3 
89.9 

3366.7-3700.0 

1682.0 
1599.2 
43.7 

1550.0-1700.0 

Table 2. MAP, mean, standard deviation and 95% HPD interval of the sensitive model 
parameters for the expanding spread and BRM data. 

4. SUMMARY 

The performance of the BRM survey technique is compared to that for a conventional 
expanding spread survey method for estimating wave speeds in crustal basalt in deep 
water. The estimates from both techniques were very close, indicating that the BRM 
survey provides adequate measures for high speed elastic solid ocean bottom material. 
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Abstract: A study using standard explosive sources to invert for geoacoustic properties of 
seafloor is presented. Since the attenuation of seafloor is not sensitive using matched field 
processing, standard explosive sources, which have high source level, and can be 
detonated at fixed depth, and most important have uniform output, are employed to 
interpret the attenuation of seafloor. The velocity and density are first obtained using 
matched field processing from vertical array data. Then the transmission losses are 
calculated at different frequencies to invert the attenuation of seafloor. 

Keywords: Geoacoustic model, matched field inversion, transmission loss 
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1. INTRODUCTION

Since the seafloor geoacoustic parameters are essential for accurate predicating sound 
propagation and sonar application in shallow water, many techniques such as matched 
field inversion methods[1-3] and analysis of broad-band dispersion[4,5] are developed to 
estimate the seafloor properties. Contrast to direct measurement, these method often take 
advantage of the controlled source and sound field received by vertical or horizontal line 
array, also and the average of the seafloor geoacoustic parameters for long-range which is 
meaningful for practice application are obtained. In this paper, matched field inversion 
(MFI) method is applied to vertical line array (VLA) data. However, the seafloor 
attenuation is less sensitive than bottom speed in MFI; the transmission losses are 
calculated at different frequencies to invert the attenuation of seafloor. 

The Biot-Stoll model [6-9], which is based on porous nature of marine sediment, 
predicts that the compressional wave attenuation of seafloor exhibits nonlinear frequency 
dependence. Several experiment data have confirm the validity[10,11] and Zhou[12] 
summarized compressional wave attenuation inversion results from low frequency field 
measurements and indicated that the frequency exponent of the effective compressional 
wave attenuation 1.80n  in low frequency. This is different from the Biot-Stoll model 
which predict that the frequency exponent of the compressional wave attenuation n=2. 
Carey and Pierce[13] hypothesize that the discrepancy is due to the neglect of shear wave 
and Zhou[14] discuss the shear wave estimation problems base on near-grazing bottom 
reflection from the effective compressional wave attenuation. In this paper the inverted 
result of the compressional wave attenuation exhibits nonlinear frequency dependence and 
the elastic seafloor is supposed to calculate the transmission loss for correcting 
experimental data. 

Subsequent sections of the paper are organized as follows: A brief description of the 
experiment is given and the results of the MFI are shown in Section 2. Transmission loss 
from different frequencies are calculated based on the assumed seafloor model and 
compared with the experimental data in Section 3. A brief summary and conclusion are 
given in Section 4. 

2. EXPERIMENT DESCRIPTION AND INVERSION RESULTS 

The China South Sea Experiment was carried out in the littoral region in October 2012. 
The data were recorded from a 32-element buoy VLA at sample rate 8 kHz. The VLA 
evenly spaced at a separation of 1.5m from about 15m to 61.5m below the sea surface. Fig 
1 shows the sketch of the experiment, where the VLA has a slant duo to the sea flow and a 
rigid and linear VLA shape is assumed and the geometry of the VLA is in terms of angle  
depart from the vertical. The ship approached to the VLA and dropped the explosive 
bombs (charge weight 1kg) at a distance about 1km. Only the bombs which distance to 
VLA between 7km and 11km were used to inverted the geoacoustic parameters because 
the bomb signal close the VLA overload the recorder’s measurement.  

The water column sound speed profile (SSP) is measured using CTD during the 
experiment; however, the SSP doesn’t span the full water depth. So the SSP used in MFI 
is calculated from the formula: 
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2 31449.2 4.6 0.055 0.00029
1.34 0.010 35 0.016

c T T T
T S z

 (1)

Here the temperature is measured with XBT, salinity is about 33.4 obtained from CTD, 
z is the depth. Fig. 2 shows the measured SSP and calculated SSP. They are consistent 
with each other in the upper 40m. 
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Fig.1: Depict of the experiment and seabed model     Fig.2: Sound speed profile in water 

The seabed geoacoustic model is assumed to be an isotropy sediment overlay on an 
infinite basement as dictated in Fig. 1. The sediment and basement have the same density 
and attenuation. There are five unknown parameters in the geoacoustic model in total. 

In matched-field inversion process, commonly the cost function defined as: 

†

1 /f ff
E Nm p m d  

(2)

p and d represents the modelled field vector and experimental data vector responsively, 
m represents the unknown parameters, the superscript † denotes the conjugate transpose, f 
is the different frequency band. The simulated annealing algorithm is used to minimize the 
cost function. 

 
Parameters Lower Upper 304 305 306 307 308 Mean 
Sediment thickness(m) 0.1 30 16.9 15.6 17.9 17.0 19.0 17.3 
Sediment speed(m/s) 1540 1650 1596.8 1604.9 1612.5 1587.2 1592.0 1598.7 
Increase speed(m/s) 1 200 119.8 132.0 137.2 131.4 108.8 125.8 
Density(g/cm3) 1 2 1.61 1.72 1.99 1.68 1.56 1.71 
Attenuation(dB/ ) 0 1 0.11 0.17 0.21 0.12 0.06 0.13 
Array tilt(o) 0 20 10.27 8.62 12.88 9.66 8.65 10.0 
Source depth(m) 48 58 56.9 55.2 54.9 55.3 56.0 55.7 
Source range(km) -0.5 +0.5 10.863 9.998 9.011 8.168 6.953 -- 
Water depth(m) 115 125 122.6 122.6 122.6 122.9 121.5 122.4 

Table 1: Inversion parameters boundary and results 

The received signal by VLA was transformed to frequency domain to get acoustic field 
information for inversion. The frequency band for inversion is between 80Hz and 330Hz. 
Table I shows the inversion results. The sediment thickness is about 17m and water depth 
is 122m which is consistent with the scanning echo sounder. Sediment speed is about 
1600m/s and the density is about 1.7g/cm3. The type of the sediment in the experiment 
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area is silty sand according to the sediment coring, which is consistent with the inverted 
results. The sediment attenuation is average of the frequency band and will be discussed in 
the next section. 

3. TRANSMISSION LOSS AND ATTENUATION

The explosive bombs used in the experiment are a type of standard sources. It can be 
detonated at fixed depth and have uniform output. Fig.3 shows the average source of level 
of 9 explosive bombs. There are detonated at about 55m which are consistent with the 
inverted results. The source level varies little in the low frequency. 
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Fig.3: Source level of explosive bomb Fig.4: Inverted attenuation versus frequency 

 
The experiment transmission losses (TLs) are calculated within 1/3 octave at different 

frequencies using the bombs between 7km and 20km. The received signal by VLA at 
20m 25m 30m 35m and 45m are transformed to TL. The procedures for deriving 
sediment attenuation from TLs are as follow: (i) by adjusting the attenuation to calculate 
the incoherent TL using the inverted results except for attenuation as the basic model; (ii) 
minimizing the difference between the calculated TL and experiment TL as below: 

2

exp
1

( ) min ( )
N

i i
sim

i
B TL TL  (3)

Here the subscript i represents the different depth. Using the power law fitting, the 
average attenuation can be expressed as below and plotted in Fig.4. 

1.460.28 /1000f  (4)

Although there is some difference with Zhou’s results, it explains the attenuation 
frequency dependence. Fig.5 shows the comparison of experimental TLs and simulated 
TLs. As mentioned early, Biot-Stoll model predicts the frequency exponent is 2. An elastic 
seabed model is assumed. The sediment and basement have shear wave 200m/s and 
400m/s respectively. The compressional wave attenuation is 0.33dB/m at 1 kHz and shear 
wave attenuation is calculated using compressional wave attenuation multiplied by the 
ratio of the Biot-Stoll model calculation. In the elastic model, TLs in the high frequencies 
are consistent with liquid model; however, TLs in the low frequencies are a bit difference 
from liquid model. TLs in the high frequency are affected by the upper layer of the bottom 
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for the long-range propagation. The basement property has important effect on low 
frequency propagation and the effective seabed model maybe is too simple to compensate 
it. 
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Fig.5: Transmission loss using liquid model 
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Fig.6: Transmission loss using elastic model 

4. SUMMARY

The explosive sources are used to invert the geoacoustic parameters in the China South 
Sea area. The seabed geoacoustic model is assumed to be an isotropy sediment overlay on 
an infinite basement. The velocity and density are inverted using MFI process and seabed 
attenuation is inverted using transmission loss. The sediment velocity is about 1600m/s, 
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which is consistent with sediment coring. The compressional wave attenuation is 
described by a nonlinear relationship of the form 1.460.28 /1000f  dB/m in frequency 
from 100Hz to 1000Hz. This result is some different from the Zhou’s conclusion. The 
sound speed profile in the water which varies along the propagation path may be the 
reason of the result difference. Base on elastic seabed model, transmission TLs are also 
calculated to compare with the experiment data. The liquid TLs and elastic TLs are 
comparable in the high frequency. Duo to the basement uncertainty property there is some 
difference in the low frequency. 
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Abstract: In polar regions, ambient noise underwater is dominated by the processes 
related to ice and glaciers. The recognition of the exact sources of noise, and their time-
frequency signatures, is however difficult except for the most notable or loudest events. 
This paper draws on field measurements in Hornsund Fjord, in the northern part of 
Spitsbergen (Tegowski et al., 2011) and focuses on laboratory measurements of growlers 
from the same fjord, harvested in summer 2012. Hornsund Fjord is surrounded by 
mountains and melting glaciers, especially frequent in the inner part, and the 
measurements in summer 2009 took place in very calm weather with no wind, rain or 
breaking waves. Measurements were taken with a broadband hydrophone (ITC-6050C, 22 
Hz – 24 kHz effective bandwidth), deployed 18-m deep on a drifting platform, and 
complemented with video and still photography. The acoustic contribution of individual 
growlers was investigated using laboratory measurements in an anechoic chamber at the 
Technical University of Gda sk (Poland). The growlers had been harvested in Hornsund 
Fjord close to the Hans glacier a few weeks before and shipped in a cold chamber. They 
were of identical sizes, with different bubble densities. Their melting was recorded using 
three surrounding hydrophones. Two calibrated hydrophones (B&K-8103 and B&K-8104) 
were connected to a National Instruments USB-4431 data acquisition card and 
measurements were obtained with LabView. An uncalibrated hydrophone (SQ26-07) was 
connected to a Microtrack-II digital recorder. Both types of acquisition used 96-kHz 
sampling and 24-bit recording. Noise floor levels and measurements were checked with an 
Agilent DSO-6034A oscilloscope, sampling at 2 GHz. Measurements were obtained with 
individual growlers, groups of growlers, and growlers moved to scrape or collide with 
each other. Analyses of transient events are conducted in 1/3-octave frequency bands and 
potential mechanisms are discussed. 
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1. INTRODUCTION

Polar regions are strongly and increasingly affected by climate change, with average 
temperatures rising by several degrees over the last decades [1]. The extent of Arctic sea 
ice has plummeted over the last years, leading to prospects of ice-free routes in the next 
decades (e.g. [2]), with increases in shipping and industrial exploitation of marine 
resources (e.g. [3]).  Marine-terminating glaciers retreat faster than those on land (e.g. [4]), 
and their rapid calving directly influences the potential for accelerated sea level rise. Large 
increases in freshwater will affect oceanographic processes in general, and polar changes 
are increasing on-going ocean acidification (e.g. [5]) and its immediate effect on marine 
ecosystems. Through these and other feedback mechanisms, polar regions are shaping the 
evolution of climate and its immediate effects on neighbouring regions like Europe 
[1,6,7]. It is therefore increasingly important to obtain reliable measurements of the 
amount of ice, as sea ice and in glaciers, and assess the local and regional variations in 
warming and melting rates. 

Satellite measurements are very useful for their synoptic and long-term views [1,2] but 
they are limited by their large fields of view, the lack of resolution over small time scales, 
associated to specific dynamic processes like the initiation of glacier calving or melting of 
smaller icebergs, and the frequency of cloud cover, only transparent to microwaves. Little 
is known about the rates of submarine melting and how it affects glacier dynamics (e.g. 
[8]). Submarine melting is as important a contributor as glacier calving and iceberg 
discharge [8,9,10]. Direct, in situ measurements of polar processes, in particular those 
occurring at the ice-ocean boundary, are difficult to acquire, because of the extreme and 
dangerous environment. Passive underwater acoustics offers a tool of choice, revealing 
processes at different time-scales, often at sufficiently large (and safe) distances from the 
actual sources [11].  Measurements of ambient noise are therefore complementary as they 
can monitor areas and timescales not accessible by ship or satellite measurements [12].  

Underwater acoustic processes associated to glacier environments are complex and 
cover a wide range of overlapping frequencies [13]. Weather influences are well 
documented [12-14], and the acoustic manifestations of marine life and anthropogenic 
activities (e.g. shipping) are satisfactorily understood too. The research presented here is 
motivated by the possibility of acoustically monitoring marine-terminating glaciers, 
separating the noise associated to processes within the glaciers or at their marine termini 
from the noise from icebergs as they drift, melt, capsize and collide. We have addressed 
this by taking field measurements next to a Svalbard glacier that has been thoroughly 
studied with a variety of techniques [4], and by using previous research on the noise from 
melting ice blocks [12]. 

2. FIELD AND LABORATORY MEASUREMENTS 

The laboratory measurements are the logical continuation of field measurements 
undertaken in summer 2009 in Hornsund Fjord, Svalbard [4,15]. Hornsund Fjord faces 
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west to the Greenland Sea. It is 12 km wide and 30 km long; the mean water depth is 90 
m, with maxima at 260 m. Ambient noise recordings were taken from a rubber boat 
drifting freely through the fjord, using an ITC-6050C hydrophone (omnidirectional with 
effective bandwidth 20 Hz – 24 kHz and receiving sensitivity equal to -157 dB re 1V/ Pa) 
and a 16-bit Sony DAT TCD-D8 portable recorder sampling at 48 kS/s, with a recording 
gain of 19 dB. Recording sessions lasted 2 hours in average, enabling long-term 
assessments of the ambient noise field and its variations. The hydrophone was deployed 
18 m deep, and attached with a 4-kg weight 2 meters below the transducer [4]. GPS 
positions were recorded at regular intervals to monitor the boat drift, and video and 
photographic images were taken to document environmental conditions [4]. The 
supporting vessel R/V Horyzont II was anchored more than 10 km from the measurement 
points, and no other ships were present. During the entire series of recordings, the weather 
was calm, with no wind, no atmospheric precipitation, no breaking waves, but with fast 
currents of water flowing from the marine-terminating glaciers.  

 

 
Fig.1: General conditions in Hornsund Fjord during the 2009 measurements. Left: 

measurements were taken very close to Brepollen Glacier, 40-m high at its contact with 
open water (scale bar). Notice the terraced morphology and intense fracturing, on the 

glacier face and further away. The amount and size distribution of the ice floating away 
from the glacier can also be assessed. Right: despite the very flat surface and calm 

weather conditions, the ambient noise measured during 2 hours of continuous recording 
was close to that usually heard in Sea State 4. From [4]. 

 
These general conditions (Fig. 1, left) should have yielded low amounts of ambient 

noise at most frequencies, but the resulting spectra (Fig. 1, right) show noise levels close 
to what would be expected at Sea State 4 [13, 16]. These measurements were presented in 
[15] and will not be described further. The low-frequency peak for one of the segments 
(Fig. 1) is associated to a calving event, analysed in [15] and of characteristics similar to 
the much larger glacier calving event observed in Alaska [10]. Overall, though, the spectra 
exhibit typically high levels at higher frequencies than could be expected. Based on 
previous studies [17-19], field measurements in different fjords [12] and tank experiments 
using ice blocks [20], one explanation put forward had been the cracking and melting of 
growlers and other blocks calved from the glaciers. To address this question, growlers 
similar to those observed in summer 2009 were harvested by the same field team, in the 
same part of Hornsund Fjord, in summer 2012.  The growlers were kept in cold chambers 
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on board R/V Horyzont II and at the Institute of Oceanology, Polish Academy of Science 
in Gdansk until the time of the experiments. Typical growlers are around 20-40 cm in 
width, and they show numerous gas inclusions, most often small (< 3-mm width) (Fig. 2). 

 

 
 

Fig.2: Growlers similar to those seen in 2009 were harvested from the same part of 
Hornsund Fjord in 2012. Left: full growler, approximately 20 cm wide, as collected in the 

field. Right: detail showing gas inclusions (3-mm wide or less) within the growler. 
 
The melting, cracking and general interaction of these growlers with their immediate 

environment were investigated acoustically in the anechoic water tank owned and lent by 
the Technical University of Gdansk. This underground tank, of dimensions 197 x 196.5 
cm, was filled with water to a depth of 181 cm and three hydrophones were deployed 90 
cm deep (Fig. 3). Water temperature was constant at 17°C throughout the measurements. 
A Brüel and Kjaer (B&K) 8103 hydrophone (omnidirectional with effective bandwidth 
0.1Hz to 180 kHz and a receiving sensitivity of -211dB re 1V/ Pa) was plugged into a 
1:1-gain signal preconditioner and connected to a B&K Heterodyne Signal Amplifier type 
2010, with a 30-dB gain. A B&K-8104 hydrophone (omnidirectional with effective 
bandwidth 0.1Hz to 120 kHz and a receiving sensitivity of -205dB re 1V/ Pa.) was 
connected into a B&K 2692 charge-conditioning amplifier, yielding outputs of 1 mV/Pa 
(as calibrated by W. Lis, T.U. Gdansk). The background noise, mainly due to interference 
from the mains (at 50 Hz) was found negligible, at 40 mV peak-to-peak on this particular 
instrument. It was recorded regularly throughout the experiments to assess any variations 
(none were found). The measurements from both hydrophones (and their conditioning 
stages) were sampled at 96 kS/s and with 24-bit resolution with a USB-4431 data 
acquisition card from National Instruments. In the initial stages, both acquisition channels 
were checked on an Agilent DSO-6034A oscilloscope, sampling at 2 GS/s. The files 
acquired by the USB-4431 card were in LabVIEW’s proprietary format TDMS, then 
converted to CSV (Comma-Separated Values). The third hydrophone was a Cetacean 
Research Technology SQ26-07 (omnidirectional with effective bandwidth of 100 Hz to 48 
kHz). The sensitivity of this hydrophone is nearly flat in the measurement range and 
equals -168 dB re 1V/ Pa. It has a built-in preamplifier stage and it was connected to a 
microTrack-II digital recorder sampling at 96 kS/s and with 24-bit resolution. This yielded 
24-bit WAV files. All unnecessary electronic equipment was switched off and the 
laboratory was vacated during each recording, to avoid extraneous sources of noise. 
Growlers of slightly different sizes were placed into the tank, one by one and in groups, 
and left to fully melt. Later experiments investigated the noise from colliding and scraping 
growlers. Still photography and video were used to further document these experiments. 
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Fig.3: Tank measurement setup. Three broadband, omnidirectional hydrophones were 
placed mid-water around the tank, surrounding growlers placed at the surface and 

slightly changing position as they melt and capsize. Hydrophone signals were bandpass-
filtered and recorded digitally at 96 kS/s (see text for details). 

 

3. TRANSIENT ANALYSES

A significant portion of the ambient noise field is associated to audible frequencies; the 
“bergy Seltzer” effect commonly described by submariners in polar waters, described by 
[17] as made of the “loud, intermittent impulsive noise”, associated to thermal cracking of 
the melting ice, and the “continuous crackling, frying sound” potentially associated to 
bubble-laden ice. The sound files recording the full melting of growlers are analysed using 
Fast-Fourier Transforms on overlapping segments of 213 samples (ca. 0.08 second.), and 
power spectra are calculated along third-octave bands (Fig. 4). They show consistently 
high levels at higher frequencies, with different transient events, corresponding to peaks of 
short durations (well below a second) and with variable frequency ranges. 
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Fig.4: Third-octave band analysis of a typical 10-second segment from the recording of 

a melting growler. Several types of transients are visible, at irregular intervals, associated 
with short periods and different frequency ranges. 

 
There are many sophisticated methods of defining transients in the literature, but as a 

first approximation, transients were defined here on the basis of the Sound Pressure Level 
(SPL) of their segment being significantly larger than the SPL of the 10-second interval 
around the current segment. The frequencies of background segments, and of segments 
including transients, were normalised, respectively for the total number of background-
only segments, and for the total number of segments containing transients detected during 
the full melting of each growler. The comparison shows significant differences (Fig. 5): 
the low-frequency background noise tails off beyond 50 Hz (interference from mains and 
harmonics) whereas the segments with transients show a variety of high frequencies. 

 

 
Fig.5: Comparison of the frequency distributions of background segments (blue) and 

high-SPL transients (red) for the full melting of one single growler. See text for details. 
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4. DISCUSSION – CONCLUSIONS 

One interpretation of the transients is that they are due to the bursting of bubbles 
encased in the ice and brought into contact with the surrounding water by the melting. 
Glacier ice differs from sea ice, formed by freezing of liquid seawater, in that it originates 
from compression of snow, and therefore contains numerous bubbles. Investigations of 
Greenland glaciers [21] found for example that bubble pressures ranged from 1 atm to 20 
atm, with the majority around 4-5 atm. Most bubbles were tubular, 0.2-0.8 mm in diameter 
and up to 4 mm or more in length. Bubble inclusions in the growlers investigated in the 
present study were of the order of 3 mm in diameter and smaller. As much as the visibility 
within the growler allowed seeing, they were roughly spherical, possibly indicating 
emplacements at relatively low pressures. Theoretical resonant frequencies of escaping 
bubbles are related to their respective radius/pressure ratios by the Minnaert equation [22]: 

1013253
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R
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where f is the Minnaert frequency, R is the radius of the bubble,  is the ratio of heat 

capacity of the gas inside the bubble at constant pressure to that at constant volume (  = 
1.403 for air close to 0°C [23]), p is the hydrostatic pressure (1 atm = 101,325 Pa) and  is 
the density of water (1000 kg/m3). The frequency peaks visible in Fig. 5 are centred 
around 550 Hz (corresponding to a theoretical bubble radius of 5.9 mm at 1-atm pressure), 
860 Hz (3.8 mm), 1.51 kHz (2.5 mm), 1.69 kHz (1.9 mm), 2.42 kHz  (1.3 mm), 2.87 kHz  
(1.1 mm) and 3.12 kHz (1.0 mm). These would seem consistent with the bursting of the 
larger bubbles within the growler, although the exact evolution of the bubble as it escapes 
the ice will affect the spread of frequencies for each single event. The tank is practically 
anechoic at frequencies larger than 1 kHz (Lis, pers. comm., 2012) but the role of potential 
horizontal and vertical tank modes will also be kept in mind during later analyses. 
Analyses of all recordings of melting growlers, of different sizes and shapes, are still on-
going. They will focus on the exact SPLs and frequency ranges of each transient and their 
variations and their timing as melting progresses. 

5. ACKNOWLEDGEMENTS  

Field measurements (JT) were funded by the Institute of Geophysics Polish Academy 
of Sciences and used equipment built by GD. Tank measurements were done by PB and 
JT at TU Gdansk, using the laboratory of Dr Waldemar Lis. The University of Bath 
Alumni Fund funded the hydrophone and recording equipment used by PB. 

REFERENCES 

[1] IPCC (Intergovernmental Panel on Climate Change), Climate change 2007 
synthesis report, Cambridge University Press. 52 pp., 2007. 

1st International Conference and Exhibition on Underwater Acoustics

1259



 

[2] Massonnet, F., T. Fichefet, H. Goosse, C.M. Bitz, G. Philippon-Berthier, M.M. 
Holland, P.Y. Barriat, Constraining projections of summer Arctic sea ice. The 
Cryosphere, 6, 1383-1394, 2012. 

[3] ACIA (Arctic Climate Impact Assessment), Impacts of a warming Arctic, 
Cambridge University Press, 1020 pp., 2004. 

[4] Tegowski, J. G.B. Deane, A. Lisimenka, Ph. Blondel; Underwater ambient noise of 
glaciers in Svalbard as indicator of dynamic processes in the Arctic, Proc. Inst. 
Acoustics, 33(5), 3 pp., 2011. 

[5] Yamamoto, A., M. Kawamiya, A. Ishida, Y. Yamanaka, S. Watanabe, Impact of 
rapid sea-ice reduction on ocean acidification. Biogeosciences, 9(6), 2365-2375, 2012. 

[6] Higgins, M.E., J.J. Cassano, Impacts of reduced sea ice on winter Arctic atmospheric 
circulation, precipitation, and temperature, J. Geophys. Res., 114, D16107, 2009. 

[7] Krupnik, I., et al. (editors), Understanding Earth’s Polar Challenges: International 
Polar Year 2007–2008, CCI Press, 724 pp., 2011 

[8] Rignot E, M. Koppes, I. Velicogna, Rapid submarine melting of the calving faces of 
West Greenland glaciers. Nature Geosci., 3(3), 141–218, 2010. 

[9] Motyka, R.J., M. Truffer, M. Fahnestock, J. Mortensen, S. Rysgaard, I. Howat, 
Submarine melting of 1985 Jakobshavn Isbræt, J. Geophys. Res., 116, F01007, 2011. 

[10] Pettit, E.C., Passive underwater acoustic evolution of a calving event, Annals of 
Glaciology, 53(6), pp. 113-122, 2012. 

[11] Gavrilov, A.N., A.L. Maggi, G. Vazquez, Remote acoustic observations of ice 
cracking and calving events on the Antarctica ice shelf, In Underwater Acoustic 
Measurements: Technologies and Results, Heraklion, Crete, Greece, 8 pp., 2005 

[12] M. Keogh, Ph. Blondel, Underwater monitoring of polar weather: Arctic field 
measurements and tank experiments, In Third Conference on Underwater Acoustic 
Measurements: Technologies and Results, Heraklion, Crete, Greece, 8 pp., 2009 

[13] Lurton, X., An Introduction to Underwater Acoustics: Principles and 
Applications, Springer Praxis, 724 pp., 2010 

[14] Nystuen, J., J. Miksis-Olds, Soundscapes under sea ice: Can we listen for open 
water?, J. Acoust. Soc. Am., 127(3), p. 1728, 2010 

[15] Tegowski, J., G.B. Deane, A. Lisimenka, Ph. Blondel, Spectral and statistical 
analyses of ambient noise, POMA, 17, 070079, 7 pp., 2013 

[16] Wenz, G.M., Acoustic ambient noise in the ocean: Spectra and sources, J. 
Acoust. Soc. Am., 34(12), pp. 1936-1956, 1962 

[17] Urick, R.J., Noise of melting icebergs, J. Acoust. Soc. Am., 50 (1), pp. 337-341, 
1971. 

[18] Diachok, O.I., R.S. Winokur, Spatial variability of underwater ambient noise at 
the Arctic ice-water boundary, J. Acoust. Soc. Am., 55 (4), pp. 750-753, 1974. 

[19] Wadhams, P., Ice in the ocean, Gordon & Breach Science Pub., 364 pp., 2000 
[20] Blondel, Ph., M. Collins, J. Tegowski, G.B. Deane, Transient events in 

underwater noise from ice floes – Field and laboratory experiments, In European 
Conference in Underwater Acoustics (ECUA), Edinburgh, UK, 2012 

[21] Scholander, P. F., D. C. Nutt, Bubble pressure in Greenland iceberg, Journal of 
Glaciology, 3(28), pp. 671-678, 1960 

[22] Minnaert M., On Musical Air-Bubbles and the Sound of Running Water, Philos. 
Mag., 16, 235–248, 1933 

[23] National Physical Laboratory, Kaye and Laby Table of Physical and Chemical 
Constants, http://www.kayelaby.npl.co.uk/general_physics/2_3/2_3_6.html, 2013 

1st International Conference and Exhibition on Underwater Acoustics

1260
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Abstract: The preliminary results of a new multidimensional approach to zooplankton 
counting and mapping proved to have a great potential for high resolution zooplankton 
studies. High-frequency acoustic measurements supplemented by modern optical method 
(Laser Optical Plankton Counter - LOPC) makes it possible to obtain spatial and 
temporal resolution in zooplankton distribution unattainable by other methods. These two 
complementary methods allowed us to perform the comparison analyses through the 
mathematical model application, namely the correspondence between measured and 
modelled echoes from zooplankton aggregations. The new results are based on the data 
collected within the hydrological frontal zone on the West Spitsbergen Shelf in two 
summer seasons (2010 and 2012). Frontal zones are crucial areas for high biological 
productivity, but due to their dynamic nature, the accurate studies of biota inhabiting them 
are still scarce and constitute a great challenge. The application of high-pass model of 
sound scattering on fluid-like particles to the distribution of zooplankton sizes measured 
by LOPC resulted – in most cases – in a very good agreement between measured and 
modelled values, except conditions of very low zooplankton abundance and events of fish 
presence. Data on zooplankton size spectra and an appropriate acoustic model validated 
for the specific set of scatterers and their elastic parameters, make it possible to determine 
the theoretical backscattering strength of zooplankton aggregations. In consequence, it 
creates the possibility of solving the reverse problem – determination of zooplankton size 
distribution on the basis of measured acoustic echoes. Implementation of two 
complementary methods allows us to obtain thorough information on zooplankton 
aggregations at high spatiotemporal scale, and to link zooplankton community structure 
patterns with environmental gradients.  

Keywords: Arctic zooplankton, high-frequency echosounding, LOPC, scattering model 
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1. INTRODUCTION  

Zooplankton is an important link in the food web, connecting primary producers in the 
ocean and higher trophic levels – consumers: fish, mammals and seabirds. Data on the 
abundance of zooplankton and their spatio-temporal distributions are therefore necessary 
for studies of various processes in the marine environment. This is particularly important 
in the Arctic, where climate change, and consequently ecosystem changes, are extreme in 
the scale of the globe. 

Studies of zooplankton in large areas of the ocean conducted by traditional plankton 
nets require huge amount of time, giving only one-dimensional snapshots of zooplankton 
assemblages in the water column. Therefore, our work combines three complementary 
methods - biological, optical and acoustic - an important innovation in this field of 
research. In our project we used three parallel methods: (1) traditional net hauls at the 
stations, (2) Laser Optical Plankton Counter (LOPC) measurements and (3) high-
frequency echosounding. Laboratory microscopic analysis of zooplankton samples 
collected by nets provided detailed information on species composition, abundance 
(biomass) and the size distribution at fixed points. Towed LOPC gave the particle size 
distributions in the range of 100 m to 35 mm at the chosen depth along the transects. 
Echosounder extended these measurements through the water column and delivered the 
two-dimensional field (distribution with depth along the transects) of the acoustic 
backscattering strength, which was dependent on the concentration and size of 
zooplankton. The mathematical modelling of acoustic scattering cross section of the whole 
spectrum of zooplankton specimens, obtained from the microscopic haul analysis and 
LOPC measurements, allowed us to calculate the total scattering, compare it with the 
value measured by echosounder and analyse the results from all three methods. 

Acoustic methods offer two main advantages over conventional sampling methods 
(nets) and modern method of particle counting (optics): a larger volume of water sampled 
and continuous two-dimensional record. In addition, the acoustic measurement does not 
disturb the studied environment and provides a large amount of data in near real time. It 
also has a serious drawback - at this stage does not allow for the identification of species 
and the distinction between zooplankton and non-zooplankton particles as both LOPC and 
acoustics counts/sees not only zooplankton particles but all matter that is suspended in the 
water column within the given size ranges. 

First echosounding and LOPC measurements were carried out in 2009 and 2010 in 
scope of the Polish-Norwegian project ALKEKONGE. It was found that the correlation 
between the abundance of zooplankton and acoustic backscattering coefficient is very 
high. Another very satisfactory results were presented at the UAM Conference in Kos in 
2011 [1] and encouraged us to further investigations. Ecological comparison of ‘warm’ 
year 2009 and ‘cold’ year 2010 showed that the ‘warm’ year was dominated by small 
zooplankton species of the Atlantic origin, and in ‘cold’ year there appears a bigger  
number of Arctic organisms. The observed zooplankton assemblages in frontal zone 
ranged in size up to a few kilometres horizontally and more than 40 metres vertically. [2].  

The main objective of this study is to present the possibility of multidimensional 
mapping the zooplankton distribution in the sea on the example of the West Spitsbergen 
Shelf. The three methods used in our work differ in resolution, sampling volume, counting 
accuracy, selectivity, identification capabilities and size range. So, we will try to compare 
these methods by estimating the acoustic backscattering strength on the basis of 
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zooplankton counted by LOPC and nets (scattering model) and its values measured at the 
same depth interval by the echosounder. 

2. FIELD MEASUREMENTS 

During the research conducted by r/v ‘Oceania’ in the summer 2010 and 2012 several 
transects were studied by three complementary methods in the area of West Spitsbergen 
Current and its frontal zones. A dual-beam 420 kHz echosounder DT-X produced by 
BioSonics Inc. with downward looking transducer mounted on the ship by the special 
frame was used to map the fine-scale vertical patterns of acoustic backscatter along the 
ship’s transect. A pulse length of 0.3 ms and trigger rate of 2 s-1 were established.
Echosignals were collected from 1 m to 100 m depth. Working frequency of 420 kHz 
allowed the detection of single individuals with a radius of more than 0.5 mm (Equivalent 
Spherical Radius - the radius of the sphere with a volume equal to the volume of sound 
scattering object). This is due to the detection criterion ka> 1, which is true for a> 570 m. 
On the other hand, the use of such a high frequency seriously reduces the measuring range 
- due to very high sound absorption, dependent on the square of the frequency and the 
high salinity of Arctic waters.  

Laser Optical Plankton Counter (Brook Ocean Technology Dartmouth, Canada) is the 
in situ sensor which autonomously provides the reliable abundance and community size 
structure of plankton and particles in marine and freshwater environments [3]. It measures 
cross-sectional area of each plankton particle in its collimated laser beam path in the 
sampling tunnel 7x7cm wide. As the particle passes the sensor, the portion of light 
blocked is recorded as digital size. The technical specifications allow to count and size 
particles in the size range of 100 μm to 35 mm ESD (Equivalent Spherical Diameter) 
which is often given as a range for mesozooplankton to which LOPC is best suited. 
Additionally LOPC is capable of assessing large-scale, rapid and continuous 
characterization of zooplankton distribution concurrently with environmental parameters 
(e.g. temperature, salinity, depth, fluorescence). LOPC operating frequency was set at 2 s-1 
(the same as the DT-X). So, LOPC provided zooplankton particle size distribution at 
specific depth  

In order to properly correlate data from both instruments echo signal was averaged over 
a specified depth range corresponding with the depth of towed LOPC. For comparative 
purposes, the data from echosounder and LOPC were also averaged in a 30-second time 
window. 

The mesozooplankton samples were collected with WP2 net (0.25 m2 opening area) 
with 500 μm mesh size in vertically stratified hauls from 50 m to the surface. Individual 
zooplankton samples were preserved and returned to the laboratory for microscopic 
analysis, where they were identified, measured and counted. For each sample the total 
number of individuals was converted to concentration per 1 m3 using filtered water 
volume.  

3. HIGH-PASS MODEL OF SOUND SCATTERING ON ZOOPLANKTON 

From great numbers of mathematical models describing the target strength TS of 
zooplankters with different degrees of complexity based on different mechanisms of 
scattering for different types of zooplankton, we have chosen the so-called “high-pass” 
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model of TS [4], describing scattering on the sphere, prolate spheroid, straight and bent 
cylinders, made of any materials: fluid, gas, elastic or rigid. It seems to be quite sufficient 
to calculate the intensity of sound backscattered on the aggregations of different type and 
different size of animals. The sphere model is the simplest of them, the ellipsoid and 
cylinder models additionally take into account the elongated shape and spatial orientation 
of the scatterer. The backscattering cross-section bs of any object can be written as: 
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where X and Y are the exact expressions for bs valid in specified object size-sound 
frequency regions of scattering (ka domains): 
 X = bs(ka<<1, fluid)    for Rayleigh scattering 
 Y = bs(ka>>1, rigid/fixed)    for geometrical scattering 

According to this model, backscattering cross-section bs depends on geometrical cross 
section of the object and is modified by (ka)4 2  in Rayleigh region (ka<<1), and by 
reflection coefficient R2 in geometric region of scattering (ka>>1).  as well as R are in 
control of density and sound speed contrasts g and h, so the proper choice of these values 
is crucial. They depend on species, and within the same species, on organism size and 
season, they vary with the percentage of the lipid content and rigid parts like skeleton and 
carapace. The literature review gives a large dispersion of contrasts’ values [5]: 

 
1.016 < g < 1.12        1.007 < h < 1.033 

Acoustical estimates obtained by the mathematical modelling are very sensitive to 
changes in density and sound speed contrasts. Their impact on TS results in up to 16 dB 
change of the target strength when the extremal values are compared. For our Arctic case 
model calculations, there were adopted values g = 1.0 i h = 1.027, characteristic for the 
main representative of Svalbard copepods Calanus finmarchicus [6]. 
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Fig.1. Target strength versus radius of spherical particle for different values of density and sound 

speed contrasts. Blue curves – upper and lower limits of g and h values cited in the 
literature [5], red curve – g=1.0, h=1.027 for C. finmarchicus [6]. 
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4. RESULTS  

The main goal of this work, a comparison of model-predicted and measured values of 
volume backscattering strength, was executed by applying the high-pass model of sound 
scattering to the distribution of zooplankton sizes measured by LOPC. In this way we 
obtained the size class contributions to the total volume backscattering (Figure 2). Its 
upper part presents the size distribution obtained by LOPC. Middle part illustrates the 
dependence of TS on the scatterer’s radius, and the lower one shows the individual 
contributions to total scattering. The sum of all SV terms from the lower part of Fig.2 
(strictly, 10log sV) should give the total SV comparable with the value measured by 
echosounder. 
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Fig.2. Histogram of plankton radii (upper), target strength calculated by model 

(middle) and contributions of particular size group to total backscattering (lower). 
 
 
Comparison of the measured values of backscattering strength SV with values delivered 

by the model were carried out for two seasons: 2010 and 2012. The total duration of the 
analyzed sections with the synchronous echosounding and towed LOPC measurements, 
reached nearly 60 hours - about 40 in 2010 and 20 in 2012. In the vast majority of cases, a 
good or even very good agreement of the measured and modelled profiles of SV was 
achieved (Figure 3). Only in situations where fish appeared, there were large peaks 
(Figure 4), which obviously were not given by a model. In some cases, we recorded a 
huge aggregations of zooplankton, the SV reached the value of about -60 dB. There were 
also  detected  the  situations  where  the concentration  of  zooplankton  in the  water  was 
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Fig.3. An example of the good agreement between two methods. Fragment of the 143-

minute echogram with white line of LOPC towing depth, SV  range [-80,-40dB] (upper); 
temperature of water at this depth (middle); SV measured by the echosounder (red curve) 
and SV calculated by the model on the basis of zooplankton concentration measured by 

LOPC (blue curve).  
10 August 2012. 
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almost zero - then SV fell to the level of noise, which was slightly higher than the SV 
calculated from the model using the histograms of the particle sizes obtained by LOPC. 

Along the transects, several net sampling stations were organized to support optical and 
acoustical measurements with detailed taxonomic information. These data need more time 
to be worked out and they will be used for further analysis taking into account species 
composition of zooplankton assemblages. Both the zooplankton species composition and 
spatial distribution will be further analysed in the context of hydrographical structures. 
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transmission (every 0.5 min)
 

Fig.4. An example of a single fish impact to the measured echo (peak in the red curve). 
SV measured by echosounder (red curve) and SV calculated by the model on the basis of 
zooplankton concentration measured by LOPC (blue curve). Both signals are averaged 

over 60 transmissions (0.5 min).  

5. CONCLUSION  

The measured values of volume backscattering strength were compared with the 
model-predicted values by applying the high-pass model of sound scattering to the 
distribution of zooplankton sizes measured by LOPC. A direct comparison of the results 
of optical and acoustic measurements of zooplankton in the Arctic have shown that the 
spatial profiles of backscattering strength values SV calculated from the model on the basis 
of size distributions determined by LOPC have the analogous shape as measured by 
echosounder at the layer of towing LOPC. Despite some differences in absolute terms, the 
shapes of both curves are very similar and are characterized by synchronous maxima and 
minima. It can be concluded that both methods are complementary. Results of this study 
show that using three complementary methods of counting zooplankton – nets, LOPC and 
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echosounder, supported by mathematical modelling of sound backscattering, can be a 
perfect tool for relatively quick mapping of zooplankton distribution in the sea. 
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Abstract: Multi-frequency single beam echo-sounder data has been collected from the 
offshore Kimberley region during routine fishing operations, by a commercial fishing 
vessel fixed with a hull-mounted Simrad ES70 (at 18, 38, 120 and 200 kHz). This study’s 
main aims were to determine what seafloor habitat information from could be obtained 
from the acoustic data at the different frequencies. This paper documents the initial work 
carried in developing methods to use the acoustic data to determining seafloor substrate. 

Keywords: Multi-frequency acoustics, seafloor habitats, single beam echo-sounder
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1. INTRODUCTION

The Fisheries Research and Development Council (FRDC) Project 2011/022 was 
created to provide "An acoustic assessment of habitat and abundance in the Northern 
Demersal Scalefish Fishery". A Simrad ES70 sonar system, comprising 18 and 200 kHz 
single-beam transducers and 38 and 120 kHz split-beam transducers, was hull-mounted on 
a commercial fishing vessel, the MV Carolina M, where it is to be located for a three year 
period. The main aims of the project are: 

1. Characterise seafloor habitat associated with high fish abundance and fishing 

effort distribution; 

2. Identify possible locations of significant biomass outside current areas of 

commercial effort; 

3. Determine relative demersal fish biomass and investigate changes through time. 

This paper presents the initial worked carried out as part of the first aim, i.e. seafloor 
habitat mapping. 

Identifying different seafloor habitats/substrate from echo-sounder data is well 
established [1]. Without ground-truthing, it is possible to identify soft and hard substrates 
[2, 3]. With grab samples, it is possible to estimate grain size [4]. It is also possible to 
identify epi-benthic flora (e.g. seagrass) from single beam data [5]. 

The first stage in the seafloor habitat mapping work is to establish a processing 
pipeline. Considering the large volumes of data collected during this study, one of the 
main challenges is the automated dissemination of this data into useful information to 
carry out seafloor habitat mapping. 

2. METHODS

In 2012, 15,000 km of data was collected with the ES70 (330 Gb of raw data), which 
contained more than 272,500 soundings and if stacked together would represent more than 
60 days of data. Specific Matlab programs have been written to evaluate the backscatter 
and compare values between frequencies. The main programs utilised for seafloor habitat 
mapping included:  

1. Reading Simrad (*.raw) data files.  

2. Remove the Simrad ES70 triangular wave. 

3. Pick the seafloor depth. 

4. Calculate seafloor backscatter parameters. 

The native Simrad (*.raw) files are read into Matlab based on code developed by Rick 
Towler (at NOAA Alaska Fisheries Science Center). The raw power data are converted to 
scattering volume (Sv) values with correction for system settings, transmission loss and 
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insonification volume. Then data are corrected for the Triangle wave introduced by the 
ES70 system using a similar approach to [6]. Figure 1 shows an example of some Sv data 
(at sample no. 1) before after correction for the triangle wave in each of the four 
frequencies. The range of the Triangle wave in the four frequencies was found to be ~1 
dB. 

  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1: Removal of the triangular wave interference introduced by Simrad for the 
ES70 (response prior and post triangular wave correction shown in blue and red, 
respectively).

Before the Simrad ES70 system was installed on the vessel a calibration exercise was 
carried out in a swimming pool using calibration spheres, following standard protocols [7]. 
Figure 2 shows example waveforms from the calibration sphere, along with the theoretical 
target strength values (black solid line). Transducers at 38, 120 and 200 kHz were within 
measurement error, but the 18 kHz transducer was found to be more than 7 dB lower than 
expected. Further work will try to verify this offset. Figure 2 shows results from the 
calibration of the 38 and 120 kHz split beam transducers beam angle, which were found to 
be within measurement error. 

Selection of depth position and calculation of seafloor backscatter parameters 
follows the methods used by [8]. However, further work will continue to determine the 
optimal parameters for seafloor habitat mapping in the context of the current study, i.e. for 
the purposes of correlation the seafloor habitat with water column biomass. 
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Figure 2: Maximum waveforms for (a) 18 kHz, (b) 38 kHz, (c) 120 kHz and (d) 200 
kHz. Black solid line is the predicted maximum TS from the sphere. 
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Figure 3: TS measurements for the 38 kHz (left) and 120 kHz (right) transducer as a 
function of along and across track distance within the beam. 
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3. RESULTS 

Figure 4 shows the depth, seafloor backscatter for the 200 kHz and 38 kHz transducers 
from part of the study area referred to here as ‘Site 1’. It is evident from these initial 
results that there are coherent spatial trends in the backscatter data. Areas of low 
backscatter (blue colours), which will be associated with soft sediments, can be seen in the 
deep water where it is likely that fine sediment will be located. While seafloor backscatter 
between the different frequencies will be highly correlated, there will be some subtle 
differences (as seen in the southeast of Site 1). These differences in seafloor backscatter 
between frequencies will likely be due to the relative contributions of sub-surface and 
surface roughness (relative to the acoustic wavelength). They will enable a higher degree 
of power to discriminate the seafloor into different regions than for a single frequency 
system. Further work will be carried to correlated acoustic measurements with grab-
samples and comparison with models of seafloor backscatter. 

 

Figure 4: Site 1 seafloor parameters: depth (m), seafloor backscatter (dB) for 200 kHz 
and 38 kHz. 

When calculating seafloor backscatter it is important to consider depth dependence [2], 
which can occur due to inadequate correction for range and/or insonification area. Figure 5 
shows that the backscatter at 38 and200 kHz shows no evident depth dependence, while 
still displaying different spatial distributions.  
 

 
 
 
 
 
 
 
 
 
  

Figure 5: Site 1 depth dependence for seafloor backscatter (dB) at 200 kHz and 38 kHz. 
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Abstract: Automatic target recognition (ATR) performance on the underwater mine 
detection task is known to suffer when the environment is characterized by textured 
seabed, such as sand ripples, or regions of high clutter. Specifically, target detection 
algorithms tend to generate a prohibitive number of false alarms in these areas. However, 
by first establishing seabed characteristics, one can employ specialized ATR algorithms 
for different conditions, thereby improving overall performance.  To aid in this endeavor, 
this work seeks to segment areas of seabed into three broad classes: complex (e.g. many 
clutter objects), highly anisotropic (e.g. ripples), and plain (e.g. undisturbed sand). This 
characterization is achieved through a novel algorithm employing rotated Haar-like 
features. Haar-like features are appealing because they can be calculated quickly via 
integral images, and recent work has shown their potential for estimating the anisotropy 
and complexity of seabed in side-scan sonar images. The present study extends that work 
by revising the definitions for anisotropy and complexity, by increasing the number of 
orientations at which the Haar-like features are calculated, and by successfully adapting 
to the case of higher resolution synthetic aperture sonar (SAS) imagery. These 
improvements ensure that the anisotropy and complexity calculations are more robust and 
invariant to changes in orientation of the seafloor. In turn, simple thresholds estimated 
from representative data samples can then successfully segment large data sets of sonar 
imagery. The approach has been validated using SAS data collected by CMRE’s MUSCLE 
autonomous underwater vehicle (AUV). Results demonstrate that the algorithm is efficient, 
fast, and robust, making it suitable for performing onboard seabed segmentation and ATR 
performance prediction.  

Keywords: Haar-like features, rotated integral images, synthetic aperture sonar (SAS), 
acoustic classification system (ACS), automatic target recognition (ATR) 
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1. INTRODUCTION

Image based Acoustic Classification Systems (ACS) use local acoustic texture to 
quantify seabed properties in swath sonar images. In traditional ACS the sonar image is 
subdivided in patches of certain size (non-overlapping or with partial overlap) and a set of 
descriptors reflecting texture is calculated for each patch [1,2]. Textural properties can 
characterize a region as rough or smooth, varied or homogeneous, repetitive or random, 
and hence can help in distinguishing between different areas and features in the images 
[1]. However, the bottom classes produced by traditional ACS are either un-labeled, when 
unsupervised approaches are used (each class needs to be linked to sites of known bottom-
types) or they are highly dependent on the training dataset, when using supervised 
approaches. At the same time, there is confusion about linking certain physical properties 
of the seabed to high or low values of textural parameters. This gets even worse when 
PCA is used to reduce feature vectors to a few components which while representative, 
they lack physical correspondence. Finally, the spatial resolution of the classification maps 
is severely reduced due to the windowing nature of the feature extraction algorithms, and 
their high execution times, when adequate resolution is needed, make them inappropriate 
for real-time workflows.  

The sea-bottom characterization algorithm implemented in this work provides 
continuous metrics in almost instant times which moreover have explicit meanings, 
correlated to certain sea bottom characteristics that are Anisotropy and Complexity. The 
Anisotropy parameter can discern the presence of oriented sea-bed features (e.g. sand 
ripples, trawl marks etc) while the Complexity feature can characterize the amount of 
background clutter in an area. No training procedure and no classifiers are needed. Simple 
thresholds are enough to provide accurate delineations of ripples and clutter, seabed 
features that most severely affect ATR performance. The technique is inspired by [3] but 
the Anisotropy and Complexity definitions are revised, while the Haar-like features are 
rotated at generic angles, instead of just four, ensuring that the results will be invariable to 
texture rotations.  

2. ROTATED HAAR-LIKE FEATURES: IMPLEMENTATION ISSUES 

Standard Haar-like features consist of a class of local features that are calculated by 
subtracting the sum of a subregion of the feature from the sum of the remaining. As such 
they can be calculated directly from an integral image, given that they are not rotated.  
Standard Haar-like features have been introduced by [4], and have gained respect over the 
acousticians during the last years towards swath sonar image classification [3] and target 
detection [5,6]. However, the fact that they are not invariant over rotation means that any 
object that is sensitive to angle changes will be difficult to be analyzed. Rotated Haar-like 
filters have therefore been implemented from various researchers, most of them 
compensating only for 4 rotations (0o, 45o, 90o and 135o) [3,6,7]. These techniques, 
although better than using Haar-like features derived by normal integral images (0o) will 
have little benefit for sea-bottom features that are sensitive to rotations which are not 
aligned to fixed angles, such as ripples. 

In this work we use unit-integer rotated Haar-like features, introduced by [8,9]. A unit-
integer rotated Haar-like feature is a feature that has been rotated by an angle arctan(A/B) 
where A and B are integers and either A or B is 1. A 45o rotated Haar- like feature is a 
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special case of a feature which has been 1-1 unit-integer rotated. An example regarding 8 
integer rotations is illustrated in Fig.1. In practise, depending on the coverage required, a 
selection of these unit-integer rotations will be chosen. In this work, that ripples are in 
concern, about 10o to 20o degree increments are adequate and so 0, 1-1, 1-2, 2-1, 1-4 and 
4-1 will be used as well as the standard horizontal and vertically aligned features giving 12 
rotations: 0o, 14o, 26.5o, 45o, 63.5o, 76o, 90o, 104o, 116.5o, 135o, 153.5o, 166o. 

 

 
Fig.1: A standard Haar-like feature rotated at 8 angles. 

 
A rotated integral image is required for each rotation of the filter. Here, for a Haar-like 

feature of period s we consider the absolute difference between the two adjacent 
subregions, so that the direction of the highlight-shadow sequence in sonar images does 
not influence the final results. A key feature of the particular implementation is that the 
aspect ratio of the pixels in the sonar image is taken into account for the allocation of the 
Haar-like features. That is because usually pixels in sonar images represent a constant and 
quite small portion of the sea-bed in the across track direction, while in the along track 
direction they tend to be elongated depending on the speed of the vessel. Fig.2 shows how 
pixel aspect ratio plays an important role for drawing the rotated Haar-like features and 
illustrates the case where the feature height (h) is 75 cm, the width (2s) 7.5 cm and the 
aspect ratio of the sonar image is 0.015x0.025 m.   

 

 
Fig.2: The effect of considering pixel aspect ratio when locating rotated Haar-like 

features. The analyzed pixel is at the centre. Axes scale is in pixels.   

3. ANISOTROPY AND COMPLEXITY ESTIMATION 

Given a set of Haar-like features of period s and height h, the Anisotropy As,h,k is 
defined as the square of standard deviation ( ) to average ( ) ratio of filter responses over 
a set of k directions: 

                                                      (1) 
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In probability theory and statistics, the term   is referred to as the Coefficient of 
Variation (CV). The CV is useful because the standard deviation of data must always be 
understood in the context of the mean of the data. In contrast, the actual value of the CV is 
independent of the unit in which the measurement has been taken, so it is a dimensionless 
number. For comparison between data sets with different units or widely different means, 
one should use the coefficient of variation instead of the standard deviation. Extending this 
statement to the sonar imagery case, Anisotropy metric will be quite invariant to different 
sonar setups or gains. Ripple areas will have high Anisotropy values due to the high 
variation of filter responses over the k directions while the opposite will happen in sand 
areas. Using the square CV we manage to further enhance ripple areas where the highlight 
to shadow contrast is low but still reliable (e.g when the ripple direction is almost 
perpendicular to the sonar’s nadir). 

The Complexity is defined by the square average ( ) to the standard deviation ( ) ratio 
of the filter responses over the set of directions k: 

 
                                                        (2) 

 
The equation can also be rewritten in the format: 
 

                                                     (3) 
 

The average to standard deviation ratio is often used as a Signal to Noise Ratio (SNR) 
metric in image analysis. Therefore, the expression (3) can be interpreted as the level of 
noise that the filter energy values have around an expected value ( ) over k directions.  
Multiplying SNR by the average filter responses ensures that of the “noisy” areas only 
those with high filter responses (high contrasts) will be enhanced. A very important 
advantage of the particular Complexity definition is that unalike [3] it gives high values 
only in cluttered areas and not in rippled ones. So, while in [3] Anisotropy segmentations 
should be subtracted from the Complexity ones to delineate the cluttered areas, here 
Complexity parameter itself can be safely used for the immediate segmentation of clutter. 

After Anisotropy and Complexity values have been assigned to each pixel of the image, 
a local average filter is applied to smooth the results. The filter kernel is of equal size to 
the height (maximum dimension) of the Haar-like features. Changing the Haar-like 
feature’s dimensions (s, h) can cause significantly different Anisotropy and Complexity 
values. Thus, they must be set with care and in accordance to the scale of the specific sea-
bed features that need to be differentiated. Especially in the case of ripples, the period s 
must be small enough not to include more than one ripple face or shadow and the height 
(h) should be large enough to reliably imprint the seabed’s degree of linearity. This way 
we end up with a very elongated Haar-like feature that, for each rotation, gives the 
contrast between two very narrow adjacent strips of the seafloor. 

4. EXPERIMENTAL RESULTS AND DISCUSSION 

All of the data samples used in this work have been collected by CMRE’s MUSCLE 
autonomous underwater vehicle (AUV), which is equipped with a synthetic aperture sonar 
(SAS) system, during the Colossus 2 sea trial. The data encompasses various 
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environments in terms of seafloor acoustic textures, including homogenous sand or mud, 
sand ripples and cluttered rocks in various densities.  

For the given SAS images, h and s parameters are set to 1,5 and 0,4 m respectively. At 
first, we exhibit the advantage of using Haar-like features rotated at a greater number of 
angles, towards successful acoustic seafloor quantification of ripples and clutter. In Fig.3 
the effect of using 4 or 12 directions for the Anisotropy and Complexity parameters 
estimation is illustrated. It is evident that using 12 rotations provides a much better 
delineation of the ripple field. It also seems to be crucial for the segmentation of the 
cluttered seabed, which is pretty underestimated when just 4 rotations are considered. The 
above findings can be justified through two considerations: (1) using more rotations 
provide more representative  and  estimations in the equations 1, 2 and 3 and (2) using 
12 directions makes sure that the neighbourhood around the central pixel (see Fig.3) is 
fully analyzed and the linear information of ripples is sufficiently described.  
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Some examples considering Anisotropy and Complexity extraction from multifaceted 
sea-floor regions are illustrated in Fig.4. The first example encompasses clutter at varied 
densities and a small portion of a ripple field at the far bottom ranges, the second  contains 
both ripples and a highly to moderately cluttered field while the last contains featureless 
mud disturbed by crossing, linear anchor marks. The algorithm exhibits considerable 
accuracy and consistency in all examples. Ripples seem to be accurately delineated even 
when their direction varies or when they are not well developed giving weak acoustical 
patterns.  The clutter areas are also very well outlined and Complexity values reflect the 
local density of the clutter. The last example is interesting as it contains no ripples nor 
clutter but linear disturbances of the soft sea bed caused by anchors. Anchor marks is a 
sea-bed feature that is both oriented and quite cluttered. Thus, both Complexity and 
Anisotropy values are high where marks occur.  
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Fig.4: Anisotropy and Complexity maps for three SAS examples regarding Ripple fields, 
Plain Sand, Clutter and Anchor marks. 

 
To segment the sonar images into Rippled, Sandy and Cluttered areas, Anisotropy and 

Complexity thresholds must be set through analyzing training samples. However, given 
that Anisotropy and Complexity values are invariant according to their definition, simple 
thresholds defined by just one dataset can be generally applicable. In this work we 
performed thresholds determination through manual segmentation of rippled, sandy and 
cluttered bottom-areas for a number of SAS images and the extraction of histograms of 
each parameter for every bottom type (Fig.5). In Fig.5 it is obvious that the Anisotropy 
threshold is very sharp and easy to be determined while the Complexity one seems to be 
not so definite. This is due to the nature of ripples i.e. we do or we do not have ripples and 
the nature of the clutter i.e we can have heavy clutter, sand with clutter or even clutter into 
ripples. Though, a quite distinct Complexity threshold can still be recognized although it 
would be better to use Complexity as a continuous variable assessing the transition from 
0% to 100% clutter.   

 

 
Fig.5: Anisotropy and Complexity histograms of clutter and ripples in a number of 

manually segmented SAS images. Vertical orange lines are the proposed thresholds. 
 

Anisotropy Anisotropy Anisotropy 

Complexity 

Complexity Complexity 

1st International Conference and Exhibition on Underwater Acoustics

1282



 

In Fig.6 clutter and ripple areas in two SAS images are segmented using the 
Complexity and Anisotropy thresholds respectively, as specified in Fig.5. The 
segmentation results have been smoothed using an hxh median filer. The segmentation 
maps are very accurate, assuring the potentiality of the algorithm even when categorical 
rather than quantitative representations are needed. 
 

Sonar Images Ripples Clutter 

Fig.6: Automatic segmentation of two random SAS images, using the general case 
Anisotropy and Complexity thresholds specified in figure 5. 

5. CONCLUSIONS 

The presented method provides a state of the art, fast and straight forward way to 
quantify the anisotropy and clutterness of the seafloor in swath sonar images. It is optimal 
for ATR performance prediction by flagging “difficult areas”, but it also yields a wide 
range of possible applications, including: real time environmentally adaptive classification 
of mines [10], large scale swath sonar image registration [11], change detection, 
autonomous survey adaptation in ATR missions and even habitat mapping.  

In particular, autonomous survey adaptation, apart from the seafloor quality, could also 
make use of the ripple direction as an input for planning the optimal heading of the 
following routes (theoretically perpendicular to prevailing ripple direction). Local ripple 
direction is an information straight forwardly estimated by the algorithm via finding the 
angle (in degrees) along which Haar-like features exhibit their maximum response. Ripple 
directions have an accuracy of approximately 10 degrees (in the case of 12 rotations), but 
taking the local vector mean could provide even more reliable estimates.  

The algorithm, as is, has some applicability to habitat mapping. Anisotropy parameter 
could be used to locate habitats possibly degraded by anchor or trawl marks (dense linear 
features) while Complexity could be used for the quantification and classification of 
habitats with inherently cluttered patterns, such as corraligenous aggregations. At the same 
time, treating this method in a multi-resolution manner (i.e. using combinations of 
different s and h sizes) could bring about interesting texture descriptors.  Though, this 
work has focused on just two features of the seafloor, those that most severely affect ATR 
performance, clutter and ripples. Further research could use rotated Haar-like features 
towards targeted quantification of other seafloor characteristics, taking advantage of the 
very low processing times that integral images provide.  
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Abstract: Broadband noise measurements were carried out in cavitation tunnel at both 
open water and behind hull operation conditions where a dummy hull model were used 
and equipped with wire meshes to provide a desired nominal inflow (wake field) to the 
propeller model. The executed tests involved observations of cavitation and hydroacoustic 
measurements.

Keywords: model tests, propeller noise, cavitation tunnel, hydroacoustic 
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1. INTRODUCTION

Ship Design and Research Centre (CTO) participate in significant number of research 
and commercial projects which involve the propeller designs and analyses. Generally the 
objectives of all considered projects are related to get optimum propeller design. 
Undertaken both numerical and experimental analyses aim to understand fundamental 
physics of mechanisms of operating different propulsion systems [1]. 

Cavitation is one of the biggest challenge which impacts on the full scale 
hydrodynamic prognosis is significant [2]. CTO adapted own cavitation tunnel for the new 
range of applications. The cavitation phenomena of working propellers seem to be well 
recognized by the design offices and research institutes since the number of research 
projects investigating the cavitating propellers is significant. Full understanding of 
propeller operation requires the investigation of working propeller with respect to 
propulsive efficiency, cavitation, vibration and noise. 

The new challenges results from the hydroacoustic issues of propellers. The base 
investigations underlying hydroacoustic mechanisms are already started. The analyses 
focused on assessment of the self- noise of operating cavitation tunnel and its impact on 
the background noise level as well as on assessment of noise level of cavitating and non-
cavitating propellers.  

There is significant number of researchers working on different approaches of propeller 
designs. They mainly focused on propulsive, cavitation and vibration analyses but the 
noise measurements require that investigations of operating propellers should be focused 
on entire range of phenomena. The common approach includes the investigations of 
acoustic issues in reference to both hydrodynamic and cavitation analyses of operating 
propellers. 

In order to achieve the mentioned objectives model tests in cavitation tunnels can be 
applied. The crucial is the decision about the costs of provided analysis. Interaction of 
operating propeller with the hull can be investigated with the use of large cavitation 
tunnels where the entire hull model is employed. The alternative to such kind of expensive 
research is the application of medium size cavitation tunnels. In that case it is possible to 
use the model of the propeller in appropriate scale where the inflow boundary conditions 
are simulated by the use of "dummy body". Both the time and cost of the tests can be 
significantly reduced by the application of medium sized cavitation tunnels. The point is to 
use appropriate methodology for the extrapolation of obtained results into full scale.  

The aim of current work is to check the application of medium sized cavitation tunnel 
for the propeller noise measurements and extrapolation of obtained results into full scale 
data. 

2. CAVITATION TUNNEL  

All measurements described in current paper were carried out with the use of one of the 
test facility of the Ship Design and Research Centre in Poland - cavitation tunnel with a 
0.8m 0.8m 3.1m test section with a possibility of wake simulation and maximum flow 
velocity up to 20m/s, equipped with 2D LDA measuring system. The main technical data 
are summarized in the Table 1. 

Existing tunnel with measurement system is very well adopted for cavitation 
observations as well as for the erosion tests and investigations of the flow around propeller 
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and appendages. Few numerical tools (in-house codes) are validated based on provided 
experimental analyses which results allow for better understanding of physics of operating 
propellers at both cavitating and non-cavitating conditions.  

 Cavitation tunnel technical data 
Max  of propeller model[m] 0.3 
Max tunnel water speed [m/s] 20 
Test section dimensions [m] LxBxH 3.1x0.8x0.8 

Table.1: Cavitation tunnel technical data 
Cavitation tunnel was upgraded for the noise measurements with keeping the ability of 

cavitation observation. The test section was equipped with the acoustic chamber - Fig.1. 
The acoustic chamber forms a box made of steel plates stiffened by the frames in order to 
minimize the vibration. Internal walls were covered with noise damping materials in order 
to prevent noise reflections. The acoustic chamber can be installed in one of the bottom 
windows of the test section depending on the size of dummy body and location of the 
propeller model. The hydrophone, Bruel & Kjaer Type 8100, was installed inside the 
chamber using the adjustable bracket allowing the precise positioning with reference to 
propeller model location. The hydrophone was located approximately 1m below the 
propeller model. The measurements of noise generated by propeller model were 
complemented by the measurements of the noise background resulting from the cavitation 
tunnel operation and propeller model drive train. Both the background noise and signal  
from operating propeller model were processed using the FFT technique and then the 
signal amplitudes on corresponding frequencies were derived. 

 

 
Fig.1: Cavitation tunnel with acoustic chamber cross-section. 

Correct and full understanding of hydroacoustic measurements of operating propeller 
include the complete testing of propeller model with the use of cavitation tunnel i.e. 
cavitation observation and noise measurements at the same time. Cavitation tests were 
provided for the simulated inflow conditions affected by the hull shape. In order to obtain 
a correct wake distribution, a respective dummy body (the aftship part geometrically 
corresponding to the aftership part of the vessel) was installed in the test section of 
cavitation tunnel. The propeller model was driven by a shaft passing inside the dummy 
body. The test conditions were determined from the self propulsion tests and predictions 
made for respective draughts and propeller loadings. The inflow to the propeller was 
corrected by using wire meshes in order to account for the scale effect on wake field. The 
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test was performed in accordance with the ITTC (International Towing Tank Conference) 
recommendations. 

The full scale noise prediction was performed based on the recommendations given in 
18th ITTC Cavitation Technical Committee Report (1987) [4]. The method implies that 
both the sound pressure level and frequency are transformed according to the following 
formulas: 
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where: indexes S and M refer to ship and model respectively, D is the propeller 
diameter, r is distance from noise source to the point of interest, is the cavitation 
number, n is the propeller revolutions, is water density. 

3. NOISE MEASUREMENTS 

All tests were carried out for the four blade ducted propeller with the model diameter 
around 0.25 m.  

Two kinds of propeller conditions were investigated: non-cavitating and cavitating 
(Fig.3). 
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Fig.2:Comparison of wake measurements for both cavitation tunnel and towing tank 
conditions.

The measurements include: 
- Simulation of the correct inflow to the propeller to assure realistic wake field. The 

wake was measured in the cavitation tunnel and corresponds to the results measured for 
hull model in towing tank. The reliable level of results agreement between towing tank 
and cavitation tunnel was necessary to meet the requirements of the ITTC [4].  

Results of wake measurements are depicted in Fig.2. The wake field was monitored at 
different radii. The circumferential flow disturbances affected by hull shape were correctly 
simulated. Hence all flow disturbances were taken into account during noise analyses. 

- Cavitation observation. The reason for doing these tests was to track the cavitating 
bubbles on the propeller blade and estimate their influence on the noise level. From the 
tests it was noticed that there was no cavitation on the pressure side of the blade. Only on 
the suction side the cavitation occurred which expansion is depicted in Fig.3, 4. Both sheet 
and tip vortex cavitation forms were observed. Sheet cavitation developed at the blade 
positions 340o and expanded. The weak tip vortex appeared at blade position 350o and 
disappeared at 40o. At blade position 340o-50o the steady sheet cavitation form was 
noticed (lines on the sketches in Fig.4.). That cavitation form depends on the inflow 
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conditions (non-uniform inflow - Fig.2) and it was independent on applied geometry type. 
The sheet cavitation was transformed into cloud cavitation (cross areas marked on the 
sketches - Fig.4.) being unsteady. Also tip vortex cavity appearance was characterized as 
unsteady phenomenon - its impact on the noise level should be significantly noticeable [3]. 

    
Fig.3:Cavitation observed on the suction side of operating propeller's blade 

 

 
Fig.4:Cavitation sketches on the suction side of operating propeller's blade 

- Noise measurements - both total and background noise of the tunnel was monitored at 
the reference point. In order to analyze the noise generated by the propeller model the 
background noise level was subtracted logarithmically from the total noise. As a results 
the net noise level of operating propeller model was monitored. In Fig.5 the results for the 
full scale are given. The results of measurements in cavitation tunnel were calculated 
according to the equation 1. Both noise levels generated by cavitating and non-cavitating 
propeller were given. Since neither fully developed cavitation nor hub vortex cavitation 
was noticed for considered propeller the noise level for both cavitating and non-cavitating 
propellers was comparable. The impact of steady form of sheet cavitation was highlighted 
(times of frequency the revolutions number). Hence the amplified noise pick values were 
noticed for the 40, 80 , 120... Hz (Fig.6.). The impact of tip vortex cavitation was depicted 
especially at higher frequencies.   
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Fig.5:Noise measurements of operating propeller 

Fig.6:Noise spectrograms - left -non-cavitating propeller, right - cavitating propeller 

4. CONCLUSIONS  

The provided tests present positive feedback from application of medium-sized 
cavitation tunnel for the propeller induced noise investigations. It is possible to investigate 
the influence of cavitation on the noise level of operating propeller model with the use of 
medium sized cavitation tunnel.  

Further work is requested to achieve better understanding of generation of noise by 
operating propellers. The use of validated numerical tools for the noise simulation can 
complement the provided analysis [5].  
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Abstract:
The Underwater Radiated Noise (URN) from ships has gained growing attention in the 
last years. The evaluation of the acoustic impact of shipping activity (as well as of other 
anthropogenic noise types) on marine fauna has become an important issue for society 
and regulators. The normative framework on the subject is not yet in place, but it is in 
rapid evolution and in the process of being finalized soon, as reflected by the research 
efforts being deployed on the subject by the E.U. (see the completed SILENV project and 
the ongoing AQUO and SONIC projects). In parallel, at  an international level, the same 
subject has been covered  by the International Maritime Organisation (IMO) through the 
activity of a dedicated Working Group. A key aspect of the control problem for URN from 
ships is a proper characterization of the source represented by the vessel. This item 
presents peculiar aspects due to the environment in which radiation occurs, but it is also 
driven by the complex features and large dimensions of the ship source. An important 
issue is the directivity of the emission, which influences: the patterns of the radiation, the 
distance at which the presence of the ship is perceived and the acoustic impact of the 
vessel. In this paper, experimental surveys performed at sea within the SILENV project 
are analysed to derive the directivity patterns of different ships in different conditions at 
different frequencies. The work covers the measurement procedure adopted, as well as the 
post-processing techniques and the uncertainties affecting the results.

Keywords: ship underwater noise, ship underwater noise directivity,
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1. INTRODUCTION

The underwater radiated noise from commercial shipping activities has gained in recent 
years an increased attention. The subject of noise emitted by ships into water was 
previously treated exclusively in a military context and related to the detection of targets. 
More recently, episodes of mass stranding of cetaceans have been correlated to the use of 
military sonars [1], thus focussing the attention on the negative (and often lethal) effects 
on marine mammals of strong underwater sources (sonar, submarine explosion, etc.). 
More recently, attention has been devoted also to the impact of commercial shipping on 
the marine life. The known effects of this anthropogenic noise range from behavioural 
changes to a reduction in the communication range (masking) of large mammals. IMO has 
dealt with the problem since 2009, establishing the Correspondence Group on the issue of 
“Noise from commercial shipping and its adverse impact on marine life” [2]. 

Dealing with this problem means dealing with the study of three main elements: the 
source (ship), the transmission path (oceans) and the receiver (marine fauna). The present 
paper deals with the problem of the source characterisation. In particular the directivity 
patterns of the underwater noise emissions from three different kinds of ships are 
presented. 

2. MEASUREMENT PROCEDURE 

The standard for the measurement procedure of the ship radiated noise  issued by the 
American National Standards Institute and by the Acoustical Society of America [3] has 
been adopted in the study. It applies to all kind of surface vessels (with no limitations in 
size) transiting at a speed not greater than 50 knots in deep waters. In the document the 
possible aims for the measurements are identified as: showing compliance with 
contractual requirements, allowing periodic signature assessments and carrying out R&D 
activities on the subject. The standard offers three grades of measurement (A, B, C) which 
differ in terms of uncertainty, complexity and repeatability. For the present experimental 
campaign procedure B (intermediate complexity) was followed.  

 

 
Fig. 1: Test arrangement from [3]  

 
In particular, the layout represented in the first sketch  of  Figure 1 for the hydrophones 

has been adopted.  This configuration, with the hydrophone cable deployed from a support 
vessel, is the most flexible solution, but, unfortunately, it results to be more prone to 
environmental conditions. The supply vessel, in fact, cannot be moored (in order to avoid 
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noise from the anchor chain) and this implies that the vessel drifts under the action of wind 
and current.  

The use of multiple hydrophones is fundamental to capture the source directivity  in the 
vertical plane. In the present case, two hydrophones were used. 

For each operating condition the procedure consists in passages with the buoy at the 
side. Figure 2 reports the sketch of the test course. 

A vertical view of the measurement layout is presented on the left side of  Figure 2. As 
it can be seen, the different hydrophones measure the noise at different vertical angles 
relative to the ship. A good characterisation of the vertical directivity of the emission is 
facilitated  by passages at different distances from the array and by sensors well 
distributed in depth. 

On the right side of Figure 2, the course of the surveyed ship is presented in a plane 
view, with the different time windows considered in the measurements. The time at which 
data start to be recorded is important for the characterization of the source directivity in 
the horizontal plane. Even more, the time duration of recordings [usually performed 
symmetrically around the closest point of approach (CPA)] influences the range of 
variation of the angle formed between the buoy-ship line and the course of the ship.  The 
longer the time record is, the wider is the range of angles, under which the characterisation 
is performed in the horizontal plane during the ship advance.  

 

 
Fig. 2: Measurements layout from [3] 

 
The propagation law suggested by the standard to normalise the sound levels to 1 meter 

from the source is the typical spherical law ( 20 log(d)). In this work, as it will be detailed 
later, the transmission loss has been evaluated instead by means of simulations based on a 
normal modes propagation model.   

3. DATA PROCESSING 

 In the following, the procedure adopted to post process the raw data from the 
acquisition system as well as the GPS data will be demonstrated  using  a specific case. 
The procedure has been applied in the same way to each measurement.  

As discussed above, the test consisted in several passages abeam the hydrophones array 
at fixed velocities. The output of the measurement consisted in two text files. 
Synchronised GPS data from both the supply and the surveyed vessel were recorded, too 
in two codified formats: GPVTG and GPGGA, reporting respectively the heading and the 
speed and the Latitude and the Longitude of the two vessels. This way the route of the two 
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vessels can be computed for each run.  Knowing the position of the two ships during the 
measurements it is easy to calculate the distance and the relative angle between the 
surveyed ship and the hydrophones. In Figure 3 received noise levels are presented for a 
given frequency together with the relative angle (a) and the distance (b). The distance is 
needed to compute the transmission losses in order to normalise the recorded levels to the 
reference distance of 1 meter to the source. 

4. TRANSMISSION LOSS EVALUATION

The standards available for the characterisation of the ship underwater noise signature 
suggest the use of simplified formulations to evaluate the transmission losses (perfect 
spherical 20 log(r) in [3] and 18 log(r) in [4]). In the present study, the transmission losses 
have been evaluated with a simulation model based on a normal modes method (ORCA 
[5]). This was done because the output sought is represented by the ship noise directivity  
at different frequencies and not just by an averaged overall level. In the simulation model 
the source is considered punctual even if, in some cases, due to a low distance between the 
ship and the hydrophones, more complex sources should be, in principle, taken into 
account. The parameters in input to the propagation model are: frequency; sea depth; 
water column celerity and bottom composition. As regards the frequencies, 4 bands were 
investigated: 63, 125, 1000 and 5000 Hz. The water depth was monitored during 
measurements via eco-sonar; alternatively it can be found from the General Bathymetric 
Chart of the Oceans (GEBCO, http://www.gebco.net/) database which reports the world’s 
elevation with a definition of one degree (in latitude and longitude). 
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Fig. 3: Correlation between recorded noise levels and reciprocal position of the 
surveyed vessel 

The other environmental parameters were not directly surveyed, but looked up in 
databases. Temperature and salinity were taken by the World Ocean Database 2009 [6], in 
which historic measurements of various sea characteristics are stored for different areas. 
Temperature, salinity and depth were combined together using the UNESCO Equation [7], 
to compute the celerity profile in the water column. 

As regards the bottom profile, important parameters are the sediment thickness and 
composition, in particular its acoustic characteristics (density, sound speed). The sediment 
thickness is derived by [8] where information on a grid of points on the ocean bottoms are 
reported with a resolution of one minute. The type of sediment was looked up in the 
Deck41 database,  (www.ngdc.noaa.gov/mgg/geology/deck41.html), where the 
classification is made on the basis of ten classes . 
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As a result of the data processing described above, the underwater noise emission by 
the ships at 1 metre is evaluated. The results are presented for the two recorded channels 
(2 hydrophones) and for the port and starboard sides.  

5. RESULTS 

In the light of all the above considerations, the horizontal directivity diagrams for three 
ships with different characteristics (see Table 1) have been computed at four frequency 
bands: 63,125,100 and 5000 Hz. The tests were carried out at the design speed of each 
vessel, representing the most frequent sailing condition during the ship life.    

 
Main 
characteristics 

Ship Type
Fishing vessel Fishing research v. Merchant 

L [m] 25.5 66.7 209.43 
B 7.5 11.25 26.5 
D 3.9 7 9.6 
T 2.8 5 6 
v [kn] 10 10 26 
# of propellers 1 1 2 
# of blades 4 4 4 

Table 1 Main characteristics of the measured ships

In Figure 4 the directivity diagram of the fishing vessel is reported. The diagram shows 
a strong directivity in the stern zone. For both starboard and port side, the maximum level 
is for angles between 150 and 180 for all the frequencies considered. This is due to the 
particular shapes of the stern counter. As a matter of fact, in this zone the direct noise 
produced by the propeller is summed to noise reflected on the stern counter. The angles 
closer to 0 and 180 present many oscillations due to the route corrections of the autopilot. 

Fig. 4: Ship noise horizontal directivity for a fishing vessel (hydrophone 1 and 2). The 
levels are in dB re 1μPa reported to 1 m using the actual transmission losses. 

 
In Figure 5 the directivity diagram of the merchant vessel is reported. In this case the 

directivity is relatively low (except at high frequency), even though a certain dissymmetry 
(port-starboard) is present. The diagram is not very well described at bow (345°- 15°) and 
stern (165°- 200°), probably because of the difficulties in passing very near the buoy with 
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the target ship. This is more evident for the port passage. The bands at 1 and 5 kHz have 
quite lower levels than those at 63 and 125 Hz.  

Fig. 5: Ship noise horizontal directivity for a merchant ship  (hydrophone 1 and 2). The 
levels are in dB re 1μPa reported to 1 m using the actual transmission losses. 

 
Figure 6 presents the same type of graphs for the fishing research vessel.  This ship 

presents a week directionality in the ranges 30°-150° and 210° to 330°, with levels 
increasing from about 160 to 170 dB from bow to stern at the 63 Hz frequency. It presents, 
too, pronounced  shadow zones at bow and stern, which are well described in the diagrams 
also for small angles around the 0° and 180°. The levels, as expected, are in general higher 
than those of the smaller fishing vessel and lower than the merchant ship. The lowest 
considered frequency (63 Hz) is the dominant component, but the difference between the 
63 Hz band and the 5 kHz band is not as high as in the case of the merchant ship. No 
significant differences are present between port and starboard side.  

Fig. 6: Ship noise horizontal directivity for a fishing research vessel  (hydrophone 1 
and 2). The levels are in dB re 1μPa reported to 1 m using the actual transmission losses. 

6. CONCLUSIONS 

In the paper, part of the results of a measurement campaign carried out in the 
framework of the EU FP7 SILENV  project has been presented.  Aim of such campaign 
was to collect a series of data on the underwater noise emissions of different kinds of 
commercial vessels. As a final result, the ship underwater noise directivity has been 
computed.  The directivity patterns presented show quite wide differences from ship to 
ship, in line with what observed in [9].  
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A proper characterisation of the source is an important input for propagation models 
and this should include the aspect of directivity, which presently is accounted for in the 
measurement standards only in a partial way, as averages of the surveyed noise levels are 
foreseen for a time window symmetric around the closest point of approach (CPA), i.e. 
around a 90° beam angle, which not necessarily represents the highest emission. On the 
contrary, the results presented above show that, at least in some cases, the highest 
radiation occurs from the quarter stern zone, thus suggesting the possibility of adopting 
time windows  asymmetrically placed around the CPA. 

The directivity in the ship emissions, furthermore, can be important in the study of 
specific effects on the marine fauna (e.g. collisions of cetaceans with the ship’s bow in the 
presence of a shadow zone in front of the ship).  
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 HYDRO SOUND DAMPERS (HSD) –  
A NEW OFFSHORE PILING NOISE MITIGATION SYSTEM 
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Abstract: Pile driving by hydraulic impact hammers during the installation of offshore 
wind foundations induces considerable hydro sound that is radiated from the piles into the 
surrounding water. These very high underwater noise emissions are potentially harmful to 
marine mammals such as harbor porpoises, harbor seals or grey seals. A new underwater 
piling noise mitigation system using so called hydro sound dampers (HSD) is developed. 
The method of HSD is a very promising new method to reduce underwater sound by 
scattering, dissipation and resonant effects. 
One of the main advantages of HSD is that the sound mitigation can be adjusted to a 
predefined frequency range. Large scale tests in a wave flume result in noise reductions 
between 25 and 30 dB of sweep excitations of underwater noise. First offshore tests 
already show noise reductions due to the HSD-system of about 23 dB within the important 
frequency ranges between 100 Hz and 700 Hz, using HSD elements of different materials. 
Also the results of the following offshore test “London Array” in August 2012 with 
different types of HSD elements will be presented. Vibration measurements were also 
performed on the seabed during pile driving. 

Keywords: Hydro Sound Damper (HSD), Piling, Noise mitigation, Vibration  
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INTRODUCTION

During the installation of offshore wind turbines, the piling noise of hydraulic impact 
hammers induces considerable underwater sound emissions. Peak sound pressure levels 
(SPL) high above 190 dB re 1 μPa have been measured at a distance of 750 m from pile 
driving. This construction noise is potentially harmful to marine life, in particular to 
marine mammals. In addition, this noise induces flee reactions over a large area, since 
water is a very efficient conductor of sound.  

Different zones of underwater noise emissions can be defined in the surrounding of an 
acoustic noise source [1]. Within the zone of audibility with moderate exposure levels 
marine animals, like harbor porpoises, harbor seals, grey seals and also fish, will show 
some kind of reaction or change in their behavior. At higher exposure levels, within the 
closer zone, underwater noise can induce temporary (TTS) or permanent (PTS) threshold 
shift. Important acoustic information might be masked caused by reductions in hearing 
sensitivity of an animal. Close to a very loud source of noise like pile driving, extreme 
intensity levels of underwater noise can cause physical trauma or death.  

Due to larger piles requiring higher driving energies, even higher underwater noise 
levels are expected in future offshore projects accompanied by an increasing number of 
erected offshore wind turbines. 

Hence, effective noise reducing methods are in great demand to keep the limiting level 
of 160 dB re 1 μPa²s (SEL) at 750 m distance from offshore pile driving of the German 
Authority BSH. The mitigation of underwater noise is necessary to keep sound levels 
below recommended acoustic emission thresholds that are no longer harmful and 
disturbing to marine mammals and other protected animals. 

RAM NOISE SPECTRA 

Piling, in particular using hydraulic hammers, creates high frequency noise with 
considerable underwater sound levels [1]. Depending on the type of offshore foundations, 
hydraulic hammers are used to drive piles and monopiles of up to 600 tons between 30 m 
and 40 m into the seabed. 

The short impact pulse of the hammer induces an impact wave in the pile, traveling 
through the pile into the ground, with reflections at the ends of the pile. It also induces a 
sound wave in the surrounding water with an impact pressure of about 10-30 bar. This 
radiated underwater noise is propagating into all directions with a speed of sound of about 
1500 m/s.  

Underwater noise is usually described by two sound levels expressed in decibels (dB). 
The first level is the peak level (Lpeak) which depends on the maximum instantaneous 
positive or negative sound pressure |ppeak| measured and on the reference underwater sound 
pressure, p0 = 1 Pa. 

The second level used for describing pile driving underwater noise is the sound 
exposure level (LE) in decibels (e.g., dB re: 1 Pa2s), also abbreviated SEL, which is an 
equivalent energy level of the noise during T1 and T2 of a single pile driving impulse 
based on T0 = 1s.  

The SEL is the level of a continuous sound with 1s duration and the same sound energy 
as the pile driving impulse.  
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In Fig. 1a, spectral information of pile strokes are given by third octave spectra of the 
sound exposure levels SEL for three different hydraulic hammers (e.g. Fig. 1b). 

 

Fig. 1a: Pile driving noise spectrum, [2] Fig. 1b: Offshore hammer

 
The highest spectral levels of the measured underwater ram noise for different 

hammers are shown in the low frequency range from 100 to 300 Hz (Fig. 1a [2]). These 
spectral levels are responsible for the high broadband level of piling noise. Therefore, they 
have to be reduced using effective noise mitigation systems to meet the requirements 
established by the BSH.  

MITIGATION METHOD OF HYDRO SOUND DAMPERS  

The HSD system was first described and applied for a patent 2008. The patented noise 
mitigation method of HSD only uses small, thin, gas filled latex balloons and robust PE-
foam elements, fixed to a pile-surrounding fishing net and tuned to resonant frequencies to 
get very effective underwater noise reductions. Steel is only used as heavy weights at the 
seabed to compensate the buoyancy of the HSD elements (Fig. 2). The detailed described 
theory can be read in Elmer (2010) [3]. 

 

 
Fig. 2: Different applications of HSD systems [3] 

 
Numerical simulations of the HSD system confirm the high underwater sound 

attenuation potential of hydro sound dampers [3]: 
The impact of a hydraulic hammer induces a sound wave during piling, traveling to the 

right side of the system. This sound wave function was measured during pile driving of an 
offshore foundation in the North Sea. 
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Within the numerical example, the traveling sound wave of the system is freezed at the 
time step t = 0.0122s in Fig. 3a showing the distribution of the actual hydro sound 
pressure levels LP of the instantaneous sound pressure at this time. 

Using small HSD elements distributed near a vertical line, a mean reduction of sound 
pressure levels LP up to 30 dB is obtained behind this line of hydro sound dampers, as 
shown in Fig. 3b. Even the scattering, reflections and interference of different sound 
waves radiated from the vibrating elements of hydro sound dampers can be observed in 
this Figure behind the line of HSD at the right side. 

 

Fig. 3a: Distribution of sound pressure level 
LP (dB), [3]. 

Fig. 3b: LP noise reduction up to 30 dB, using 
HSD, [3]. 

There is a typical increase of the sound pressure levels LP at the left side of the barrier 
of hydro sound dampers in Fig. 3b according to reflections of sound waves at the 
impedance step, as air filled HSD elements in water increase the compressibility of the 
mixed water-body and decrease the specific impedance of the mixture. 

MEASURED OFFSHORE NOISE REDUCTION IN THE NEARFIELD 

To determine the damping factors and to figure out the stability of the HSD elements 
different laboratory tests are executed in a pressure chamber and a water channel. The 
impact of the hammer is simulated with a GI-Gun in these tests (Fig. 4). 

 

 
Fig. 4: scattering effects, mitigation tests of HSD-elements with a GI-Gun  

at IGB TU Braunschweig and large water flume “Großer Wellenkanal” in Hannover 

For a first offshore test (ESRa, 2011) the designed prototype of the HSD system was a 
self-swimming construction with winches to lower three different types of HSD nets to the 
seabed. The total weight of the system is about 10 t. Gas filled thin balloons are used 
together with robust PE-foam elements of high material damping rate as HSD elements 
and are attached to the nets. All elements are tuned to the resonant frequency of 120 Hz to 

HSD-net 
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get reduced noise transmissions in a very effective way within the most important lower 
frequency range. The net layout with blue coloured HSD elements is shown in Fig. 5a. 

The radiated underwater sound pressure was measured 4 m above the ground at a 
distance of about 6 m from the pile to get most of the directly radiated sound and to avoid 
influences of reflections from water surface and sea ground. Fig. 5b shows the third octave 
spectrum of the SEL of the original piling noise and the reduced sound exposure level 
after applying HSD noise mitigation of both, gas filled balloons and PE-foam elements. 
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Figure 5a: HSD net layout at ESRa Figure 5b: Third octave SEL spectra of underwater 
piling noise in a distance of 6 m with and without 
HSD system at ESRa 

The effect of noise reduction is increased near the resonant frequency of the HSD-
elements of 120 Hz and there is a very broad noise reduction up to 23 dB (SEL) within the 
most important range between 100 Hz and about 600 Hz. Frequencies higher than 10 kHz 
are not tested. 

Another offshore test was done at the London Array wind farm (LA) in the North Sea 
nearby the coast of the United Kingdom in August 2012. The designed HSD system is a 
self-expanding system with a total weight of 17 t and 9 m in outer diameter. 

It consists of three parts: the buoyancy ring (swimming at the water surface), the HSD-
net and the ballast box. The compressed HSD system has a height of 1,8 m and is 
applicable in variable water depth of up to 28 m (Fig. 6).  

 

28m

buoyancy ring

ballast box

HSD-net

Fig. 6: Designed HSD system for offshore test at LA 

The net layout of LA in Fig. 7a shows the same compilation of HSD elements as used 
at ESRa. In addition to that, smaller and larger elements are applied to get a better noise 
reduction in the frequency range lower than 100 Hz and higher than 1000 Hz. 
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The underwater sound mitigation was measured at 1 m above the seabed in a distance 
of 15 m. Fig. 7b shows the third octave spectrum of the SEL from the original piling noise 
and the reduced sound level with HSD in use. Both spectra are from different but 
comparable piles.  
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Fig. 7a: HSD net layout at LA Fig. 7b: Third octave SEL spectra of underwater 
piling noise in a distance of 15 m with and without 
HSD at LA 

The impact of the additional applied HSD elements causes good reductions between 20 
and 100 Hz and above 1000 Hz in comparison to ESRa. Once again, a very broad noise 
reduction of up to 25 dB (SEL) shows the effect of the HSD.  

Further hydro sound measurement analyses at 750 m and 1.500 m are not finally 
concluded yet. The results are expected mid of this year. 

SEISMIC VIBRATIONS ON THE SEABED 

In addition to the hydro sound measurements, seismic vibrations on the seabed have 
been carried out. The vibrations were measured in 18 m, 32 m and 46 m distance from the 
pile. The positions of the geophones are shown in Fig. 8a. In order to compare the 
vibrating velocities of the geophones the vector sum of the components is used 
(equation 3). 

 
222

zyxsum vvvv  in mm/s (3) 

In Fig. 8b the vibration velocity of the geophones is shown as a function of pile 
penetration. The vibrations increase with penetration due to the higher impact energy of 
the hydraulic hammer. On geophone #2 significant lower vibrations compared to the other 
geophones were measured. With increasing penetration of the pile the vibrations of 
geophone #4 are decreasing to the level of geophone #2. This can be explained by the 
geometric relationship with progressive penetration (Fig. 8a). 
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Fig. 8a: Seismic geophone positions 
on the seabed 

Fig. 8b: Seismic vibration as a function of 
pile penetration 
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Abstract: The contributions of underwater noise emissions of merchant ships into the 
marine environment are progressively drawing the interest of different national and 
international groups and organizations. Especially the increasing worldwide trade and the 
relocation of production lines are dependent on shipping traffic which inevitably 
influences the underwater world. 
For members of the European Navy, it is important to distinguish between the underwater 
emission of civilian and navy ships with all its consequences. Therefore, a common R&D 
project was initiated to establish a data base of the measurement results of underwater 
signatures produced by all kinds of merchant ships. This paper will present information on 
this SIRAMIS (Signature Response Analysis on Multi Influence Mines) project within the 
European Defense Agency. It will provide the procedures for measurements along with 
first results performed at the fixed underwater signatures range of the Bundeswehr 
Technical Center for Ships and Naval Weapons, Naval Technology and Research in 
Germany. Ship configurations, environmental properties as well as the procedure of 
measurement, have a huge influence on the measurement results. Some of the strong 
distinctions will be shown. 

Keywords: underwater noise measurement, keel and beam aspect, underwater noise 
merchant ships, mobile underwater multisensor systems 
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Introduction 
 

It was stated by members of the EDA (European Defense Agency) that currently 
insufficient knowledge on signature of merchant vessels, environmental conditions and 
(near-field) ship-mine interaction is available. SIRAMIS was initiated to fill this gap. The 
main objective is to improve the understanding of ship signature interaction with multi 
influence mines in relevant and realistic scenario’s. 

The project comprises 3 Working Packages (WP). 

WP 1: general management 

WP 2: Measurement (preparation, ranging and gathering ships signature data, 
System Calibration) 

WP 3:Signature Analysis 

In a second phase it is planned to perform the mine simulation, based on the results of the 
first phase[1]. This paper presents the German contribution to WP 2. 

Underwater (UW) noise measurement of merchant ships 
Measuring the acoustic underwater emission of surface ships and analyzing the registered 
signals hide a few challenges which have to be considered. Measurement procedures and 
the development of technical equipment are the results of the long term experience of 
performing the underwater ranging at the fixed range of the WTD 71. It can be shown that 
the analyzed data sets depending on the settings of configurations are consistent and 
reliable. 

 
Figure 1: Difference in dB of Spectrum levels over time and frequency of two 
nearby locations  

Figure 1 shows the measurement of a merchant ship at the same location using two 
separate channels (sensors). The coloured levels are shown over the time and frequency. 
The maximum difference in this contour plot at frequencies above 10 Hz is about 4 dB, 
during the ship passage less than 1 dB. 
In general, a measurement will be performed during the passage of a ship in relation to the 
sensor. The registered data sets are processed by the 1/3rd octave analysis for every second 
with a bandwidth of 1 Hz for the frequency bands from 4 Hz-80 kHz. The distance 
correction from the hydrophone to the ship (draft position) is followed by: 
 

RNL= SPL + 20 log(r/r0) [dB re 1μPa, 1 m] 
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This procedure conforms to NATO Standards. 
The cruising of the ship has to be track on a highly elaborate level. The accuracy of the 
used DGPS system in Aschau is stated by 1m. Time delays by transmitting the GPS string 
to the range house should be less than 1 s. However, the merchant ships couldn’t be track 
by this DGPS system due to lack of time for the installation on board. Instead the AIS 
System had to be used. In this case, the insufficient accuracy and time delay were 
compensated by additional optical bearing. One should consider a keel and beam aspect 
passage in relation to the sensor. They have tremendous different properties. Figure 2 is 
related to a keel aspect and figure 3 reveals the beam aspect.  
 

 
Figure 2: keel aspect of SPL in 22 m water depth, a more detailed resolution than beam 
aspect
Figure 3: beam aspect  of SPL in 80 m beside the track line shows a more stable 
behaviour than beam aspect 
 
The examples show that the choice of the time window (aspect angel), which is used to 
analyse the data in the frequency band (Narrow Band or third octave band) is not trivial. In 
beam aspect the levels are more stable over the passage period. In this case the data will be 
processed by energetic averaging. At a fixed range the data time window has to be adapted 
to the ship length dependent on the cruising speed. A predefined window will be 
insufficient. 
 Figure 4 and 5 show the behaviour before and after CPA (closest point of approach) of 
the keel aspect run. 
 

Figure 4:  steep falling slope after passing CPA at high frequencies 
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Figure 5: slightly decreasing levels after CPA low frequency bands 

The SPL (Spectrum Power level) processed of a run with 9 Kn by a merchant ship divided 
in the lower and higher frequency bands pointed out the opposite behaviour. While the 
high frequency bands have a steep falling slope after passing the CPA the low frequency 
bands decrease only slightly after the CPA.  
Using a constant time window for the averaging in both cases will yield in the reduction of 
the high frequency levels compared to the lower frequencies. The high variability of the 
noise levels at keel aspect is caused by the fact that the hydrophone operates in the 
acoustical near field of the vessel for most of the frequencies. Using a peak hold procedure 
for the data evaluation at keel aspect reduces the variability of the results. 
Even by a fixed configuration setting as well as a fixed condition on the vessel under test 
and a minimum use of helm to maintain the track the recording could be influence by short 
time disturbance like transients or noise by maritime animals. Depending on the duration 
of those disturbers the run should be dismissed or time sequences will be left out. 
The principle work at the range in Aschau derives from two main objectives. First, the 
registration of the radiated noise in a close distance is necessary to expose the 
characteristics of the noise sources. The second one includes the underwater noise 
propagation in the environment according to the naval underwater threat. The geometrical 
layout can be seen in figure 6. 
The shallow water range in Aschau consists of 4 different range sites in a water depth of 
approx. 19-22 m. This campaign was performed on site I and site II.  
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Figure 6: Aschau range with 4 measurement sites. Site 2 is deployed on a different sea 
bottom
The influence of the sea bottom to the radiated noise of the merchant ship between site I 
and II shows specific differences. The signals in the frequency band of 20-40 Hz are 
extremely attenuated by the gassy mud sea bottom at site I. It is known as the gap of 
Aschau[2].  
Besides the acoustic signature, the UEP (Under water electrical potential) and UW 
pressure signature are included in the process of signature analysis for the overall 
objective of this project. These sensors are also located around site I. 
In general, the radiation of noise will usually be proportional to the increasing speed of the 
ship. Figure 7 shows the merchant ship run with 6,7 Kn and 11,8 kn. The noise radiation at 
6,3 Kn shows significantly higher broadband noise over the time series than the 11,8 Kn 
run. This effect occurs due to the fact that the operating propeller can be controlled over 
the pitch. The low speed runs are realized by changing the optimized pitch. This is 
followed by propeller cavitation which will produce high broad band noise levels. 
 

        
Figure 7: noise propagation of the same ship and at the same sensor with different speed.  
 
For a detailed evaluation, the noise radiation was analysed in a diagram with the level over 
the frequency. The procedure for the keel aspect was mentioned earlier. As a spin off, a 
comparison of two groups of ships is shown: 

On the one hand the results of merchant ships with a displacement of approx.  
               9000 t and  

On the other hand the results of navy and navy support ships with up to 20.000 t  
               displacement.  

The processing of the SPL of the merchant ships consists of a max. level and a minimum 
level taken from 6 different ships. 
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Figure 8: comparison of merchant ship and navy ships and naval support ships (Max & 
Min by merchant ships, MS1-3 naval ships).  
 
Within a comparable speed window the results show that the navy support ships are over 
almost the whole frequency range below the values of the merchant ships. Especially the 
navy ship (MS3) radiates 20 dB less underwater noise than the merchant ships which were 
taken into account, although, the dimensions of the ships are comparable.Of course due to 
military requirements, navy ships are acoustically treated.  
Mitigation of the underwater noise radiation of ships in order to decrease the influence on 
marine life to a reasonable level is technically possible. 
 
Calibration Trial 
The contribution of the international participants to the common project objective is based 
on the delivery of the underwater signature. Those measurement results will be influenced 
by the characteristic of the range environment, source configuration settings as well as the 
technical equipment. Reflecting the technical aspect differences evoked by the 
measurement systems should be known and considered. Therefore a Calibration trial was 
set up to distinguish the frequency dependent registration of the UW signature of the 
mobile systems. The involved systems were deployed on the track (straight) line in a 
distance of approx. 100m in Aschau (Figure 9). 
 

 
Figure 9: set up of the mobile systems at site I in Aschau 

UW noise was produced by 3 different sources.  
Distributed source by a navy boat with artificial noise generators SEEHUND 13 
Towed source 80 m behind the towing boat SEEHUND 4 
Merchant ship  

The predefined runs were repeated and averaged to mitigate possible fluctuations. 
Referring the results to 1μPa 1m , peak hold over the ship/source length the keel aspect 
processed data sets were compared in 1/3rd octave band in a diagram. Frequency band 
restriction by the different systems allows only considering the span from 10 Hz to 20 
kHz. 
Figure 10 presents the results of an overall successful trial. The systems worked fine and 
have a reasonable comparable outcome. Using the Aschau range measurements as 
reference, the 1/3rd octave band of the mobile system were subtracted from the keel 
hydrophone H13 at Aschau. The differences of the system are within a range of 3-4 dB, 
figure 11. One system shows the same different behaviour in 2 different cases.  
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Additional investigations will show if this is a systematic technical error or it is caused of 
the geometrical configuration of the system. Based on these results, the measurements, 
taken at different international locations, could be corrected for the technical system 
divergence.  
 

 
Figure 10: comparison of the mobile systems using a distributed source (SEEHUND 13)  

 

 
 

Figure 11: Differences between the mobile systems and Aschau  H13 at site I in keel 
aspect
 
Conclusion
Based on the experience of UW noise measurements, the accuracy and reproducibility of a 
measurement can be increased by numerous repeating runs, controlled configuration 
settings, the use of DGPS, well described analysis procedures and a calibrated system. The 
Calibration trial with a towed noise source (controlled) was inevitable. Some technical 
system dependent conditions are detected and measurement results can be corrected for 
those frequency dependent differences. Of course these corrections are still affected by 
uncertainties. 

It could be shown that a controlled pitch propeller will influence the broad band noise 
radiation tremendously. Every pitch adjustment diverting from the design optimum will 
increase the noise.  

The mitigation of UW noise pollution can be supported by including acoustical measures 
in the early construction phase of ship building. 
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Abstract: In the marine industry, simulation starts to occupy a key role in product design 
as NVH and environmental requirements are becoming increasingly demanding. This 
paper discusses new advances in marine vibro-acoustic predictions and in particular the 
effect of seabed topology and material composition on the underwater noise radiation of a 
steel hull. This paper introduces Fast Multipole Boundary Element Method (FMM-BEM) 
to predict underwater sound radiation of ships in deep or shallow waters.  Finally, the 
effect of seabed topology and impedance on sound radiation are illustrated with several 
simulation examples based on a 70m steel hull vessel. 

Keywords: Seabed, Topology, Sediment, Propagation, Underwater 

1st International Conference and Exhibition on Underwater Acoustics

1319



 

1. INTRODUCTION

This paper describes in section 2 the traditional vibro-acoustic predictions methods in 
the marine industry and proposes ways to improving sound insulation representation using 
SEA (Statistical Energy Analysis) and in section 3 introduces an advanced method of 
predicting full frequency vibro-acoustic response by coupling FEM (Finite Element 
Method) and SEA.  In section 4 a new wavelet approach to represent heavy fluid loading 
is described and illustrated by a numerical example.  Section 5 presents numerical 
examples for deep and shallow waters sound radiation computation using the FMM-BEM 
method (Fast Multipole Boundary Element Method).  

2. IMPROVING SOUND INSULATION REPRESENTATION USING SEA 

The ship industry has relied on empirical models to predict vibration and sound 
pressure throughout a vessel for many years.  This method has proven useful when the 
ship to be studied is built of similar material, has similar general arrangement plan and has 
conventional sources as the numerous ships used to build the empirical models.  
Furthermore, some shipbuilding companies also used FEM to predict first few global 
modes of the ship and making sure the different sources would not excite the structure 
with the same frequencies to avoid major resonance problems. Another application of 
FEM is in the design of the engine foundation.  A local FEM model of the engine 
foundation can be built and the input impedance at the location of the engine and gearbox 
attachment points can be computed and compared with the impedance of the mounting 
system.  This process ensures a strong impedance mismatch and therefore limiting the 
amount of vibrational energy getting into the structure [1].  Finally, local FEM models can 
be used to diagnose local resonance problems by visualizing the mode shapes of certain 
panels and stiffening or damping the problematic panel as required.  One should remember 
that while stiffening a panel reduces vibration levels, it can significantly increase the 
sound radiated by the panel and care must be taken when stiffening so one does not create 
a new acoustic problem while trying to fix a vibration problem [2,3,4]. 

 
SEA has been established in space, aircraft, automotive and train industry for many 

years now, and this method is increasingly used in the marine sector to design interior 
insulation [1,5,6,7].  SEA can be applied with confidence on a wide frequency range from 
a few hundred hertz to 10 000Hz. Recently, model building has been greatly simplified by 
the use of automation. SEA models can now be automatically built from 2D general 
arrangement drawings.  Accuracy and predictivness of SEA has been widely confirmed in 
publications for other industries and in the marine industry, the number of publications 
increases each year.  

 
The insulation content in a yacht can be described by either a treatment layup 

describing each layer of a noise control treatment or as an insertion loss.  Many insulation 
designers use a condensation model that uses an insertion loss and a damping spectrum to 
represent the insulation treatment.  This makes model building even easier since the 
insulation does not have to be explicitly created in a structural model but only as a 
treatment applied on a base panel. All ship images and results in this paper are from a 
model created by ESI from a 70m luxury yacht 2D general arrangement drawing found on 
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the internet (Fig.1). Computations and post-processing are made with the commercial 
software VA One. 

 
  
Fig. 1:  a) SEA model built from 2D drawings, b) structural point and line junctions (in 

red) between structural panels (in green), c) area junctions (in red) between panels and 
acoustic cavities (in grey), d) decks and contour plot of panel velocity and cavity SPL. 

3. FULL FREQUENCY ANALYSIS: COUPLING FEM AND SEA 

A critical aspect of ship design is the modeling of the structure location where the 
structureborne sources are attached. Since this part of the ship is usually stiff and 
composed of small thick panels, FEM is more appropriate for frequencies up to ~200Hz. 
This paper proposes a method that allows engineers to build predictive models for the full 
frequency domain (0-10000Hz).  A SEA model can cover the high frequency domain. For 
mid-frequency, (20 to 200 Hz for our 70m luxury yacht example) a FEM/SEA model 
provides a good representation of the ship’s physics: FEM for stiff structure below water 
line and SEA for the remainder of the structure.  All acoustic cavities (cabin volume of 
air) can be modelled as SEA (Fig. 2).  

 

 
Fig. 2: Left: FE/SEA Coupled: SEA subsystems in gray and FEM stiff panel network in 

yellow.  Right: full frequency vibro-acoustic analysis: FEM for low frequency, FE/SEA 
Coupled for mid-frequency and SEA for high frequency. 

 
This new formulation has been published in [5,8,9]. It is a full coupling formulation 

where the global modes of the stiff parts are represented with FEM using natural 
frequencies and mode shapes and the local modes are represented with SEA using modal 
densities.  The SEA panels actually have 2 effects on the FEM content.  First the SEA 
panels add impedance onto the FEM content loading the FE modes with an averaged 
impedance.  The second effect is to excite the FEM content with the reverberant field of 
each SEA subsystem coming from either the FEM content or external excitation applied 
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directly on SEA subsystems. This new formulation allows for a full frequency vibro-
acoustic analysis of a ship using FEM for low frequency, FE/SEA coupled for mid-
frequency and SEA for high frequency.    

4. FLUID LOADING 

Fluid loading plays an important role in the vibration of the hull, especially at low 
frequency. The loading actually changes natural frequencies and mode shapes in a 
significant way.  Therefore, one cannot ignore the fluid loading in any predictive model of 
vibration and noise radiation for hull panels as well as all tanks (water, fuel, waste) in a 
ship.  A new efficient fluid-structure analysis method [10] makes use of wavelets to 
compute the acoustic radiation from baffled, unbaffled, or partially baffled planar 
structures. The surface displacement and the surface pressure are expressed in terms of 
wavelets, and the acoustic dynamic stiffness (baffled case) or the acoustic receptance 
(unbaffled case) between any two wavelets is derived in closed form.  This formulation is 
implemented into the commercial software VA One. In the present work, this formulation 
is only used to compute velocity on the hull panels.  Underwater radiation computation is 
done using FMM -BEM and is presented in the following section. 

5. UNDERWATER RADIATION: SHALLOW WATER 

To represent underwater sound radiation from the yacht hull, the FMM-BEM method 
has been selected.  This method provides a detailed description of waves propagating from 
the vibrating hull into the environment, the scattering of waves around the complex 
contour of the hull and is therefore appropriate to predict underwater radiated noise.  The 
FMM-BEM formulation from Gumerov and Duraiswami [12,13] has been used.  It is an 
advanced algorithms designed to solve large scattering and radiation problems and is well 
suited for forced response computation. The solver is based on a multilevel Fast Multipole 
Method to solve the Helmholtz boundary integral equation for the acoustic unknowns of 
pressure and velocity. The FMM BEM solver is intended for mid to large-sized scattering 
and radiation problems, typically problems involving approximately 10,000 to 2,000,000 
nodes in the rigid and elastic faces defining the fluid domain. The solver is expected to 
give accurate results for 0.0025 < kD < 500, which corresponds to 4E-4 to 80 acoustic 
wavelengths throughout the BEM domain. The symbol k is the acoustic wavenumber in 
the fluid and D is the largest distance in the fluid domain. The solving time is expected to 
scale in (kD)3; part of this behavior is due to the expected increase of GMRES iterations as 
kD increases. The FMM-BEM is coupled to an ILUT pre-conditioner to compute the SPL 
at a virtual microphone array and to generate the contour plots of underwater pressure 
distribution.  

To analyze shallow water problems the following approach was adopted:  a half sphere 
with water surface at top was created.  A plane that represents the seabed was created at 
20m and the half sphere was cut at the intersection with the seabed surface. Impedances 
are used to represent seabed material, the water surface and the water at the sides of the 
fluid domain (Fig. 3). The benefit of this method is that one can represent the different 
materials composing the sea bed either by adding impedance to the bottom of the sea or by 
coupling the BEM fluid with a PEM (Poro-elastic material) approach. 
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Fig. 3: Left:  External view of shallow water fluid BEM domain. Right:  BEM domain 

clipped to reveal pressure distribution on the inside of the domain.  
 

  PEM uses a modified Biot equation [14,15] to properly model waves propagating in a 
2 phase medium typical of seabed content.  PEM uses a Finite Element Formulation for 
the analysis of acoustic and elastic wave propagation through the use of Biot parameters 
such as flow resistivity, porosity, tortuosity, viscous and thermal characteristic lengths. 
Several validation cases have been published and are referenced in [16]. A full 
convergence study should provide the proper radius of the half sphere to use to insure the 
smallest possible model can be used to reduce computation time/memory usage or to 
increase maximum upper frequency.  In this study, three different radii are compared: 
250m, 500m and 1000m. One can also match the sea bed and water surface topology since 
the model does not use an infinite flat plane but a real meshed surface. A preliminary 
convergence analysis with various topology/material for the sea bed is presented here.  
Fig.4 shows effect of varying BEM domain size on SPL at seabed level.  

 
Fig. 4: Left:  Effect of BEM fluid domain size. Right:  Pressure field from acoustic 

waves radiated from vibrating hull   
 

A reference case with 1000m diameter and flat seabed was computed.  All other sizes 
were computed using a non-planar seabed.  The effect of reducing the diameter of the 
BEM domain has marginal effect below 40Hz. The change in topology impacts the SPL 
by around 2dB. Fig. 5 shows impact of various seabed materials on SPL at seabed level. 
The change in material can have as much as 5 dBs effect below 40Hz. 

 
Fig. 5: Left:  Effect of seabed material on SPL at seabed level Right:  Seabed topology 

used in this work 
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6. PERSPECTIVE

Ina future paper, these results will be compared to a full FEM Biot representation of the 
seabed composition.  Will also be included, the topology of the water surface. 
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Abstract: Noise is often the predominant acoustic signal in the ocean and is the result of 
many contributions (e.g. ambient noise). Nevertheless, considering a sonar onboard or 
towed by an underwater vehicle, the system performance is usually limited by the platform 
self-noise. In a previous work by the authors it has been shown that the radiated noise by 
a surface ship can be simulated through a pseudo-random generator that produces time 
sequences with desired spectral shape (i.e. non-white spectrum) and ad-hoc kurtosis value 
(i.e. non-Gaussian statistics). In this paper a model for the radiated noise level (RNL) by 
an underwater vehicle is addressed and is employed to simulate the corresponding noise 
signal. The noise radiated by an engine driven vessel has a frequency behaviour mainly 
dominated by the propeller cavitation. In a simplified model the spectrum exhibits a 
broadband continuum with magnitude and shape depending on the vessel speed. However, 
once the vessel is submerged or it surfaces from the deep, the changing in the local 
pressure modifies the occurrence of the cavitation inception and then it influences the 
actual RNL (e.g. the anomalous depth effect). The combination of the two effects can be 
taken into account by assuming some essential mathematical relationships between the 
cavitation inception and the vehicle’s speed and depth. In this paper the RNL equation for 
a surface ship is modified by the means of two parameters (i.e. the cavitation critical 
speed and the cavitation inception depth) derived by the acoustics theory, in order to 
reproduce a spectrum consistent with the current conduct of the vessel. The proposed 
model has demonstrated suitable characteristics to simulating time sequences having non-
Gaussian statistics and spectrum proper of the noise radiated by an underwater vehicle. 

Keywords: non-Gaussian noise, radiated noise, underwater vehicles. 
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1. INTRODUCTION

Very often the underwater vehicles are equipped with sonar, installed onboard or 
towed, and the self-noise of the platform can cause an increasing of unwanted noise 
impinging the receiver, limiting the performance of the system. The self-noise further 
increase if the vehicle is equipped with propeller or thruster propulsion, and in this case 
the cavitation induced by the propulsion system is the main source of noise. To prevent  
the sonar performance decay the solution is to adopting a noise model for considering its 
impact on the acoustic budget (i.e. the sonar equation). 

Usually, in modeling the underwater noise, one consider a white-Gaussian process, 
representative for an sum of independent sources. However, it is common to find that just 
one source predominates in a given frequency band, characterizing spectrum and statistics 
of the received noise. 

A sonar works with frequencies that depends on the specific application. At least small 
underwater vehicles are equipped for acoustic communications and acoustic positioning. 
This systems can involve frequencies ranging from few hundreds of Hz to several kHz and 
within this frequency band the ambient noise is usually dominated by the shipping noise. 
Nevertheless, if the sonar is onboard or towed by a vessel, the platform self-noise 
overcome the ambient noise and is very likely the major disturb. In this paper we employ 
the non-Gaussian noise simulation technique proposed in [1], introducing an ad-hoc model 
for the radiated noise level (RNL) of an underwater vehicle. Based on an equation for 
surface ship-radiated noise, the proposed RNL model allows to reproduce a spectrum 
consistent with different conducts of an underwater vehicle, through the use of two 
parameters: the cavitation critical speed (i.e. the speed at which the cavitation begins with 
fixed depth) and the cavitation inception depth (i.e. the depth at which the cavitation 
initiates with fixed speed). The aim is to simulate the noise radiated by an underwater 
vehicle and evaluate the effects of the vessel conduct on the noise characteristics in terms 
of spectrum and statistics. 

This paper is organized as follows. In Section 2 is presented the proposed model for the 
noise radiated by an underwater vehicle and is briefly described the adopted non-Gaussian 
generator. The result of the simulations for some conducts of a small underwater vehicle 
are discussed in Section 3. Finally, in Section 4, the conclusions are drawn. 

2. NOISE MODEL OF UNDERWATER VEHICLE 

2.1. Spectrum Model 

The main source of radiated noise by vessel is generally recognized in the propeller. 
Propeller cavitation produces a broadband signal, whose contribution can have a major 
impact in the acoustic budget of sonar processing. Over the years, several approaches were 
proposed in order to model the NSL of a vessel, however that proposed in [3] has been 
recently successfully adopted in [1]. This spectrum model has a shape anchored to a noise 
level measured at a chosen frequency (e.g. 1 kHz). This equation has been modified, for 
considering the effect of the vehicle conduct in the RNL, by summing a noise contribution 
RNLrel to the reference noise value RNLref, and by introducing a frequency-peak value fpeak 
below which the spectrum is assumed flat: 
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where RNLref is the RNL(f = fref) in dB re 1 Pa2 at 1 m obtained for the vehicle sailing at 
the critical speed sref for the depth dref and RNLrel in dB represents the contribution of the 
vessel conduct. RNLrel is the subject of the next subsection. 

The value of fpeak, in Hz, is derived by [2] and accounts for the shifting of the 
spectrum’s peak as function of vessel speed and depth: 
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where s is the vessel speed in knots, d is the vessel depth in meters, and dcrc in meters is a 
depth correction factor that allows to readapt the relationships, originally derived for 
military submarines, for a generic underwater vehicle (dcrc = 9 m in [2]). 

2.2. Speed and Depth Dependence 

Underwater vessels have radiated noise spectrum with a more complex structure than 
that of surface ships. Once the vessel goes deeper from the surface it is subjected to a 
propeller cavitation effect that depends on the local pressure level at the actual depth. The 
depth dependence of the propeller cavitation inception results in a modification of the 
noise characteristics, changing the levels. Moreover, at a fixed depth, the vehicle speed 
still influence the amount of cavitation noise, increasing or decreasing the overall RNL 
accordingly [2]. 

The resulting combination of the two effects can be modeled by assuming some basic 
relationship between the cavitation inception and vessel conduct. Since the spectrum 
magnitude in Eq. 1 is depending on a reference parameter, the RNL at 1 kHz, the aim is 
assigning to RNLrel a value that accounts for both the speed and depth dependence of 
propeller cavitation. 

The speed dependence of the cavitation inception can be modeled by the means of the 
cavitation critical speed. This important boundary value for the vessel speed varies as the 
square root of the depth [2], and can be expressed as following: 

 
refcrcrefcrt ddddss , (3) 

 
where scrt is the cavitation critical speed in knots. 

Below this speed value the overall noise level remains essentially stable, while 
increasing the speed value the impact of propeller cavitation augments rapidly. However, 
for speed well beyond cavitation critical speed, the increase is slowly and the radiated 
noise becomes stable again. This specific behaviour suggests a S-shape for the vessel 
speed dependence of the cavitation noise [2] and the function described in [4] has been 
used to obtain the vessel speed contribution to the noise level Spdfct s). 

The propeller cavitation is known to be subject to a depth dependence. Increasing the 
local pressure, the induction of the cavitation occurs later and the overall noise level 
decreases. However, during measurements it has been experienced an inverse relationship 
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for the first meters of submerging: instead of decreasing the radiated noise becomes higher 
reaching a peak value in correspondence of about half the cavitation inception depth. This 
behavior is called the anomalous depth effect. 

The relationship in Eq. 3 can be used for calculating the cavitation inception depth dicp , 
in meters, given the actual ship speed: 

 

crccrc dddssd ref
2

reficp . (5) 
 
Then, it is possible using dicp to take into account the depth dependence of cavitation 

noise by the following equation derived from [2]: 
 

2
icp

2
icpfct 1log10 dddddDpt . (6) 

 
As both the noise contributions Spdfct s) and Dptfct s) depend on the values sref and dref 

contradistinguishing RNLref, the RNLrel should be referred to this vessel conduct in order to 
assume a normalized magnitude. It follows that RNLrel, measured in logarithmic scale, 
would be computed by summing the speed and depth noise contributions, after subtracting 
the respective reference values Spdfct(s = sref) and Dptfct(d = dref): 
 

)()()()( fctfctfctfctrel refref dDptdDptsSpdsSpdRNL  

2.3. Non-Gaussian Noise Generator 

The adopted procedure for simulating ambient noise is based on the specific properties 
of a Gaussian process. A normal distribution has kurtosis that is always equal to 3 and any 
shift from this value corresponds to a different statistics. Typical kurtosis value for ocean 
noise lies between 2 and 4, that are a considerably departure from the Gaussian case. From 
[1] we inherited the algorithm proposed in [5] to generate the noise sequence. Through 
this technique it is possible to assign a desired power density spectrum, e.g. the RNL, 
jointly with a kurtosis value to a target stochastic process, e.g. the radiated noise signal. 
The algorithm associates low kurtosis values to sinusoidal-like sources, in [1] this 
assumption has been adopted for the cavitation noise generated by ship’s propeller. 
Following we adopt the same hypothesis for the noise radiated by an underwater vehicle. 
Interested readers can find equations and details about the noise generator algorithm in 
[1],[5]. 

3. RESULTS 

Three case of underwater vehicle conduct have been examined and the corresponding 
radiated noise simulated by the proposed method. The considered vessel is a small vehicle 
equipped with a thruster propulsion able to reach few knots of velocity and several tens of 
meters of depth. 

In this case the parameter dcrc was set to 1 m and the reference values used for 
computing the RNL in Eq. 1 are: RNLref  = 80 dB re 1 Pa2 at 1 m, fref = 1 kHz, sref = 2.5 
kts and dref = 5 m. 
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Fig. 1: Noise dependence on vehicle conduct (up) and noise spectrum (down). 
 

Vehicle conduct Simulated Noise 
Speed [kts] Depth [m] Kurtosis Overall Noise Level [dB re 1 Pa2 @ 1 m]

2.5 3 2.81 134.35 
2.5 5 2.71 119.62 
1.5 5 2.74 110.25 

Table 1: Summary of noise simulation results. 
 
The RNLrel curves obtained for this set of values are shown in Fig. 1 (up), for three 

different choice of vessel depth and speed respectively. As one notes the effect of speed 
and depth is significant also for small value variations. 

The noise generation has been performed following the procedure in [1] with a 50-
order FIR filter designed for a sampling rate of 10 kHz and optimized for the frequency 
band from 0 Hz to 5 kHz. The desired kurtosis value was set equal to 2.75 and each 
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simulation generated 10 seconds of noise (i.e. a sequence of 105 samples). The obtained 
RNLs are shown in Fig. 1 (down). The variations in shape and magnitude of the radiated 
noise spectrum are highlighted by using the logarithmic scale for the frequency axis, and 
the corresponding value of fpeak for the three considered cases are 88 Hz, 210 Hz and 973 
Hz respectively. Furthermore, in Table 1 are specified the resulting kurtosis values and 
overall noise levels (i.e. the integration of the RNL over the considered frequency band). 

4. CONCLUSIONS 

In this paper has been proposed a method to simulate non-Gaussian noise radiated by 
an underwater vehicle. The method is based over a technique which allows to generate 
noise sequences representative of radiated noise level and kurtosis value at a desired 
vessel conduct. The radiated noise model accounts for the propeller cavitation level 
dependence on the actual vessel speed and depth, and shapes the spectrum accordingly by 
varying the spectral noise peak. The relationships governing the model has been derived 
from the equations of the propeller cavitation theory and allow to account for specific 
behaviours, as the anomalous depth effect. The proposed method has been used to 
simulated the radiated noise level of a small underwater vehicle sailing at three different 
combinations of speed and depth. The results shown a good correspondence between 
vessel conduct variations and spectrum shaping, both in terms of absolute levels and 
spectral characteristics. Moreover, since the method only requires to assign, at a single 
frequency, the level of the noise radiated at chosen critical speed, it can be a good 
candidate to simulate the self-noise of a wide set of underwater vehicles, without 
demanding a detailed knowledge of technical specifications. 
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Abstract: The numerical simulation of acoustic signature is a crucial topic in many 
studies such as anti-submarine warfare, quiet ship design, naval mine threat. In this work, 
a simulation tool is introduced to simulate the radiated acoustic signature of a surface 
ship for different acoustic ranges. The propagation loss is modelled with a normal mode 
algorithm by the contribution of the continuous modes. The ship can be approximated by 
multiple point noise sources. The number and position of these point sources can be 
defined considering the location of noise generating mechanisms in the ship. By this tool, 
the acoustic signature of a generic coaster ship represented by two point sources is 
investigated in shallow and deep water. The first point source, calculated as narrowband 
signature, is located in the machinery room including all tonal frequencies (up to 1 kHz) 
of main diesel engine, auxiliary machines (pumps, generators, service diesels etc.) and 
gear box. The second point source, calculated as broadband signature (up to 12 kHz), 
represents the generated noise from the propeller which depends on the propeller 
geometry, ship wake, ship geometry and ship propulsion analysis. The received noise 
levels at different hydrophones are obtained from different ranges (1 m to 400 m). These 
acoustic signatures received by horizontally aligned (perpendicular to ship’s route) five 
different hydrophones are compared during the passage of the ship with a constant 6 kts 
speed. The proposed simulation tool provides an insight for estimating the acoustic 
signature at different ranges. 

Keywords: acoustic signature, ship noise modelling, propagation modelling 
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1. INTRODUCTION

Monitoring ship’s radiated noise and analyzing the acoustic signatures are in interest by 
many acousticians. Acoustic signature measurements were done for shallow and deep 
water at relatively close ranges [1-3]. In addition to the measurements, acoustic feature 
extraction and simulating the environment effects on these signatures are also crucial 
research topics in order to understand the nature of the signatures. In this work, a generic 
coaster ship is investigated. A ship can be modelled with a number of different point 
sources due to the noise mechanisms in the ship. Noise generating mechanism is 
mathematically modelled [4-10]. Acoustic propagation is simulated by a normal mode 
method with the contribution of the continuous modes [11]. Different acoustic signatures 
are generated for shallow and deep water up to 12 kHz frequency band. In the next 
sections, the detailed description of noise modelling and propagation is given. 

2. UNDERWATER NOISE MODELLING: GENERIC COASTER SHIP  
 
2.1. Narrowband Machinery Noise Modelling 
 

The machinery room of a ship contains several arrangements including main engine, 
gear box, auxiliary machinery such as generators, pumps, compressors, cooling units in 
order to keep the propulsion system running and service and support systems operating. 
Dynamic imbalances, mechanical wear, magnetic flux density fluctuations, fluid pressure 
fluctuations etc. occurred in these machines are primary contributors to the narrowband 
acoustic signature of the ship [4-7]. In this work, the machinery room of a generic coaster 
ship is modelled as an integrated narrowband noise source up to 1 kHz shown in Fig. 1. In 
general, main diesel engine, auxiliary machinery and gearbox related tonals and their 
source levels are calculated based on the characteristics of different machine types.  
 

The propulsion system of a generic coaster ship has two diesel engines driving the 
propeller shaft through a gearbox. The most obvious contribution to the narrowband 
acoustic signature comes from the main diesel engine. During the diesel cycle, dynamic 
imbalances of the pistons moving in cylinders make vibrations over the engine [4,5]. In 
this study, main diesel engine is considered as four-stroke and six cylinders. Diesel engine 
noise model calculates crank shaft rate (CSR), cylinder firing rate (CFR) and engine firing 
rate (EFR) with their harmonics. Then, source level of the tonals is estimated by the Wales 
and Heitmeyer approach [6].  
 

Another contributor for the narrowband signature is gearbox that connects the main 
engine and the propeller shaft in order to reduce the medium speed engine drive down to 
suitable propeller revolutions. Bull gear is the biggest gear in the reduction system and 
also the dominant tooth contact frequency [5]. In this study, the gearbox is modelled by a 
single stage transfer gear with a number of 300 teeth of bull gear and 8:1 reduction ratio. 
Source level of the bull gear tonal is calculated by the given formula in [5].  
 

Generic coaster ship has several electric, hydraulic and mechanic auxiliaries in the 
machinery room. Various frequency tonals are calculated for these types of machines. 
Empirical formulas are used to predict the source level of the auxiliary machines [5,7].  
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Figure 1. The narrowband signature of a generic coaster ship 

Integrated narrowband acoustic signature shown in Fig. 1 is obtained by adding random 
phase to each noise spectrum of the above given machinery noise models. The narrowband 
tonals are produced for a constant 6 kts ship speed and 82 rpm propeller revolution. 
 
2.2. Broadband Propeller Noise Modelling 
 

The prediction of propeller broadband noise is based on the calculation of propeller 
performance working in the field of non-uniform flow formed on the propeller blades’ 
surface. Lifting surface methods are used to assess the hydrodynamic performance of the 
propeller and cavitation on the propeller surface precisely [8]. In this work, the ship 
propeller is considered as a scaled model running in a cavitation tunnel and by the use of a 
lifting surface model, the performance and cavitation of the propeller are obtained [9,10].  
Then, the semi-empirical method is used to estimate the source level of the scaled model 
of the propeller [8]. Furthermore, the extrapolation is made in accordance with ITTC 
Cavitation Committee’s recommendations in order to get the full scaled propeller source 
level [12]. Calculated broadband signature of the generic coaster ship up to 12 kHz for 6 
kts ship speed and 82 rpm propeller revolution is shown in Fig. 2.  
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Figure 2. The broadband signature of a generic coaster ship

3. PROPAGATION MODELING 

There is no single method for modelling the acoustic propagation. The methods based 
on parabolic equation, ray theory and normal modes are widely used for the calculation of 
the propagation loss. Each method can have advantages or disadvantages with respect to 
the running frequency, water depth or size of the problem. In this work, a normal mode 
model is used with the contribution of leaky modes. Acoustic pressure can be written as a 
sum of discrete eigenvalues and a branch line integral for the contribution of continuous 
modes [11, 13]. In many cases, this branch line integral is ignored. However, its 
contribution can be significant for shallow water and short range calculations. 
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The calculation of normal mode eigenvalues and direct evaluation of branch line 
integral can be computationally expensive. In order to overcome the computational 
difficulties, the calculation of discrete modes was achieved by two different approaches. 
At the low frequencies where numerical solution can be run fast, Kornhauser and Raney’s 
approach was used for the calculation of discrete eigenvalues [14]. It is based on the 
numerical solution of a transcendental equation in real plane. Then, imaginary part of the 
eigenvalues can be obtained with an analytic approximation. An alternative approach is 
proposed for the calculation of discrete eigenvalues at the high frequencies [15]. This 
approach may be inaccurate for low frequencies where a few modes propagate. 
Continuous mode contribution can be calculated by deforming integral contour. Then, 
analytical approximation can be obtained for this integral. Different approaches can be 
used for an analytic estimation of this integral [11,16-18]. In the proposed model [15], 
continuous modes are calculated by the Frisk’s approach [11].  
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Figure 3. PL with discrete modes (left) and with the contribution of leaky modes (right) 

In Fig. 1, propagation loss is shown versus range and frequency with and without the 
contribution of continuous modes, where water depth is 22 m, source depth is 3 m, 
receiver depth is 21 m, sound speed in water is 1500 m/s, sound speed in sediment is 1760 
m/s, sediment absorption coefficient is 0.88 dB/lambda. These parameters are used to 
estimate the propagation loss in Aschau environment [3]. Continuous modes lead a 
smoother interference pattern than discrete mode as it could be seen from Fig. 1. The 
approximation for the calculation of the continuous modes may fail for the mode grazing 
angles which are close to the critical angle. For this region, other methods such as uniform 
asymptotic expansions can be used to estimate modal transitions between discrete and 
continuous spectra [11]. This approximation may also be improved by using other 
approximations for the depth of sediment layer such as using PML [19]. Sometimes, wave 
number integration solution can be more practical than the normal mode solution for 
modelling propagation loss below cut-off frequency [2].  

4. SIMULATION 

In this simulation, a coaster ship is represented by two point sources. The first point 
source is the narrowband signature which shown in Fig. 1. The second point source is the 
broadband signature which is shown in Fig. 2. The simulation setup is described in Fig. 4.  
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Figure 4. Simulation configuration (H1-H5 are the locations of hydrophones) 

 
Sound pressure levels at each hydrophone are calculated for shallow (22 m) and deep 

water (380 m). The power spectral densities at different ranges (301 m, 101 m and 1 m) 
are shown in Fig. 5. In these figures, the frequency resolution is 1 Hz up to 1 kHz (for 
narrowband signature) and 100 Hz between 1 kHz and 12 kHz (for broadband signature). 
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Figure 5. Acoustic signature of a generic coaster ship at the different ranges for h=22 m 

(upper) and h=380 m (below) 

In Fig.5, narrowband signatures are observed up to 200 Hz for both water depths. For 
shallow water case, the rapid fluctuations occur in PL between 200 Hz and 600 Hz as a 
result of the used model approach which is shown in Fig. 3. The frequency dependence of 
the acoustic signature in deep water differs from the shallow water case. In shallow water, 
due to the multiple reflections from seabed and sea surface, different propagation 
characteristics may be observed.  

5. CONCLUSIONS 

In the current study, acoustic signatures at different ranges and water depths are 
investigated. The contributors to the acoustic signature such as propeller noise and 
machinery noise can lead to different characteristics in the acoustic signatures for shallow 
and deep water due to the variation of the propagation loss. Following improvements may 
be achieved in the future work. Increasing the number of point sources and considering the 

1st International Conference and Exhibition on Underwater Acoustics

1335



 

directionally of each noise source may improve the accuracy. In addition, normal mode 
model (with the contribution of leaky modes) may fail for the mode grazing angles which 
are close to waveguide’s critical angle. Poor results may be seen at the transition region 
between continuous and discrete mode spectra. Propagation model can be improved by 
using more accurate eigenvalue approximation. In conclusion, this preliminary study can 
provide an insight for the environmental effects on acoustic signature.
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Abstract: A single-carrier frequency division multiple access (SC-FDMA) scheme for 
transmission through underwater acoustic channel is proposed in this paper. A uniform 
distributed mode is used for the subcarrier mapping at the transmitter side. A single user 
scenario is considered where empty subcarriers between each two successive occupied 
subcarriers are considered as a guard interval. This enables to increase the receiver 
robustness against Doppler spread compared to traditional single-carrier transmission 
schemes. Adaptive linear frequency-domain equalization is considered at the receiver. 
Results show that the proposed scheme outperforms the single-carrier frequency-domain 
equalization transmission scheme (SC-FDE) in terms of bit error rate (BER) and mean 
square error (MSE). 

Keywords: SC-FDMA, uniform distributed mapping, frequency-domain equalization 
(FDE), underwater acoustic channel, Doppler compensation. 
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1. INTRODUCTION

Underwater acoustic (UWA) communication systems suffer from the frequency 
selectivity of the multipath propagation, which causes inter-symbol interference (ISI). The 
UWA channel is also time-variant, yielding a Doppler spread [1]. In order to combat 
frequency and time selectivity of the UWA channel, advanced signal processing and 
robust equalization techniques have to be used. Single-carrier frequency division multiple 
access (SC-FDMA) is a promising technique for high data rate uplink communications 
[2]. SC-FDMA is a modified form of orthogonal frequency division multiple access 
(OFDMA). Performance and complexity of SC-FDMA are similar to those of OFDMA. 
The advantage of SC-FDMA over OFDMA is its reduced peak-to-average power ratio 
(PAPR) that makes it suitable for transmission from terminals with low battery-life [3], 
thanks to its inherent single-carrier structure. SC-FDMA is adopted by the 3GPP as the 
uplink for the 4th generation mobile system, long term evolution (LTE) [4]. SC-FDMA 
uses cyclic prefix (CP)-based frequency-domain equalization (FDE) at the receiver [4]. 
The CP insertion prevents the transmitted signal from inter-block interference (IBI). The 
FDE is an interesting alternative to the time-domain equalization (TDE) and both have the 
same theoretical performance. The computational complexity of the FDE is increasingly 
lower than the TDE as the channel delay spread is larger in terms of symbol duration [5, 
6]. The subcarrier mapping consists in allocating to each user a subset of subcarriers out of 
N total subcarriers in the SC-FDMA bandwidth either localized or distributed [4]. To the 
best of our knowledge, the only work related to SC-FDMA transmission in UWA channel 
is given in [7] where authors design the localized SC-FDMA receiver using 4 users. The 
uniform distributed SC-FDMA was not investigated and its application in such a channel 
is a challenging task. 
 

In this paper, we propose a single user SC-FDMA transmission scheme with a uniform 
distributed sub-carriers mapping for transmission in UWA channel. Performance is 
analyzed through transmissions over a time-variant UWA channel in the Brest harbor, 
France from quay to quay over a distance of about 850 meters in shallow water. A 
multiple input frequency-domain adaptive linear equalizer (MI-FD-ALE) is considered at 
the receiver. Results of simulations and experiments are given in terms of BER and MSE.  

2. SYSTEM MODEL 

A single user transmits an SC-FDMA signal using the uniform distributed subcarrier 
mapping. This user occupies the entire bandwidth non-continuously resulting on zero-
amplitude subcarriers between each two successive occupied subcarriers. The information 
data bits are mapped into QPSK symbols using the gray mapping. At the output of the SC-
FDMA modulator, the resulting data stream is modulated on a carrier frequency cf . An 
acoustic signal is generated via the transducer to be transmitted through the UWA time-
varying channel. When the pass-band digital received signal is centered on a relatively low 
carrier frequency, an all-digital reception can be applied. Since the received signal is band-
limited, an oversampling is performed at the rate sT1  where sT  is chosen to fulfill the 
sampling theorem conditions. The down-conversion is performed digitally and the 
optimum sampling is realized from a sample rate converter. The resulting all-digital 
receiver is depicted in Fig. 1. 
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Fig. 1. UWA transmission scheme 

 

In wide-band transmissions, such as UWA communications [8], the Doppler effect 
introduces a scaling of the symbol period that must be taken into account in the design of 
the timing recovery scheme. To restore the transmitted signal, the optimum sampling time 
depends not only on the propagation delay observed at the antenna, but also on a common 
Doppler shift function of the relative speed between the transmitter and the receiver and 
the propagation wave velocity. At the receiver side, the optimum sampling time is 
unknown and must be estimated. Initial compensation of common Doppler shift is 
performed, based on the estimation of the relative velocity measured using a short 
preamble [9] transmitted at the beginning of the frame. Then, a non data aided (NDA) 
timing recovery scheme is designed to compensate residual Doppler shifts due to the time-
variation in the relative speed. Note that the preamble is also used to realize the 
transmission detection and frame synchronization process.  

3. SINGLE USER SC-FDMA TRANSMISSION 

The proposed scheme is depicted in Fig. 2. A single user SC-FDMA transmission is 
considered in this paper using the uniform distributed mapping mode. The remaining 
empty subcarriers are assigned zero amplitude.  As only one user is transmitting in the 
entire bandwidth, the inter-user interference (IUI) is avoided. The QPSK modulation 
symbols are grouped into blocks of size M symbols. The blocks are transformed in the 
frequency-domain (FD) via a discrete Fourier transform (DFT). The entire bandwidth of 
the SC-FDMA system which contains N subcarriers is divided into U subsets each of M 
subcarriers where U is the bandwidth spreading factor (M=N/U). Let denote by u 
(u=0,…, 1uN ) the user index where uN  is the number of users. The maximum number 
of users that can transmit simultaneously in the entire bandwidth is equal to U. A 
subcarrier mapping is performed where the DFT outputs are assigned to M among N 
subcarriers. An N-point inverse DFT is applied to generate the time-domain blocks 
followed by a parallel to serial converter and CP insertion. The CP insertion consists in 
adding at the beginning of each block the last CPN  symbols of the same block. CPN  has to 
be equal to or greater than the maximum channel delay spread in terms of symbol 
duration. At the output of the SC-FDMA modulator, the symbols { )(u

ns } of the u-th user 
are passed through a pulse shaping filter g(t) where a symbol duration T  is given to each 
symbol and are then modulated on a carrier-frequency cf  with carrier phase uncertainty 

 followed by a digital to analog converter (DAC). The resulting analog electrical signal 
is transduced to an analog acoustic wave via a transducer to be transmitted in the UWA 
channel. 
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Fig. 2. SC-FDMA transmission scheme 

 

Let )()( ts u  be the transmitted signal corresponding to the user u, 
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3.1 Uniform distributed Subcarrier mapping 

There are two subcarrier mapping modes in SC-FDMA: the localized mapping and the 
distributed mapping. In the localized mapping, the M-point DFT outputs are mapped to 
consecutive subcarriers. In the distributed mapping, the M-point DFT outputs are spread 
over the entire bandwidth non-continuously which is robust against frequency selective 
fading and offers additional frequency-diversity gain compared to the localized mode. On 
the other hand, the localized mapping is less sensitive to IUI than the distributed mapping 
is. Uniform distributed mapping consists is an equal-spacing subcarrier allocation. In Fig. 
3, we give an example of the uniform distributed mapping with N=6, U=2 and M=3. Note 
that the user symbol duration at the input of the SC-FDMA modulator userT  is defined as a 
product of the symbol duration in SC-FDMA signal and the bandwidth spreading factor 
( TUTuser ). At the transmitter side, the uniform distributed mapping is done as follows,
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where (v=0,..,M-1) and (q=0,..,N-1) are indices on the subcarriers bins. We also define 
(m=0,..,M-1) and (n=0,..,N-1) the indices on the time-domain block symbols. After the N-
point IDFT, the n-th symbol of a block is given by the following equation,  
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Fig. 3. Time and frequency domain representations of uniform distributed mapping 

 

According to (3) and as illustrated in Fig. 3, the uniform distributed SC-FDMA is 
equivalent to a U-times symbol repetition in the time-domain of the SC-FDMA modulator 
input symbols. This can offer a time-diversity gain in the presence of Doppler shift in the 
time-varying UWA channel. The uniform distributed mapping has a lower PAPR 
compared to non-uniform distributed and localized mapping modes [3].   
 
3.2. SC-FDMA multiple-input frequency-domain adaptive linear equalizer 

The received acoustic signal is transduced to an electrical analog signal via a 
hydrophone followed by an analog to digital converter (ADC). After demodulation and 
filtering, the received signals are modelled as multiple outputs of a discrete time channel. 
The n-th sample received by the j-th antenna can be written as follows, 
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where njw ,  is an additive white Gaussian noise (AWGN) with zero-mean and variance 2
w  

and )()(
, lh u
nj  (l=0,..,L-1) are the L coefficients of the multipath time-varying channel 

corresponding to the u-th user at the j-th antenna with (j=1,.., RN ) and RN  is the number 
of receiver antennas. As in the example of Fig. 3, we consider that the single user is 
transmitting on the subcarrier subset indexed by p = 0. 
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Fig. 4. SC-FDMA demodulator 

 

At each input j, the received symbols are grouped into blocks jr  of size N. An N-point 
DFT is performed resulting in N orthogonal streams followed by a subcarrier demapping 
to select the user M-size blocks. The CP are removed and a serial to parallel conversion is 
performed to form symbol blocks. The CP insertion allows a circular convolution between 
the transmitted signal )()( ts u  and the channel impulse response (CIR) )(thj . The circular 
property of the received signal )(trj  combined with the FD structure of SC-FDMA make 
the FDE the best alternative to traditional TDE. 
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A multiple input frequency-domain adaptive linear equalizer (MI-FD-ALE) is proposed. 
The multiple inputs are used to obtain a higher average SNR at the receiver output. The k-
th equalizer coefficients block )()( ku

jc  for the user u at input j are computed based on the 
minimization of a common mean square error (MSE) in the FD between all inputs, with 
respect to )(u

jc . The equalizer coefficients are updated on a block-by-block basis using the 
least mean square (LMS) algorithm. This means that the coefficients of the equalizer are 
kept fixed over the entire block duration. At the beginning of the transmission, the update 
process is based on a data-aided (DA) mode to allow convergence to the optimal response. 
Then, the update is done in a decision directed (DD) mode in order to track the channel 
time-variation. We define the FD error block as follows, 

)()()()( )(

1

)()( kkkk u
N

j

u
jj

u
R

DcRe  (5)

where )(kjR  is a diagonal matrix containing the M elements of the k-th block )(kjr  at the 

j-th input, )()( kuD  is a diagonal matrix containing the M-point DFT of the k-th preamble 
symbol block )()( kud  during the DA training mode and the M-point DFT of the decision 
block at the equalizer output )(ˆ )( kd uy  during the DD tracking mode.  

)()()()1( )(H)()( kkkk u
j

u
j

u
j eRcc  

(6)
where H stands for complex conjugate transpose and  is the adaptation step size.  

4. SIMULATION RESULTS 
 
The proposed scheme is compared to the SC-FDE transmission system where the 

entire bandwidth is occupied. Therefore, the transmission duration in the case of SC-
FDMA is U times greater than the transmission duration in SC-FDE for the same 
transmitted data stream. The proposed scheme is simulated over two frequency-selective 
time-invariant channel models with one receiver antenna (j = 1). Fig. 5 shows the BER vs. 

0NEb for Porat and Proakis B channel models, respectively, where bE  is the average 
energy per data bit and 0N  is the one-sided noise power spectral density. Porat and 
Proakis B channel models have a medium and strong frequency-selectivity, respectively. 
The results show the performance of frequency-domain adaptive linear equalizer (FD-
ALE) in SC-FDMA and SC-FDE. Two values of U are tested (U=2 and U=3). The genie 
LE is the lower theoretical bound of the MMSE linear equalizer and is computed using an 
ideal equalizer with infinite length and perfectly known CIR. SC-FDMA performs better 
than SC-FDE and offers an additional gain that gets higher as the channel selectivity 
increases. The zero-amplitude subcarriers inserted between occupied subcarriers in the 
uniform distributed SC-FDMA make the channel frequency response less selective than it 
is in the SC-FDE. In Fig. 5. (a), when the BER is about 510 , a gain in 0NEb of about 1 
dB is given for the cases of SC-FDMA with U=2 and U=3 compared to SC-FDE. When 
the frequency-selectivity increases, that is the case in Fig. 5. (b), this gain becomes more 
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important and is equal to 5 dB for a BER equal to 210 . This gain increases by increasing 
the bandwidth spreading factor at the price of a reduction in the user throughput.  
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Fig. 5. BER vs. 0NEb  

5. REAL UNDERWATER EXPERIENCE 

The transmission was conducted in the Brest harbor, France from quay to quay over a 
distance of about 850 meters in shallow water with a carrier frequency of about 18 kHz 
and a data rate of about 6 kbps. The experience configuration is given in Fig. 6 and the 
signal transmission design is given in Fig. 7.  The transducer and hydrophones were fixed 
but they drifted in the water due to the movement of the waves which, added to the UWA 
channel movement, results in a certain relative speed between the transducer and 
hydrophones.  
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Fig. 6.  Experience configuration 
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Fig. 7.  Frame definition 

 

The BER for the FD-ALE in SC-FDMA and SC-FDE transmissions is given in Tab. 1 for 
a fixed value of N and different values of U (1, 2, 4). The SC-FDMA scheme performs 
better than SC-FDE. This improvement becomes more important when the number of 
zero-amplitude subcarriers increases. A BER equal to 0 is achieved in the case of U = 4. 
 

N SC-FDE M=N (U=1) SC-FDMA M=N/2 (U=2) SC-FDMA M=N/4 (U=4)
64  4310.1  5510.1  0  

128  4210  5410.7  0  

Tab. 1 BER of SC-FDMA vs. SC-FDE BER  
 

In Fig. 8, we show the instantaneous MSE. In the SC-FDMA transmission, the FD-ALE 
converges faster and achieves an MSE larger than that in SC-FDE. When N increases from 
64 to 128, the MSE achieved by the FD-ALE keeps roughly the same in both SC-FDMA 
schemes, while it gets degraded in the SC-FDE scheme. 
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Fig. 8. Instantaneous mean square error (MSE) 

6. CONCLUSION 

A uniform distributed SC-FDMA scheme using the MI-FD-ALE for a single user is 
proposed in this paper. The adaptive process allows tracking time-variation in the 
UWA channel in a decision directed mode. The proposed scheme offers an additional 
gain in terms of BER and achieved MSE compared to the SC-FDE scheme. The 
proposed scheme is more robust than SC-FDE in the presence of Doppler shifts and 
may offer an additional gain in frequency-selective channels. 
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Abstract: In this paper, we consider application of a novel sparse recovery technique for 
channel estimation and equalization in the underwater acoustic channel. We consider 
adaptive filtering based on recently proposed RLS-DCD algorithm with time-varying and 
weight-varying diagonal loading for the sparse channel estimation. The adaptive 
algorithm possesses a complexity that is only linear in the filter length. Thus, it has a low 
complexity and, due to the use of the dichotomous coordinate descent (DCD) algorithm, it 
is well suited to practical implementation, in particular on hardware design platforms 
such as FPGAs. The adaptive filtering is applied to OFDM signals that are transmitted 
without any guard interval and thus possess a high spectral efficiency. We use signals 
recorded in ocean experiments to show that the use of the sparse channel estimation and a 
low-complexity channel-estimate based equalization allow a substantial improvement in 
the detection performance of the OFDM receiver compared with a receiver that exploits 
the classical adaptive RLS estimation of the channel. Specifically, we consider data 
transmission from a fast moving transmit antenna at a distance of 80 km. The performance 
of the receiver is compared with that of an ideal receiver with perfect channel knowledge, 
operating in interference-free scenarios, and mimicking the signal-to-noise ratio of the 
ocean experiment. The proposed receiver performs closely to the ideal receiver. In these 
conditions, a low-error-rate transmission is achieved at a data rate of 0.5 bps/Hz. 

Keywords: Doppler effect, experimental data, fast varying channel, OFDM, underwater 
acoustic communications 
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1. INTRODUCTION

The OFDM transmission attracts a significant interest as a promising technique for 
underwater acoustic communications [1-3]. As the underwater channel is typically 
characterized by multipath propagation, different time-guard intervals are incorporated in 
OFDM signals, such as cyclic prefix or zero-padding, to assist the receiver operation 
[1,4,5]; the guard intervals allow reduction in the receiver complexity. This, however, also 
reduces the spectral efficiency of the communication systems. Besides, the benefit of 
using the guard intervals is significantly reduced due to the Doppler spread of the 
transmitted signals, which is another phenomenon that is typically present during the 
communications. Therefore, the guard-interval-free OFDM transmission was also used in 
the underwater acoustic channel for low-data-rate [6-8] and recently, for high-data-rate [9] 
communications. In this work, we are interested in the high-data-rate transmission similar 
to that in [9]. In a receiver of such a communication system, the signal is processed using 
a linear equalizer whose weights are calculated based on accurate channel estimates. 
However, the channel estimation is challenging due to a large delay spread and fast time-
variation of the acoustic channel. Therefore, as much a priori information on the channel 
as possible should be incorporated into the channel estimator to improve its performance. 
In particular, it is well known that the sparseness of the channel impulse response is an 
inherent property of the underwater acoustic propagation. If taken into account, it can 
significantly improve the performance of channel estimation [2,10,11].  

 
In this paper, we investigate the use for this purpose a recently proposed RLS-DCD 

adaptive filter with a time-varying non-uniform diagonal loading [12]. Important features 
of such an RLS-DCD adaptive filter is that it possesses a performance close to that of an 
oracle algorithm (that perfectly knows the channel delays), its complexity is only linear in 
the filter length, and it is well suited to implementation with finite precision, thus making 
the receiver implementation on a typical DSP processor feasible. We test the receiver on 
data obtained in real ocean experiments at a distance of 80 km and demonstrate that with 
such a sparse adaptive channel estimation, an low-error-rate coded data transmission is 
possible at a data rate of 0.5 bps/Hz. 
 

2. TRANSMITTED SIGNAL AND STRUCTURE OF THE OFDM RECEIVER

One OFDM symbol is given by 

1

0
)()(

N

k

tj kekats , (1)

where  denotes the real part of a complex number, 1024N is the number of OFDM 
subcarriers, kk f2 , sck TkFff /2/ , 3072cf  Hz is the central frequency, 

1sT  s is the OFDM symbol duration, and 1024/ sTNF Hz is the frequency band-
width of the transmitted signal. The sequence )(ka  represents superimposed data )(kD  
and pilot )(1 kM  symbols: )()()( 1 kjMkDka ; )(1 kM  is a binary pseudo-random 
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sequence. The sequence )(kD  represents encoded information data. The sequences )(1 kM  
and )(kD  take values 1 . The transmitted data are encoded using a 2

1 -rate convolutional 
code; we consider codes represented by the polynomial [3 7], [23 35] and [561 753] in 
octal [16].  
 

The OFDM symbols [with different data sequences )(kD  but with the same pilot 
sequence )(1 kM ] are transmitted symbol-by-symbol without any guard interval. Such a 
transmission avoids loosing the spectral efficiency due to the guard interval and due to 
assigning the available time-frequency resources to transmission of the pilot signals. Thus, 
the data rate of such transmission is approximately 0.5 bps/Hz. Besides, the transmission 
of the pilot signal in the whole frequency bandwidth available and continuously in time 
allows efficient estimation of fast varying acoustic channels. Another consequence of such 
a transmission is that the pilot signal has a period exactly equal to the OFDM 
orthogonality interval. This makes the receiver synchronization a relatively simple task 
compared to a case of using OFDM symbols with the cyclic prefix or zero-padding guard 
interval, where the orthogonality condition is not satisfied. 

 
The general structure of the receiver is shown in Fig. 1. The fast variation of the 

channel requires estimation of the Doppler compression factor and channel impulse 
response with a period estT  smaller than the duration of the OFDM symbol; specifically, 
we use 4/sest TT . The Doppler estimate is achieved by computing the cross-ambiguity 
function between the received and pilot signals, finding its maximum and further 
rectifying it via parabolic interpolation. These estimates are linearly interpolated to the 
signal sampling rate and used to compensate for the time-varying Doppler effect by 
resampling the signal with the interpolated compression factor. The signal is then 
transformed into a complex-envelope signal within the frequency range ]512,512[  Hz. 

 

 
 

Fig.1: Structure of the receiver. 
 

A linear time-domain channel-estimate based FIR equalizer is applied to the complex-
envelope signal. In the version of the receiver considered in this paper, the channel 
estimate for the equalizer is obtained from an adaptive filter. We consider two variants of 
the adaptive filter. In the first variant, we use the exponential-window RLS-DCD adaptive 
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filter from [13]. This filter has a performance close to that of the classical exponential-
window RLS adaptive filter [13], but its complexity is significantly lower (the complexity 
of the RLS-DCD algorithm is only linear in the filter length L  compared to the quadratic 
complexity of the classical RLS algorithm). In the second variant, we use a recently 
proposed modification of the RLS-DCD adaptive filter [12] that possesses the low 
complexity, but also allows different penalty functions to be used, in particular the 
penalties that attract sparsity. 
 

In the receiver, similar to [9], there also are two time-diversity branches due to 
oversampling of the received signal. However, different from [9], here the 
equalization/demodulation is repeated twice. In the first time, the channel is estimated 
using the pilot signal only. This, however, cannot provide high performance as the 
superimposed data act as an extra noise. In the second time, the channel is estimated using 
tentative estimates of the superimposed data symbols (without decoding them) that are 
added to the pilot signal. These act as extra pilot symbols and also reduce the extra noise 
observed at the first channel estimation. This significantly improves the accuracy of the 
channel estimation and, as a result, the receiver performance. The channel estimates taken 
with the time step estT  are transformed into the equalizer impulse response using the FFT 
and then spline-interpolated in time; see more details in [9].  

3. RLS-DCD ADAPTIVE FILTER WITH DYNAMIC DIAGONAL LOADING 

 
 Initialization: 0h )0( , 0c )0( , LIR )0( , 0 , LI  is the identity matrix 
 for  ,2,1n  
1.       Update the matrix: )()()1()( nnnn HxxRR  
2.       Compute the filter output: )()1()( nnny H xh  
3.       Compute the error: )()()( nyndne  
4.       )1()1()()()()1()( nnnnnenn hWWxcb  
5.        Approximately solve: )()()( nnn bhWR  to obtain  

       a solution ĥ  and the vector hWRbc ˆ)()()()( nnnn   
6.        Update the diagonal matrix )(nW  

Table 1: Structure of the RLS-DCD adaptive filter. 

The structure of the RLS-DCD adaptive filter with time-varying diagonal loading is 
shown in Table 1 (see [12] for more details). The correlation matrix )(nR  of the input 
signal TLnxnxnxn )]1(,),1(),([)(x , where L  is the filter length, at time instant 
n  is updated as shown in step 1 of the algorithm. Note that the direct computation 
according to step 1 would require a complexity )( 2LO ; however, using the time-shifted 
structure of the vectors )(nx , this can be done with a complexity )(LO  [13]. The weight 
matrix )(nW  is diagonal and, therefore, step 4 has a complexity )(LO . Step 5 is solved 
using the DCD algorithm [14] with uN  DCD iterations; this has a complexity of )( LNO u , 
however this is a multiplication-free algorithm so that all the computations are additions. 
The DCD algorithm is based on a fixed-point representation of the solution in an 
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amplitude interval ],[ HH  with bM  bits. Note that updates of the vectors )(nc  and 
)(nh  are performed within the DCD iterations. The most suitable version of the DCD 

algorithm for adaptive filtering is the leading DCD algorithm [13]; its complex-valued 
version can be found in [15].  

 
We use the following rule for updating the weight matrix )(nW  with diagonal entries  

)(nwi  [12]: 

2|)1(|
)(

nh
nw

i
i , (2)

where 0  and 0  are adjusted parameters and )1(nhi  are elements of the vector 
)1(nh , i.e., the impulse response of the adaptive filter and, consequently, the estimate of 

the channel impulse response. When 2|)1(| nhi  is close to zero, the diagonal loading 
entry is given by /)(nwi . The ratio /  should be high enough for `zeroing' the 
element )(nhi  in the solution. However, when 2|)1(| nhi  is close to a maximum value 

2

1,,0max |)1(|max nhh iLi
, we should have maxh  to avoid degradation in the estimation 

accuracy (bias of the estimate). The parameter should also relate to the noise level; the 
higher the noise level the higher  should be. 

4. EXPERIMENT 

In the experiment, an acoustic transducer was towed at a speed of 12 knots at a depth of 
200 m. A drifting omnidirectional hydrophone at a depth of 400 m was used for recording 
the received signal. The distance between the transmitter and receiver varied during the 
experiment from 80 km to 78 km. During the communication session, 373 OFDM 
symbols were received. Fig. 2 shows fluctuations of the channel impulse response in the 
experiment. There can be seen fast variations of the channel delays and amplitudes that 
make the channel equalization a very challenging problem. During the experiment, the 
transducer experienced complicated movement, and as a result, a complicated Doppler 
effect in the received acoustic signal was observed. Fig. 3 shows that the Doppler shift is 
fast varying in time. The spectrum of these fluctuations shows a high power at frequencies 
up to 0.2 Hz. The range of the residual Doppler shift is within 2  Hz, thus covering about 
four OFDM subcarriers. 

 
Table 2 presents the Bit-Error-Ratio (BER) performance of the receiver when applied 

to the experimental data. Three convolutional codes described by their polynomials in 
octal are used for the performance analysis. Fig. 4 also shows the BER performance of an 
ideal receiver in a perfectly known multipath channel without Doppler distortions, without 
the superimposed pilot and with a cyclic prefix that allows perfectly removing the 
intersymbol interference. 
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Fig.2: Left: Variation of the channel delays in the communication session.

Right: Fluctuations of the impulse response in vicinity of delays around 50 ms (on the left 
plot). 

 

 
Fig.3: Doppler shift fluctuations (left) and their power spectrum (right). 
 

Receiver Configuration Code [3 7] Code [23 35] Code [561 753] 
Non-sparse RLS-DCD (w/o feedback) 2104.4  2108.3  2103.3  
Non-sparse RLS-DCD (feedback) 2104.1  3101.6  3109.2  
Sparse RLS-DCD (w/o feedback) 2109.1  3100.8  3104.3  
Sparse RLS-DCD (feedback) 3101.7  3106.1  4101.1  

Table 2: BER performance for different receiver configurations. 

Parameters of the adaptive filters are as follows. The length of the channel impulse 
response estimate is 300L  taps; the other parameters are: 998.0 , 15bM , 1uN , 

2000H , 150 , 150 . The length of the time-domain equalizer impulse response is 
500eqL  taps. The other parameters of the receiver are the same as in [9]. 

 
The presented results demonstrate that the sparse adaptive channel estimation improves 

the detection performance even for this experiment, where the number of non-zero filter 
taps is as large as about 150 of 300. The BER performance of the receiver with the sparse 
channel estimation based on both pilot symbols and tentative data estimates for the codes 
[3 7], [23 35] and [561 753] is comparable to that of the ideal receiver operating at SNRs 
of 8.8 dB, 8.0 dB, and 8.4 dB, respectively. The SNR in the experiment varies over the 
transmitted data block and on average is 11 dB. Thus, for these codes, our receiver loses in 
the performance compared to the ideal receiver are as little as about 2.2 dB, 3.0 dB, and 
2.6 dB, respectively (see Fig. 4). The receiver with the non-sparse RLS-DCD adaptive 
filter looses to the ideal receiver 4.0 dB, 4.5 dB, and 4.5 dB, respectively. Thus, the sparse 
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channel estimation provides an SNR gain of 1.8 dB, 1.5 dB, and 1.9 dB, respectively. The 
use of the tentative estimates of the data symbols (the rows with feedback in Table 2) 
visibly improves the performance compared to the pilot-only estimation (the rows w/o 
feedback in Table 2).  
 

 
Fig.4: BER performance of the ideal receiver and proposed receiver.  

5. CONCLUSIONS  

We have considered application of the recently proposed RLS-DCD adaptive filtering 
algorithm for sparse channel estimation in a receiver of guard-free OFDM signals in the 
underwater acoustic channel. With this technique, a low-error-rate data transmission from 
a fast moving transducer to a single-phone receiver in a 80-km-long underwater acoustic 
channel has been achieved at a data rate of 0.5 bps/Hz.  
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Abstract: The differential Orthogonal Frequency Division Multiplexing (OFDM) and Mixed 
Excitation Linear Prediction (MELP) speech encoding techniques are combined into a single 
system using an acoustic vector sensor as an acoustic receiver. The system is effective against 
multipath and interference effects, has several advantages including low Peak to Average 
Power Ratio (PAPR), high bit rate, and meets the requirement of underwater speech 
communication rate of 2.4 kb/s. The curves of Bit Error Rate (BER) versus Signal-to-Noise 
Radio (SNR) are given, which shows that combined pressure and particle velocity data signal 
processing improves the performance. To validate the capability of the system, an experiment 
was conducted in a lake. The results obtained at different distances demonstrate the 
feasibility and utility of the differential vector system for underwater speech communication. 
 
Keywords: Underwater speech communication, Acoustic vector sensor, Combined processing, 

OFDM. 
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1. INTRODUTION

Underwater acoustic (UWA) communication is the primary a means of information 
exchange and has several applications both in military and civilian fields [1]. The digital 
modulation scheme called Orthogonal Frequency Division Multiplexing (OFDM) has good 
spectral efficiency and reliable performance against inter-symbol inference caused by 
multipath propagation. It is used for high bit-rate UWA communication including digitized 
speech signals [2]. The differential phase demodulation scheme reconstructs the transmitted 
information from the received signals without the need for channel estimation. The scheme is 
energy efficient and often used with OFDM [3]. Compared to a conventional acoustic 
pressure sensor, an acoustic vector sensor is a transducer that can simultaneously and 
independently measure pressure (scalar) and particle velocity (vector) of acoustic field at the 
receiver [4]. In the isotropic acoustic noise field, 4.8dB directivity gain could be obtained 
using pressure and particle velocity data [4]. This method is applied for transmission of 
human voice. The simulation and lake experimental results are presented to attest to the 
feasibility and utility of this system. 

2. THE PRINCIPLE OF DIFFERENTIAL OFDM 

In OFDM communication system, there are two approaches to differential signal 
demodulation, time and the frequency domain differential demodulation. Time domain 
differential modulation is used in this paper and is facilitated by the different phases between 
adjacent OFDM symbols within the same subcarrier. Quadrature Differential Phase Shift 
Keying (QDPSK) is frequently used to modulate four distinct differential phases each 
representing a two-bit sequence. The differential phase of the signal in the k-subcarrier that 
corresponds to an i-symbol (a tibit) is: 

kikiki ,1,,                                                       (1) 

where:  i,k  is the phase before modulation and ki , is one after modulation. 
 
The envelope of the transmitted signal is: 

kij
kiki eAS ,

,,                                                           (2) 

Assuming a slow time-varying impulse response h(t) of the acoustic channel, and that the 
guard time interval is longer than the largest multipath duration, kiki ,1, ,  the signal 
received in the k-subcarrier corresponding to the i-symbol is:  

ki
j

kikikikikiki NehANSHR kiki
,

)(
,,,,,,

,,                  (3) 

 

where: kij
kiki ehH ,

,, is the channel impulse response, kiN , is the Gaussian noise. 
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The estimate of the phase information from the signal is: 

kikiki ,,,
ˆ                                                          (4) 

This phase is demodulated using the time domain differential decoding in order to 
reconstruct the original phase information: 

kikikikikiki ,1,1,,,1,
ˆˆ

kikiki ,,1,                    (5) 

3. THE PRINCIPLE OF VECTOR SIGNAL PROCESSING 

Acoustic vector sensors can simultaneously measure scalar pressure and vector particle 
velocities of acoustic fields. In recent decades, extensive research has been conducted on the 
theory and design of vector sensors [5, 6].  Many vector sensor signal processing algorithms 
have been proposed [7]. They have been mainly used for underwater target localization and 
SONAR applications. Here, vector signal processing for improving the Signal-to-Noise Radio 
(SNR) at the receiver is discussed. In this paper only two-dimensional directivity in the 
horizontal direction (x, y) is considered.  

 
The signals from vector sensor are: 

)()()()( tnthtstp p                                                  (6) 

vx (t) s(t) h(t)cos nx (t)                                             (7) 

)(sin)()()( tnthtstv yy                                              (8) 

where: s(t) is the transmitted signal, )(tp is the pressure signal at the sensor,  
 is the azimuth estimator of the source location obtained using the complex sound intensity 

method [11] and x (t) and y (t) are the particle velocity components of the acoustic signal 
arriving from azimuth  in x and y axis, and the symbol  means convolution.  
 
To improve to improve SNR at the receiver a linear combination of pressure and velocity is 
used; that is: p kvc . 

where cv is the combined velocity signal and k is a proportionality constant  

vc (t) vx (t)cos ˆ vy (t)sin ˆ                 (9) 

Let the power of acoustic pressure signal p(t) at the receiver be 2
s  and the noise power 2

n . 
In two-dimensional case, the noise variance relationship between the pressure and velocity 
channel is [4]: 

222

2
1))(())(( nyyxx tnVartnVar                                   (10) 

The signal power of cv  is s
2, and the noise power is 2/2

n . The power in the linear 
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combined signal p k vc  is 1 k 2
s
2, and the noise power is k 2 2 1 n

2 . So the input SNR 

is  

S /N p k v

1 k 2

1 k 2
s
2

n
2                                              (11) 

 (11) yields its maximum 3 for k=2, therefore under the condition of two-dimensional 

vector, the combined processing using cvp 2  signal improves SNR by 3 or 4.8dB 

4. THE FLOW DIAGRAM OF THE SYSTEM 

Mixed Excitation Linear Prediction (MELP) speech compression coding technology 
utilizes several modifications including mixed pulse and noise excitation, non-periodic 
impulses, adaptive spectral enhancement, and pulse dispersion filter and others [12]. The 
MELP technology makes the synthetic speech sound more natural, is resistant to 
environmental noise and is convenient for hardware implementation [8]. The OFDM scheme 
transmits information with parallel subcarriers and can satisfy the 2.4 kbps-transmitting rate 
required for MELP speech compressive coding. Acoustic vector sensors are used in the 
system to increase the SNR with combined data processing. The flow diagram of the whole 
system is shown in Fig. 1. 

 

 
(a) 

p

xv

yv

ˆ

cvp 2

p

cv

 
(b) 

Fig.1 The flow diagram of underwater speech communication system: (a) the transmitter 
and (b) the receiver. 
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The receiver shown in Fig.1a uses a 16-bit A/D converter with a sampling rate of 8 kHz to 
digitize the analog speech signal from the microphone, and then binary bit information is 
compressed with MELP coding. The input data is de-serialized and QDPSK modulation is 
applied using Gray coding. The coded sequence in the frequency domain then goes through 
IFFT transformation to transform the data to the time domain. Cycle prefix is added to 
eliminate ISI and ICI caused by multi-path propagation. Linear frequency modulation (LFM) 
signals are added before the OFDM frame signal so as to facilitate demodulation of Doppler 
estimation and Sync-byte detection. The Block Doppler estimation algorithm is used to 
estimate the Doppler factor [9,10]. The block diagram of the receiver is shown in Fig. 1b.  

5. EXPERIMENTAL RESULTS 

Computer simulations of the system were carried out. The simulated channel contains the 
direct path, the surface reflected and the bottom reflected signals with a maximum multipath 
delay of 20ms. The pressure and velocity noise are assumed to be band-limited white 
Gaussian noise. The system parameters are shown in Table 1. 

 
Table. 1 Parameters of differential OFDM modulation 

FFT/IFFT points 4800  Modulation QDPSK 
The lowest sub-carrier freq. 6 kHz  The LFM signal duration 20ms 
The highest sub-carrier freq. 9 kHz  The highest sub-carrier  9 kHz 
No. of sub-bands 300  The cycle prefix length 25 ms 
Total Bandwidth 3 kHz  Sampling rate 48 kHz 

 
The simulation results are shown in Fig.2(a), which demonstrates that the combined signal 

processing including pressure and particle velocity data improves the performance. 
 
Experiments on the Lianhua Lake of Heilongjiang Province, P. R. China in August, 2012 

were then conducted. The waters are open and the depth is about 50m. The weather was 
sunny with some clouds and a breeze that day, with the wave height being about 0.1m. The 
sound speed profile is given as Fig.2 (b). The receiving ship was anchored in the middle of 
the lake, and the transmitter was on a second ship 200m away from the shore. The depth of 
the transmitting transducer and the receiving vector sensor was both 6m.  

 
Fig.3 shows the experimental results at a distance of 406m between transmitter and the 

receivers. The amplitude of the time domain waveforms shows the energy of the synthetic 
speech signal and the format in the spectrograms expresses what the speech signal is. Strong 
interference is present in the speech signal shown in Fig3 (b) and (e), which resulted in the 
deterioration of the speech articulation and natural sound. Whereas the synthetic speech 
signal with combined processing has almost the same performance as the oriental speech 
signal. The bit-error-rate of the received signal with pressure data only was 13.49%, 
compared with the combined pressure and velocity data signal processing bit-error-rate of 
only 0.90%. 
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(a)                           (b) 

Fig. 2(a) BER versus SNR; (b) Sound speed profile at the Lianhua Lake.   
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(d)              (e)                       (f) 
Fig.3 The time/frequency domains of the synthetic speech signal.  
(a) original signal b) received signal without combined processing (c) with cvp 2

combined processing, the spectrograms of them (d),(e) and (f). 
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Fig.4 The time domain waveforms and the spectrograms of the synthetic speech signal with 
pressure data processing only and with pressure and velocity data processing; the form of the 
combined processing signal is cvp 2 .

  
To validate the capability of the system, another experiment was conducted at the same 

conditions but at the larger transmission distance of 1190m. The experimental results are 
shown in Fig.4. The bit-error-rate of the received signal with only pressure data is 13.89%, 
but the bit-error-rate with combined pressure and velocity data signal processing was only 
1.06%. The speech information is identified but the synthetic speech signal has noise almost 
as high as the results for the 406m distance experiment. It can be seen that synthetic speech 
signals using combined processing have good performance for speech articulation and natural 
sound. The results obtained at the two different distances demonstrated the feasibility and 
utility of the differential vector system for underwater speech communication. 

6. CONCLUSIONS 

This paper presents a new communication scheme for underwater speech communication 
systems, which utilizes the differential demodulation technology, MELP speech compression 
coding technology and vector signal processing technology. And more, the performance of 
this differential OFDM based system in different SNRs and different communication 
distances are given through the computer simulation and lake experiments. The results show 
the feasibility and utility of the system. Therefore, this system could be very useful in the 
future for   underwater diving speech communications. 
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Abstract: Results on development and experimental study of an acoustic communication 
and positioning system for divers are presented. The system consists of a base station for a 
diving supply vessel, wrist diver communicator, diver pad, responders, GPS receiver 
equipped sonobuoys and underwater wireless camera. The base station provides digital 
acoustic communications with divers and diver positioning. By means of the 
communicator, divers can send or receive predefined messages to/from each other and the 
supply vessel. The presented system in contrast to the UTC UDI diver communicator 
exploits a RAKE receiver and direct-sequence spread spectrum (DSSS) modulation 
technique. It allows high noise immunity and mitigating the multipath interference of 
communication signals typical for shallow water acoustic channels. The divers positioning 
is accomplished by an ultra-short baseline (USBL) positioning system at the base station 
or by a long base line positioning system using sonobuoys. In the latter case, the diver 
must be equipped with the diver pad – a diver tablet PC that combines communication and 
positioning functions and displays navigation information to the diver. The underwater 
wireless video camera can transmit in real time low resolution video signals over the 
acoustic channel and is useful for controlling the underwater environment from the supply 
vessel.

Keywords: diver communication, sonobuoy, underwater GPS, USBL, LBL, DSSS, wireless 
underwater video transmission 
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1. INTRODUCTION

The main aim of this work is the development of advanced equipment for wireless 
underwater communications in application to underwater mining, underwater mainlaying 
and tubes servicing, underwater construction and other works. 

The functions of the equipment can be classified as follows: 

Diver-to-diver communications without supply vessel; 
Diver-to-supply-vessel communications; 
Diver positioning and homing, responder positioning; 
Low resolution video transmission over hydroacoustic channel. 

Usually, communications and positioning tasks are separated, and represented by 
different systems (also, systems of the same manufacturer, i.e. – LinkQuest [1]): the 
communications is provided by voice commands (i.e. using an underwater telephone [2]) 
or standalone modem [1], [3], and the positioning is provided by other systems with their 
own specific navigation signals [1], [3], [4]. This approach has obvious shortcomings: 

The need to have several units of equipment; 
The need for disjoint frequency bands; 
Low noise and multipath interference immunity of voice signals [5]. 

When developing the discussed system we assumed that divers only need a few 
commands and replies and thus the communication and navigation signal can be the same 
and the communication can be provided by a set of predefined code messages. 

The only system that is based on a similar ideology we know of is the UDI by the 
Israeli company UTC Digital [5], [6] that provides communications for up to 4 networks 
with up to 14 divers using 14 predefined messages. The system contains a diver 
communicator and above-water base station. The UDI provides the message transmission 
at distances up to 500 meters and Doppler-based diver homing. 

2. SIGNAL STRUCTURE AND SUBSCRIBERS DIVISION 

The navigation and communication signal is a mixture of two binary phase shift-keying 
(BPSK) components derived from pseudonoise sequences of 10th  order:  synchro and 
information sequences. For the used carrier frequency (20 kHz) and chip length (2 carrier 
periods) its duration is 204 ms, which differs from the UDI, where the binary frequency  
shift-keying (BFSK) signal with BCH coding has duration up to 1.8 s. 

RAKE receiver with BPSK signal with phase coding by maximal length sequences has 
extremely high noise and multipath  immunity [7]. Moreover, such an approach allows 
implementing multiuser reception and transmission in the common frequency band: each 
subscriber uses its own pair of sequences. The sender identification is realized in the 
following way: for the 10th  order sequences we have 210-1 different code messages, and, 
for example, starting from the subscriber count (10 in our case) we can determine code 
ranges for each subscriber: 0 to 99 for the subscriber with address “0”, 100 to 199 for 
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subscriber with address “1” and so on. This subscriber code division system can be 
classified as asynchronous. 

3. WORKING MODES AND CONFIGURATION 

The system provides the following operation modes: 

Subscriber-to-subscriber distance measurement by a request-response method; 
Transmission of predefined coded messages; 
Ultra-short baseline subscriber positioning; 
Long baseline subscriber positioning (via true underwater GPS); 
Low resolution video transmission over the hydroacoustic channel and receiving 
it on the supply vessel. 

For providing such functionality, the system contains devices as follows. 

 
Fig.1 – Diver communicator: 3D-model. 

 
The diver communicator is a wrist monoblock containing a processor module, 

transceiver, antenna, LCD display, rechargeable battery, iMEMS pressure sensor and 
piezo buttons. This device allows sending and receiving predefined coded messages to and 
from any subscriber and measuring distances to each subscriber. 

The supply vessel communication base station (Fig.2 left) consists of an underwater 
antenna unit with a processor module and transceiver. The topside part equipped with a 
USB-connector and Bluetooth adapter for coupling with a PC with specific software is 
connected to the underwater unit with a flexible cable. The device allows sending and 
receiving predefined coded messages, measuring distances to each subscriber, and 
requesting subscriber’s depth. The supply vessel communication and direction-finding 
base station (Fig.2 right) is the same as the communication base station, except it has a 
phased array of four hydrophones and thus it allows measuring bearings to subscribers. It 
should be noted that  this is not a noise-bearing, but a bearing to a specified coded 
message (the message demodulation comes first), and thus we can be sure that direction-
finding results refer to a specific subscriber and to a specific message. 

The underwater antenna unit is also equipped with an integrated iMEMS 
magnetometer/inclinometer for the phased array orientation. The device allows measuring 
subscriber’s location via its horizontal direction, depth and distance to it (ultra-short 
baseline positioning). 
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Fig.2 – Supply vessel communication (left), communication and direction finding 

(right) base stations 3D-models 
 
The multi-purpose sonobuoy device contains a processor module, transceiver, antenna 

(on wire or directly on body), GPS-receiver and pressure sensor. The device can be used 
for marking underwater targets (in case of the responder mode) and/or to provide the true 
underwater GPS for other subscribers (in case of the sonobuoy mode). The device 
transmits its own geographical coordinates on receiving an addressed request. 

The diver pad is a tablet PC in hermetic enclosure with a hydroacoustic modem, 
magnetometer, pressure sensor and transceiver. It allows sending and receiving predefined 
coded messages, measuring its own geographical location by the true underwater GPS 
sonobuoys and displaying all this information on a screen.  

The underwater wireless video camera contains a CMOS-camera chip, processor unit 
and transmitter which uses an algorithm to generate OFDM signals. It provides a low 
resolution video transmission with 120x120 pixels half-tone images at 1.3 fps. 

All devices of the discussed system provide working distances up to 3000 m and depths 
up to 100 m, with Doppler compensation up to 2 m/s. All processor modules are based on 
Cortex-M4 CPU [8]. The diver communicator and multi-purpose sonobuoys both have 
3800 mAh rechargeable batteries, which is enough for 3 hours of work in active mode (~1 
message per minute), and more than 24 hours in idle mode. 

4. EXPERIMENTAL DATA 

The communication and positioning experiment took place in Feb. 2013, in one of gulfs 
of the Ladoga Lake. The depth of gulf was 20 m, the lake bottom was uliginous, the 
transmitter and receiver depths were 4 m. Fig.4 displays a console main window 
screenshot when locating 3 beacons by the ultra-short baseline system. 

Subscriber’s data are displayed on the left panel: addresses, names, signal to noise 
ratios of the last communication session, distances to subscribers, horizontal angles and 
subscriber’s geographical coordinates. The green triangle at the centre of panel indicates 
the supply vessel true location. 
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Fig. 4 – supply vessel base station console software 

 

 
Fig. 5 – diver pad software main window screenshot 

The other green triangles mark true beacon locations (the beacons were fixed on the 
lake surface ice), digits in yellow ellipses - are the calculated beacon locations. 

The entire ultra-short baseline positioning experiments allow achieving about 8 meters 
for 2DRMS (Cn=98%) value, assuming a 3 m for the GPS receiver accuracy. Fig.5 
illustrates the diver pad main window, when its own location is measured using the long 
baseline. The white triangle indicates the true own geographical location obtained from 
the GPS-receiver. The green triangle indicates its own geographical location calculated by 
the long baseline. Digit ‘9’ means a current radial error (distance to object “Base”). 
Yellow digits in ellipses indicate the sonobuoys location and  their addresses. All long 
baseline positioning experiments show about 6 m 2DRMS (Cn=98%) value. 

For the video transmission we use the OFDM method, with the brightness of each pixel 
coded by the subcarrier amplitude. This method is simple enough and provides a high 
throughput. Fig.6 and 7 show typical frames from received video sequences. 
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Fig. 6 – Wireless underwater video transmission, Distance 700-750 meters. Left to 

right: source frame, transmitter-receiver looped mode, received frame. 

 
Fig. 7 – Wireless underwater video transmission. Left to right: distance 500 meters, 

distance 1000 meters. 

5. CONCLUSIONS 

Test operation results obtained in natural conditions show that the proposed system 
provides diver-to-diver and diver-to supply vessel communications as well as diver and 
sonobuoy positioning and homing for divers.  In addition, a low resolution video 
transmission equipment provides real-time controlling for underwater situation. Accuracy 
obtained in the long baseline positioning is about 6 m, and ultra-short baseline positioning 
accuracy is about 8 m. With minimal modifications, the system can be used  for unmanned 
submersible management and positioning. The proposed system favourably differs from 
known similar systems in functionality, as well as  in the range of possible applications. 
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Abstract: The key element of Ultra-Short Base Line (USBL) underwater positioning system is 
the direction-of-arrival (DOA) estimation subsystem. The USBL system positioning precision 
strongly depends on DOA estimation accuracy. The multipath interference of a navigation 
signal (NS) in underwater acoustic channel requires using special techniques for signal 
design and processing. This paper presents some results on directions estimation of the 
acoustic NS in horizontal and vertical plains obtained in underwater experiments in the 
shallow water environment. The binary phase-shift keying NS with phase coding by a 
maximal-length sequence was used for the direct path selection by extracting the first peak 
after the NS matched filtering. The matched filter response near the first local maximum was 
used as an input to the MUSIC algorithm to obtain DOA estimates. The signals were received 
by a specially designed acoustically transparent sparse hemispherical antenna array. DOA 
estimates in the horizontal direction were compared with theodolite data. The data analysis 
shows that the accuracy of DOA estimation in this experiment is well converging with 
experimental data obtained in acoustic tank experiments. Comparison of vertical angles 
obtained from the experimental DOA estimation and that from BELLHOP ray trace diagrams 
computed using the sound velocity profile (SVP) was performed for a set of channel impulse 
responses (IR). The comparison shows that: the first IR peak consists of two interfering rays 
splitting in some data – the direct ray and water surface reflected ray; rays in the first IR 
peak cannot be well separated neither by temporal filtering nor by space filtering for the 
given NS bandwidth and array aperture that result in vertical angle estimate fluctuations; 
because of the specific SVP in all experiments, the direct ray was curved to the water surface 
and arrived at the receiving antenna from the top side. 

Keywords: Ultra-Short Base Line, direction-of-arrival  estimation, MUSIC, multipath 
interference, binary phase-shift keying navigation signal, matched filtering, sparse antenna 
array, ray trace diagram, channel impulse response, sound velocity profile. 
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1. INTRODUCTION

Ultra-Short Base Line (USBL) underwater acoustic positioning systems are in great 
demand for underwater operations using ROVs, AUVs and divers due to its small size and 
installation simplicity. The USBL positioning precision strongly depends on the direction-of-
arrival (DOA) estimation accuracy of a navigation signal (NS). Bearing precision of well 
known USBL systems of such manufacturers as Kongsberg, IXSEA, EvoLogics, Sonardyne, 
LinkQuest reaches 0.1 deg in ideal laboratory conditions. However, real underwater acoustic 
channels with the time and frequency selective fading and dispersive nature can greatly 
degrade the bearing precision due to multipath interference of the NS, acoustic refraction in 
inhomogeneous layered medium, temporal nonstationarity and high values of  Doppler 
spread. These conditions require using special techniques for the NS design and processing. 
This paper presents some results of development of a DOA subsystem for USBL positioning 
equipment and results of analyzing the horizontal and vertical NS direction estimation 
obtained from underwater experiments in the shallow water environment. During these 
experiments, recording of NS received by an antenna array was performed and the NS was 
emitted from a transmitting acoustic antenna that was fixed at the rope lowered from a boat 
drifting in the wind. 

2. DIRECTION-OF-ARRIVAL ESTIMATION METHOD 

We are using the well known superresolution method – Multiple Signal Classification 
(MUSIC) [1] to obtain horizontal and vertical direction estimates of the incoming signal. This 
method allows determining with high accuracy the horizontal and vertical bearing angles 
from local maxima of spatial spectrum. However, the multipath propagation of the NS in 
underwater acoustic channels, especially in the shallow water environment, can degrade the 
MUSIC performance [2] because of the presence of coherent components in the signal 
received by an antenna array. The coherent components destroy orthogonality of noise and 
signal subspaces. There exist methods for decorrelation of incoming signals [2]: forward-
backward averaging of the array covariance matrix, spatial smoothing, and extending MUSIC 
to multidimensional case including all the coherent components. The first two methods are 
used only with linear antenna arrays. The third method is computationally extensive, 
especially when number of rays is large, and needs preliminary ray number estimation. In this 
paper, we propose another method of using MUSIC in multipath environments which is 
based on matched filtering (MF) of the NS. The NS parameters are adjusted so that its 
ambiguity function has a narrow main lobe with small side-lobes. The binary phase-shift 
keying signal using the maximal-length sequence is one of the best choices for this purpose 
[3]. In case of multiray propagation of the NS, after matched filtering of incoming signal, we 
obtain an estimate of the impulse response (IR) of the channel. Local maxima in the IR 
correspond to acoustic rays. Generally the first maximum in time corresponds to a direct ray. 
Consequently, we use MF in each channel of the antenna array and estimate the covariance 
matrix in the MUSIC algorithm using a fragment of the MF response corresponding to the 
first local maximum of response averaged over all channels. Thus the covariance matrix is 
estimated from fragments of the channel IR corresponding to the direct ray of NS 
propagation. 
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3. DESCRIPTION OF THE EXPERIMENT 

The experiment was carried out in the Lake Ladoga in July. In the experiment, the NS was 
received by an antenna array. The NS was transmitted from a transducer lowered from a 
drifting boat. The receiving antenna was mounted on a floating laboratory moored near the 
lake bank. The depth of the receiving antenna varied from 4 to 7 meters, the transducer depth 
varied from 4 to 12 meters. The lake depth in the area of experiment was about 20 meters. 
The acoustical bearing was controlled by theodolite measurements. The distance was 
measured by a laser distance meter. These measurements were taken at the start and end of 
the boat trajectory. The duration of drifting was fixed by stop-watch. The distance from the 
receiving antenna to the boat varied within 150 – 200 meters. Within 5 minutes the bearing to 
the boat has changed within the limits of 30 – 35°. During this time period, approximately 75 
pulses of the NS were emitted. 

The data was received by a hemispherical acoustically transparent sparse antenna array. 
Diameter of the antenna is 160 mm. It consists of 24 omnidirectional piezoceramic sensors. 
The sensors are arranged in groups of 3 elements. Each sensor is located in a vertex of 
equilateral triangle. Distances between sensor acoustical centers in each group correspond to 
half wavelength at 30 kHz. The center of each group is arranged in vertex of icosahedron 
inscribed in sphere. The distances between the group centers are larger than the wavelength at 
30 kHz. The antenna shape is constructed similary to a geodesic sphere (first iteration after 
icosahedron). The use of the sparse antenna array has allowed reducing the cost and 
computational complexity of the system. The antenna array is shown in Fig. 1. 

 

   

) b) c) 

Fig. 1: The hydroacoustic antenna array: a) the antenna is ready-assembled with 
preamplifiers, cable and ADC module; b) a model of the antenna in CAD system; c) the triad 

of acoustic sensors. 
As explained above, the NS is a binary phase-shift keying signal with phase coding by a 

maximal-length sequence. In the experiment, the carrier frequency was set to 22.5 kHz. The 
size of the maximal-length sequence (m-sequence) varied from 28-1 to 210-1. The keying 
frequency was set to 11.25 or 5.625 kHz. Data analysis presented in this paper is performed 
for the NS with a keying frequency of 11.25 kHz and a size of the m-sequence of 210-1. 

4. DATA ANALYSIS 

For correct interpretation of the DOA estimation results, we plot the channel IR temporal 
variation and construct ray diagrams. The impulse response variations (see Fig. 2) were 
plotted for the first channel of the antenna array. The ray diagrams were plotted using the 
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BELLHOP program from Acoustic Toolbox [4] using the sound velocity profile (SVP) 
measured in the experiment. 

, 

, 

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24

40

80

121

161

202

242

283

323
0 0.2 0.4 0.6 0.8 1 1.2 1.4 1.6 1.8 2 0

40
80

121
161

202
242

283
323

0

0.5

1

, 

, 

 

Ti
m

e,
 s

 

Delay, ms 

a) 

Delay, ms 

b) 

Time, s 

Am
pl

itu
de

 

 

Fig. 2: Impulse response variations in the experiment: a) 24 ms delay range; b) 
neighbourhood of the first local maximum. 

In this experiment, the receiving antenna (RA) depth was 7 m and transmitting antenna 
(TA) depth was 12 m. The horizontal distance between RA and TA was varying from 194 m 
to 141 m. The ray diagram for the start point of the boat is shown in Fig. 3-b. The SVP is 
depicted in Fig. 3-a. 
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Fig. 3: Sound velocity profile (SVP) (a) and ray diagram (b) at the start point of the 
experiment. 

We can make the following conclusions on the IR variations: 1) distribution of the IR local 
maximum has small and large scales; 2) the first local IR maximum possesses small scale 
variations and contains two rays; 3) the rays in the first maximum not always can be 
separated from each other for a given NS bandwidth; 4) the IR as a whole and its first 
maximum suffer significant temporal variations; 5) in most cases, the first maximum has 
greater amplitude than the other local maxima, but if depths of the RA and TA are below of 7 
m, there are cases when the second local maximum is greater than the first one and therefore, 
the ray selection algorithm always must search for the first local maximum in the IR when the 
ray selection is performed. 

We can conclude the following on the ray diagram analysis: 1) in all the experiments, the 
direct ray (marked by digit 3 in Fig. 3-b) is refracted to the water surface and its vertical 
angle for all TA and RA depths takes on negative values (positive values correspond to 
bottom directions); 2) in most cases, the vertical angles of the direct ray and the ray reflected 
from the surface (marked by digit 2 in Fig. 3-b) takes on similar values and angular 
separation of the rays is unfeasible; 3) the delay difference for the direct ray and ray reflected 
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from the surface are close to the NS temporal resolution; if RA and TA depths are about 4 m, 
the delay difference is close to the NS carrier period; if RA and TA depths are about 7 m and 
higher, the delay difference is comparable to the NS chip duration and is increased with 
decreasing the horizontal distance between RA and TA, resulting in splitting the first peak 
into two peaks; 4) the given SVP results in large TA position errors despite the small 
deviations (tenth of a degree) of vertical angle;  5) direct and some reflected rays propagate in 
depths of 2 – 3 meters with a heated blending near-surface layer resulting in fluctuation of 
these rays; 6) the carrier frequency wave length is about 6.6 cm in the near-surface layer and 
is comparable with the water surface ripple, this results in fluctuation of the rays reflected 
from the surface in the first peak of IR. 

The DOA estimation results for the horizontal and vertical angles obtained from the same 
experiment as depicted in Fig. 2 and Fig. 3 and in another experiment, where RA and TA are 
immersed to a depth of 4 m are compared in Fig. 4. 
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Fig. 4: DOA estimated using MUSIC only and MUSIC with the first ray selection: a) 
horizontal angles; b) vertical angles. Two sets of receiving and transmitting antenna 

positions are presented. 
As seen in Fig. 4, the horizontal DOA estimates obtained using the MUSIC only algorithm 

and MUSIC with the first ray selection after the MF take on similar values and they do not 
depend on the RA and TA depths. On the other hand, the vertical DOA estimates without and 
with using ray selection depend on the RA and TA depths, namely they depend on the ratio of 
the direct and reflected ray amplitudes. As seen in Fig. 4-b, at the 4 m depth, when the IR has 
mainly one maximum, the deviation of vertical angle values computed by both the methods 
takes similar small values. When the RA and TA are immersed to depths of 7 and 12 meters, 
respectively, the deviation of the vertical angle estimated by the MUSIC algorithm is higher 
then that computed by the MUSIC algorithm with the ray selection. In this case, the channel 
IR has high amplitude secondary local maximums corresponding to bottom reflections (see 
Fig. 2-a). 

DOA estimation results and vertical angle values obtained from ray diagrams for all RA 
and TA depth combinations are summarised in Table 1. All DOA estimates were obtained 
using 2 signal sources in MUSIC algorithm. This is due to the fact that the first local 
maximum of IR contains information of 2 rays: the direct and the surface reflected. Because 
of the reflected ray fluctuations, it is decorrelated from the direct ray to a certain extent. It 
should be noted that the MUSIC algorithm without ray selection gives excessive errors in 
case of using 1 in signal sources count parameter of the MUSIC algorithm. 

The last two columns in Table 1 contain the vertical angles obtained from ray diagrams to 
compare with the estimated values of the vertical angles. Column 3 contains values of the 
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second local maximum (contains bottom reflections and can be well separated by temporal 
filtering) amplitudes relatively to amplitudes of the first local maximum. For small depths 
(rows 1 to 3), these relative amplitudes are small. For large depths (rows 4 to 6), relative 
amplitudes in column 3 are high. Correspondingly, errors and Root Mean Squared Errors 
(RMSE) of MUSIC without ray selection are high. 
 

Depth, m 
2-nd 
loc. 
max 
ampl 

Estimated  
Horiz. Angle  

RMSE, ° 

Estimated  
Vertical Angle, ° 

Estimated  
Vertical Angle, ° Vertical Angle by 

Ray Diagram, °MUSIC MUSIC + MF 

R T MUSIC MUSIC  
+ MF 

At 
start 
point 

At 
end 

point 

RM
SE 

At 
start 
point 

At 
end 

point 

RM 
SE 

At 
start 
point 

At 
end 

point 
1 2 3 4 5 6 7 8 9 10 11 12 13 

4 4 0.01 0.2 0.2 - 2.4 1.4 0.8 - 2.8   1.3 1.0 - 6.31 - 6.21 
4 8 0.1 0.8 0.5 - 4.0 - 5.3 1.9 - 4.5 - 5.4 1.5 - 6.29 - 6.17 
4 12 0.3 0.4 0.3 - 6.6 - 3.8 2.0 - 5.3 - 3.4 1.0 - 6.27 - 5.30 
7 4 0.5 0.4 0.3 -13.4 -13.7 1.1 -12.7 -15.4 0.6 -13.21 -13.16 
7 8 1.0 0.4 0.4 - 5.2 -10.4 2.2 -15.6 -13.9 0.6 -13.20 -13.17 
7 12 0.7 0.4 0.4 - 9.8 -10.4 2.9 -14.6 -14.7 1.8 -13.17 -12.52 

Table 1: Comparison of the direction-of-arrival estimation of horizontal and vertical 
angles using the MUSIC only and MUSIC with the first ray selection. 

5. CONCLUSIONS 

In this paper, we have proposed a DOA estimation algorithm based on the MUSIC and the 
first ray selection. Analysis of experimental data shows that the proposed method can be used 
in multipath environments where it improves the accuracy of DOA estimation. 

However, the large sound velocity gradient (related to the large temperature gradient) in 
shallow water environments may result in specific ray propagation conditions, in which small 
variations of the vertical angle estimates can lead to large position estimation errors. In this 
case, for accurate underwater position estimation, we need to use additional data such as 
depth of the submersible object (can be transmitted by an acoustic telemetry link) or to use 
target tracking methods. 
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Abstract: A novel framework for collaborative estimation of multiple underwater acoustic 
(UWA) communication channels, considering the high correlation of received signals in a 
linear hydrophone array, is developed and evaluated. Throughout this work, the channel 
is assumed to be a time-variant linear system and is represented by its 3D delay-Doppler-
depth function (DDDF), an extension of the 1D impulse response of LTI systems. To 
jointly estimate the DDDF coefficients for all hydrophones in a linear receiver array, 
sparse estimation techniques such as Orthogonal Matching Pursuit (OMP) and Basis 
Pursuit (BP) are used. A new structured dictionary matrix is introduced to encompass the 
linear structure of energetic parts of the DDDF corresponding to wavefronts impinging 
upon the array. The over-complete structured dictionary is built by concatenating small 
blocks, each defining a candidate wavefront in the 3D DDDF image. Blocks are swept 
according to a grid of slopes, delay and Doppler shifts. To reduce the problem size and 
increase the performance, lines are replaced by Gaussian tubes in the structured 
dictionary. These can accommodate wavefronts that deviate slightly from the linear 
assumption. For near-field scenarios where wavefronts are more markedly nonlinear, an 
additional step is applied to fully retrieve the evolution pattern in the DDDF by solving a 
fast BP problem with narrow delay/Doppler support. The collaborative framework makes 
it possible to leverage the spatial dimension to detect arrival patterns across the array 
whose estimation would be too unreliable based on a single hydrophone, while retaining 
reasonable computational complexity. The practical feasibility of the developed schemes 
is assessed for various channel configurations using both simulations and experimental 
data collected during the CALCOM’10 sea trial in Faro, Portugal, 2010. 

Keywords: Underwater Acoustic Communication, Channel Estimation, Structured 
Sparsity, Group Matching Pursuit, Basis Pursuit, Delay Doppler Depth Function (DDDF) 
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1. INTRODUCTION

Time-varying channel responses may be modeled by (2D) Delay-Doppler Spread 
Functions (DDSF), a generalization of the concept of time-invariant channel impulse 
response to the time-frequency plane that introduces a Doppler dimension [1]. The 
received signal is considered as a sum of replicas of the transmitted signal, each associated 
with a given delay and Doppler shift that are assumed persistent over an averaging span 
[2]. Nearly all DDSFs of practical UWA are sparse with most of the energy localized in 
several small regions [2]. Exploiting sparsity is a key insight for attaining a generic delay-
Doppler representation of underwater channels with manageable complexity using sparse 
estimation methods. 

This work presents a framework for identifying UWA time-varying channels using a 
3D delay-Doppler-depth function (DDDF). Fig. 2a shows thresholded coefficients of a 
DDDF in a volumetric plot which may be viewed as the spatio-temporal “skeleton” of the 
acoustic field, comprising several wavefronts that impinge upon a receiver array, after 
interacting with the surface and/or bottom. Such functions are represented by a potentially 
large set of coefficients, but sparsity ensures that most of them are zero, except for a small 
subset that explains how the observed channel outputs are produced from an input signal. 

The main contribution of this work is developing collaborative approaches for channel 
estimation of multiple UWA communication links, focusing on high correlation of 
received signals in a linear array. Orthogonal Matching Pursuit (OMP) and Basis Pursuit 
(BP) are used to jointly estimate the DDDF coefficients for all hydrophones. A new 
concept for building the over-complete dictionary matrix is presented to leverage the 
linear structure of energetic parts of the DDDF corresponding to wavefronts impinging 
upon the array. In addition to fast channel estimation, this approach detects the key 
“skeleton” of the acoustic field contained in DDDFs and contributes to improve the 
robustness of subsequent detection algorithms that utilize that structure. 

2. TIME-VARYING CHANNEL MODEL 

A sampled baseband representation of a time-varying channel, for the transmitted 
signal, x(n), and the received signal, y(n), is adopted with the following discrete-time 
input-output model, 

),()(
, , knxuny
lk llk        ,)()( 2 nj

l
lenxnx    (1) 

where the sampling frequency, fs, is a multiple of the input signal bandwidth and 
)/( sl Tfl  for an input block of duration T. The DDSF, whose samples uk,l  appear in (1), 

is the Fourier transform of the channel impulse response along the time variable. In a 
multipath channel the (continuous) DDSF comprises a set of impulses in delay-Doppler,  

)()(),(
1 pp

N

p p
pU . (2) 

The channel model (1) is linear in the DDSF coefficients, and may be written in matrix 
form as y = Xu, where y denotes a vector of M observed samples, u holds the DDSF 
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coefficients to be determined, and X is the known dictionary matrix. To address the 
collaborative channel estimation problem, the channel model is represented as Y = XU, 
where Y and U are, respectively, the matrix of M received samples and the matrix of 
unknown DDSF coefficients for all hydrophones. 

 

                   
(a)                                                                                (b) 

Fig. 1: (a) A sample Delay-Doppler-Depth Function (DDDF) for an array of 16 hydrophones with equal 
spacing. (b) Arrival time delay vs. hydrophone depth. 

2.1. Individual Channel Estimation Through Basis Pursuit Methods 

Basis Pursuit (BP) techniques are used to find sparse approximate solutions to large 
underdetermined linear systems of equations. According to the original BP principle, a 
signal is decomposed into a superposition of highly redundant dictionary signals, and an 
optimal set of weights is found such that the resulting coefficient vector has minimum l1 
norm. Among several variations of BP that have been proposed [3], we are mainly 
interested in solving unconstrained l2-l1 optimization problems of the form 

min
u

1
2

y- Xu
2

2 +τ u
1
, (3) 

where the first term measures how well the candidate solution fits the observed data while 
the second one acts as a regularizer for setting zero for small coefficients. The 
regularization parameter  controls the relative weight of the two terms.  

Sparse Reconstruction by Separable Approximation (SpaRSA) and Two-step Iterative 
Shrinkage/Thresholding (TwIST) [4] are two elegant methods for solving unconstrained 
l2-l1 optimization problems with complex variables and data [5].  

3. STRUCTURED CHANNEL ESTIMATION 

Matching Pursuit iteratively decomposes a signal into a linear expansion of waveforms 
that are selected from a redundant dictionary. Both MP and OMP sequentially select 
dominant taps of the DDSF that maximize the projection of the residual observation vector 
onto the corresponding symbol vector and then calculate tap coefficients. The difference is 
that MP calculates each tap coefficient directly from the projection, while OMP derives a 
joint LS solution for the coefficients of all the selected taps [2]. 

To jointly estimate the DDSF for all hydrophones in the receiver array, a new Group 
Matching Pursuit approach is introduced. This is more efficient and accurate than 
independently processing each hydrophone in the array to obtain the set of (correlated) 
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channel estimates. In this scheme the structured dictionary matrix encompasses the linear 
structure of energetic parts of the DDDF corresponding to wavefronts impinging upon the 
array (see Fig. 1). As Fig. 2 illustrates, the over-complete structured dictionary, D, is built 
by concatenating small blocks, each defining a candidate wavefront in the 3D DDDF 
image. Blocks are swept according to a grid of slopes, delay and Doppler shifts. To reduce 
the problem size and increase the performance, lines are replaced by Gaussian tubes in the 
structured dictionary. These can accommodate wavefronts that deviate slightly from the 
linear assumption. 

Fig. 2: (a) Matrix of M observed samples for all hydrophones. (b) 3D delay-Doppler-depth matrix. (c) 
Structured dictionary matrix 

 
The proposed joint channel estimation technique consists of two main steps. At each 

iteration, the first step detects the active wavefront from the structured dictionary matrix D 
that correlates best with the approximation residual from the previous iteration, Rt-1, 

2

2

2

1

1

maxarg
s

t
H
s

Is
t

D

RD
p

t

, 
         

(4) 

where It-1 is the index set of all previously selected blocks. The initial residual is the 
observation vector, R0 = Y. At each iteration, the residual matrix, R, is built by attaching 
the residual vectors, r, computed for each receiver. When the same structured dictionary 
matrix is repeatedly applied to different observation vectors, the online computation of 
inner products can be eliminated by precomputing a table with all inner products with 
blocks of the dictionary matrix. Estimation of the unknown coefficients is done in the 
second step of this Group Matching Pursuit (GMP) approach. For near-field scenarios 
where wavefronts are more markedly nonlinear, an alternative step is applied to fully 
retrieve the evolution pattern in the DDDF by solving a fast BP/OMP problem with 
narrow delay/Doppler support, defined by a local over-complete dictionary matrix for each 
receiver. This is termed here Group Matching/Basis Pursuit (GMBP). 

The stopping criterion can be based on evaluating pt at each iteration, comparing to p0 
for the first selected wavefront. The whole proposed collaborative channel estimation 
scheme can be summarized as follow: 

1. Initialize R0 = Y 
2. Select a block from the structured dictionary matrix as in (4) 
3. Estimate the coefficients for each hydrophone using narrow delay/Doppler support 

applying the BP method as described in section 2.1 with local dictionary matrix Xl. 
4. Update pII tt 1 and pltt uXrr 1  for each receiver. 
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5. If the stopping criterion is not met go to the 2nd step 

In [6] a robust approach is presented to deal with wavefront classification and assign 
the appropriate number of surface and bottom bounces to a propagation path detected in 
the 3D channel response, considering possible omission or duplication of some paths.  

 

 
Fig. 3: Simulation results on channel estimation. (a) Individual channel estimation using BP methods 

(TwIST). (b) Group Matching Pursuit (GMP). (c) Group Matching/Basis Pursuit (GMBP). 

4. PERFORMANCE ASSESSMENT 

Performance evaluation of the collaborative estimation of sparse DDDF in single-
carrier (QPSK) transmissions over simulated and real underwater channels is presented in 
this section.  

Simulation results are obtained using an underwater acoustic simulator developed by 
the University of Algarve. The transmission uses 5.5 kHz carrier frequency, 4.5 kHz 
bandwidth, root-raised-cosine (RRC) pulse shapes, and total duration 1 s. The baseband 
received signal is sampled at 4 times the symbol rate, fs=12 kHz.  

Fig. 3 shows the DDDF estimation results for this channel using simulated data. 
Comparing to individual channel estimation presented in Fig. 3.a it is seen that both 
structured sparsity techniques detect the major structure of the DDDF. However, GMBP 
provides better channel estimates than GMP. 

The experimental results are based on data collected during the CALCOM'10 sea trial 
which was conducted south of Faro, Portugal, on June 2010. The receiver was a vertical 
drifting array with 16 uniformly-spaced hydrophones from 6 m to 66 m depth and the 
source was attached to the boat at 10 m depth. We focus on QPSK packets at 5.6 kbit/s, 
with 4.5 kHz bandwidth, 5.5 kHz carrier frequency (refer to [6] for more details).  

As the experimental channel estimation results of Fig. 4 illustrate, GMBP (Fig. 4.b) 
captures the effective support region for the DDDF reasonably well. In this case, due to 
the high noise level in the experimental data, GMBP fails to detect the topmost wavefront 
shown in Fig.4.a. Also due to the same noise issue in practical situations, GMP was found 
to provide poor performance for collaborative channel estimation in CALCOM’10 data. 

5. CONCLUSION 

This work addresses the problem of collaborative channel estimation of multiple 
underwater acoustic (UWA) communication channels in a linear receiver array, applying 
sparse estimation techniques such as Orthogonal Matching Pursuit (OMP) and Basis 
Pursuit (BP). 
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Fig. 4: Channel estimation results using experimental data. (a) Individual channel estimation using BP 

methods (TwIST). (b) Group Matching/Basis Pursuit (GMBP). 
 
Comparing to individual channel estimation, the presented collaborative scheme makes 

it possible to leverage the spatial dimension to detect arrival patterns across the array 
whose estimation would be too unreliable based on a single hydrophone, while retaining 
reasonable computational complexity. 

Using both simulated and real data, the performance of the developed collaborative 
channel estimation approach is compared to the individual Basis Pursuit approach which 
has been proposed previously for similar purposes. Not only does this approach lead to 
fast channel estimation, but the induced structured sparseness also detects the “skeleton” 
of the acoustic field contained in DDDFs and thereby contributes to improve the 
robustness of subsequent detection and estimation algorithms that exploit that structure. 
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Abstract: In this paper, a novel adaptive detector for asynchronous transmission is 
proposed for a two-way relay network (TWRN) system on shallow water acoustic 
channels. During uplink transmission, the relay employs an adaptive centralized decision 
feedback equalizer (CDFE) for jointly mitigating multi-access interference (MAI) and 
inter-symbol interference (ISI) with the aid of interleaved division multiple access (IDMA) 
detection. With traditional IDMA detection, extrinsic log-likelihood ratios (LLR) of the 
transmitted symbols are exchanged between a posteriori probability (APP) decoders 
(DEC) and the elementary signal estimator (ESE) in a turbo-like manner. In the proposed 
CDFE-IDMA receiver, the exchange of LLRs takes place between the decoders and the 
CDFE equalizer resulting in number of propagated bit errors from the IDMA detector to 
the feedback filters of the CDFE being reduced with increasing iterations. During the 
broadcast phase, the relay applies the XOR operation to the detected users' data bits and 
broadcasts the resulting vector to both users. Simulation results show robust performance 
of the end-to-end TWRN transmission on underwater acoustic channels using the adaptive 
CDFE-IDMA detection at the relay. The CDFE-IDMA detector has been evaluated for 
different transmission delays of the second user's received frames to illustrate its 
consistency against asynchronous dispersion during the uplink phase. Simulation results 
show that the CDFE equalizer can compensate for the channel effects by up to an 8 
symbol asynchronous transmission arrival delay between the users’ frames. The 
performance of the CDFE-IDMA detector is also compared with code division multiple 
access (CDFE-CDMA) for uplink transmission. The CDFE equalization performs better 
with IDMA detection rather than CDMA utilizing the same code rate. This is because the 
spreading sequence length used in CDMA causes a high correlation between user signals. 
In contrast, the interleaver in the IDMA transmitter helps to separate user signals more 
effectively than CDMA detections. 

Keywords: DFE, CDFE-IDMA, CDFE-IDMA 
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1. INTRODUCTION

In two-way relay network (TWRN) scenarios, two users exchange information 
packages via an intermediate relay node. Different proposed protocols have been used in 
TWRN systems to enhance both throughput and power efficiency. Originally, the relay 
needs four time slots for forwarding users data. Network coding reduces the number of 
time slots to three [1] and further reduction of time slots can be obtained by using physical 
network coding (PNC) [2]. The complexity of the channel estimation in TWRN 
environments means that most research in this area assumes flat fading channels for 
analysing PNC detectors [3]. Multidimensional equalizers are typically proposed to reduce 
the adjacent channel interference that can often appear in mobile data transmission [4]. 
This technique has been exploited to jointly eliminate inter-symbol interference (ISI) and 
multi-access interference (MAI) by using centralized decision feedback equalizers 
(CDFE) [5] for two users. In these receivers, the MAI has been subtracted by using 
crossed feedback filters in conjunction with code division multiple access (CDMA) [6] as 
a multi-user detector (MUD). 

Interleaved division multiple access (IDMA) is another form of MUD which, unlike 
CDMA, employs distinct interleavers [7] to separate each user's data. Thus, in this paper, a 
novel CDFE-IDMA detector has been developed for a TWRN on acoustic underwater 
channels. To overcome the uplink channels effects, the relay receiver has been equipped 
with two DFE equalizers to jointly eliminate ISI and MAI on the received signal. Utilizing 
such a receiver prevents the relay from computing a complex channel estimation process 
and provides an efficient receiver for asynchronous users. The IDMA detector iteratively 
returns the hard-limited symbols to the equalizers to optimize the cost function employed 
in the adaptive algorithm. 

2. TWRN TRANSMISSION 

The uplink transmitter of kth user is shown in Fig. 1. The Nd info bits 
T

dkkkk Nbmbbb )]1(,),(,),0([  are encoded by a low rate encoder, generating dk(i), 
where ,1 Kk  2K  is the number of active users, 1,,1,0 cNi  and Nc is the 
number of coded bits. Here, (.)T indicates the transpose operation. Subsequently, each dk(i) 
is repeated S times by the upsampler producing ck(n) where iSn ],,,2,1[ . A specific 
pseudo-random interleaver for each user ( k) then permutes )(nck  chips to )(nxn . After 
interleaving, each group of interleaved coded chips is mapped onto complex QPSK 
symbols )( jsk  that are taken from a M-ary symbol alphabet: M,.......,1 , where 
M=4. Hence, the output symbols of each user sk

T
skkk Nsjss )]1(,),(,),0([ , where 

Ns is the number of transmitted symbols, are preceded by a user specific training sequence 
pk of length Nt to form the transmitted frame.  

The baseband received signal is given by 
1

0
22

1

0
11

11

),0[),()()()()()(
L

l
sj

L

l
Njvljzlhljzlhjr       (1) 

where  is the time delay of user 2’s packets relative to user 1, and zk = [ pk , sk ] are the 
samples of the transmitted frames for kth user. 1
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coefficients of length L1 and L2 for user1 and user2, respectively, and v(j) are samples of 
additive white Gaussian noise (AWGN) with variance 2/2

oN . 

 
Fig.1: The kth user transmitter components. 

3. THE PROPOSED RELAY STRUCTURE 

The proposed receiver structure for the relay is depicted in Fig. 2. A CDFE equalizer has 
been used to mitigate the ISI and MAI effects for each user. The filter taps are determined 
so that they minimize the sum of weighted squared error. The error signal for the kth user 
is given by 

),(ˆ)(ˆ
),(ˆ)(

)(
jyjs
jyjs

je
kk

kk
k                                                                                               (2) 

where )( jsk and )(ˆ jsk are known training and the estimated data symbols, respectively. 
We assume ,, 1f

kk

N
ff Cuw  ,,1

k

b

k c
N

b wCu  and ,, 1c

kk

N
cc Cuw  are the filter weights 

and the observation vectors for feed-forward, feed-backward and cross-feedback filters 
with length fN , bN  and cN , respectively. The output of the equalizer is given by 
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,                                                                                      (5)

where cbf NNNN , and T
c

T
b

T
fk kkk

wwww . Hence, )( jwk is updated 
recursively according to the relation 

 
)()()1()( jejKjwjw kkkk ,                                                                                  (6) 

where )()()( jujPjK H
fk k

 is the Kalman gain vector and )( jP  is the inverse value of the 
recursive auto correlation of ku which is determined as follows 
 

1
, ])1([)( k

H
kuu uujRjP

kk
,                                                                                  (7) 

where H denotes conjugate transpose.  
The demapper converts the output of the equalizers to soft bits, which are fed to the 

deinterleaver. The APP-DEC soft output bits are interleaved and mapped to hard symbols 
and sent back to the equalizers.  The output of the demapper and the APP-DEC are 
extrinsic LLRs of )( jxq

k is the qth bit in the jth transmitted symbol )( jsk of user k and
)(log,,0 2 Mq . The equalized output symbols for the kth user can be expressed as 

 
)()()(ˆ jjsjy kkk ,                                                                                                (8) 

where )( jk  represents residual distortion, including residual MAI, ISI and AWGN. The 
demapper’s extrinsic LLR output of )( jxq

k  is given as  

 

FEC Mod. 
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Fig.2: Proposed Relay Structure. 
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which will be sent as soft values to the APP-DEC. The conditional probability in (9) can 
be calculated using Bayes’ formula as follows 
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where a [0 , 1]. The notation )(t  is representing the th  bit in symbol where 
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where pA  is the a priori value of kx . However, it is obvious in Fig. 2 that the a priori 
values of ADD-DEC are returned back to the CDFE equalizer. Thus, the extrinsic soft 
outputs of the demapper depend only on the equalized symbols. Hence .1pA  

Applying Gaussian approximation to the real part of (8) [7], the extrinsic soft values of 
(11) can be calculated as  

.
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If ideal equalization is assumed for the last IDMA iteration, then (12) can be rewritten 
as 

,)(ˆ
2)]([ 2
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I
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where 0))(( jE I
k  and 2))(( jVar I

k  due to the absence of multiuser interferance. 
The equations presented for the real part can be adjusted accordingly to obtain the 
imaginary part )]([ jxe q

k
Q
dem  of the extrinsic LLR at the demapper output. The DECs 
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performs standard APP decoding using ))((~ idl kdec  as input, and generates a posterior 
LLRs 

  
Fig.3: normalized channel impulse response for both users. 

 
 ))(( ide kdec . The extrinsic LLR values of ))((~ nxl kmap are modulated and then fed to the 

feedback filters of the CDFE equalizers to minimize the error signal in the next IDMA 
iteration. 

4. SIMULATION RESULTS 

The performance of the link-to-link TWRN system is evaluated for CDFE-IDMA and 
CDFE-CDMA systems. For both IDMA and CDMA transmitters, each user encodes 2000 
information bits. Half rate convolution coding with ¼ spreading have been used in the 
encoder. The coded bits modulated using QPSK mapping. Each frame of the transmitted 
symbols are headed by 511 training symbols. The normalized impulse response channels 
given in Fig. 3 have been used in the simulations for both users. The channels are 
experimentally obtained by sea-trials conducted by Newcastle University in the North 
Sea. 

Fig.5  depicts the performance of the TWRN system for asynchronous uplink 
transmission between user 2 and user 1. As shown in the figure, the 30-tap forward filter 
of the CDFE equalizer can compensate for the asynchronous dispersion up to 24 symbol 
delays (i.e 24). However, when  approaches to span the length of the Feed-forward 
filter the amount of ISI and MAI interference in the received signal lead to reduce the 
equalization efficiency and IDMA detection. The performance penalty increases 
gradually as the symbol asynchronous delay increases. It can be noticed from the figure 
that 30 symbols delay produces a 2.3 dB performance penalty at a BER=10-5. This is 
because the amount of channel disruption results in further ineffective equalization at the 
relay receiver due to higher propagation of bit errors from the IDMA output to the 
equalizer feedback filters. 

5. CONCLUSION 

In this paper, a novel CDFE-IDMA detector has been analysed and used at the relay in 
a TWRN system. In the proposed system, the IDMA iteratively feeds back the detected 
bits to the CDFE equalizer for jointly removing ISI and MAI effects. Simulation results 

1st International Conference and Exhibition on Underwater Acoustics

1385



 

show robust performance of the end-to-end transmission of TWRN system over 

             
 
 
 
 

frequency selective channels. Under asynchronous transmission between the users’ 
packets, the system efficiency found to be robust for up to a delay of 8 symbols. 

The performance of CDFE-IDMA and CDFE-CDMA in terms of the bit error rates 
(BER) vs. ob NE / in dB is shown in Fig. 4.  Although, the number of training chips used 
for CDMA is 4 times more than that used in IDMA, CDFE-IDMA performs better than 
CDFE-CDMA. This is because the spreading length of CDMA is too short, which is a 4-
chip Walsh-Hadamard sequence and cannot provide a high decorrelation between the 
users. At the same time, the longer interleaver length used in IDMA, compared with that 
in CDMA, results in better IDMA detection and better burst-error correction. 
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Fig.4: Performance comparison of CDFE-
IDMA and CDFE-CDMA  

Fig.5: Performance of different asynchronous 
delays between the users.  
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Abstract: Bathymetric sonar systems (whether multibeam or phase-differencing sidescan) 
contain an inherent trade-off between resolution and uncertainty. Systems are traditionally 
designed with a fixed spatial resolution, and the parameter settings are optimized to minimize 
the uncertainty in the soundings within that constraint. By fixing the spatial resolution of the 
system, current generation sonars operate sub-optimally when the SNR is high, producing 
soundings with lower resolution than is supportable by the data, and inefficiently when the 
SNR is low, producing high-uncertainty soundings of little value. Here we propose fixing the 
sounding measurement uncertainty instead, and optimizing the resolution of the system within 
that uncertainty constraint.  Fixing the sounding measurement uncertainty produces a swath 
with a variable number of bathymetric estimates per ping, in which each estimate’s spatial 
resolution is optimized by combining measurements only until the desired depth uncertainty 
is achieved. When the signal to noise ratio is sufficiently high such that the desired depth 
uncertainty is achieved with individual measurements, bathymetric estimates are produced at 
the sonar’s full resolution capability. Correspondingly, a sonar’s resolution is no-longer only 
considered as a property of the sonar (based on, for example, beamwidth and bandwidth,) 
but now incorporates geometrical aspects of the measurements and environmental factors 
(e.g., seafloor scattering strength). Examples are shown from both multibeam and phase-
differencing sonar systems. 

Keywords: sidescan, multibeam, interoferometric, phase-differencing, uncertainty, resolution 
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INTRODUCTION

Bathymetric sonar systems (whether multibeam or phase-differencing sidescan) contain an 
inherent trade-off between the resolution and uncertainty of their soundings. To better 
understand the trade-off, consider the traditional measures of system resolution. Resolution is 
a system’s ability to distinguish adjacent objects. (This should not be confused with a systems 
ability to detect an object, which is related, but wholly different.) For multibeam sonar 
systems, the resolution of the system differs depending on the geometry of the beam width 
the seafloor. For beams intersecting the seafloor at near normal incidence, the seafloor within 
the whole of the beam is ensonified nearly instantaneously and the resolution of the 
measurement is determined by the along-track and across-track extent of the beam. In this 
case we say the resolution is “beam limited”. For beams intersecting the seafloor at oblique 
incidence, the transmitted signal ensonifies only portions of the intersection of the beam and 
the seafloor at each instant. In this case the resolution is usually said to be given by the along-
track extent of the beam, in the along-track direction, and half the projection of the effective 
transmit pulse length onto the seafloor, in the across-track direction. The effective transmit 
pulse length is approximately one over the bandwidth of the signal. For beams intersecting 
the seafloor at oblique incidence we say the resolution is “pulse-limited”.  

For phase-differencing sidescan systems, the resolution of the system can be described by 
the pulse-limited case explained above, in which the along-track resolution is defined by the 
along-track extent of the beam width and the across-track resolution is defined by half the 
effective transmit pulse projected onto the seafloor. Like multibeam systems, near normal 
incidence, large portions of the seafloor are ensonified instantaneously due to the geometry of 
the intersection of the transmit pulse and the seafloor. But unlike multibeam systems, for 
phase-differencing sidescans, the portion of the seafloor ensonified is not constrained by the 
across-track beamwidth, which is wide in the across-track direction. The large amount of 
seafloor ensonified with each measurement results in particularly poor resolution there and 
these soundings are often discarded. For either system in the pulse limited case an underlying 
assumption is that the sample rate of the system is matched to half the projection of the 
effective transmit pulse length onto the seafloor, such that each parcel of seafloor is sampled 
at least once. For the purposes of this paper, we assume that this sampling criterion has been 
met. A detailed discussion of resolution with regard to both multibeam and phase-
differencing systems can be found in [1]. 

Because beamwidths and sample rates are usually fixed by the sonar hardware and 
transmit bandwidth is not typically adjusted dynamically, we define the expression 
“maximum resolution of the system” to be the resolution that results from a fixed 
combination of these parameters and when individual measurements are used to produce 
soundings. However, soundings are more often generated from a combination of multiple 
measurements, and it is this combination that we seek to optimize the trade-off between 
resolution and uncertainty. We acknowledge, and discuss later, that additional parameters 
(e.g. transmit bandwidth, power etc.) might also be adjusted to better balance these trade-offs, 
but this is largely left to future work.  

Under a fixed set of beamwidths, transmit bandwidth and sample rate, systems may be 
optimised for high resolution by considering every sample independently with little to no 
averaging or estimation methods applied to reduce noise. However, the resulting soundings 
contain relatively high uncertainty. Such is the case, for example, in phase-differencing 
sidescan systems whose full sample rate data is designed for appealing sidescan imagery 
rather than noise-free bathymetry. The volume of data and noise inherent in such systems can 
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make processing difficult and the usability of the bathymetry limited. Alternatively, systems 
may be optimised for low uncertainty, having averaging or estimation methods that combine 
measurements to reduce the noise of their individual measurements. For example, multibeam 
sonar systems commonly estimate bathymetry within a beam by fitting a curve to a time 
series of differential phase measured from two sub-apertures of the receive array, and 
choosing the “zero-crossing” of the phase ramp that results when the transmit pulse passes 
through the intersection of the beam’s broadside and the seafloor. The zero-crossing marks 
the travel time associated with the sounding for that beam. While soundings could be 
generated from each differential phase measurement in the curve, the curve-fitting procedure 
is an averaging process that produces just a single sounding whose uncertainty is greatly 
reduced. The curve fitting process also reduces the resolution of the system, roughly to the 
distance corresponding to the length of the curve fit. By comparison, the post-processing of 
multibeam bathymetric sonar data, having lower noise in their soundings, is relatively 
straightforward. However when the signal to noise ratio (SNR) is sufficiently high, small 
adjacent objects that might have been resolved by the system’s individual phase 
measurements may be left unresolved due to the averaging inherent in the curve fitting 
process.  

In this paper, we propose a method to optimize the trade-off between resolution and 
uncertainty in multibeam and phase-differencing sidescan bathymetric sonar systems. 
Specifically, we propose estimating the receive angle or phase measurement uncertainty 
empirically, followed by the use of this estimate to predict the depth uncertainty, and finally, 
the combination of individual receive angle measurements in an uncertainty weighted mean 
until the predicted depth uncertainty of their combination falls below a user specified limit. 
When the depth uncertainty limit is achieved, only those measurements required to achieve it 
contribute to the reported sounding. In this way, for a given beam configuration, bandwidth 
and sample rate the maximum resolution of the system is provided within the desired 
uncertainty constraint.    

METHOD

The proposed method, whether implemented for multibeam or phase-differencing sidescan 
systems begins with a time series of the acoustic receive angle measurements for each of the 
port and starboard sides of the swath. Algorithms for phase-differencing sidescan processing 
(Vernier, CAATI [2], etc.), which involve determining receive angle from phase-differences 
between pairs or rows of staves need not be altered and we may use the receive angle time 
series for each side of the swath that results. However typical processing steps of multibeam 
sonar data, which measure the two-way travel time at fixed beam angles, must be modified to 
produce the receive angle time series we desire.  

In multibeam sonar systems, seafloor detections are made from beam-formed data by 
signal amplitude, for near-normal incidence beams, or by determining the “zero-crossing” of 
the phase difference of two receive sub-arrays, for oblique incidence beams. Methods 
proposed here are limited to phase-difference detections only.  

The phase-difference zero-crossing marks the instant the transmit pulse (and its return) 
passes through the intersection of the broadside direction of the beam and the seafloor. A 
phase ramp time series from an outer beam is shown in Fig 1. In typical multibeam system 
processing, a curve is fit to this phase ramp from which the zero crossing, and hence the two-
way travel time of the transmitted pulse, is determined. Older generation systems produce 
just a single sounding from the zero-crossing itself for each beam, while newer systems fit 
several curves or average fixed subsets of the phase ramp producing several soundings from 
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each beam [3]. In either case the across-track resolution of the resulting soundings, as defined 
by the horizontal extent of the curve fitting or averaging length, is predetermined. 

 

 
 

Fig 1. The sub-aperture differential phase is plotted as a function of range, for an outer 
beam of a multibeam system. The passage of the transmit pulse through the intersection of the 

beam and the seafloor is evident at ranges of 43-47 meters. Circled measurements indicate 
those measurements falling with ½ beamwidth of the center of the beam and meeting an SNR 
threshold. A curve is fit to this data to determine the “zero-crossing” of the phase ramp as 

shown, from which a single sounding is determined. 
 
 
For the method proposed here, individual phase difference measurements are extracted 

from the beam sub-aperture phase difference data that fall within +/- one half the full-array 
beamwidth from the center of the beam as marked by the zero crossing. These are further 
limited by those measurements meeting a minimum SNR threshold, typically 15dB, where 
the SNR is estimated from the increase in signal level due to the seafloor return above noise 
generated by the system, side-lobes and other sources.   

Receive angles relative to broadside of the beam are determined from these phase 
differences using Equation 1, where  is the receive angle,  is phase difference,  is the 
acoustic wavelength and  is the sub-aperture separation. 

 
       (1) 

 
These beam-relative angles are then added to the beam pointing direction giving a receive 

angle relative to the sonar for each measurement. Measurements from all the beams are 
stitched together in time to produce a time series of receive angle measurements for each of 
the port and starboard sides of the swath. Where beams overlap, coincident receive angle 
measurements from adjacent beams may result. These measurements are averaged to give 
just a single measurement per time-series sample.  

Multibeam data processed in this way resembles phase differencing sidescan data after 
initial phase-differencing processing for each system is complete, in that both systems 
produce a time series of receive angle measurements for each side of the array (Fig 2). These 
individual phase difference measurements are noisy compared to zero-crossing derived data, 
but occur at spatial intervals approaching the maximum resolution of the system, given the 
transmit pulse length, beam widths and sample rate. The optimization method that follows is 
implemented on receive angle time series such as those shown here for either sonar type. 
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Fig. 2 Receive angle vs range is plotted for both a phase-differencing sonar system (left) 

and a multibeam sonar system (right). In both cases individual phase difference 
measurements are converted to receive angle relative to the array and are plotted. It is from 
these time series that the proposed optimization method operates. Because data shown were 
collected under different circumstances in different places qualitative comparisons between 

these plots is inappropriate and not intended.  
 
 
First, an estimate of the receive angle uncertainty is made over constant interval horizontal 

range bins, where horizontal distances are calculated assuming a flat seafloor having the nadir 
depth. To estimate the uncertainty in each range bin, a 2nd degree polynomial curve is fit to 
the receive angle measurements vs. slant range and the root mean square (RMS) of the 
residuals is calculated (Fig. 3). This RMS value is then used as an estimate of the uncertainty 
for all individual measurements within the segment.    

 

 
Fig. 3 A polynomial curve is fit to 1-m  portions of the receive angle time series. The RMS 

of the residuals to that curve, as illustrated above, provides an estimate to the uncertainty in 
the individual measurements.  

 
The depth uncertainty,  that results from the receive angle uncertainty of each 

measurement is next calculated as shown in Equation 2, where Ri is the slant range,  is the 
receive angle relative to horizontal and  is the uncertainty of the receive angle. 

 
 

����� �� ���       
 (2) 
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The depth uncertainty, ���, is then compared to a depth uncertainty limit set by the 

operator, perhaps 0.1% of the mean water depth. When the predicted depth uncertainty is less 
than the limit, the receive angle measurement is retained to produce a sounding. However, 
when the predicted depth uncertainty is more than the limit, the receive angle measurement is 
combined in an uncertainty weighted mean with adjacent measurements as shown in 
Equation 3. The predicted uncertainty of this mean value is given by Equation 4. 

 
� ����

�
�

��
�
�

 , where �� ���
      (3) 

 

�� ��
�
�

        (4) 

In these expressions, the weights, wi, are the reciprocal of the angle uncertainty expressed 
as a variance. The number of points, N, combined in the receive angle estimate is determined 
by the number of points required to reduce the predicted depth uncertainty below the user 
defined limit (Equation 2 with the predicted receive angle uncertainty of the weighted mean, 
�� substituted for the measured receive angle uncertainty of the individual measurement, 
��� .  The process is repeated across the swath, either producing soundings from single 
measurements when the SNR and other factors are sufficiently favourable to produce 
measurements whose depth uncertainty is below the desired limit, or combining 
measurements automatically to meet the desired uncertainty limit where it is not.   

RESULTS AND DISCUSSION 

Phase-differencing sidescan and multibeam data samples have been processed using the 
method described in Section 2 for illustration.  For the multibeam system, beam-formed data 
(256 beams, 150 degree swath) has been processed to produce sounding data sets with 
optimized resolution for maximum predicted uncertainty limits of 1%, 0.3% and 0.1% of the 
water depth. In addition, sounding data sets have been created using the individual receive 
angle measurements with no averaging (i.e. the full resolution of the system) and from the 
traditional zero-crossing methodology (producing just a single sounding per beam). For 
phase-differencing sidescan, data samples have been processed (out to 4xWD to each side) to 
produce sounding data sets having the same uncertainty limits of 1%, 0.3% and 0.1 % of 
water depth. In addition, a sounding data set is included using individual receive angle 
measurements (again, the full resolution of the system).  

In the zero-crossing processing, the curve from which the zero-crossing is extracted, is 
calculated as a weighted least-squares fit to those points falling one half beamwidth from the 
maximum amplitude of the beam and meeting the SNR threshold of 15dB. The estimated 
SNR of each measurement is roughly proportional to the variance of the phase-difference 
measurement and therefore serves as its weight. The fit is evaluated for outliers, which are 
removed in a subsequent fit before the zero-crossing is finally evaluated. 

The average across-track resolution was calculated for each data set. For individual 
measurements, whether multibeam or phase-differencing sidescan, resolution is calculated as 
half the pulselength projected onto the seafloor for the given geometry. For soundings 
resulting from the optimization process or for zero-crossing derived soundings, resolution is 
calculated as the horizontal extent over which individual measurements are combined, or 
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over which the curve is fit, as appropriate. Resolution for both sonar types is plotted in Fig 4. 
vs across-track range as a percentage of water depth. 

 
The average uncertainty was also calculated for each data set. In all cases, the variance of 

the resulting soundings was calculated in non-overlapping horizontal bins in the across-track 
direction. The average of these variance values was calculated over several pings and the 
square root of the result (the standard deviation) is plotted vs across-track range also in Fig. 4. 
The multibeam data was not motion corrected and although only a few seconds of data 
collected under benign conditions is shown, the resulting uncertainty estimates are noisy and 
may be artificially inflated. This omission does not affect the analysis.  

 

a.  b.  
 

c.  d.  

 
Fig. 4 Multibeam across-track resolution and uncertainty are shown in plots a. and b. in 

which resolution has been optimized within uncertainty constraints of 1%, 0.3% and 0.1% of 
the water depth. In addition, resolution and uncertainty are shown for soundings created 
from all phase measurements and soundings resulting from zero-crossing bottom detections. 
Phase-differencing sidescan resolution and uncertainty are shown in plots c. and d. for the 
same uncertainty constraints and also from individual measurements.  

 
By fixing the desired uncertainty, one is able to optimize the resolution within that 

constraint. For both multibeam and phase-differencing sidescan systems, as the uncertainty 
limit is decreased, additional measurements must be combined and the resolution degrades. 
For multibeam systems, depth uncertainty values comparable to that provided by zero-
crossing detections may be made with far fewer measurements allowing a greater resolution 
across the swath than zero-crossing detections provide. In effect, excess SNR goes unused in 
the zero-crossing method. For phase-differencing sidescan systems, uncertainty may be 
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reduced to levels comparable to multibeam systems by the combination of soundings. A 
comparable resolution results.   

Swaths of data produced by either system in this way will require a shift in thinking by 
surveyors. Rather than a fixed number of soundings per ping, sounding numbers and spacing 
will vary across a ping, with fewer sounding indicating where measurements were poor (had 
high uncertainty) and additional survey time may be warranted. In addition, when resolution 
is not a constraint, wider swath widths should be possible without the commensurate 
difficulty of excessively noisy soundings. What is more, by monitoring the uncertainty of the 
measurements in real time a system might automatically adjust other parameters such as 
transmit power and bandwidth, to compensate for SNR decreases that might result from a 
suddenly low backscatter seafloor or other environmental factors.  

Although the method is promising, there is potential danger in empirically estimating the 
uncertainty from the data itself. Specifically, the assumption inherent in estimating 
uncertainty from residuals to a curve fit results in an over-estimation of uncertainty when 
objects on the seafloor produce outliers to that curve. In this case, a bloated uncertainty 
results in the need to combine more measurements to meet the uncertainty constraint, at a 
moment when it would otherwise be advantageous to maximize resolution. While this 
smoothing of real seafloor features routinely happens in zero-crossing derived soundings, 
future developments of this method might better handle this scenario, perhaps by modelling 
the phase-difference measurement uncertainty based on SNR and measurement geometry. 
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Abstract: Bathymetric multibeam echosounders (MBES) classically improve their bottom 
detection resolution by increasing the number of beams with narrower beamwidths. Many 
independent detections are thus obtained when extracting one sounding in each beam. 
However when the pulse footprint on the bottom gets narrower than the beamwidth, which 
often happens at high incidence angles, it is possible to extract several independent 
bottom detections within the same beam.
These high-density soundings extraction methods present a still higher interest for MBES 
designed with rather “wide” beams (say 3° or more), so as to offer other benefits, such as 
compacity, low-cost, or low sidelobe levels as for fishery applications. 
This paper presents a simple way to derive multiple detections  from wide beamwidth 
systems, which does not involve direct phase-ramp  processing such as truncating, 
cleaning, smoothing and angle-crossing determination. Upon amplitude criteria  all 
samples from a phase ramp are selected, and geographically positioned through their 
slant range and antenna relative angle, deduced from the raw phase values. Detections 
corresponding to seabed echoes are then selected through geometrical contiguity criteria 
and allocated to geographical grid nodes. Depth of each grid node is then taken as 
median depth of related detections. 
Results of such processing are presented upon characteristic seabeds, and compared to 
MBES-embedded high-density extraction. Resolution and accuracy  issues of different 
strategies are discussed. 

Keywords: multibeam, bathymetry, interferometry, beamwidth 
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1. INTRODUCTION

Bathymetric multibeam echosounders (MBES) classically improve their bottom 
detection resolution by increasing the number of beams with narrower beamwidths. Many 
independent detections are thus obtained when extracting one sounding in each beam. 
However when the pulse footprint on the bottom gets narrower than the beamwidth, which 
often happens at high incidence angles, it is possible to extract several independent bottom 
detections within the same beam [1].  

These high-density soundings extraction methods present a still higher interest for 
MBES designed with rather “wide” beams (say 3° or more), so as to offer other benefits, 
such as compacity, low-cost, or low sidelobe levels as for fishery applications [2]. 

This paper presents a simple way to derive multiple detections  from wide beamwidth 
systems, which does not involve direct phase-ramp  processing such as truncating, 
cleaning, smoothing and angle-crossing determination. Upon amplitude criteria  all 
samples from a phase ramp are selected, and geographically positioned through their slant 
range and antenna relative angle, deduced from the raw phase values. Detections 
corresponding to seabed echoes are then selected through geometrical contiguity criteria 
and allocated to geographical grid nodes. Depth of each grid node is then taken as median 
depth of related detections. 

Results of such processing are presented upon characteristic seabeds, and compared to 
MBES-embedded high-density extraction. Resolution and accuracy  issues of different 
strategies are discussed. 

2. MATERIAL : SIMRAD ME70 FISHERY MULTIBEAM ECHOSOUNDER 

The proposed soundings extraction method is applied to ME70 MBES data. This 
MBES is designed to cope with water column data quantitative analysis requirements, in 
relation with fishery studies, such as biomass estimation [3]. Each beam transmits a 
specific frequency and presents a wide beamwidth compared to usual MBES, so as to 
achieve sufficient sidelobe reduction. Fig. 1a presents ME70 fishery mode configuration 
used by Ifremer. 

ME70 offers also a more classical bathymetric option, with single swath and single 
frequency transmission, whose caracteristics are also presented in Fig. 1b. 

Fig. 2 presents examples of water column swath views obtained in fishery and 
bathymetry configurations. Water column data remains very clean near the seabed in the 
fishery configuration thanks to the low sidelobe levels, but few and wide beams provide 
reduced bottom description. 

1st International Conference and Exhibition on Underwater Acoustics

1398



 

Fig.1: Beams across-track steering angles, frequencies, and across-track beamwidths 
for the fishery configuration (21 beams, blue) and bathymetric option (81 beams, red) 

 

Fig.2: Swath view in fishery configuration (left) and bathymetric option (right) 

3. METHOD FOR BUILDING  DIGITAL TERRAIN MODEL 

3.1. Data

For each ping transmission and each beam of ME70, backscattered signal amplitude 
along time is available, as well  across-track interferometric phase data within the beam, 
related to the echo mechanical angle of arrival. Along-track interferometric phase is also 
available along time for this sounder, enabled by square antenna design. This is an 
interesting feature profitable to interferometric localisation [4], whose impact is not 
detailed in this paper. 

Example of data is given in Fig. 3. The left part shows amplitude and angle behaviour 
along time for a beam whose steering angle is close to bottom normal incidence. Bottom 
echo is brief and exhibits a strong amplitude. The right part of Fig. 3 relates to a beam 
whose steering angle is away from bottom normal incidence. Seabed echo is composed of 
numerous samples, corresponding to pulse successive footprints sliding on the bottom 
along the beam, resulting in phase ramp observation.  

 
 
 

a b 
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Fig.3: Amplitude and across-track angle data along time, for one ping transmission, 
for two different steered beams 

3.2. Principle

A straightforward way to extract soundings of one ping of MBES data is to estimate for 
each beam the time of arrival of the echo originated by the portion of bottom located on 
the beam axis, through amplitude or zero-crossing phase detection (red dots Fig. 3) [1]. 
This provides one sounding per beam. However in the case of wide and sparse beams 
systems, this results in too rough bottom description. 

 
In the case of beams whose axis is not too close to bottom normal incidence, more than 

one sounding per beam can be extracted. Instead of estimating just the range of the echo 
whose angle of arrival corresponds to beam axis, several ranges corresponding to 
successive angles of arrival can be determined, providing several soundings [1]. This 
generally implies to locate the phase ramp, to clean and smooth it, and to truncate it into 
several parts to perform the angle-crossing determination. 

A different approach is proposed here. No direct processing is performed over the 
phase ramp. Beam samples corresponding to potential bottom echoes are selected, and  
geographically positioned through their slant range and mechanical angle given by their 
phase value. The bottom echoes selection is then refined through geographical contiguity 
criteria, and digital terrain model is deduced from the remaining cloud of soundings. 

3.3. Samples selection 

ME70 presents the particularity to provide amplitude calibrated data. Calibration 
procedures are performed through sphere calibration protocols [5] [6], where sounder 
target strength (TS) measurements over a reference metallic sphere are compared to 
reference TS  value. Samples amplitude can be also compensated for 2D beam pattern as 
along and across-track angles are measured. This enables to select samples corresponding 
to significant echoes just by comparing their amplitude transposed into calibrated TS or 
bottom backscattering coefficient to a given absolute threshold.  

Amplitude along time 

Echo across-track angle within the 
beam

0° steered beam: amplitude detection 

Amplitude along time 

Echo across angle within the 
beam 

45° steered beam: phase detection 
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Water column echoes differing from bottom ones can be retained with this threshold, as 
this is the case for fish schools for example. They are kept at this stage and differentiation 
will occur later. 

 
This first selection is convenient for ME70 fishery mode, with its very low sidelobe 

levels, both in across and along-track direction.  
However with a more conventional bathymetric design, as ME70 bathymetric option, 

numerous water column samples corresponding to bottom echo perceived through beam 
sidelobes will be selected. Their density and proximity to the seabed will make them 
difficult to separate from bottom soundings through geographical coherence criteria. 

To cope with this, for a given ping and a given time sample, maximum amplitude over 
all beams is considered, and only samples from beams whose amplitude exceeds this 
amplitude minus 15dB are selected. This is repeated for each successive time sample and 
allows to exclude sidelobe echoes, as illustrated in Fig. 4.  

 
Fig.4: Left: bathymetric option water column data for one ping. Right: amplitude 

thresholding selects bottom sidelobe samples(black), variable threshold per range enables 
to reject them (red) 

3.4. Geographical positioning and bottom echoes selection 

 
Each previous selected echo can be positioned towards antenna through its slant range 

and accurate angle of arrival provided by beam steering and interferometric split-beam 
angle. If along-track angle is not available, 0° is considered in along-track direction. 
Geographical positioning is achieved by integrating vessel attitude, position, and antenna 
installation parameters, as detailed in [7]. 

  
Bottom echoes differ from others in that they form an extended contiguous layer. This 

can be used to discriminate them. 
Detections can be labelled into groups:   two detections that are closer than a given 

distance share the same label. The label group with the most numerous detections is 
considered as bottom detections one. 
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This kind of algorithm is however very computationally demanding. A simpler method 
consists in considering a geographical grid. Each detection is related to the closest grid 
node. Then for each grid node, only the group of the deepest associated detections is 
considered as bottom detections. That is: all the detections allocated to the grid node are 
depth ordered, and the first detection whose depth difference with the previous deeper one 
exceeds a given gap is considered as water column echo, as all the shallower ones.  

The bottom depth finally allocated to the geographical grid node is taken as the median 
depth of the related bottom detections, as illustrated in Fig. 5. 

Fig.5: Soundings positioning, bottom echoes selection, and DTM result for ME70 
fishery mode. Left: In red, bottom detection finally selected. In blue, water column echoes 
discarded. Right: DTM obtained through bottom detection median filtering 

4. RESULTS : ME70 FISHERY MODE COMPARED TO EM710 

DTM obtained with ME70 fishery configuration is compared in Fig. 6 to result given 
by a Kongsberg EM710 MBES, on a single line acquisition over Armen area, off Brest. 
Water depth goes from 45m to 90m. EM710 frequency is 90kHz, vertical beamwidths are 
0.5°x1° in along and across-track directions, 256 beams are built giving 400 soundings per 
swath with High Density extraction. Pulse length is 0.2ms for EM710 and 1ms for ME70. 

Fig. 6: DTM over 2x2m grid. Up: EM710. Down: ME70 fishery mode 
 
 

  * samples above amplitude threshold 
  * final bottom samples 
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ME70 DTM is limited by its swath width, and artefacts are observed at nadir since 
proposed method is not meant to apply well near normal incidence. But for this grid 
resolution, result looks quite similar to EM710 bathymetric MBES one, which is a good 
result considering differences in sounders caracteristics. 
 
However, a 2x2m grid is not the resolution that suits the best EM710 data in this case. 
Grid resolution that gives the most detailed features before producing data gaps and noise 
is 1x1m, for which results are shown in Fig. 7. This reaches ME70 configuration limits, as 
data exhibit more noise. 

Fig.7: DTM over 1x1m grid. Up: EM710. Down: ME70 fishery mode 
 
Proposed method provides very decent bathymetric results compared to performant 

bathymetric MBES, considering sounder caracteritics and settings optimised for water 
column data quality, and far from bathymetric sounder canonical features . 

5. DISCUSSION 

5.1. Precision and resolution: ME70 bathymetric option compared to 
embedded extraction 

To go further in the extraction method assessment, achieved precision and resolution 
performances have to be investigated. 

A first step is to compare soundings dispersion and bottom relief description obtained 
with the proposed algorithm applied to ME70 bathymetric option to the ones with the 
MBES embedded high density extraction. 

  
To compute soundings dispersion relative to across-track steering angle, algorithm is 

adapted to provide ping-beam data format: for each ping, a series of depths is associated to 
a fix set of steering angles, corresponding to the sounder high density angles (200 
soundings for 81 beams). The depth associated to a given angle and a given ping is simply 
the median depth of the selected bottom soundings for this ping, whose mechanical angle 
lies within a given interval around the targeted angle. 
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A first survey line is used, over a flat bottom with a 100m water depth. For each HD 
beam steering value, soundings depth standard deviation over all pings is computed. Fig. 8 
shows comparative results. 

 
Fig.8: Soundings depth standard deviations vs steering angle for sounder embedded 

HD extraction and proposed algorithm 
 
The proposed extraction method exhibits soundings standard deviation mainly similar 

to sounder output for angles away from normal incidence, maybe lower at high steering 
angles. However, this could be because extraction method smoothes more the data than 
embedded one, resulting in lower soundings dispersion over flat bottom, but reducing 
resolution performance. 

Profiles over a single swath are compared over a seafloor presenting relief features in 
Fig. 9. Loss of resolution is not apparent, but it does not allow to conclude without better 
idea of what order of resolution performance is expected. 

 

 
Fig.9: Depth profile for a single ping provided by sounder (blue) and obtained with 

proposed algorithm (red) 

5.2. Considerations on precision/resolution trade-off 

All mentioned approaches require to define a given range of data that will be used to 
extract one sounding: extent of the phase ramp to perform a regression estimate, size of 
the grid cell used to average single soundings. This impacts the precision and resolution of 
resulting bathymetry [8] [9]. Mixing N independent samples will degrade the raw 
resolution in the same proportion, and will improve measurements standard deviation by a 

N factor. 
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The following simplified model can help to set a criteria to define which extent of data 
should be used to extract individual soundings, that is, which resolution is relevant to 
expect, with regard to the achieved precision.  

 
Considering at first a 2D situation (across-track distance x, and depth z), and assuming 

that phase noise and then angle noise d  is known, raw uncertainty in x and z positioning 
can be expressed as: 

dx = dH .tan. 2    dz = dH .tan.   (1) 

for a MBES strategy where the range for a given angle is estimated, H being the water 
depth.  

dx = dH.     dz = dH .tan.   (2) 

for an interferometer strategy where the angle for a given range is estimated. 
 

Resolution is usually expressed as dependant on sea floor configuration, determining 
whether pulse footprint or beamwidth is the limiting parameter. However, if resolution is 
expressed as the distance between the two closest points (or surface acoustic centers) that 
sounder will give independent measures of, expressing thus the sounder capacity in the 
most favourable bottom configuration,  it reduces to pulse length projection:  

res_x = 2
sincT   res_z = 2

coscT    (3) 

A number of averaging points N enabling to reach a 1/10th ratio of uncertainty to 
resolution appears as a reasonable trade-off order, 1/100th appearing as excessive, and 1/1 
not sufficient.  

N 
3/2

3/2

_
,

_
max10

zres
dz

xres
dx     (4) 

6. CONCLUSION 

A simple method using raw interferometric soundings localisation has been proposed 
and tested to extract high density bathymetric data from large beamwidth MBES. Working 
on the data directly positioned in the geographical domain is a translation of phase ramp 
processing, but enables to have a more direct and intuitive apprehension of underlying 
trends and implications, as geographical contiguity, outliers rejection, bottom soundings 
density coverage, raw soundings dispersion. It also provides a natural way to combine 
information from different pings when geographically overlapping at grid scale. 

First guidelines to determine which accuracy/resolution trade-off is to be considered is 
proposed and should be confronted to in-situ data, and related to MBES design 
considerations, through their impact on phase ramp noise. 
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Abstract: Maintaining the Dutch rivers on a sufficient depth is essential for safe 
navigation. Various measures such as coarse sediment suppletions are taken to ensure 
these depths. In order to assess the effectiveness of these measures, knowledge on riverbed 
sediment composition is of high importance. At current, using acoustic remote sensing 
techniques, together with grab samples, is an accepted approach for mapping the 
distribution of sediment types over an area. A range of methods exist for extracting the 
required information from the acoustic measurements. All methods have advantages and 
limitations. To assess these advantages and limitations, six parts of various Dutch rivers, 
spanning a large range of sediment types, were surveyed during a period of 4 years using 
multi-beam echo-sounder (MBES) sonars operating at 300 kHz. Physical samples were 
also taken from the rivers to assist the classification. The mean grain size of the physical 
samples of the rivers vary from relatively fine (~5 ) to extremely coarse (<-6 ). This 
contribution presents an overview of the different classification methods and their results 
that were applied to determine the distribution of sediment types on the river beds.  

Keywords: multi-beam, classification, sediments, overview, rivers 
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1. INTRODUCTION

Knowledge about the composition of the sea- or river floor is essential to a large 
number of applications such as off-shore construction projects, marine geology, and cable 
route planning. Especially in the Netherlands monitoring changes in the river floor, both in 
bathymetry and composition, is extremely important since most of the rivers are used for 
navigation. At current, the use of using acoustic remote sensing systems, such as multi-
beam echo-sounders (MBES), in addition to collecting samples of the sediment, is an 
accepted approach.  

In general, sediment classification using acoustic remote systems can be divided into 
phenomenological (or empirical), where information of features indicative of sediment 
types (e.g. backscatter strength, bathymetry) are combined and used for classification, and 
model-based (or physical), where the sediment type is determined by maximizing the 
match between modelled and measured signals. In the first approach ground truth is 
needed to convert the sediment classes to sediment types, whereas, in principle, no 
independent measurements are needed for the model based methods. 

Over the last years various sediment classification methods were developed and applied 
to classify the sediments present on Dutch river beds. Six different areas were surveyed 
using MBES. The sediment types were ranging from slightly gravelly sandy mud (5 ) to 
very coarse gravel (-6 ). The mean grain size was determined from physical samples 
taken from the areas. For the classification two riverbed sediment classifiers were 
employed, the backscatter strength and the depth residuals. Furthermore three different 
methodologies were used; two model based and one empirical. One of the model based 
methods, however, provides classes instead of sediment parameters. 

The present work gives an overview of the methods and classifiers used for sediment 
classification and assesses the applicability of each method and classifier over the 
sediment mean grain size encountered, i.e., from approximately 5  to -6 . 

2. DESCRIPTION OF THE SURVEYS 

Six MBES surveys took place between 2007 and 2010 mainly involving parts of the 
Rhine river in the Netherlands. The Rhine river flows through Switzerland and Germany 
to the Netherlands. In the Netherlands, the Rhine River is relatively straight with a 
bifurcation that divides the flow into the Waal River to the west and the Pannerdensch 
Kanaal to the north. The first survey was performed in 2007 when a part of the Waal close 
to the area of Sint Andries was surveyed. It was followed by another survey in 2008 in 
Nijmegen (also part of Waal). The third MBES survey was performed approximately 1 km 
upstream of the bifurcation of Rhine, viz. the Bovenrijn, in 2008. Subsequently, a small 
part of Sint Andries was re-surveyed with exactly the same MBES and MBES settings as 
those used in Bovenrijn. In 2009 the Dordtse Kil river survey took place. Dordtse Kil is a 
tidal and very busy river that connects the Hoeksche Waard and the Hollandse Dip. 
Finally, the Meuse river was surveyed in 2010. It mainly runs close to the Belgian-Dutch 
border, but turns to the west at Maastricht from where it continues its course inside the 
Netherlands northwards through Venlo closely along the border to Germany. Figure 1 
shows the position of the rivers in the Netherlands. Table I gives an overview of the 
specifics of the surveyed areas. 
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For assisting the interpretation of the classification results physical samples were taken 
from all the surveyed areas. Figure 2 illustrates the mean grain sizes (Mz) as derived from 
the samples in  units, with Mz = -log2(d) and d the mean grain size in mm.  

The sonars used in all surveys were single- and dual-head Kongsberg EM3002 multi-
beam echo-sounders, a sonar type appropriate for shallow water depths due to the 
formation of narrow beams with small physical dimensions. All beams were electronically 
stabilized for pitch and roll. The backscatter values used in all cases are the backscatter 
values resulting of first applying a moving average over the time series of amplitude 
values and then selecting the maximum average level of each beam. 

 
Area Area specifics Measurement specifics 
1. Sint Andries Fixed layer present; Mean 

water depth 3.8 m. 
Surveyed in 2007. Sonar: EM3002S @ 
300 kHz. 

2. Nijmegen Fixed layer present; Mean 
water depth 4.2 m. 

Surveyed in 2008. Sonar: EM3002S @ 
300 kHz. 

3. Bovenrijn Mean water depth 3.4 m. Surveyed in 2008. Sonar: EM3002S @ 
300 kHz. 

6. Sint Andries (part) Mean water depth 4.3 m. Surveyed in 2008; same sonar as in 
Bovenrijn. Sonar: EM3002S @ 300 
kHz.

4. Dordtse Kil Part of the river has irregular 
surface due to the presence of 
deep holes (~ 16 m deep).  
Mean water depth 8.6 m. 

Surveyed in 2009. Sonar: EM3002D @ 
300 kHz. Additional measurements 
with device measuring sediments’ 
radioactivity were taken. 

5. Meuse Very coarse riverbed. 
Mean water depth 3.6 m. 

Surveyed in 2010. Sonar: EM3002S @ 
300 kHz. 

 
Table 1: Overview of the specifics of the surveyed areas. 

 

 

Fig.1: Locations of the surveyed rivers in the Netherlands. 
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Fig.2: Mean grain sizes of the physical samples present in the surveyed areas. 

3. CLASSIFIERS 

The research work investigated the behavior of two important riverbed sediment 
classifiers, one directly and one indirectly derived from multi-beam echo-sounder (MBES) 
measurements. These are the backscatter strength (direct), which is derived from the 
intensity of the received signal, and the depth residuals (indirect), which are the variations 
in bathymetry relative to a plane fitted through the MBES measured bathymetry. 

Backscatter: The scattering process of an acoustic wave when comes in contact with 
irregular interface (like riverbed) is shown in Figure 3. The incident wave will scatter in 
all directions. Part of it will be reflected with no deformation other than an amplitude loss 
in the specular direction (coherent part). The remainder of the energy is scattered in the 
entire space, including back towards to the source (the backscattered part).  

It is known [1] that the backscatter strength is different for different sediment types. As 
an illustration, Figure 4 presents modelled backscatter strength curves as a function of 
grazing angle for part of sediment types encountered in the Dutch rivers. 

Depth Residuals: The depth residuals concept is presented in Figure 5. The measured 
depth values are modelled by fitting a 2-D second order polynomial using the least squares 
principle. The actual measured depth variations (represented by dots) deviate, however, 
from the modelled surface patch. These variations (lines in Figure 5) are denoted as ‘depth 
residuals’. They provide measures as to which degree the actual river bottom can be 
represented by the second order polynomial. The larger the residuals are, the larger the 
variation around the fit, indicating roughness on spatial scales smaller than the surface 
patch. Smooth bottoms have small residuals as all bathymetric variations are well 
described by the fit. The mean grain size of the sediments (for very coarse sediments 
which induce a rougher surface) and the bottom structure (e.g. riverbed ripples) are two 
factors contributing to the values of the residuals. 
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Fig.3: Scattering process. 

 

 
Fig.4: Mean backscatter curves vs grazing angle for  
mean grain sizes from -1  to 6 . 
 

 

Fig.5: Depth residuals (lines) between the measured depth by the sonar (dots) and the 
fitted surface with second order polynomial (curve). 

 

4. METHODS

Three methods were used for processing the classifiers in order to get maps of the 
spatial distribution of sediments on the various riverbeds. The first two methods are model 
based, while the other is empirical. 

A. Model-based (APL) 

The method makes use of the model in [1]. It uses the complete backscatter curve, i.e., 
the backscatter as a function of angle. The total backscatter strength is expressed as a 
combination of the interface roughness scattering and volume scattering. By searching for 
those sediment properties that result in an optimal agreement between modelled and 
measured backscatter curve, the sediments can be classified. In this case, the classification 
results consist of real sediment properties instead of acoustic classes. The model can be 
applied to mean grain sizes ranging from -1  to 9 . As, often, the MBES calibration for 
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backscatter is imperfect, a calibration step is needed to eliminate MBES induced effects on 
the backscatter measurements. To this end, backscatter curves measured close to locations 
of the grabs are considered. The model is run for mean grain size values as determined 
from the grabs, and values for all other model input parameters are derived from the 
empirical expressions relating them to the mean grain size. The average curve of the 
differences (between measured and modelled curves) for all grabs is taken as the 
calibration curve. The calibration curve is then applied to correct all measured backscatter 
curves, allowing for determination of the three parameters, that is the mean grain size, the 
spectral strength and the volume scattering strength, over the entire area. The differential 
evolution method is used for finding those parameters that minimize the differences 
between modelled and measured curves. 

B. Bayesian Classification Methodology (BCM) 

The Bayesian Classification Methodology (BCM) was developed in [2] and carries out 
the classification per angle, which makes it insensitive to variations in sediment type along 
the swath. The method is based on the fact that the backscatter values are an average value 
of the sample amplitude values. Therefore, according to the central limit theorem –for 
independent random values– the averaged backscatter value follows a Gaussian 
distribution for a sufficiently large number of scatter pixels in the beam footprint. The 
method then fits a number of Gaussian probability density functions (PDFs) to the 
histogram of the backscatter strength data at a given angle until the chi-square distributed 
test-statistic of the residuals becomes less than a critical value. Based on the resulting 
Gaussian PDFs, the Bayes decision rule is applied to determine the regions of backscatter 
values corresponding to the acoustic classes. The number of Gaussians is then the number 
of classes, and the borders of the classes are the intersections of each Gaussian with its 
neighbour. For shallow river areas, the central limit theorem is violated since small beam 
footprints result in a limited number of scatter pixels per beam. To overcome this problem, 
the method was extended in [3]. The Gaussianity of the distribution is now ensured by 
averaging the measured backscatter values over surface patches, consisting of a small 
number of beams in the across-track direction and a few pings in the along-track direction.  

C. PCA and K-means clustering 

This empirical method was applied in [4]. The backscatter and depth residual data are 
grouped into small surface patches and for each surface patch 17 statistical features are 
calculated: eight (mean, standard deviation, skewness, kurtosis, median, mode, minimum 
and maximum) extracted from the backscatter strength, eight (mean, standard deviation, 
skewness, kurtosis, median, mode, minimum and maximum) extracted from the least-
squares depth residuals, and one is the total slope of the surface patch. Since the 
backscatter strength is angle dependent it has to be corrected. This is addressed by 
standardising the dataset using the method in [4]. After this correction the measurements 
from all angles can be combined. A principal component analysis (PCA) is then applied to 
the above-mentioned 17 features. The idea behind PCA is that not only does it convert the 
set of features to a set of principal components but it can also be used to identify the most 
informative features among the original seventeen. By correlating the principle 
components to the original features it was found that for the MBES data considered, 8 out 
of the 17 features contain most information. These are: a) the mean, median, mode and 
minimum of the backscatter data and b) the mean average error, standard deviation, 
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minimum and maximum of the depth residuals. The final step is to apply the K-means 
clustering method to partition the first two principal components (which capture more than 
95% of data variability) into different subsets. The optimum number of classes is 
determined by calculating both the percentage in the reduction of the clusters’ distance 
and the average silhouette coefficient when adding a new class. The K-means clustering 
can be applied: a) only to the backscatter features, b) only to the depth residual features, 
and c) to the combination of backscatter and depth residual features. 

5. RESULTS 

In this section, the plot of Figure 2 is used as a guide to describe the classification 
results across the sediment mean grain size range present in the Dutch rivers. 

First, we consider the results of the area with the finest sediments that is the Dordtse 
Kil [5], with mean grain sizes from ~ 5   ~ 0 . The appropriate classifier was found to 
be the backscatter strength, since it can discriminate successfully the sediments types 
present on the riverbed. All three methods were used, that is the APL based, the Bayesian, 
and the K-means for the backscatter, all revealing a similar distribution of sediments. On 
the other hand, the depth residuals were found to be not a good classifier, indicating that 
for these fine sediments, differences in mean grain sizes are not reflected in this feature.  

The areas considered next are Sint Andries, Nijmegen [4], and the small part of Sint 
Andries that was resurveyed [6]. These areas are similar with sediment mean grain sizes in 
the range ~ [0  to -5 ]. This range is outside the capability of the APL model, so the 
model based method was not used. The Bayesian method and the K-means for the 
backscatter were found to capture successfully the sediment distribution in the area, except 
for an artificial structure in the river; the fixed layer was not identified from the 
backscatter. This was achieved by using the depth residuals. Moreover when the two 
classifiers were combined using PCA and K-means clustering [4], the resulting map 
captures successfully the complete sediment distribution in the areas, where three 
sediment classes were identified from the backscatter strength and the fixed layer was 
shown from the depth residuals. This clearly demonstrates the increased discrimination 
performance by combining the two classifiers. 

For all areas considered above the backscatter and the depth residuals showed 
consistent behaviour: with increasing mean grain size, the backscatter increases and the 
depth residuals decrease. When moving to the coarser areas of Bovenrijn and Meuse this 
behaviour reversed [6]: the depth residuals increase and the backscatter decreases with 
increasing mean grain size.  

6. CONCLUSIONS 

The conclusions on the classification potential of the two classifiers as well as the 
applicability of each method for the range of sediment types encountered in the current 
work is presented in Figure 6. From 5  to -1  the appropriate classifier is the backscatter 
strength and all the three methods can be used. From -1  to ~ -3.5  [6] the backscatter 
can still be used but the depth residuals start to have discriminative potential. As the 
sediments become coarser the backscatter can still discriminate but its behaviour becomes 
unpredictable so the depth residuals are the most appropriate classifier. This is due to the 
fact that the mean grain size becomes gradually larger than the acoustic wavelength of the 

1st International Conference and Exhibition on Underwater Acoustics

1413



 

sonar (= -2.3  for 300 kHz, indicated by  in Figure 6) so in this case acoustic scattering 
is determined by facets rather than grains. 
 

 
Fig.6: Overview plot of appropriate classifier(s) and method(s) for the different mean 

grain size ranges. 
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Abstract: In this paper we present an existing framework for surface reconstruction from 
side-scan data based on a forward simulation stage and an estimation stage which considers 
vehicular ego-motion. It is discussed how an extension of the method using a kernelized 
surface representation could look like and discuss approaches from literature like a Bayesian 
formulation in a Markov Random Field structure. 

Keywords: Side-scan sonar, surface estimation, navigation, SLAM, kernels 

1.  INTRODUCTION 

Automated three-dimensional reconstruction of seafloor surfaces from side-scan sonar data 
is a problem that is widespread due to the large amount of installed side-scan sonars. It is a 
heavily underdetermined problem as side-scan sonar data is only echo intensity over time 
without any additional information, e.g., about the direction of the incoming signal, the local 
surface slope or the sediment type. Constraints and assumptions have to be imposed to 
transform this ill-posed inverse problem into a well-posed one. An automated surface 
reconstruction under consideration of ego-motion is especially beneficial for vehicle 
navigation aiding using SLAM (Simultaneous Localization and Mapping). 

Extending on previous research in this area ([1], [2]), this paper describes how the 
introduction of a kernelized surface representation and methods of inverse ray tracing can be 
applied to reduce the search space of suitable surface geometries and to improve the 
obtainable reconstruction quality. 

1st International Conference and Exhibition on Underwater Acoustics

1415



 

2. SIMULATION ENVIRONMENT 

The created simulation environment for creation and evaluation of side-scan sonar data at 
the moment consists of two parts that are being consolidated at the moment: 
Creation/Estimation (C/E) and Robotic Integration (RI). 

 
Figure 1: Simulation process in the C/E part. 

The C/E part works like shown in Figure 1 and provides the means to generate a ground 
truth surface, a vehicle trajectory (Figure 2) as well as the true observed elevation map 
(Figure 3). The data is represented in a point cloud structure which enables us to sample the 
ground even with curvy trajectories, thus enhancing previous approaches [1] which were 
limited to straight vehicle paths. 

Figure 2: Synthetic ground truth surface made from 600 isotropic Wendland kernels with random height, scale 
and position (violet). e vehicle is doing 60 measurements along its path (orange) depicted by scan lines (cyan) 

on the surface. 

 
Figure 3: Observed ground truth elevation map, given the vehicle trajectory from Figure 2. Note the introduced 

distortion due to the vehicle motion. (Black denotes lower, white denotes higher elevation values. 

From this data, a simulation of the side-scan sonar measurement process is performed by 
ray tracing which yields synthetic sonar measurements with correct shadow information along 
the trajectory (Figure 4 for ground range and Figure 5 for slant range data). The synthetic 
measurements are fed to the estimation stage where the estimated surface is generated under 
consideration of the vehicle ego-motion and the correct spatial positioning of the sonar data 
(Figure 6). 

Figure 4: Ground range sonar data (sound intensity) for a two-side side-scan sonar sensor. 
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Figure 5: Slant range sonar data (sound intensity) for a two-side side-scan sonar sensor. 

 

Figure 6: Estimation result created from the measurement of the pixel-based method (blue) under consideration 
of ego-motion. e ground truth surface is shown again in violet. 

The RI part is focused on an AUV following a vehicle trajectory with accompanying 
sensor outputs for inertial sensors and Doppler Velocity Log (DVL) that are necessary for a 
navigation filter. The robotics part is realized in the ROS/Gazebo robotics framework and also 
features a visual editor for creation of waypoints and is depicted in Figure 7.  

   
Figure 7: Robotic simulation of underwater vehicle (red) passing through waypoints (brown cubes). Each 

waypoint's position and passing direction can interactively be changed (colored handles). 

    The vehicle moves along the defined trajectory passing through the waypoints according 
to the selected directions. While moving, the virtual sensors deliver sensor measurements 
messages as ROS topics. This design enables us to mirror the actual robotic environment in 
software and to be able to quickly adapt to an actual hardware realization by keeping identical 
interfaces. Therefore, in this framework, different approaches can be compared with ground 
truth and quantitative results can be generated. The next step is to integrate the side-scan 
sonar as a virtual sensor in the ROS/Gazebo framework. More information about it is 
available in [7]. 

3. SURFACE REPRESENTATION 

Pixel-based representation 

Current surface estimation methods ([1], [2]) estimate the surface elevation values per-
pixel which allows for a great flexibility of possible surface geometries. That flexibility has 
the major downside of huge dimensionality in the estimation process which may lead to 
erroneous and implausible estimation results. Hence, the estimation process has to impose 
restrictions on this pixel-based method in a separate regularization step to prevent the 
estimation from yielding implausible results. Typical regularization constraints in shape 
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estimation are enforcing continuity and smoothness as well as setting material properties of 
the surface in an area-consistent manner. 

Kernelized representation 

A surface can not only be represented by a regular grid with elevation values forming a 
pixel structure but it could also be represented as a combination of basis functions, so called 
kernels. For example, the pixel-based approach previously used in estimation could also be 
seen as a kernel method with non-overlapping box-shaped kernels arranged in a regular grid. 
As the support of the box-kernels is non-overlapping, no interaction happens and each one 
can be modified individually. The resulting surface may therefore have arbitrary jumps 
between surface elements why smoothness constraints have to be enforced separately later in 
the estimation process. 
What is proposed now is to assume that the surface can be described by a combination of 
overlapping smooth kernel functions with local support. In Figure 8, the Wu-2,1 kernel and 
the Wendland kernel are shown, which are particularly suitable for such a task due to their 
smoothness properties [3]. These kernels both have spatially limited support and are C2-
continuous everywhere. Both kernels are isotropic and visually very similar and the end result 
of the estimation should not be substantially different between each other. 

      
Figure 8: e Wu kernel  (left) and Wendland kernel (middle). Surface composed of three Wu 2,1 kernels 

(right) 

4. KERNEL-BASED ESTIMATION 

To find a set of kernels that explain the measurement best, an approach similar to the 
inverse ray tracing scheme by Liu [5] is proposed in conjunction with ideas from [6] as a form 
of kernel density estimation. We will first explain Liu’s idea in short: 

Markov random field (MRF) structure for shape estimation 

Liu introduces a Markov Random Field (MRF) structure on a 3D voxel grid. He tries to 
find the true voxel grid opacity values by finding voxel parameters that maximize the 
posterior probability given some measurements (camera images). In his MRF graph there are 
three types of factors (cliques): Unary cliques model prior knowledge, pairwise cliques model 
a local Markov property like, e.g. smoothness constraints and a third component—called ray 
cliques—model the observation process, i.e. the voxels on a viewing ray form a clique. The 
new idea here is that additional to neighborhood relations of random variables, the 
measurement process is directly reflected in the MRF structure. 

Performing naïve belief propagation algorithms as a means of maximum a-posteriori 
(MAP) estimation on such large cliques like those ray cliques is computationally infeasible as 
it is an exponential task. Liu employs a sophisticated message passing scheme for belief 
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propagation within the MRF. By exploiting the structure of the ray cliques, namely that the 
first opaque voxel that is hit by a viewing ray obscures the following voxels on the ray path, 
Liu could reduce the computation complexity to linear. Our goal is to find a similar MRF 
description for a kernelized surface. 

Estimation changes 

In the original estimation approach ([1], [2]), the optimization procedure modified the 
height information of each pixel to best fit the model to the measurement while the surface 
constraints were decoupled from the estimation process in a separate step. By creating the 
surface shape no longer in a pixel-based manner but by placing larger smooth kernels (but 
with local support), fewer kernels suffice to represent the surface and the regularization 
constraints are enforced inherently in the estimation process and. As the pixels are now no 
longer independent (due to the overlapping nature of the kernels), several surface elements are 
affected as soon as the parameters of one kernel are altered. Hence, decisions can no longer be 
made solely on a per-sample basis. As an advantage, this way of surface representation 
inherently makes the method less sensitive to noise because as long as only a restricted set of 
possible kernels is used, the high-frequency content of noise cannot be modeled adequately. 
Using kernels also fills less densely sampled areas with more meaningful values. 

Kernel nodes can either be placed in a regular grid fashion or freely in the plane. 

Bayes formulation 

In order to fully employ the mentioned Bayesian methods, an MRF structure and energy 
terms need to be defined. We need to transform the side scan sonar image creation process 
into a Bayesian framework to be able to apply Liu’s method. We assume that only surface 
elevation is responsible for the side-scan intensity, leaving sediment material properties aside. 

The surface  measured with a set of  measurements (side-scan sonar intensity lines)   
is given by Bayes theorem as: 

 

Applying the principle of Maximum a-posteriori estimation (MAP) the following most 
likely surface configuration  (in a formulation using energies) can be found: 

 
The prior energy term  comprises only one part: A unitary constraints term has each 

elevation value distributed according to a normal distribution around , representing prior 
knowledge, e.g. from an existing map or from another sensor (like a Doppler Velocity Log 
(DVL)). A pairwise constraint  like it is done in [5] is not used as it is not clear what 
constraint a kernel should impose specifically on its neighbors (especially if kernels are not 
located in a grid), we refrain from introducing such an energy term. 

Next, the data term is discussed where we want to match the output of the forward model 
to the true measurements. The clique constraints  are not only dependent on the geometry 
but consider the ensonification process. A clique  consists of all contributing kernels in the 
area that is ensonified by a single side-scan sonar measurement . The goal is to achieve a 
minimum difference between measured ( ) and simulated ( ) brightness per clique. We 
need to add/remove kernels or vary the kernel parameters (e.g. placement) until the error is 
minimal. This could be done in a fashion similar to the kernel learning method in [6]. 
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In order to keep the model complexity low for the cliques representing the surface, further 
penalty energy terms  may be added to act as a user design parameter. 

Kernels      or        (Kernel spacing) 

Of course, more and different terms are possible and are dependent on the task at hand. In 
order to actually reduce the parameter space, there should be limits for the number of kernels, 
the positions and the sizes of the kernels. 

5. APPLICATION TO SLAM  

The kernelized representation not only has the advantage of being a lower dimensional 
parameter space while at the same time also being a more natural representation of seafloor 
features, the kernel parameter set may eventually serve as a landmark for the SLAM 
algorithm itself. Thus, the surface estimation task simultaneously becomes a landmark 
identification task, therefore avoiding the separate identification of salient features on the 3D 
data. In a SLAM context, the exact surface shape is not very important as long as reliably 
recognizable and stable landmarks are obtained from that surface. Given a kernel 
representation of the surface, all kernels or only kernels with certain parameters (e.g. very 
high or solitary ones) may serve as landmarks itself. That way, a SLAM algorithm can do 
without a separate feature extraction stage using the kernel parameters that are generated 
anyway. Hence, the estimation of a kernelized surface description in a SLAM context may be 
computationally cheaper than surface estimation plus a separate feature extraction stage.  
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Abstract: Results of two bathymetric measurement campaigns which were carried out in 
the Vistula river mouth in June and December 2012 using Reson 7101 multibeam 
echosounder are presented. During this period, the hydrological condition recorded lows 
in the water level with the mean water discharge approximately twice as lower as an 
annual water discharge value and, moreover, any large sea storm surges and backwaters 
phenomena's were not observed in the area. Detailed parameterization of the primary 
geometrical characteristics of the bedforms, their space form and dominating roughnesses 
of the bottom surface are determined based on 2D FFT. The obtained results indicates 
significant changes of the riverbed morphology and bedform patterns which are very 
important in order to estimate and verify the bedload sediment transport phenomena and 
hydrodynamic processes connected with. 

Keywords: bedform roughness, bathymetry, spectral analysis, the Vistula river mouth 

1. INTRODUCTION  

The accurate and efficient methods for seafloor characterization and classification of 
different types of bottom surface roughness are very important and essential for 
understanding and verifying of a variety of physical phenomena connected with 
hydrodynamic and sedimentation processes influenced directly on a current state of an 
aquatic system. Knowledge about bottom topography can be also useful for predicting of 
natural and anthropogenic changes of an area and are therefore of interest to both scientists 
and offshore developers.  
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High spatial and temporal variability of rhytmic bedforms which are widespread on 
shallow sandy seabeds and riverbeds requires an appropriate approach and mathematical 
tool for detailed quantification of the primary bedforms characteristics including 
determination of dominant topographical roughness space form and orientation. In context 
of scientific problem presented in this paper, results of works of many investigators related 
to the bedform characterization based on algorithms of 2D FFT spectral analysis have 
indicated a possibility of identifying and describing seabottom periodic morphological 
features [1]-[5] that, in turn, is a main term for verification of the bedload sediment 
transport and hydrodynamic processes connected with. 

2. MEASUREMENT AREA AND DATA ACQUISITION 

Investigations were carried out in the main Vistula river mouth located in Polish coastal 
waters (Fig. 1). The Vistula is the longest river in Poland (1047 km length) and plays a 
dominant role as regards both the catchment area size (194424 km2) and the amount of 
discharged water flowing into the Gulf of Gdansk − the average annual water discharge 
more than 1000 m3/s. The main Vistula river mouth is the Cross-cut artificial channel  
with a ca 3000 m length, 400 m width and up to 10 m depth. More than 95% of total 
Vistula waters outflow into the Baltic Sea through the channel [6], which also plays an 
important role in sediment delivery processes into the Vistula Delta and the Vistula 
Sandbar. 

Two bathymetry measurement campaigns were conducted in 4-6 of June and 1-3 of 
December in 2012. An area of the interest was mapped using boat mounted high-
resolution Reson Seabat 7101 multibeam echosounder (MBES). The positioning system 
DGPS RTK Trimble SPS 851 together with Ixsea Hydrins inertial navigation system were 
integrated with MBES using the QINSy data acquisition software package.  

The comprehensive riverbed morphology of the area is characterized by the set of the 
different kinds and patterns of sandy bedforms and is formed under impact of riverine and 
marine processes and their interaction. This processes influence superbly on not only 
curent hydrological conditions in the area, but seriosly affect on the morphology evolution 
of this part of the river, coast and neighbouring marine waters in longterm period of time.

Temporary changes of the hydrological conditions during period of time between two 
bathymetric surveys are presented in Fig.2a. Average daily water discharge data [7] were
obtained from the gauging section located in Tczew, in range of 31.2 km upstream the 
Vistula channel mouth. This gauging section is the last representative place situated in the 

Fig. 1. Map of the Vistula river basin and location of the measurement area depicted 
in a green rectangular (on the left). Photo of the main Vistula river mouth − the 

Cross-cut artificial channel (on the right). Source of the photo: www.visitzulawy.pl.
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lower reach of the Vistula river, which covers 99,92% of the catchment area [8], and, 
moreover, is not subjected to the impact of the backwater phenomena connected with the 
sea storm surge. During the considered period of time, the hydrological condition recorded 
lows in the water level with the mean water discharge value about 616 m3/s and is 
approximately twice as lower as an annual water discharge Q=1016 m3/s.

Moreover, on a base of the wind speed and wind direction data obtained from the High 
Resolution Limited Area Model (HIRLAM) numerical weather prediction forecast system 
(for the point located in the Gulf of Gdansk 1 NM away from the Vistula mouth in the 
north-east direction), any large sea storm surges and consequently backwaters 
phenomena's were not observed (Fig. 2b). Generally, the probability of backwater 
phenomena in the area is connected with the sea storm surge in the Gulf of Gdansk which 
mainly occurs when strong winds blow from west directions during long period of time 
causing water running into the Baltic Sea Basin, and next changing of wind circulation 
into the north directions follows.  

3. DATA PROCESSING AND RESULTS 

The bathymetric data were gridded with a cell size of 0.1 m and the comprehensive 
morphological character of the bottom in the area for appropriate seasons are presented  
(Fig. 3a and 3b). The bottom relief is consist of two biggest forms: sand bar and trough, 
located along the border of the channel. Moreover, a set of the different bedforms as 
sandwaves with superimposed megaripples and ripples with various height, wavelength 
and orientation are observed. Although, there are no "sharp" changes in morphology of the 
area between the two datasets, the bathymetric surface difference map (Fig. 3c) indicates 
significant spatial variations of the bottom roughnesses (especially, in the river 
mainstream).

At the next step, the whole dataset was subsequently divided into the sub-domains 
using by a sliding square windows of 50 m side with a 75% overlapping between an 
adjacent windows. Within a particular box, the mean depth was subtracted from each data 
sample and then a detrending procedure was applied. In order to minimize the spectral 
leakage due to the finite length of the data set, the data in each window were pre-
multiplying by single orthogonal taper belongs to a family of functions known as discrete 
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during period of time between two measurement campaigns; annual water discharge 

value (red line) calculated based on last twenty-five years data (a). Wind rose 
obtained from the HIRLAM numerical weather prediction forecast system data (b).
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prolate spheroidal sequences (DPSS or Slepian sequences, [9]). Next, the spectral analysis 
based on the 2D FFT algorithm was executed. In order to exclude appearance of false 
components in spectra associated with the border of the data coverage effect, the 2D FFT 
was calculated only in sub-domains with a full data coverage (completely wet areas). 
Then, the power spectrum density was calculated and direction and spatial frequency of 
the most energetic peak were determined. 

Fig. 3. Bathymetric maps of the Vistula river mouth channel for June 2012 (a) and 
December 2012 (b). Bathymetric surface difference map (c), where (c)=(b)-(a).

National geodetic coordinate system 1992 (ETRS_1989). Colorbar scales in meters.

( a ) ( b ) ( c )

Fig. 4. Calculated bedform orientation and wavelength depicted in the black vectors 
superimposed on the bottom relief (dashed rectangulars in Fig. 3 in bigger scale) for

June (a) and December (b) respectively. Length of the black vectors is proportional on 
bedform wavelength. Bathymetric surface difference map (c).

( a ) ( b ) ( c )
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As example, the calculated bedform orientation and wavelength based on the results of 
the 2D FFT analysis in particular 250x250 m box (dashed rectangulars in Fig.3), depicted 
by black vectors (which are perpendicular to crest lines) and superimposed on the bottom 
relief are shown in more detailed scale in Fig.4. In this particular subarea, the different 
pattern of the megaripples with, in general, unchangeable orientation, mostly in south-
north direction, are observed. Moreover, in upper left part of it, there is an sub-domain 
with varying from the rest of the bottom surface orientation of the rhythmic bedforms 
(mostly in south-east−north-west direction), in which, in turn, there are no any distinctly 
visible changes in bed morphology.  

So, at the next step, in order to estimate bedforms migration rate, a set of vertical one-
dimensional profiles was executed, and positions of the roughnesses crests and troughs on 
a base of local maxima and minima were found. The crests and troughs positions changing 
superimposed on bathymetric surface difference map are shown in Fig. 5a and 5b, 
respectively (blue color − for June 2012, black color − for December 2012).  

It is clearly visible that, in general, both the crest patterns and the trough patterns have 
remained intact and the troughs observed in the first measurement campaign have later 
become to the crests. Also, the direction of the megaripples migration agrees with the river 
flow (towards to the river mouth). Small discrepancies in the crests and the troughs 
positions determination in some places may be caused by not taken into account of gentle 
deviation of the bedforms roughnesses orientation from south-north (vertical) direction. 

4. CONCLUSIONS  

In the paper it has been shown that wave-rippled sea floor characterization can be 
achieved using multibeam echosounding technique and 2D spectral analysis approach is a 
good tool for studies of the bedload sediment transport phenomena especially in case of 
anisotropic seabeds and/or riverbeds.  

Fig. 5. The roughnesses crests (a) and troughs (b) migration superimposed on the 
bathymetric surface difference map (with 30% opacity). Blue color − for June 2012, 

black color − for December 2012 measurement campaigns, respectively.

( a ) ( b )
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On a base of two bathymetric measurement campaigns which were carried out in the 
Vistula river mouth with half a year apart and under the specific hydrological conditions 
taken place in the area − with the mean water discharge value approximately twice as 
lower as an annual water discharge and, moreover, without backwaters phenomena's, 
significant changes of the riverbed morphology have been observed.  

The obtained results have indicated that both the crests and the troughs patterns have 
mostly remained intact and, moreover, have confirmed a fact that in general case of 
unidirectional flow regime, bedforms migrates as a group in the direction of the flow. 
Results of the migration rate estimation have shown that in the particular sub-domain 
located directly in the river mouth area, scale of the migration have increased from the 
shallow sandbar towards the deep trough and have achieved up to 10 m in the river 
mainstream (where increased river flow velocity are generally expected) with the direction 
of migration correlated with the river flow. 

Great importance of surface roughness studies in context of the sediment transport is 
particularly required in aquatic areas with flood possibility and gives a potential 
opportunity to prepare an emergency warning against extreme hydrological conditions. 
More detailed investigations in the area of the interest will be continued in the next years 
and carried out under the different hydrological conditions.
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Abstract: This paper deals with the unsupervised segmentation of textured seafloors from 
sidescan sonar imagery. The classical approaches for texture analysis are based on the 
estimation of co-occurrence matrices (which express the distribution of co-occurring 
values at a given offset) and the Haralick features derived from. However, the GLCM is 
strongly dependant on the parameterization of the offset (e.g. the distance d and the 
angular direction  for the estimation of the number of co-occurring values). In most 
cases it is not at all obvious how such a choice should be made for (d, ) and it is even 
more difficult to arrange for it to be made automatically. In this paper, we investigate the 
ability of another approach based on spectral features to discriminate between seabed 
textures. Spectral features are estimated from directional filter bank (DFB) in the 2D-
Fourier space. A subsequent analysis of the pattern isotropy is conducted by dividing the 
medium spectral band into small, overlapped, angular sectors. The unsupervised 
segmentation used is a modified version of Kohonen SOFM (Self-Organizing Feature 
Maps) with splitting process of images to take into account the grazing angle dependency. 
The data used in our tests are sonar images recorded by Klein 5000 sidescan sonar. 

Keywords: Sidescan sonar images, texture analysis, spectral analysis, directional filter 
bank (DFB), unsupervised segmentation, SOFM (Self-organizing feature maps). 
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1. INTRODUCTION

Texture analysis is a major stage to accurately classify or segment an image. It refers to 
a class of mathematical procedures and models that characterize the spatial variations 
within imagery as a mean of extracting information. In image processing and vision, the 
notion of texture is often addressed by two approaches according to Haralick [1]. The first 
statistical approach analyze the spatial distribution of grey values, by computing local 
features at each point in the image, and deriving a set of statistics from the distributions of 
the local features. Depending on the number of pixels defining the local feature, statistical 
methods can be further classified into first order (one pixel), second-order (two pixels) and 
higher-order (three or more pixels) statistics. The second is structural approach and is 
suitable for macro-textures in the periodicity of the patterns are evident.  

Several methods of texture analysis are proposed in literature, they are based on first 
order statistics derived from image histogram, on second order statistics like Grey Level 
Co-occurrence Matrix (GLCM) and methods based on spectral analysis (Gabor filters, 
Wavelet, Fourier transform…). The GLCM is a second order statistical tool widely used 
for texture analysis of images. The ability of GLCM features to discriminate seabed 
textures has been shown in several works [2]-[4]. However, the GLCM is strongly 
dependant on the choice of parameter values (e.g. the distance and the angular direction 
for the estimation of the number of transitions). Author [5] points out that for the GLCM 
estimation in texture recognition, “careful choice of specific sample (d:cooccurence 
distance, : angle direction) values must be made: in most cases it is not at all obvious 
how such a choice should be made, and it is even more difficult to arrange for it to be 
made automatically”. 

In this work, a combination of two techniques of texture analysis is used. The first one 
is based on GLCM and Haralick features derived from. The second techniques uses a 
directional filter bank (DFB) applied on Fourier spectrum of images. The study carried out 
in this paper is specially focused on the ability of spectral features to discriminate seabed 
textures.  

The spectral features computed for the segmentation step are estimated from a 
directional filter bank in the 2D-Fourier space. The directional filter bank (DFB) originally 
introduced by [6], has been proven to be effective in processing image with directional 
information. The classical DFB shares its properties with the traditional Wavelet transform 
(DWT). Non uniform DFB (nuDFB) proposed by [7] divides the spectrum in one low-pass 
with one to four decimation factor and six high- pass with one to eight decimation factor. 
The nuDFB offers better performances in classifying the classical Brodatz textures than 
the traditional DFB [8].  

In this work a new DFB is proposed.  Fourier spectrum is separated into three spectral 
bands: low-pass, medium-pass and high-pass frequencies. As most of the image patterns 
resolved by the sonar are located in the medium frequency band, a subsequent analysis of 
the pattern isotropy is conducted by dividing the medium spectral band into small, 
overlapped, angular sectors (typically 30 degrees wide with 2/3 overlapping) 

For the sonar images, the statistical description of the backscattering is not constant 
over the full swath of the sonar. Thus, the segmentation results of algorithms applied to 
sidescan sonar images are non optimal with poor sonar compensation, artifact classes with 
borders parallel to the ship track are often seen [4].This artifact is principally due to the 
grazing angle dependency of statistical features derived from sonar data. The aim of image 
compensation for classification is to reduce grazing angle effects on the image. Two 
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approaches to compensation exist: the first is based on sonar calibration. This approach 
needs a strong knowledge on the conditions of acquisition and sonar system 
characteristics. The second approach is based on the estimation of a law describing the 
change in energy with grazing angle and uses this law to correct each amplitude sample. 
The law is either estimated from the data or based on a mathematical or physical model of 
backscattering (Lambert, Jackson) whose parameters are estimated from the data. The 
authors [4] and [9] specify that the empirical law estimation determine significantly the 
quality of the segmentation results, because of assumptions of flat and homogeneous 
bottom seafloor. 

To avoid any preprocessing step, we used the algorithm detailed in [10], in which the 
sonar slant range is divided into small stripes. In this case, in each stripe the statistics can 
be considered homogeneous.  

The unsupervised segmentation used is achieved by a modified version of Kohonen 
SOFM (Self-Organizing Feature Maps). The choice of this algorithm is justified by its 
ability to preserve the topological properties of the input feature space. In our case, SOFM 
algorithm allows better management transition between stripes images for the 
segmentation step. Satisfactory results on the application of the SOFM algorithm on sonar 
images were presented in our previous work [10]. 

The paper is organized as follows. In the second section, the methodology of this work 
is presented. Then, classical DFB and the proposed DFB are introduced in section 3. In 
section 4, we present feature vector extracted for segmentation. Section 5 presents a color 
table created to attribute colors for classes obtained from SOFM algorithm. Then, 
unsupervised classification of sonar images data base using three algorithms: K-means, 
Hierarchical clustering and SOFM are shown in section 6. Finally, section 7 and 8 
respectively conclude with experimental results and conclusion of this paper. 

2. METHODOLOGY

This paper uses an unsupervised segmentation algorithm of sidescan sonar images 
without pre-processing stage. The idea is to divide the range into narrow images stripes in 
which the statistical analysis of the backscattered signal can be considered in the same 
grazing angle range. 

The raw image data is splitted in the direction of the range of the sonar on overlapping 
narrow stripes. In each stripe a set of features are computed: Haralick features and spectral 
features. Then, the pixels of each stripe are segmented by an unsupervised classifier, 
starting with the central stripe (mid range of sonar system). The choice to start with the 
central strip is not arbitrary, because in this part of the sonar image called “sweet spot” by 
[11], the backscattered signal is considered optimal.

The adjacent stripes are then sequentially segmented from the central stripe upto the 
two sides of the image. The continuity between the stripes is provided by the SOFM 
learning algorithm phase. Thus, the learning parameters of a given stripe of the image are 
initialized with those of the previous one. The process is repeated until the two limits of 
the image. The diagram in Fig. 1 summarizes the methodology followed in this work.

1st International Conference and Exhibition on Underwater Acoustics

1431



 

 
Fig.1: Steps of the unsupervised algorithm process. 

3. DIRECTIONAL FILTER BANK (DFB) 

Fourier analysis can be used to study the properties of textured scenes; the power 
spectrum reveals information on the periodicity and directionality of a texture. Texture 
directionality is preserved in the power spectrum because it allows directional and non-
directional components of the texture to be distinguished. 

The concept of multichannel spectrum of decomposition is introduced by Mallat in his 
work on the discrete wavelet transform (DWT) [12]. The classical directional filters 
(DFB) based on this concept were introduced first by Bamberger and Smith [6] Fig. 2-(a). 
In [7] the non-uniform directional filter bank (nuDFB) is introduced Fig. 2-(b). Our 
approach for directional filter bank is similar to that applied by nuDFB which decomposes 
into low-pass, medium-pass and high-pass frequency Fig. 2-(c). 

The spectral features used in this work are estimated from directional filter bank in the 
2D-Fourier space. First the Fourier spectrum is separated into three spectral bands: low, 
medium and high frequency. As most of the image patterns resolved by the sonar are 
located in the medium frequency band, a subsequent analysis of the pattern isotropy is 
conducted by dividing the medium spectral band into small overlapped angular sectors 
(typically 30 degrees wide with 2/3 overlapping) using the proposed DFB presented in the 
Fig.2-(c).  

 
Fig.2: Frequency partition of the filters bank: (a) classical DFB, (b) Non-uniform DFB 

(nuDFB), (c) proposed DFB with six spectral bands and 12 angular sectors. 

(a) (b) (c) 
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Fig.3. column1: ripples, sand and rock, column 2: the Fourier spectrum, 

Column 3: low pass frequencies, column 4: medium pass frequencies, column 5: high 
pass frequencies, column 6: representation in polar coordinates of the medium pass 

frequencies. 

4. FEATURES VECTOR CREATION 

The features vector calculated for the segmentation combines 57 features computed 
from GLCM and spectral analysis: 32 Haralick features using a 64x64 pixels analysis 
window with 8x8 overlapping of and 24 Fourier features. For the spectral features six 
features are computed directly from the Fourier spectrum: Mean, variance and the power 
of magnitude for low-pass, medium-pass and high-pass frequencies. The others spectral 
features are computed by proposed DFB presented in Fig. 2. In each angular sector 
statistics are computed in six spectral bands (mean, standard deviation and skewness, see 
Table.1). To take into account the incidence angles sonar variations, grazing angle of 
sonar is added to the features vector. The features computed in this work are listed in the 
Table. 1. 

5. COLOR TABLE CREATION 

The SOFM algorithm transforms the high dimension feature vector into a two 
dimensional discrete map of neurons subject to a topological constraint with particularity 
of neighborhood preserving. The adaptation of the SOFM algorithm we previously 
proposed [10] is based on the learning of parameters of a series of SOFM algorithm (one 
for each stripe). The classification of a given stripe of sonar image by the SOFM algorithm 
is initialized by the final values parameters calculated on the previous learning algorithm 
stripe. The color of the chosen class is based on the color of the nearest neuron which is 
originally chosen randomly. Such a random process does not ensure that from one stripe to 
another, the color of classes is the same. To solve this problem, a common color table has 
been created from all images recorded by the sonar. The color table is based on the use of 
the features vector shown in the Table. 1. For a good human visualization and 
comprehension, three RGB colors (Red, Green and Blue) is one of the most appropriate 
representations. A principal component analysis (PCA) has been used to reduce the 
features space dimensionality from 57 features to the three most important in terms of 
variance values. The first three axes of PCA result represent more than of 90 % of total 
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variance and define the RGB color table. An example of color table of 48x48 sizes is 
shown in Fig. 4. 

 
Type of Feature Number of 

Features 

Texture Analysis                  
Kurtosis 
Elongation Factor 
Entropy 
Contrast 
Heterogeneity 
Homogeneity 
Correlation 
Max. of probability 

Spectral analysis  
Mean  of magnitude 
Variance of magnitude  
power  of  magnitude   
Low pass frequency  
Medium pass frequency  
High pass  frequency   
Mean  of DFB 
Standard deviation of DFB 
Skewness of DFB 
 

Grazing angle 
 
                                                                  

4 (0°,45°,90°,135) 
4
4
4
4
4
4
4

   
                1 

1
1
1
1
1

6 (six bands) 
6
6

1

         
                                           Total 57  Features 

Table 1: Features computed from texture analysis and spectral analysis. 
 

 

 

Fig. 4: a) Three axes PCA representation of the Kohonen map of 48x48 neurons size; 
b) Color table (RGB) created after PCA reduction of features space dimensionality. 
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6. UNSUPERVISED SEGMENTATION APPROACH 

The approach used in this work does not take into consideration the conditions of 
acquisition and the physical properties of the seabed backscattering. The backscattered 
energy considered as a textured image. To avoid the definition of a physical law 
describing the change in energy with grazing angle, we used the algorithm proposed in 
[10]. The principle is to divide the slant range into small stripes, where the statistics can be 
considered unaltered by the grazing angle variations. The starting stripe at mid sonar slant 
range is segmented with an unsupervised classifier. Then, from the knowledge acquired on 
the segmentation of this first stripe, the classifier adapts its segmentation to the 
neighboring stripes, allowing slight changes of statistics from one stripe to the other. The 
operation is repeated until the beginning and the end of the slant range are reached. The 
unsupervised segmentation of a slant range stripe is an adaptation of the Kohonen 
algorithm SOFM (Self-Organizing Feature Maps) [13]. 

7. EXPERIMENTAL RESULTS 

The data used for our study were obtained during the BP’02 (Battlespace Preparation) 
experiments carried out by the SACLANT Undersea Research Centre in La Spezia, Italy. 
The system used is the Klein 5000 sidescan sonar operating at 455 kHz. The sensor can 
work on two modes of resolution. In low resolution mode, the along-track resolution is 20 
cm and the maximum range is 150m on each side of sonar which gives a swath of 300m. 
In high resolution mode, the along-track resolution is 10 cm and the maximum range is 
limited to 75m (i.e. a swath of 150m). In both modes, the across-track resolution is 3cm. 
In our case we only use images acquired in high resolution mode. 

To assess the performances of spectral DFB features on the sidescan sonar images 
classifications for a data set of 400 images of four (4) types of sediment (Posidonia 
oceanica, rock, ripples and Sand) is created from the sonar data images used. The size of 
each image is 128x128 pixels. The data base is shown in Fig. 5. 

 
Fig. 5: Data set of 400 images for 4 types of sediment: Ripples, Posidonia oceanica, 

Rock and Sand, for different grazing angles of sonar. 
 

Three approaches are used in this work for the unsupervised classification of the dataset 
shown in Fig. 5. The first based on the classical K-mean algorithm and the second one is 
based on Hierarchical clustering class and finally the SOFM (Self-Organizing features 
maps). The comparison is made on the classification accuracy for each algorithm for three 
configurations: the first is to use only Haralick features, the second is to use spectral 
features then the last to use the combination all features listed in Table.1. 
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Correctly Classified Instances (%) 
 

Method of classification K-means Hierarchical Clustering SOFM  

Features used 
Haralick 63.03 36.50 59.00 
Spectral 44.00 38.75 51.75 

All features 65.19 52.53 65.50 

Table 2: Classification accuracy of the data set of Fig.5 in three configurations of 
features used: Haralick, spectral and the combination of all feature using three 

unsupervised algorithm: K-means, Hierarchical clustering and SOFM. 
 

From the Table.2, the Haralick features used alone gives better classification results 
than spectral features in the all cases with best result of 63.03 % given by K-means 
algorithm. 

The three unsupervised algorithm K-means, Hierarchical Clustering and SOFM give 
best results in the case of combination of all features, respectively with classification 
accuracy of 65.19 %, 52.53 % and 65.50 %. We also note, that the SOFM classify better 
the data base than the K-means algorithm in the case of using spectral and all features.  

The segmentation result of an example sonar image with unsupervised SOFM 
algorithm using all features and color table of Fig.4 is shown on Fig. 6. 

 
 

Fig. 6: Segmentation result of an example of sonar image using SOFM algorithm by 
combination of all features and with color table shown in Fig.4 

8. CONCLUSION 

In this paper, we propose directional filter bank DFB for spectral features analysis. A 
combination of the proposed spectral features with the Haralick features derived from 
GLCM gives better classification results than the used only of GLCM features. 
Unsupervised algorithms tested on the created sonar data base confirm the ability of DFB 
features to discriminate of seabed textures. We also note that the grazing angle feature 
improves the classification accuracy. The qualitative segmentation of sonar images using 
all features with an adaptation SOFM algorithm give god result. However, the 
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improvement of classification results on combined features show that GLCM and spectral 
features provide complementary descriptions of seabed textures. Further study will be 
conducted to analyze more deeply this complementarily. 

REFERENCES 

[1] R.M. Haralick. Statistical and structural approaches to texture”. Proceeding of the 
IEEE, vol. 67 no 5, p 786-804.1979. 

[2] C. Capus; IT Ruiz; Y. Petillot. Compensating for changing beam pattern and 
classfication. In:Proceedings of seventh European on underwater acoutics, Delft, NL; 
2004.p. 827-32. 

[3] Ph. Blondel, L.M. Parson, V. Robigou. TexAn: Textural Analysis of Sidescan Sonar 
Imagery and Generic Seafloor Characterisation. Proc. OCEANS'98, IEEE-OES, 1998. 

[4] N. Pican; E. Trucco; M. Ross; D.M. Lane; Y. Petillot; I. Tena Ruiz. Texture 
Analysis for Seabed classification: Co-occurrence Matrices vs Self-Organizing Maps. 
OCEANS '98 Conference Proceedings, Nice, France, vol.1, no., pp.424-428 vol.1, 
1998.  

[5] J. Preston. Automated acoustic seabed classification of multibeam images of Stanton 
Banks. Applied Acoustics, vol. 70(10), p. 1277 – 1287.2009. 

[6] Davies, ER. Introduction to Texture Analysis. In Handbook of Texture Analysis, (eds. 
Mirmehdi et.al.), Word Scientific Publ, 2008. 

[7] R. H. Bamberger and M. J. T. Smith. A lter bank for the directional decomposition 
of images: Theory and design.  IEEE Trans. Signal Proc., vol. 40, no. 4, pp. 882–893, 
April 1992 

[8] T. T. Nguyen, S. Oraintara. A multiresolution directional filter bank for image 
applications.  In proceeding of: Acoustics, Speech, and Signal Processing, (ICASSP 
'04). IEEE International Conference on, Volume.3,2004. 

[9] T. T. Nguyen; S. Oraintara. Texture classification Using Non_uniform Directional 
Filter bank. IEEE 11th Digital Processing workshop & IEEE signal processing 
Education Workshop.2004. 

[10] A. Nait-Chabane; B. Zerr, G. Le Chenadec. Range-independent segmentation 
of sidescan sonar images with unsupervised SOFM Algorithm (Self-Organizing 
Feature Maps). Proceedings of Meetings on Acoustics; POMA 2012 Oct 15. 

[11] P. Chapple. Automated detection and classification in high-resolution sonar 
imagery for autonomous underwater vehicle operations. Australian Government 
Department of Defence Technical Report, DSTOGD-0537, 2008. 

[12] S.G. Mallat. A theory for multiresolution signal decomposition: The wavelet 
representation”. IEEE Trans. On Pattern Analysis and Machine Intelligence, 11:674–
693.1989. 

[13] T. Kohonen. Self-Organizing Formation of Topologically Correct Feature Maps. 
In Proceedings Biological Cybernetics, vol. 46, p. 59-69, 1982. 

[14] Haralick. R M. Statistical and Structural Approaches to Texture. Proc. IEEE, 
Vol.67, N”5, May 1979.  

 

1st International Conference and Exhibition on Underwater Acoustics

1437



1st International Conference and Exhibition on Underwater Acoustics

1438



SHARP ESTIMATE OF ENERGY DISTRIBUTION
IN THE TIME-FREQUENCY DOMAIN:

AN ESSENTIAL SPECTROGRAM

Krzysztof Czarnecki, Marek Moszyński

Gdansk University of Technology

Faculty of Electronics, Telecommunications and Informatics

11/12 Gabriela Narutowicza, 80-233 Gdańsk-Wrzeszcz, Poland

krzycz@eti.pg.gda.pl, marmo@pg.gda.pl

Abstract: The time-frequency analysis is often used in underwater acoustic signal detection
and processing. A novel precise method of signal analysis in the time-frequency domain is
presented. A signal energy distribution is estimated by discard and displacement of energy
parts of the classical spectrogram. A channelized instantaneous frequency and a local group
delay are used in order to energy replacement. Additionally, newly introduced representa-
tions such as: a channelized instantaneous bandwidth and a local group duration are used
for remove some part of irrelevant energy. An obtained energy distribution called essential
spectrogram is highly concentrated. And it causes that mono-components of an analyzed
signal are precisely localized in the time-frequency domain.

Keywords: time-frequency representation, cross-spectral method, short-time Fourier trans-
form, STFT, channelized instantaneous complex frequency, complex local group delay

1. INTRODUCTION
Several authors report about the usage of the methods of time-frequency analysis in un-

derwater acoustics, among others in targets detection [1], classification [2, 3], in signal pro-

cessing [4], and also in underwater communication. In reference to these studies in the paper

a novel precise method of signals analysis based on the short-time Fourier transform (STFT)

is described.

In 1976 Kodera et al. proposed a new method of energy distribution estimation in the

time-frequency domain using the channelized instantaneous frequency (CIF) and the local

group delay (LGD). The approach is known under many names including: the modified

moving window method [5, 6], the cross-spectral method [7], the reassignment method [8, 9],

relocation, displacement method, etc. These variants of the method are distinguished mainly

by usage of different estimators of CIF and LGD but the main concept is the same – signal

analysis that leads to high concentrated energy distribution in the time-frequency domain.
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Both CIF and LGD are parts of the gradient of the STFT complex phase. Beyond them,

other parts are so-called signed channelized instantaneous bandwidth and signed local group

duration. In the presented approach, all mentioned parts of the gradient of the STFT complex

phase are used. Firstly, the short-time Fourier transform is derived in the following manner:

U(t, ω) = A(t, ω) exp
(
jφ(t, ω)

)
=

∞∫
−∞

u(τ + t)h∗(−τ) exp(−jωτ)dτ (1)

where complex conjugation is denoted by an asterisk,

A(t, ω) =
∣∣U(t, ω)

∣∣ and φ(t, ω) = arg{U(t, ω)} , A(t, ω), φ(t, ω) ∈ R (2)

The complex waveform denoted by u(t) should have non-zero values and has to be differen-

tiable in every instant, U(t, ω) means resultant STFT and h(t) represents an analyzing win-

dow function. A(t, ω) and φ(t, ω) denote accordingly amplitude and phase instantaneous

spectra.

In the presented method, subsequently for each locus (t, ω) of STFT corrected localization

is estimated in the time-frequency plain by CIF and LGD. They are expressed respectively:

Ω(t, ω) =
∂

∂t
φ(t, ω) (3)

Θ(t, ω) = − ∂

∂ω
φ(t, ω) (4)

and are used for obtained new localizations as follows:

(t, ω) → (
t+Θ(t, ω)/(2π),Ω(t, ω)

)
(5)

where t and ω mean accordingly time and angular frequency. CIF is denoted by Ω(t, ω)
and LGD is referred to as Θ(t, ω). The new distribution of energy is called concentrated

spectrogram [10]. In Fig. 1 classical and concentrated spectrograms of a test FM two-

monocomponent signal are presented. The test signal is expressed by the following formula:

u s1(t) = exp
(
j
(
2πtf1 + 0.25fd sin(4πt)/π

))
+

+exp
(
j
(
2πtf2 − 0.25fd sin(4πt)/π

)) (6)

where f1 = 300Hz, f2 = 700Hz and fd = 150Hz. In general, the multicomponent complex

waveform can be represented by the following model:

u(t) =
N∑

n=1

an(t) exp
(
jϕn(t)

)
(7)

where N is a number of monocomponents, an(t) and ϕn(t) represent envelope and instanta-

neous phase of n-th monocomponent. In this paper understanding of a single monocompo-

nent is related to each n-th an(t) exp
(
jϕn(t)

)
waveform [11].

In classical and concentrated spectrograms two monocomponents interfere significantly,

if they are located close to each other on the time-frequency plain. The phenomenon is

described by the uncertainty principle. Thus the interferences of components occurs locally.

They are dependent on the time-frequency range of the analyzing window that is represented

by the unambiguity function [12, 13].
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Fig.1: Energy distributions of test signal in the time-frequency domain: A) classical
spectrogram; B) concentrated spectrogram. Blackman-Harris window type with an

effective width equal to approx. 4.5 ms is used.

In the next sections of the paper, a number of degrees of freedom distribution estimate

as a product of the channelized instantaneous bandwidth (CIBW) and a local group duration

(LGDR) is introduced. This representation is used in order to select the areas where energy

is originated mainly from a single mono-component of a signal. The energy is extracted from

the spectrogram and located according to the Kodera’s et al. approach.

2. DEGREES OF FREEDOM IN SIGNAL THEORY
A number of degrees of freedom for any signal denoted here by χe can be calculated as a

product of its effective bandwidth and its effective duration as follows [14]:

χe = BeTe (8)

where Be and Te represent respectively the effective bandwidth:

B2
e =

∞∫
−∞

(ω − ωo)
2E(ω)dω

/ ∞∫
−∞

E(ω)dω , ωo =

∞∫
−∞

ωE(ω)dω

/ ∞∫
−∞

E(ω)dω (9)

and the effective duration of the signal:

T 2
e =

∞∫
−∞

(t− to)
2E(t)dt

/ ∞∫
−∞

E(t)dt , to =

∞∫
−∞

tE(t)dt

/ ∞∫
−∞

E(t)dt (10)

BothBe andTe are always positive andχe limited: 0 < Be, 0 < Te andχe < ∞. E(t) denotes

a distribution of signal energy in the time domain and E(ω) represents a distribution of

spectrum energy in the frequency domain. The number of degrees of freedom (8) is wider

known as the time-bandwidth product and is used in order to evaluate of analyzing windows.

3. LOCAL NUMBER OF DEGREES OF FREEDOM
The local bandwidth can be assigned in every instant and in every output channel from

the short-time Fourier transformer, similarly as the channelized instantaneous frequency [15].

Then for both continues time and frequency it is called the channelized instantaneous band-

width and can be obtain as follows:

B(t, ω) =
1

2π

∣∣∣ ∂
∂t

Λ(t, ω)
∣∣∣ (11)
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where Λ(t, ω) = ln
{
A(t, ω)

}
and ln{} is the complex natural logarithm operator. Dually, a

local group duration can be defined in the time-frequency domain:

T (t, ω) =
1

2π

∣∣∣ ∂

∂ω
Λ(t, ω)

∣∣∣ (12)

The channelized instantaneous bandwidth and the local group duration express a local stretch-

ing of the signal respectively in frequency and in time. A number of degrees of freedom

distribution can be estimated by the following formula:

χ(t, ω) = B(t, ω)T (t, ω) (13)

where χ(t, ω) is the local number of degrees of freedom (LNDF) distributed in the join time-

frequency domain. In order to distinguish from the global number of degrees of freedom (8)

the local value is denoted by χ(t, ω) without any subscript. LNDF distribution for the test

FM chirp signal is presented in Fig. 2.
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Fig.2: Local number of degrees of freedom obtain for the test signal.

4. ENERGY EXTRACTION FROM A SPECTROGRAM
Both classical and concentrated spectrograms are some estimates of an energy distribution

in the time-frequency domain. The main purpose of the proposed method is a classification

of the energy in order to extract unambiguous not blurred part. It is assumed that the not

smeared energy expresses a true localization of signal components in the time-frequency

plain. The blurred energy can be detected using LNDF. If local number of degrees of free-

dom is large, a time-frequency representation (TFR) of a signal is chaotic and it is rapidly

changing. The LNDF estimated in a point concerns area that can be indicated by the un-

ambiguity function of an analyzing window near the point. In contrast, if a local number of

degrees of freedom achieves small value, then TFR is locally orderly and slowly variable.

A threshold of LNDF can be arbitrarily assumed in order to an energy separation. Let

the threshold be denoted as αχ. Then, if LNDF is greater than αχ, an energy of a classical

spectrogram is removed from this point of time-frequency plain. Otherwise an energy is pre-

served. The remaining energy is subsequently redistributed according to the Kodera’s et al.
approach. The resultant energy distribution is called the essential spectrogram. Essential

spectrograms of the test chirp signal are illustrated by Fig. 3. What causes a great impres-

sion is a high concentration [16] of the energy for two-component signal, even when the two

components are relatively close to each other.
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Fig.3: Essential spectrograms: A) before energy replacement B) after energy replacement.
The threshold αχ is assumed as 0.05.

5. CONCLUSION
In the paper, the novel method of an energy distribution estimate is presented. The resul-

tant energy distribution is called the essential spectrogram. A new aspect of the method is

the usage of the local number of degrees of freedom (LNDF). That is distributed in the joint

time-frequency domain and allows for separation of energy into two parts. LNDF distribution

is obtain as a product of the channelized instantaneous bandwidth and a local group duration.

The part of energy, where LNDF values are small, is referred to as the essential spectrogram.

The localization of the energy is calculated according to the Kodera et al. approach. The

second part is treated as an irrelevant effect of the short-time Fourier transformation and it is

strongly dependent on the Heisenberg-Gabor principle. The spectrograms in Fig. 3. prove

that proposed energy distributions are high concentrated and accurate in the time-frequency

domain more than classical and concentrated spectrograms.
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Abstract: 
Correlation ASIC (Application Specific Integrated Circuit) is one of most 

important devices for application of broadband technology such as pulse compression 
methodology. Underwater acoustic technology is applied also to the biotelemetry field, and 
application in this field is spreading. FUSION INC. provides the small size, long battery life, 
long distance and high discernment pinger system to the researcher of the biotelemetry field. 
FUSION pinger system consists of the pinger and the receiving equipment. The pinger has 
32 kinds of Gold Code 31-sequence signal and the receiving equipment must simultaneously 
process 32 codes of 31-sequens Gold Code signal. The conventional method of processing 
32 codes was used by FPGA (Field Programmable Gate Array). The FPGA is flexible 
device for processing many kinds of processing such as correlation but it has much power 
consumption 2.5 watts. Underwater device operated by battery should be low power 
consumption and small size. The ASIC developed newly realizes 1 mW of power 
consumption, and it is about 1/600 at the case of using FPGA. Its completion will be spread 
many application of underwater acoustics. The device size is 2mmx2mm square, 36.5k gates 
and operating frequency is 16 MHz for 60kHz pinger tracking.  

Keywords: correlation, correlator, biotelemetry, pinger, PN code, Gold Code, ASIC,  
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1. Introduction  
A biotelemetry system is an indispensable system in order to observe ecology, such 

as behavior of fish and sea animal. It is hard to say that the present equipment and a system 
are enough for a researcher. This is because it is hard to say that the size, a battery life, 
range, and discrimination capacity fulfill a researcher's needs. In order to solve these 
problems, it does not depend on the existing method but introduction of an epoch-making 
system is indispensable. If a multi access communication method that is being held by the 
radio wave in the air also in the underwater ultrasonic telemetry system can be used, it will 
be thought that an underwater telemetry system also develops by leaps and bounds. We 
solved these problems by adopting the communication method of CDMA (Code Division 
Multiple Access) currently seldom used underwater. Therefore, the correlation device that is 
an indispensable device was newly designed and was manufactured as a custom ASIC. The 
sizes and power consumption of this ASIC (Application Specific Integrated Circuit) are 
realized 1/200 and 1/500 of FPGA (Field Programmable Gated Array) respectively, and it 
became possible to adopt it as the equipment of the battery drive used in underwater which 
was difficult until now. Thereby, regime shift was realized in the field of underwater 
measurement and biotelemetry equipment. Introduction of this device and the variegated 
application using it are introduced. 

2. Biotelemetry system 
The example that there are many 

kinds in an ultrasonic biotelemetry system, 
and is shown in Fig.1 is a system which 
receives the transmitter (pinger) with which 
a fish and an sea animal are equipped, and 
its signal, and analyzes their behavior. The 
pinger attached to the target sends an 
ultrasonic pulse at a fixed interval, and sends 
depth and water temperature information. 
Therefore, a pinger is small as much as 
possible, and a long battery life and the 
transmitting capability to a long distance are 
needed. Furthermore, since to attach and 
track a pinger for two or more individuals 
simultaneously is also needed, many IDs of 
a pinger is needed. The authors developed 
until now the biotelemetry system that used 
PN (Pseudo Noise) sequence signal, and 
have solved and put these subjects in 
practical use shown in Fig.2. This system 
can send 32 kinds of PN sequence codes, 
and transmits depth and water temperature 
data by three pulses shown in Fig.3. 
Therefore, if a PN code that is different to 
three pulses is used, 32,768 kinds of ID 
numbers will become possible. Moreover, the signal to noise ratio can be improved by 
correlating PN sequence signal by correlation (pulse compression), and range can also be 
extended. The PN code pinger was designed using micro CPU device and it succeeded in 
the miniaturization of a pinger, and realized long battery life. However, the miniaturization 
of a receiving equipment and low power consumption were difficult. The reason is because 

Fig.1 Biotelemetry system

Fig.2 Pinger and Receiver 
produced by FUSION INC. 
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correlator is required to receive the PN code 
transmitted from a pinger and the correlator 
was realized using FPGA. As long as the 
FPGA was used, large power consumption 
was needed in size with large it, and a 
miniaturization and low power consumption 
of the receiving equipment were not realized. 
The problem of power consumption became 
a serious obstacle and had not realized until 
now the receiving equipment in particular 
using the correlator of the battery drive used 
underwater. The correlator of low power 
consumption surely needed to be developed 
to realize miniaturization of the receiving 
equipment used underwater.  

3. Correlation ASIC 
In order to realize correlator of low 

power consumption and small size, we 
decided to develop custom ASIC (Fig.4). 
The ASIC correlates 32 kinds of PN 
sequence codes sent from a pinger, and has a 
function that outputs the result outside. The 
outputte  d correlation result is recorded on 
storage media, such as SD card, or is sent 
out to external PC, and can perform a 
display and record of data.  
The specification of the ASIC is the following. 

Specification of custom correlation device ASIC FDC-1024 
1024 steps correlation device 
32 replicas of Gold Code 
Simultaneous correlation for 32 codes  
SPI bus compatible serial interface 
Output data of code, time and correlation coefficient  
1.2 to 1.8 volt core supply voltage  
16MHz operation frequency for 62.5kHz pinger system 
128 stages FIFO, pre-settable almost full value 
36.5K gates ASIC, 0.18 micron process chip  
2x2mm chip size, 4x4mm, QFN-24 package size 
32 codes receiver function and 1 code transponder response function 
0.6mA core current dissipation, less than 1 mW power dissipation   
ASIC layout is shown in Fig.5 

Correlation function C(t) is shown as formula (1). 

(1) 

Where, S (t) is an input signal to correlator, and R ( ) is a replica of a transmitted signal.
The replica used 32 kinds of Gold Code. A Gold Code signal is one of the PN sequence 

Fig.3 Three pulse train

Fig.4 Block diagram of correlator

Fig.5 ASIC on board  
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code signal generated from the combination 
of Maximum sequence signal, and is an 
outstanding PN code made very low cross 
correlation coefficient between codes. Fig.6 
shows the simulation result of the cross 
correlation coefficient of the correlator 
which we developed. A cross correlation 
coefficient's being low is that incorrect 
recognition of 32 kinds of identification 
codes is low. Even if it receives the signal 
from two or more pingers simultaneously, it 
is that the difference in the ID is 
discriminable. The ASIC that we developed 
is carried out the phase modulation of the 
career frequency (frequency is arbitrary) by 
the Gold Code, and the number of 
correlation length is 1024. Fig. x is a block 
diagram of the developed correlator. Fig.7 
shows the actual correlation waveform of a 
31-bit Gold Code signal. The signal whose 
code corresponded is well understood that a 
peak is not accepted by the signal of a 
different code, while the sharp peak is 
detected. In this example, it is the result of 
actually detecting the signal of the frequency 
62.5 kHz, and 2.048 ms of pulse length in water. This ASIC realized 1/200 in case a size 
and 1/500 in case power consumption uses a ready-made FPGA device. This is sure of the 
thing that detect PN code signal and that it is small, the receiving equipment of low power 
consumption can be realized, and development of an underwater acoustic measuring device 
changes dramatically. 

4. Applications using ASIC FDC-1024 
Some hydroacoustic equipment 

using the correlator ASIC which has 
developed is shown in Fig.8.  

Latest products using custom correlator 
ASIC FDC-1024 

 Net mouth distance measurement 
 Pinger receiver  
 Small size transponder 
 Remote temperature device 
 Interfish telemetry device  
 Tiny pinger (depth+temp.)  

The pinger receiver receives the 
signal from the pinger (the existing Fusion 
products) which sends the Gold Code, and 
the pinger receiver which records the result 
on SD card has a battery life for four months 

Fig.6 Cross correlation coefficient 

Fig.7 Actual correlation waveform 

Fig.8 Hydroacoustic equipment using 
custom ASIC  
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in 60x300mm size. Net mouth measurement device is equipment that measures the 
distance between net mouths by ultrasonic for every second, and records the result on SD 
card. The transceiver signal of this equipment is Gold Code signal, and is equipment that 
can measure the distance between the net mouths correctly without being interfered by the 
underwater noise. Of course the transponder also has a function that transmits the reply 
signal of a Gold Code, call signal called from the marine mother ship is received, 
correlation processing is carried out by the ASIC. Most transponders that exist in a market 
use a simple pulse or train of pulses for call signal and a reply signal to the former, and 
discernment of the signal used different frequency. If a gold code sequence signal is used to 
it, two or more discernment is attained and 32 kinds of identification codes are possible also 
for a single frequency in this ASIC. Furthermore, by using correlation processing, 
improvement in the signal to noise ratio could be aimed at, and very few systems of 
malfunction were realized. A remote temperature device is a device that transmits depth and 
water temperature information to a marine survey ship and fishing boat in real time, and is 
used for investigation of medium layer water temperature, catch of the low layer water 
temperature in a fishery, etc. Using transducer of the existing fish finder with which the ship 
is equipped, the transducer that receives a ultrasonic sign al can receive the signal from 
remote temperature device, operating a fish finder. Such a thing is possible because it can 
discriminate the fish finder signal and Gold Code signal of same frequency with the 
correlator. We are developing a new device, interfish telemetry device shown in Fig.9. This 
device is a new type of the information and telecommunications between fish, and is 
epoch-making telemetry device which 
communicates among two or more fish equipped 
with a data logger, and records the behavior 
information on other fish, for example, time, depth 
of water, water temperature, etc. on the data logger 
of another fish. If at least one of two or more fish 
succeeds in recovery, it will be the device of the 
dream that did not carry out an idea until now, 
either that the behavior history of two or more fish 
becomes solved. In addition, being able to consider 
various new applications, if correlator ASIC's is 
used, and carrying out a big contribution to the 
solution of the ecology of not only the measurement 
field of underwater acoustic but a sea mammal 
ecology is that there is no room to suspect.  

5. Results 
The actual experimental result of net 

mouth measurement developed using the correlator 
ASIC is shown in Fig.10, the experiment fixed the 
master device in the water, and moved the slave 
device by walking along the quay. We can confirm 
the receiving distance about 226 m distance 
between the master and slave device of net mouth 
measurement after processing the obtained data in 
SD card. One time of send data was transmitted to 1 
second from master, when the signal which slave 
received was replied correlatively, the signal was 
received by master, it was correlated, the time from 

Fig.9 Interfish telemetry device

Fig.10 Result of net mouth measure 



transmission to reception was measured, and the distance between master-slave was found 
by dividing it by 2. It is almost proved in succession that there is also no incorrect detection 
and it has received. Another experiment fixed two or more pingers in water, and received 
the position of the pinger with the pinger receivers equipped with the hydrophone of 4CH 
shown in Fug.11. The pinger receiver operated with the battery, processed four correlators 
simultaneously, and recorded the correlated results on internal SD card. It succeeded in 
detecting the position of two or more pingers simultaneously by analyzing the data recorded 
on SD. When there were two or more sets, the pinger receiver with 4CH correlator could 
pinpoint the position by the crossing bearing 
method, processed the data of two sets of 
pinger receiver, and detected the position of 
ten pingers simultaneously.  

The system using the correlator 
ASIC thinks that it has been proved that they 
were an infinite possibility and a wonderful 
device which brings about a very interesting 
result in the underwater measurement field 
or the field of ecology observation of a sea 
living thing. 

6. Future plans 
As a concept, the development of the correlator ASIC of low power consumption 

equipped with many number of stages is planned in the future. I would like to direct power 
also towards development of a still more interesting device in response to many researchers' 
needs. Researchers are unreserved and should propose development of a new device. By 
offer of new technology, research of many new fields is wanted to be developed. Moreover, 
when those technology is put in practical use and use in a fishery field or the sea field 
spreads, it believes accomplishing development of a virtuous circle earnestly.  

I would like to convey gratitude to many cooperators in this research and development. 
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Abstract: Divers, including closed circuit (rebreather) divers constitute a potential threat 
to waterside infrastructures. Active diver detection sonars are available commercially but 
present some shortcomings, particularly in highly reverberant environments. This has led 
to research on passive sonar for diver detection. Passive detection of open-circuit UBA 
(underwater breathing apparatus) has been demonstrated, but detection of rebreathers is 
more challenging due to their quiet operation. 
A study was conducted using an array of broadband hydrophones (100 kHz bandwidth). 
10 hydrophones were arranged in a random array of 1.5 m baseline in order to achieve a 
favorable tradeoff between angular resolution (requiring a large array), side-lobe 
rejection (requiring low hydrophone spacing), and cost (requiring a limited number of 
sensors). The array was deployed from a pier in a basin that is nearby a busy shipping 
lane in the Port of Rotterdam. A diver equipped with an Inspiration Classic rebreather 
from Ambient Pressure Diving (a popular recreational rebreather) approached the array, 
towing a surface GPS that was used for validating detections.
The collected data was processed using conventional beamforming and 4th order cumulant 
based beamforming. The detection of the rebreather at range up to 120 m in presence of 
shipping traffic was reported and validated against GPS ground truth. This result 
illustrates the potential of higher order statistics to improve passive acoustic detection. 
The relatively large detection range suggests that quieter military rebreathers may be 
detectable at closer range. Furthermore, the limited number of hydrophones used (10) 
compared to commercial active diver detection sonar, that include typically hundreds of 
sensors, indicates a strong potential for improvement. 

Keywords: Passive detection, rebreather, close circuit diver, random array, beamforming, 
cumulants, virtual array
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1. INTRODUCTION

Underwater intruders and small surface vessels are potential threats to waterside 
infrastructures. Mitigation of this threat requires means for detection and response. 
Surface targets can be detected by radars and camera, but detection of underwater targets 
is more challenging. Various types of sensors can be used at short range (e.g. electric or 
magnetic) but a detection at large range is required to enable enough time for appropriate 
response. Acoustic methods constitute the only proven mean of detecting divers at large 
distance (tens or hundreds of meters). It is conventionally done using active diver 
detection sonars, which are available commercially but face limitations in harbour 
environments due to reverberation. This triggered the investigation of methods for passive 
acoustic detection of divers. 

The study of the acoustic emission of open-circuit diver [1] demonstrated that it is 
dominated by a broadband inhalation noise due to the turbulent decompression in the high 
pressure regulator. Methods were developed to detect such signal in relevant operational 
conditions and the detection of open circuit diver was demonstrated in the Hudson river 
[2]. Localisation of open-circuit divers was subsequently demonstrated by combining the 
detection from various passive sonars [3]. 

Closed-circuit Underwater Breathing Apparatus (UBA), often referred to as 
rebreathers, constitute a different class of UBA. Contrary to open-circuit UBA, closed-
circuit UBA recycle the air breathed by the diver instead of rejecting it in the water. They 
produce less noise than open-circuit UBA which prevent their detection using the cross-
correlation approach developed for open-circuit diver detection. An increased processing 
gain is required which naturally points to the direction of array processing. A random 
array design was proposed in [4] in order to achieve a suitable compromise between 
angular resolution and side-lobe level for detection of a signal of unknown frequency 
content. This approach was validated experimentally [5] in an experiment conducted in 
March 2012 in the Port of Rotterdam using a random array comprising 10 broadband 
hydrophones.  

In this paper, we consider the use of higher order statistics, namely the fourth order 
cumulants, for the passive detection of underwater targets. The signal processing method 
based on the fourth order cumulants is presented in section 2. The experimental data used 
to test the approach, which is the same as in [5], is presented in section 3 and the results 
are presented in section 4. 

2. VIRTUAL ARRAY AND 4TH ORDER CUMULANT 
Direction finding techniques are typically based on the second order moments 

)}()({),(2 txtxEji ji  of the received signal )(txi  measured at the sensor i. With 
beamforming, the power in a beam in the direction is  is computed as: 

 
)(][)( PCP T  (1) 

 
where ][C  is the covariance matrix whose element (i,j) is equal to ),(2 ji , )(P  is the 
steering vector in direction  (whose expression depends on the beamforming method 
used) and T  indicates the complex transpose. 
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In [6], Porat and Friedlander propose algorithms based on the fourth order cumulants 
 

),(),(),(),(),,,(),,,( 1222122221122121421214 jijijijijjiijjii  (2) 
 
where )}()()()({),,,(

212121214 txtxtxtxEjjii jjii  is the fourth order moment. It is shown in 
[7] that the method increases the directional information compared to second order 
statistics and increases the effective aperture of the array. An interpretation based on the 
concept of virtual cross-correlation is introduced. In [8], Chevalier et al. propose an 
interpretation based on the virtual array concept. Given a real array with N elements at 
position ir , the corresponding virtual array is composed of N2 sensors at positions 

 

jiij rrr  (3) 
 
This corresponds to the definition of the difference coarray proposed in [9]. The kth 
element of the virtual array, k from 1 to N2, is defined from the position of the elements i 
and j from the real array, i and j both from 1 to N. The interpretation proposed in [8] 
enables to use the formula (1) on the virtual array instead of on the real array by replacing 
the matrix ][C  by a matrix in which the element (k,l) is a fourth order cumulant from 
formula (2) and where the index k and l are the index of virtual sensors associated with the 
real sensors (i1,j1) and (i2,j2), respectively.  

Since according to (3), 0iir , it follows that N of the virtual sensors are collocated and 
the virtual array is composed of at most N2-N+1 non redundant sensors.  

3. EXPERIMENT 

 
Fig.1: Random linear array used in the experiment, (b) position of the 10 hydrophones 

used in processing, (c) divers equipped with a rebreather (right) and an open circuit 
underwater breathing apparatus (left). 

 
The experimental data analysed in this paper were acquired in the port of Rotterdam in 

March 2012. A random array composed of 10 hydrophones with 1.5 m baseline was used. 
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The array is shown in Fig. 1a and their position is reported in Fig. 1b. It is composed of 
broadband, omnidirectional hydrophones and an acquisition system with 100 kHz 
bandwidth designed by AGUAtech (Italy) [10] and manufactured by SMID (Italy) [11]. 
The array was deployed on the pile of a pier at a depth of 2-3 m (varying with tide) in a 
basin along a busy shipping lane. Aerial views of the test site are shown in Fig. 2a and b. 

 
Fig.2: (a) Bird’s eye view of the test side in the Port of Rotterdam, (b) top view of the 

basin in which the experiment was conducted and showing the trajectory of the rebreather 
diver (green), the position of the array (red star) and the position of the waterbus 

 
The diver involved in the study was equipped with an Inspiration Classic [12] 

rebreather from Ambient Pressure Diving (UK), which is a popular recreational 
rebreather. He is shown in Fig. 1c, right.  He was requested to swim toward the array 
while towing a GPS at the surface. The GPS was used to enable identification of the 
rebreather track by comparison of the acoustic bearing with the bearing track determined 
from GPS data. During the diver run, the surface traffic consisted mostly of barges going 
in either direction on the shipping lane and also included the waterbus, which has a stop in 
the basin in which the experiment was conducted, and of the support rigid hull inflatable 
boat (see Fig. 1c) that was used for diver delivery and diver safety.  

The virtual array corresponding to the random array used in the experiment is shown in 
Fig. 3. Note that because jiij rr , the aperture of the virtual array is the double of that of 
the real array. Due to the randomness of the sensor placement, the number of redundant 
virtual sensor position is minimal and the virtual array sensors are located at 91 different 
positions. In the processing using the virtual array, the redundant sensors are discarded, 
allowing to operate on 91 91 matrix instead of 100 100 matrix.  

 

 
Fig.3: (top) Placement of the sensors of the real array, (bottom) placement of the 

sensors of the corresponding virtual array using the same scale. 
 
Beamforming is applied using conventional beamforming applied to the real and to the 

virtual array over frames with 50% overlap. The signal frames of 0.64 s duration (131 072 
samples) are decomposed into 512 samples (2.5 ms) snapshots with 50% overlap. The 
spectrum of each snapshot is computed using 512 point fast Fourier transform after 
applying a tapered cosine window. Narrow band beamforming with 0.5º spacing between 
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the look directions is performed for each positive frequency up to 100 kHz. The narrow 
band results are then combined to obtain a broadband directional power spectrum. 

4. RESULTS 
The computed broadband directional power spectra are shown in Fig.4. For each frame, 

the average level along the bearing was subtracted in order to show the variation in the 
directionality rather than the temporal variation of the level (which varied significantly as 
barges went in and out of sight of the array). The colormap used for both plots is the same 
and covers a dynamic range of 10 dB. The red arrows indicate the rebreather track 
(identified using the GPS data, not shown here). Part of it is visible using the real array but 
the track is almost complete using the virtual array. It further presents an increased 
contrast with the background, which is illustrated in Fig. 5 that show time slices at the 
time of the vertical lines in Fig. 4. 

 
 
Fig.4: Broadband directional power spectra computed using the real array (a) and the 
virtual array (b).The arrows indicate the rebreather track. The vertical red line indicate 
the time of the time slices shown in Fig.5.  
 

In Fig.5a, a peak that is about 1.5 dB over the background is clearly visible using the 
virtual array, whereas no clear peak is present using the real array. At that time, the diver 
was at about 120 m from the array. In Fig.5b, several sources are clearly visible with the 
virtual array. The peak corresponding to the diver is almost 3 dB over the background 
level. Six peaks are clearly visible using the virtual array, whereas only four are visible 
with the real array. They are sharper using the virtual array, which is due to its increased 
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aperture, which provides a better resolution. Furthermore, the level of the peak using the 
virtual array are significantly higher than using the real array.  

 

 
Fig.5: Temporal slices at the time marked by red lines Fig.4. The arrow indicates the 
direction of the rebreather. 

5. CONCLUSION 

In this paper, the concept of virtual array processing using 4th order cumulant has been 
applied to the passive acoustic detection of a rebreather. The use of the virtual array 
resulted in an increased resolution and a higher signal to noise ratio which improves the 
possibility of detection. This result provides additional evidence demonstrating the 
potential of passive acoustics for the detection of quiet targets in noisy environments. The 
use of virtual array processing constitutes another possibility to improve the performance 
beside increasing the number of sensors.  

Further research will be devoted to the investigation of the performance of the virtual 
array using adaptive beamforming instead of the conventional beamforming applied in this 
paper and to the evaluation of the optimal frequency band for operation of the system. 
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Abstract: Passive diver detection relies on the detection of sounds emitted by underwater 
breathing apparatus. It is limited by the ambient noise. Passive detection and localization 
of scuba divers in a port environment up to 400 m has been reported. The applicability of 
these methods to warm waters has not been demonstrated yet. Indeed, warm waters are 
noisy waters whose background noise is usually dominated by the noise produced by the 
marine life, in particular by snapping shrimps that generate very loud transients.
In this study, we report the first investigation of the detectability of scuba divers in warm 
waters using passive acoustics. The study was performed using data collected using the 
ROMANIS system. ROMANIS is a 2D array of 1.3 m meter diameter equipped with 508 
sensors and developed at the National University of Singapore for ambient noise imaging. 
The data analysed were collected in April 2010 while scuba divers were deploying a 
target for imaging at 70 m from the array. The data analysed presents significant level of 
snapping shrimp noise (more than 200 snaps per second). It was analysed using 
beamforming. The large number of sensors on the array allows for processing of the data 
using a subset of sensors, thereby enabling to study the influence of the number of sensors.
The beamformed data enabled detection of the scuba diver’s inhalations and to determine 
their azimuth and elevation. The study indicates that passive diver detection is applicable 
in warm waters dominated by snapping shrimp noise. 

Keywords: Passive detection, diver, snapping shrimp, ROMANIS 
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1. INTRODUCTION

Underwater intruders such as divers constitute a potential threat to waterside 
infrastructures. Detection means are necessary to counter this threat. This is commonly 
accomplished using active diver detection sonars. These devices are available 
commercially but face limitations in harbour environments due to reverberation. This 
triggered the investigation of passive acoustic diver detection methods. 

The study of the acoustic emission of scuba divers demonstrated that their emission is 
dominated by a broadband noise occurring due to the turbulent decompression of the 
breathing gas during the inhalation [1]. Experimental investigation demonstrated the 
possibility of detecting and localising divers in a harbour environment [2]. The detection 
was performed using generalized cross-correlation [3], which is based on the processing of 
the signal from a pair of hydrophones. More challenging situations occur when the signal 
of interest is weaker or when the ambient noise level is higher. In such case, more 
advanced methods able to operate at lower signal to noise ratio and involving 
beamforming with more than two sensors should be considered. The case of a weaker 
signal was considered in [4] in which the detection of a closed-circuit diver was 
demonstrated in a harbour with beamforming applied to a random array comprising 10 
hydrophones.  

In this paper, we consider another situation that is challenging for passive acoustic 
sensing: the application of passive diver detection in warm waters. The ambient noise in 
warm waters often includes the noise of snapping shrimps [5] which produce very 
broadband transients that can dominate the ambient noise. Beamforming algorithms are 
applied for the detection of a scuba diver to data collected in Singapore. The experimental 
system and the data analysed are presented in section 2. The signal processing 
implemented and the results obtained are presented in section 3, which is followed by a 
discussion and the conclusion.  

2. EXPERIMENTAL DATA 

The data were collected in April 2010 in Singapore using the ROMANIS array [6]. It is 
a 508 elements, 1.3 m diameter circular array (Fig. 1a) designed for ambient noise 
imaging. It is composed of directional elements of 50 mm by 50 mm and has a field of 
view of about 18º in azimuth and 9º in elevation. The channels are sampled synchronously 
at 196 kHz. The data analysed was collected while scuba divers were deploying a target 
for ambient noise imaging at about 70 m from ROMANIS.  

Fig. 1b shows a portion of 3 ms of signals from an horizontal row of the array 
comprising 23 elements. Several events are visible in the form of oblique lines whose 
slope depends on their direction. They have short duration ( 1ms) and correspond to 
snaps from snapping shrimps. Fig. 1c presents a longer portion of signal of 100 ms 
duration. More than 20 snaps (short transients) are visible on the time trace indicating 
occurrence of more than 200 snaps per second. Whereas the snaps provide the source of 
illumination necessary to ambient noise imaging, they are detrimental to the detection of 
the emission of the scuba divers. 

A portion of signal of 30 s duration was analysed using either a single horizontal row of 
sensors or a subset of sensors distributed over the 2D aperture. 
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Fig.1: (a) The ROMANIS array is a 2D array composed of 508 elements located over a 

circular aperture of about 1.3 m diameter; (b) time traces of data from a horizontal row of 
sensors over a short time scale (3 ms) showing the directional arrival of several snaps;(c) 
time traces over a longer time scale (100 ms) showing that the temporal waveform is 
dominated by the transient snaps.

3. SIGNAL PROCESSING AND RESULTS 

The experimental signal is processed using conventional beamforming and the MUSIC 
algorithm [7]. In conventional beamforming (delay and sum beamforming), the signal 
from each sensor is delayed to compensate for the phase difference occurring on the 
sensors for a signal coming from a direction   and the delayed signals are summed 
thereby forming a beam in the direction . For a signal coming from the direction , the 
contribution from each sensor will be in phase, enhancing this signal, whereas the 
contributions of noise from other directions will be diminished due to incoherent 
summation. A directional spectrum is obtained by computing the power in many beams.  

MUSIC stands for Multiple Signal Classification. The signals of each sensor are also 
added together, but the complex scaling factor applied to each sensor’s contribution is not 
only function of the geometry of the array and the look direction but also of the measured 
signals. Their determination involve the selection of the eigenvectors corresponding to the 
signal subspace of the sample covariance matrix. Although it is possible to evaluate the 
size of the signal subspace by analysis of the distribution of eigenvalues, for simplicity, in 
this initial study, the signal subspace was assumed to be formed of the 4 eigenvectors with 
largest eigenvalues.  

Both methods are applicable to an arbitrary number of elements (although the signal 
subspace for MUSIC must have a dimension lower than the number of sensors), in 
arbitrary geometry. The performance improve with increasing number of elements.  

The far field parameterization of the look direction is a function of the geometry of the 
array. For a linear horizontal array, the azimuth angle is sufficient to characterise the 

(a) (b)
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direction of  a (far field) source whereas for a 2D array, the elevation has to be taken into 
account as well.  

Beamforming is applied over signal frames with 50% overlap. Each frame is 
decomposed into 256 samples snapshots with 50% overlap. The fast Fourier transform of 
each snapshot is used to compute average sample covariance matrix. Conventional 
beamforming and MUSIC are applied to the average sample covariance matrix at each 
frequency and the results are then combined into broadband directional spectra.  

   
Fig.2: Beamforming using a horizontal row of 26 sensors in the band from 25 kHz to 75 

kHz. Beamformer output as a function of time and azimuth using conventional 
beamforming (a) and MUSIC (c). (b) and (d) show directional power spectra 

corresponding to vertical slices of (a) and (c) at the time marked by the red line. Main 
acoustic events are the scuba diver’s inhalations at 15º azimuth, a continuous source at 

20º and many transients attributed to snapping shrimps.

Fig. 2 shows the results obtained using a horizontal row of 26 sensors using a rate of 24 
frames per second. Fig. 2 a and c show the beamformer output as a function of time and 
azimuth for the conventional beamformer and using MUSIC, respectively. The colorbar is 
in dB (arbitrary reference). An intermittent signal is visible at 15º azimuth that is typical of 
the breathing pattern of scuba divers. A continuous source is also present at 20º azimuth as 
well as many shot duration events in various directions, which are possibly due to 
snapping shrimps. Although these observations apply to both plots, the picture obtained 
using MUSIC is cleaner and sharper. Fig. 2b and d present vertical slices during an 
inhalation. The peak associated with the diver’s inhalation is much sharper on the MUSIC 
plot. 

Fig. 3 shows the result obtained using a 2D subset of the ROMANIS array comprising 
123 hydrophones spread more or less evenly over the aperture. The frame rate is 12 frames 
per seconds. Longer frames have been used as more averaging is needed for an array 
comprising more sensors. As in Fig. 2, parts a and c of the figure show the output of the 
beamformers as a function of time and azimuth. Note however that, since 2D 
beamforming is considered, a choice had to be made regarding the look elevation. The 
look elevation is -2.5º, which, as can be seen in Fig. 3b and d, corresponds to the elevation 
of the diver. The continuous source is not visible anymore in Fig. 3a and c due to its 
different elevation (6º, from Fig. 3b,d) and is effectively suppressed using the vertical 

(a) 

(c) 

(b)

(d)
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directivity provided by the 2D array. Fig. 3b and d show the output of the beamformer 
during the same inhalation as in Fig. 2 but as images since the beamformer is 
parameterised using both azimuth and elevation. They provide a snapshot of the 
directionality of the sound as an optical camera provides a snapshot of the directionality of 
the light. The diver’s inhalation is present at (15º azimuth, -2.5º elevation) and the 
component at (15º, 12º) corresponds to its surface reflection. The smaller dot at (20º, 6º) is 
the continuous source. It is properly separated from the background using MUSIC 
whereas its level is similar to that of the background using conventional beamforming.  

 
Fig.3: 2D Beamforming using 123 sensors in the band from 25 kHz to 75 kHz. 

Beamformer output as a function of time and azimuth using conventional beamforming (a) 
and MUSIC (c) at -2.5º elevation (red marks on the sides of b and d). (b) and (d): 
Directional power spectra as a function of azimuth and elevation (at the time marked by 
vertical lines in (a) and (c)) showing the scuba diver’s inhalation, its surface reflection (at 
12º elevation) and the continuous source (at 20º azimuth and 6º elevation). 

4. DISCUSSION AND CONCLUSION 

The results presented indicate the possibility to detect scuba divers in shallow water in 
presence of snapping shrimps using both linear and 2D arrays. With the horizontal linear 
array, sources at a given azimuth are present in the same beam regardless of their 
elevation. This results in the presence of many snaps,  but their short duration and their 
lack of persistence from frame to frame should enable to filter them out. This suggests that 
the beamformer output of Fig. 2, especially that of MUSIC could serve as a good basis for 
automatic detection. One of the main advantages of using a linear array instead of a 2D 
array is due to the one dimensional parameterization which requires on one hand the 
computation of fewer beams and results on the other hand in making source detection an 
easier process as finding peaks on a curve is easier than in a matrix.  

Although the amount of computation is increased, using a 2D array presents distinct 
advantages. It enables to determine the diver’s elevation angle and to suppress the sources 
at other elevation. Compared to Fig. 2a and c, this results in Fig. 3a and c in the absence of 
the continuous source and in fewer events associated with the snapping shrimps. The 
observation of the surface reflection of the diver’s inhalation further suggests that, 

(a) 

(c) 

(b)

(d)
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knowing the water depth and the position of the array in the water column, estimating the 
range of the diver should be possible. 

The results obtained using MUSIC are much cleaner than using conventional 
beamforming, even though no special care was taken into choosing the processing 
parameters. This suggests that further improvement is possible by using better parameters.  

Additional investigation is needed to determine further the potential of the approach. Of 
particular interest are, on one hand, the investigation of most favourable geometry and the 
evaluation of performance against the number of sensor used, and on the other hand the 
evaluation of the maximum detection range that can be expected for scuba divers. 
Considering the large number of sensors available in ROMANIS, and further processing 
gain that can be achieved using higher order statistics [8] the detectability of rebreathers is 
another point of particular interest. 
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Abstract: The primary purpose of this work consists in treating optical and acoustic signals 
in order to extract useful information for applications in underwater archaeology. Data are 
processed to assess the presence of geometrically regular elements, potentially indicating 
handmade objects lying on the seafloor. Geometrical elements are recognized by means of 
suitable algorithms and their statistical persistence in the data stream is employed as a 
descriptor. Multi-sensor data are processed by applying segmentation and classification 
procedures based on a geometrical pattern analysis, with the purpose of discerning different 
materials. We basically seek for meaningful features in the data in order to perform robust 
object recognition, also in case of unfavorable environmental conditions. Finally we define a 
unique data fusion model that can be exploited for exhaustive interpretation of the 
underwater scene. 

Keywords: Cultural Heritage Safeguard, Autonomous Underwater Vehicles, Automatic 
Vision System, Side Scan Sonar, Geometrical Features Recognition, Image Segmentation, 
Image Classification, Multi-Sensor Data Integration 

1. INTRODUCTION 

Among several areas of interest related to the underwater environment, the safeguard of 
cultural heritage is certainly undergoing significant consideration and development 
worldwide. The marine environment represents a challenging context for IT experts, both for 
what concerns the discovery of unknown sites and for the recovery and preservation 
operations. The hostile environmental conditions, unfit to human intervention, favored the 
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increasing demand for artificial intelligence integration in Autonomous Underwater Vehicles 
(AUVs) in charge of survey operations. AUVs are commonly equipped with a set of sensors 
in order to acquire different types of signals from the surrounding environment. This multi-
sensor system returns data that can be processed and combined for a reliable analysis of the 
environment. Actually there exist many different techniques (e.g. [1], [2]) for seafloor survey 
and underwater object detection. The multiple possible choices in terms of devices employed 
or environment settings (deep or shallow water, etc.), and the difficulty in each validation 
procedure have produced a wide family of techniques, but no settled standard (e.g. [3], [4]). 

Our basic purpose is the full understanding of underwater scenes acquired by AUVs through 
the integration of acoustic and optical data. This kind of activity is based on collecting and 
processing data in two ways: i) off-line, in order to process in detail large amounts of data and 
ii) on-board, applying fast and efficient algorithms in order to automatize the survey 
operation, free the AUV intelligence unit from the operator intervention and send near real-
time alerts to support the mission re-planning task. The idea of combining information from 
multiple sensors is not new and, since the applications of data fusion are disparate, it is quite 
difficult to build a one-fits-all framework; in particular underwater application is still an open 
problem. In our work we used a side-scan sonar and a stereoscopic vision system composed 
of two analog underwater cameras. Sonar and vision devices operate on different physical 
principles, provide different types of information and generally run at best in different 
conditions. The raw data captured by our multi-sensor system are videos from the optical 
device and chronologically structured 2D maps from the side-scan sonar. 
In this paper we present a new method to integrate optical and acoustic data in order to 
collect the whole information acquired in one map, easier to use in order to perform terrain 
classification, object detection and recognition, hence to better understand the investigated 
scene. The paper is structured as follows: the first three sections introduce the experimental 
conditions, describe the 2D and 3D acoustic and optical images processing. Then in Section 4 
we present our fusion model. In the conclusive section we describe our preliminary results 
based on a test performed at the Elba Island. 

2. EXPERIMENTAL SETTING AND PRE-FILTERING ISSUES 

The survey tools that will make part of the AUV sensor equipment have to be chosen in order 
to cope with the specific requirements of the experimental scenario. As known, optical and 
acoustic sensors are the most widely employed devices for underwater mapping purposes. 
Our multi-sensor set up has been conceived to assure a complete analysis of the seafloor. This 
means that it must be able to correctly “sense” the environment from a large scale point of 
view, in order to identify areas of potential archaeological interest, as well as to capture 
sufficient small-scale detail in order to completely describe the scene. To this end we chose a 
side-scan sonar, a device providing large-scale grey-level maps of the seabed. The acoustic 
device is particularly useful for underwater mapping since the acoustic wave decay length is 
typically an order of magnitude greater than in the case of optical wave. Indeed acoustic 
distances for optimal mapping are usually larger than -  meters. This framework is surely 
tailored for the best performance of the acoustic device but turns out to be unsatisfactory in 
terms of resolution properties. Presuming that the sonar is traveling at an altitude of 

meters with the maximum response axis bearing at below the horizontal line, a 
typical resolution of  is obtained. As a consequence the sonar will not be able to 
carry out a thorough analysis of small objects lying on the seafloor (pottery, amphorae, 
dishes, etc.). In order to correctly detect and map a wide variety of targets a stereo vision 
system (coupled camera system) has to be installed on the vehicle. 
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Figure 1: Sensors installation on the vehicle 
 
In our particular experimental setting, the sensors will be properly placed on the same 
vehicle, with fixed coordinates with respect to the vehicle reference system. We assume that 
the data capture will be performed in an optimal way, i.e. with the vehicle moving at constant 
speed along its path, maintaining itself at a constant height with respect to the seafloor 
baseline. The devices placement is sketched in Figure 1. The data collected during 
underwater surveys are corrupted by many characteristic artefacts, which can be classified in 
two primary classes: the first refers to those undesired signal components that arise from the 
physics of the specific sensor device and that systematically affect every detection; the 
second instead is associated with the noise sources introduced by the surrounding 
environment. In the following some of the typical degradations involved in stereoscopic 
vision and side-scan sonar imagery are discussed; their removal requires preliminary 
corrections to allow further processing such as, in particular, by means of computer vision 
algorithms. 
 
Vision Artefacts 

 
Optical image formation is affected by radial and tangential distortions due to the light 
propagation through the surrounding medium and the camera lens. This results in a 
distorted reproduction of the target geometry. This effect can be corrected by calibrating 
the optical stereoscopic system and by exploiting the estimated intrinsic and extrinsic 
parameters to rectify the images. 
Optical images captured in the underwater environment suffer from visibility degradation 
due to light attenuation, partial polarization and a hazing effect resulting from the light 
scattering inside the water medium. Suitable filtering techniques may restore the actual 
color properties of the recorded scene. 

 
Side-scan Sonar Artefacts 
 

Back-scattered echo level suffers from propagation loss caused by multiple phenomena 
(absorption, spherical divergence). To work this problem out, analog data are usually 
processed by a Time Variable Gain (TVG) filter: this results into the enhancement of 
echoes coming from the furthest regions. Moreover the angular variability of the acoustic 
field in the vertical plane produces non-uniform ensonification of the seabed. That can be 
corrected by calculating the transducer directivity pattern and by multiplying the weakest 
back-scattered echoes by a proper amplification factor. 
Aiming at an accurate knowledge of the seafloor geometry, the piling up of successive 
scan strips is not sufficient: equidistant time samples do not correspond to equidistant 
range samples so a preliminary transform of the data (Slant /Ground range) must be 
performed. 

The vehicle balance strongly depends on the surrounding environmental conditions (for 
example wave motion and currents) and that usually introduces significant distortions in 

Led Lighting System 

Stereo Cameras 

Side Scan Sonar 

1st International Conference and Exhibition on Underwater Acoustics

1469



the acquired sonograms. If the vehicle sensor equipment includes devices for navigation 
and motion control, this effect may be held down by estimating the sensor attitude and by 
referring the scan lines to a common reference system. 
 

                       
        Figure 2: Side Scan Sonar segmentation example 

        (Imagery From A Klein Associates, Inc., 500 KHz Side Scan Sonar)
  
In the following sections we will assume that all the required preprocessing operations have 
been already carried out, and that every kind of noisy artefact or undesired signal component 
has been filtered out, leaving the optical and acoustic signals of interest. 

3. 2D PROCESSING 

In this section we suppose that the preliminary treatment of acoustical and optical data has 
been already successfully carried out. 

Texture Segmentation/Classification: Texture analysis can be applied to optical and acoustic 
images in order to discriminate between different areas of the seabed. A procedure for texture 
segmentation based on Gabor filtering has been implemented: we performed the convolution 
of the image with a bank of Gabor filters having different frequency and orientation settings. 
Areas of the image exhibiting regular texture properties have different responses with relation 
to a particular choice of the Gabor filters settings. Varying these settings we have analyzed 
the filtered outputs, hence we have clustered similar regions by using the K-means algorithm. 
This processing stage produces an output image in which every area of the seabed has been 
identified as belonging to a certain class and has been properly marked by a specific color. 
That can be further interpreted by means of texture classification procedures, for instance 
aiming at detecting specific sediment categories (rock, sand, ripple, etc.) as discussed in [5] 
and [6]. This procedure has been applied to a side scan sonar picture showing different types 
of seabed regions (sand, rock, etc…): the result can be seen in         Figure 2. 
 
2D Analysis: This section is devoted to the 2D analysis of acoustic and optical data. In the 

current literature we observed a lack concerning the 
development of methods and algorithms specifically 
conceived for the real time detection of man-made and 
archaeological objects, through the analysis of their 
geometrical attributes. Our approach on geometrical 
curve detection is based on the assumption that a high 
concentration of regular curves represents a marker for 
the presence of manmade objects or shipwrecks. The 
technique that is employed as a method for assessing the 

wealth of regular geometric shapes in a video stream is described in [7]. It is an application of 
the ELSD algorithm, inspired by Gestalt Theory (see [8]), to man-made object detection in 
underwater environment. The preliminary results we obtained by applying our method on 
experimental acquisitions show a nice correlation between the detections performed by the 
algorithm and the ground-truth. The method we outline here, allows to give emphasis to 

Figure 3: Curve detection from data 
captured at Elba Island
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objects in the scene that exhibit geometrical regularity features, in contrast with an 
unstructured and chaotic surrounding environment. In [7] this method has been applied to 
optical data; here its application is extended also to the case of acoustic data. 
The ELSD detection algorithm is based on a three-stage process: the first stage (candidate 
selection), starts with the evaluation of the intensity gradients at every pixel, followed by a 

clustering step in which groups of 
pixels sharing similar orientation 
properties are gathered into 
rectangles (for lines) or chains of 
rectangles fulfilling proper 
curvature constraints (ellipses and 
circles). The sensitivity of the 
detection depends on some relevant 
internal parameters such as  (the 
smallest detectable gradient 

magnitude),  (an angle tolerance which defines the angular region where pixels are to be 
considered aligned) and  (a lower threshold value on the density of aligned pixels inside a 
rectangle). In a second stage (validation stage), the candidates are further analyzed in order to 
decide whether they are meaningful structured groups of pixels or if they represent noisy 
clutter. This is an important step since it allows the rejection of false positives by comparison 
with an appropriate detection threshold, which is 
automatically computed by the algorithm. Indeed, the 
estimation process is based on the so called Helmoltz 
perception principle: it essentially states that there is no 
perception in white noise. In the third and final stage 
(model selection) the candidates are classified as 
belonging to a specific model (line, circle, ellipse) by 
considering the most suitable model as the one producing 
fewer false alarms. 
Depending mainly on contrast, dimension, and lighting the 
performance can vary widely, but it typically ensures 
robust performances in case of Gaussian noise.  

On the basis of ELSD algorithm, an algorithm for curve detection specifically tailored for 
real-time operations has been implemented. More in detail we adjusted the ELSD detector in 
order to perform on-board data analysis during the AUV survey, and to transmit alert signals 
whenever a high density of geometrical shapes is detected. We consider the amount of 
regular curves and geometric patterns contained in a scene as an estimator of the probability 
of object discovery. We hence define a finding event as the circumstance in which the total 
number of the detected geometrical shapes exceeds a properly determined threshold. In order 
to overcome the typical randomness of environmental conditions, we propose the following 
processing pipeline that can be applied to both optical and acoustic data: 

1. Raw data image acquisition and pre-processing; 
2. ELSD for a sequence of N consecutive frames; fine tuning of internal parameters (e.g. 

, , D, computation of the discovery threshold based on the weighted sum of curve 
detections); 

3. ELSD for a sequence of M adjacent frames; reporting supra-threshold detection. 

 The discovery threshold is updated at every cycle restart since new surveyed sites may show 
new properties in terms of environmental conditions, specifically for what concerns the 

Figure 4: ELSD curve detection result on a sonar map 
Imagery from jwfishers.com 

Figure 5: Detections (blue), ground-
truth (red) and supra-threshold 

(w.r.t. mean) value (black)

1st International Conference and Exhibition on Underwater Acoustics

1471



background noise level. We set {3; 2; 1} as weights for each type of sought curve {ellipse, 
circle, line}. This choice is motivated by the strong belief that elliptical and circular arcs are 
more meaningful (and rare) than line segments in the archaeological object we look for (e.g. 
amphorae, and plates, commonly found in the cargoes of ancient vessels). Then we compute 
the weighted average wa over the detected curves for the test set of N frames and set the 
discovery threshold  to wa incremented of a 20%; this threshold is then applied to each frame 
(included the first N frames on which it is computed) and a warning is produced for each 
frame containing a supra-threshold number of detections. Even without data pre-processing, 
we experienced quite good performances of ELSD on underwater natural images (see Figure 
3). 

Our detection method has been tested on acoustic data too. Both optical and acoustic data 
have been processed in a similar way by extracting a subset of frames from the available data 
and by applying the algorithm according to the above described outline. Generally speaking, 
the ELSD performance can be badly affected by granular noise (like speckle or salt-and-
pepper), which produces over-fragmentation and clutter in the images. Hence, before 
applying ELSD to sonograms, we should carefully smooth the image without losing detail. 
The image in Figure 4 has been retrieved from the internet and it has been pre-processed by a 
Gaussian blur in order to filter out the granular noise content. Then a sequence of frames has 
been created by selecting small consecutive and partially overlapping sections of the original 
sonar image. After having suitably set the internal parameters ( ) in order to increase the 
detection sensitivity, we finally applied ELSD to the obtained sequence of frames. As it can 
be seen in Figure 4, the algorithm was able to detect the salient features appearing in the 
sonar frames and extract the geometrical content carried by the acoustic data. Plots in Figure 
5 show a good correlation between these three sets of data: detections, discovery threshold 
and ground-truth (which has been evaluated by manually labeling every frame with a degree 
of interest on a scale of four arbitrary levels). 

4. 3D PROCESSING 

The captured data essentially result from a projection 
transform of 3D objects’ profiles onto a 2D plane. 
Depending on the environmental conditions, sensor 
settings and morphology features univocal 2D maps 
are produced by the optical and acoustic devices. 
The primitive tridimensional properties of the 
objects can be estimated by processing the raw data 
with appropriate computer vision algorithms. 
3D from stereo: The optical data can be exploited to 
infer tridimensional properties of the scene by means 
of stereo photogrammetry reconstruction methods. We started from a simple geometrical 
modeling of the light projection on the camera system (pinhole camera model). 

As known the stereo configuration of the cameras allows to recover the disparity map from 
every synchronized and rectified pair of frames. From the disparity map we can build a 3D 
model of what is visible in both frames. 

In recent years, some improved methods have been developed to compute the 3D model from 
a stereoscopic pair of images, and more generally, from a possible large set of images of the 
same object or scene (see [9]). The main goal of our work is to speed up and combine 
existing methods to produce a real time efficient method able to analyze a pair of video 
streams and to produce a textured 3D scene. Nevertheless, for the purpose of image 

Figure 6: Virtual environment recreated 
by means of the estimated disparity map
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mosaicking and data fusion, it is sufficient to use as input selected pairs of frames from the 
video streams and apply known methods for the computation of the 3D structure. The 
resulting output can be further processed and rendered into a virtual environment, suitably 
designed to reproduce the underwater site exploration (see Figure 6). 

3D from acoustic shape from shading: The 3D bathymetric profile of the seabed can be 
inferred from sonar maps using a shape from shading approach [10]. The intensity of a 
sonogram pixel is related to the backscattered echo intensity, which is in turn dependent from 
various environmental factors, e.g. the seafloor bathymetry Z, the transducer directivity 
pattern  and the reflectivity R. If we assume a particular model for the acoustic wave 
scattering (for example Lambertian) and the quantities involved in the model are known, then 
we can calculate the intensity of a specific pixel in the sonar map. In the actual experimental 
setting the physical parameters ( Z, R, ) are not known; we only know the pixel intensity 
from the measurements. The Shape From Shading algorithm consists in inverting the 
problem of sonographic map formation starting from the above cited hypothesis on the 
acoustic back-scattering law and minimizing an appropriate cost function. 

5. DATA FUSION 

A detection procedure based on multi-modal data processing (optical and acoustic) can 
enforce the analysis of surveyed areas and improve the reliability of the archaeological 
mission. There exist many information levels at which we can fuse: Data, Feature, Decision. 
Respectively these are related to the different levels of representation, from low to high ones: 
Signal/Pixel, Feature, Symbol. Signal/pixel level fusion is the combination of the raw (or 
preprocessed) data from multiple source images into a single image; feature level fusion 
requires the extraction of different features from each source data; and decision level fusion 
combines the results from multiple algorithms to yield a final fused decision. 
The most common fusion approaches used in the past were of two types: either at data level 
or at features level. In other words: first fusion then feature extraction, or first feature 
extraction then fusion. Especially in the application to underwater navigation, it seems to be 
preferred the first fusion method, because the seabed feature extraction (such as for points or 
lines) is less robust in the underwater environment. In our case instead, we have two data 
layers, in which each spatial point carries its optical and acoustic information, and both layers 
are referred to the same reference system. For this reason, we decide to combine the layers 
and project all sensor information into a common multidimensional state-space map. In [11] 
we propose the integration between many layers, differently processed, of the 
multidimensional state-space map. The purpose of this integration is to obtain a data set on 
which one can apply specific algorithms, for instance for the detection of a relevant finding. 
More in detail, we assign to each point  in a mosaic a vector  whose values are 
grouped (and preliminary limited to) as follows: 
 
1. INTENSITY: RGB values, and acoustic echo intensity 
2. ALTITUDE: elevation (z coordinate) estimated by sensor measurements, or inferred from 

acoustic shape from shading or the depth map resulting from the stereo image analysis 
3. SURFACE: optical and acoustic texture classification 
4. GEOMETRY: affinity to a specific curve family (counted with multiplicity) 
 
Once the investigated underwater scene has been represented as above described, specific 
algorithms can be implemented. For instance: 

a) geometric pattern detection on both optical and acoustic maps followed by a comparison 
procedure to recognize common characteristics. 

1st International Conference and Exhibition on Underwater Acoustics

1473



b) components selection from the vector  and processing of the unique fusion map to 
identify all other points revealing a strong similarity to it. 

6. CONCLUSIONS 

In this paper we have analyzed a set of methods to process multi-sensor data related to the 
underwater environment. A descriptor based on the detected number of circular shapes has 
been produced and tested. We aim at developing a data fusion model in which the 
information provided by the multi-sensor platform can be exploited for a higher level 
interpretation of the underwater scene. Starting from that, we implemented a procedure for 
automatic recognition of interesting objects. In the framework of our research work we aim to 
produce new technologies for underwater archaeological survey, and we believe that the joint 
exploitation of standard survey sensors, such as acoustic and optical sensors, can be 
promising. 
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Abstract: The chemical munition deployment site in the Southern Gotland Basin (the 
Baltic Sea) with area of 1700 sq. km and smaller area in the Gulf of Gdansk were 
scanned densely with classical side scan sonar and multibeam sonar. The goal of 
investigations was to perform targets inventory and identify possible munitions. At 
the first stage the operator-based target detection supported by a computer-based 
recognition system have resulted in the above 80 thousands object on the sea bottom. 
The targets were divided into 5 classes, and above 5 000 munition-like objects 
classified, many of them conventional sea mines.

To diminish/improve the probability of false/true detection the sidescan sonar 
images postprocessing was performed. The images had been segmented and after 
pre-processing which consist of 2d filtering and/or improving image contrasts, 
different texture characteristics of the bottom and morphological characteristics of 
targets were extracted for further decision making procedures. 

Fuzzy-logic c-means algorithms were tested for targets classification. 
In parallel with target detection, the acoustic bottom classification was carried 

out. The analysis aimed at specifying relationships between bottom type and targets 
categorization into different classes was accomplished. 

Keywords: chemical munition, image processing,  sidescan sonar, Baltic Sea,
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1. INTRODUCTION

The considerable amount of chemical munition was deployed after the II WW by the 
Allied Countries in different parts of the Baltic Sea. The mainly deployment area are in the 
Bornholm and Gotland Deeps. Additionally some unspecified quantity of munition was 
placed in the west to the Bornholm Island and in the Gdansk Deep. Moreover, some 
suspected items recognised as the chemical warfare object were detected at various points 
in the PEEZ.  

Acoustical detection and classification of targets is one of the challenges in the 
chemical munition inventory in the Baltic Sea. It is supposed those corroded chemical 
munitions are a serious threat against life protection in the sea.   

Various algorithms have been proposed for classification of underwater objects on the 
basis of sonar images [1, 2, 3, 4]. Sonar techniques applied in sea mine recognition are 
based predominantly on the image processing procedures in such a way that the 
classification algorithms use the echo intensity and the shape of the object shadows.  

The presented results of surveillance and assessment are intended to provide 
preliminary information about the site, targets number, target detection and categorization 
with trained operators. At the next stage of the postprocessing, computer aided methods 
aided to diminish the uncertainity in the targets classification using different algorithms 
proposed in the literature have been tested.  

The strategy of the hydroacoustics surveillance and assessment are defined as follows 
– to find, detect and categorize targets on the sea bottom in the entire area under 
examination. The main goal of the bottom scanning effort, performed with the acoustic 
techniques, was focused on the chemical weapon munition detection with afterward mine-
like targets categorization and cataloguing. For the validation of the categorization 
performed on the basis of acoustic images by trained operators and assessment of technical 
condition of examined objects ROV missions were carried out. 

2. AREA  

The main area of the chemical munition deployment is situated in the Southern Gotland  
Basin with the total surface of 1760 sq. km. The area was subdivided into 40 fields, each 
with the size approximately 13.000 x 3-5.000 meter. The Multibeam (MBS) and Side Scan 
Sonar (SSS) activities covered the entire area marked on maps as the explosives dump site 
(Fig.1). Another site under investigation is located in the Gulf of Gdansk, with the surface 
area about 100 sq. km.  

The side-scan sonar system was towed at the height such that it was capable of detect 
an object on the seabed with size about 1m at the outer range limits. Data were typically 
acquired up to the 100-meter range. Assuming that it is impracticable to register every 
feature on the sea bottom we determined the minimum size of feature which should be 
detected, catalogued and possibly searched for in particular area.  The acoustic system 
(SSS Klein 3000) was towed at a maximum speed 6-7 knots and at pinging rate that allows 
across-track resolution below 10 cm at the 100m range scale. 

Despite the fact that the sonar scan range along each track line did not provide standard 
full overlap of the survey area, it was decided at the commence of the assessment  to 
disregard it in the favour of keeping search costs down and  establish targets distribution in 
the full area inside the mapped boundaries.  
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The entire survey operation performed by the SMA r/v “Baltica” lasted 130 days, 

consisting of 19, 61 and 50 days long surveys. In 8 southern sectors of the Gotland Deep 
area (A-I, L, K) the side scan sonar operations were performed also by r/v “Oceania” (IO 
PAS, Poland) to provide full coverage of the area for further statistical projection. 

In spite of the prohibitions of fishery in the areas of dumped munitions, repeatedly the 
fishery activity was observed. Moreover, the traces of the bottom trawling are clearly 
visible on the sidescan sonar images. The characteristic properties of trawlmarks are: 
lengthy curved sometimes broken , frequently paired traces in the sea sediments.  

The trawlmarks deteriorated the performance of different exploited here algorithms 
aimed at detection of mine-like objects as for example proposed by Grasso and Spina 
mathematical morphology detector (Grasso and Spina, 2006). Due to the enhanced 
roughness of the sea bottom, separated spikes in reflected echoes jointly with shadows are 
observed, sometimes giving similar to the mine-like objects images.  

In the Gotland Basin munition deployment area, at depths of 100-120 m, hard bottom 
sandy sediments prevail. Consequently, the most detected mine-like targets are protruded 
above the bottom surface. As the results of the local bottom currents the targets are 
accompanied with a cavity in the ground. In the deeper part of the area, most likely the 
hard bottom is covered with soft sediments. 

Contrary, due to soft muddy bottom, and high sedimentation rate, in the Gulf  of 
Gdansk area the munitions deployed 60 years ago are buried in sediments. The only 
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founds objects on the sea bottom are in our opinion, relatively later deployed larger 
objects.  

3. DATA PROCESSING  

Classification of the seafloor and mines on the basis of the acoustic imaging has been 
employed for mine detection operations for many years but the automatic classification 
software allowed more confident usage has been implemented relatively recently and are 
still in the nascent state. These techniques provide limited area coverage – working for 
single targets (mines). However, their introduction into common practice, at least for 
limited number of targets is highly required. 

According to the most frequently approach to diminish/improve the probability of 
false/true detection postprocessing of the sidescan sonar images started with segmentation. 
The images had been segmented and after of 2D filtering and/or improving image 
contrasts, different texture characteristics [5] of the bottom and morphological 
characteristics of targets were extracted for further decision making procedures. 

To reach this goal different algorithms and signal processing methods  have been 
proposed, as:  nonlinear signal amplifying, aimed at enhancing image contrasts, and 
estimate image parameters (statistical moments, entropy, etc.) that are locally estimated on 
the image’s matrix using a window sliding over the image. 

After the presumed target setting and cropping, at the next step computed were several 
statistical or morphological parameters from the selected crops of images.  

It is standard procedure that these parameters are combined into one set of parameters 
and different algorithms of classification or clusterization algorithms or expert analysis are 
exploited. 

Data were analysed with programs written with codes of MATLAB® . 
Some part of the material has been reprocessed with computer aided methods to get 

better consistency between target classes and diminish the uncertainity in of target 
classification.  The preprocessing of the raw sidescan data includes: 

 
•  “slant range correction”; 
• beam directionality correction ( beam pattern correction); 
• TVG  correction (detrending);  
• echo  energy  normalisation. 
 

Similar, although limited, set of descriptors of echosignals and sidescan sonar images 
proposed by Fakiris and Papatheodorou  [6] was examined in the targets classification. 
They are relating to: the 1st order statistics of the echo envelope, image texture 
parameters, target discreteness, shape parameters of an image (the spot area, mean echo 
intensity, perimeter, size - major and minor axis lengths etc.) and image axes geometry. 

Fuzzy-logic c-means algorithms and neural network schemes were tested for targets 
classification. The learning set for the classification purposes, up to now, consists of over 
50 targets images from  ROV missions performed in the area. 

 
In parallel with the target detection, the bottom classification was carried out [7].  

Further processing and analysis of side scan sonar images and the multibeam 
backscattering was aimed at the determination of the extent of different type of sediments. 

The character of bottom sediments could help to forecast possibility of the 
contamination spreading. 
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 For example, in the area with fine-grained sediments (muddy bottom) released 
contaminants are very likely to be accumulated in the sediments. Whereas, in case of hard 
bottom consist of clay, coarse-grained sands or exposed, due to bottom currents bedrock, 
the contaminants are very probable to be more easily dispersed. Also, targets identification 
could be more efficiently performed when there is a priori information about the geology 
and the processes that influence the existing sediments character. 

4. RESULTS

The primary targets categorization into five classes has been based on the size of 
highlights of detected target and its acoustic shadow. Typical acceptable size and shape for 
the first class, the most probably munition pieces, are with characteristic dimensions not 
more than 1.8 x 0.5 m. 

The second class contains targets with strong echo with clearly visible pit/shadow, but 
wrong size. The most likely sunken in the mud or covered with fine sands; hardly 
recognized targets characterized by strong reflection but without the pit/shadow 
encompass the third class.   
Wrecks were classified as the fourth and other unrecognized targets as the fifth classes. 
 
Table 1. The number of target catalogued into the five classes by trained operators. 

 
 
 
 
 
 

The ROV launches - filming the objects, their visual recognition, and water and 
sediment samples from/around the munition items authenticated the operator classification 
with the rate exceeding 50%.  

The better performance was obtained using fuzzy c-means clustering method  
(MATLAB) . The data set consist of 52 objects classified by the operator into three classes 
with almost an equal number. The classification was performed on the basis of the ROV 
missions and characteristic sonar images described as - sea mines, small high reflectivity 
objects (partly buried barrels, amunition) and other soft targets - nets, fluffy sediments, 
echoes from trawl scars.    

By applying the clustering algorithm to descriptors of echosignals and sidescan sonar 
images and separate them into three groups above 70% of the objects was classified as by 
the operator. However, the  application of the algorithm was verification, rather than the 
classification of unknown objects. 

5. SUMMARY

The study of the official chemical ammunition dumping area within the Gotland Basin, 
revealed that this region is characterized by the presence of large quantity of items of 
discarded waste material. In some area the tens of nautical miles long naval mines chains 

Class  Number  
Munition  17 267
Other strong echoes 6 476
Unrecognizable, in sediments or flat objects 12 476
Wrecks 33
Other echoes 3 008
Together  39.260
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were recognized. On the basis of the collected side scan sonar images the preliminary 
classification and estimation of local densities and clusters of small bottom targets and 
their mapping has been performed.  

Two other important findings originate from this study. Firstly, the SSS checking of the 
sea bottom at relatively high ship speed was found to be sufficiently detailed and to be 
more time and cost efficient.  

Secondly, the side-scan sonar images have the ability to identify and categorize similar 
seafloor features, although additional improvements of the categorization are needed. 

The type of sediments in the area needs to be considered when determining finally 
efficiency of targets detection both with the acoustic techniques or ROV operations. Side 
scan sonar and swath bathymetry techniques are a significant aid in the investigation of 
bottom sediment character distribution providing almost continuous coverage of the 
seafloor.  

Final maps based on various techniques will be completed to identify the location of 
category of targets.  
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Abstract: This paper proposes a fast screening method for the detection of objects in sonar 
images. It is suitable for identifying regions of interest (ROI) in high resolution sonar images, 
in particular the detection of anomalies on the sea floor with focus on proud ground mines. 
Mines placed on the sea floor are still a vast threat in civil and military shipping. This 
potential risk is typically encountered by advanced sonar signal processing techniques and 
time consuming manual evaluation of the sonar data by a human operator. Due to mission 
specific time constraints a computer aided or even autonomous analysis of the huge amount of 
data is desired. To localize the ROI a matched filter approach is employed, where for different 
objects and orientations, different templates have to be used. To obtain an efficient 
implementation of the matched filtering algorithm integral images are applied. In addition to 
the well-known upright-rectangles and rotated-rectangles typically used in the integral image 
framework parallelogram and triangular-shapes are included to provide a broader variety of 
template based feature extraction. Afterwards the detection of ROI is done by a classifier 
provided by a cascade of boosted classifiers and the features extracted through the matched 
filtering. This fast screening and the consecutive detection of regions of interest reduces not 
only the amount of data for the human operator and consecutive classification algorithms 
significantly; it is also suitable for a real time processing system, applicable in autonomous 
underwater vehicles (AUV). 

Keywords: Adaboost, AUV, cascade, image processing, SAS, template matching. 

1st International Conference and Exhibition on Underwater Acoustics

1481



 

1. INTRODUCTION

Autonomous underwater vehicles (AUVs) are one of the key technologies in the 21st 
century. The scope for such high-end sensor platforms are both, civil and military applications. 
AUVs are usually equipped with high resolution imaging sonar systems and automatic target 
recognition (ATR) capabilities, employing image processing techniques. One of the most 
fundamental steps in image processing is the segmentation of an image in different regions. In 
sonar imagery this could be highlight, shadow and background regions. Due to the huge amount 
of recorded data, provided by synthetic aperture sonar (SAS) for instance, the application of 
sophisticated segmentation algorithms to all recorded data is not feasible. Therefore a screening 
algorithm that extracts ROI becomes mandatory. Furthermore, the fast and reliable localization 
of ROI allows the reduction of the vast amount of data collected during an AUV mission by 
storing only ROI. The proposed algorithm follows the idea of Viola and Jones [1], who have 
used Haar-like features in combination with the integral image representation and boosted 
classifiers. This approach was employed for face-detection and has attracted a lot of attention 
due to its performance. We add additional haar-like features and AdaBoost variants to improve 
the performance as well as to tailor this approach for sonar image processing. The paper is 
organized as follows. The rest of Sect. 1 presents a brief summary of how integral images and 
later on statistical test are used to obtain features of a sonar image and how these features are 
used to train a cascade of boosted classifiers. In Sect. 2 two new templates are introduced that 
can also be computed rapidly via integral images. Sect. 3 shows that the new templates are 
useful in the context of mine detection on sonar images. The paper concludes with a summary 
what has been achieved and what can be done in the future. 

1.1. Features and integral images 

The advantage of the integral image representation of an image is the fact that haar-like 
features can be calculated in constant time, independently of its size or position, with only four 
array references and basic arithmetics. The classical integral image II(r), r=(x,y) for rectangular 
features represents in a certain pixel the cumulative sum of the pixel values above and to the left 
of this pixel in the original image I(x,y). With this representation of the image, the cumulative 
pixel values within a rectangular area can be calculated very fast as sum(A)=II(r1) – II(r2) –
II(r3) + II(r4). Besides the integral image representation for upright-rectangles, there are image 
representations for rotated-rectangles and four kinds of triangles that can be computed. This 
rapid summation over the pixels within certain basic shapes can be used to calculate correlations 
with a given image for different templates. The results can be used as features for detection 
purposes. How this is done in detail, especially in the field of face detection, can be found in [1], 
[2] and [3]. 

The usage of integral images in the context of mine hunting can be found in [4]. In contrast to 
[1], [2] and [3] a gap is used and different types of basic shapes are mixed to derive features that 
are more suitable for mine hunting. Fig. 1 shows these templates. Within the white and the black 
area every point has the value 1 and 1 respectively. The correlation between these templates 
and a sonar image is used as a feature for the detection of mine-like structures. By varying the 
geometrical extend of the individual parts of the template, a huge feature pool can be created. 
Even though every single feature can be calculated very fast, the amount of values is too much 
to be computed every time a classification is required.  
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1.2. AdaBoost

As mentioned in the previous subsection, every single feature can be calculated rapidly. 
Nevertheless it is too time-consuming to compute all features for a classification. Therefore 
the task now is to find a small subset of all those features. This subset equipped with suitable 
thresholds shall be combined to form a classifier. For this task the so called discrete AdaBoost 
algorithm can be used. The discrete AdaBoost is a greedy algorithm that takes a set of so 
called weak classifiers and forms successively a so called strong classifier. At every iteration 
step the best-performing weak classifier is weighted and added to the final strong classifier. 
The advantage of this approach is that every individual weak classifier is only required to be 
better than chance. By combining these tendencies smartly, the resulting strong classifier is 
able to outperform most monolithic classifiers. 

Regarding the classification problem at hand, each feature in conjunction with every 
possible threshold can be considered as a weak classifier. Due to finite training data, this is 
simplified by only considering one single threshold between two distinct training examples. 
So in the case that the training set consists of N examples, each feature yields N  weak 
classifiers. At the beginning of the AdaBoost algorithm each training example is weighted 
equally. Afterwards, at each iteration step the algorithm seeks the best classifier with respect 
to the weights. This best weak classifier is added to the strong classifier. Subsequently, the 
weights for the training examples are updated, where the weights for correct classified 
examples are decreased and for the wrong classified are increased. Due to this update those 
weak classifiers are favoured in the next iteration step that are able to classify the examples 
correctly which the last best weak classifier could not. 

The iteration ends when preassigned values for the hit rate or the false alarm rate are 
achieved or a certain number of weak classifiers are used. Most times this number is in any 
case significantly smaller then the number of all features. 

1.3. Cascade

The challenge for a successful classifier is to be able to detect nearly every object of 
interest, while no non-object shall be classified as an object. In general these goals are 
contradictory, especially in the case that simple feature-threshold-classifiers are used. 
Therefore, in most cases only either a high hit rate or a low false alarm rate can be achieved. 
At this point a cascade can help. A cascade is a degenerated decision tree where at each stage 
the classifier is trained to detect almost all positive training examples, while a certain amount 
of negative training examples is rejected. The idea is that it is easier to find obvious negative 

Fig. 1: Four templates used in [4] for the detection of mines. Within the white area 
every point has the value 1, within the black area every point has the value -1 . 
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examples than all positive ones. Consequently, at the beginning most of the examples can be 
rejected with little computational effort, while in later stages, when the task of discriminating 
between the two classes becomes more difficult, only a few examples remain and more 
complex classifier can be used. Overall a false alarm rate F and a hit rate D of F D
d can be expected, where f, d and S denote the maximal false alarm rate and the minimal hit 
rate at each stage as well as the number of stages, respectively. 

The training of the classifier at every stage is done by the discrete AdaBoost algorithm 
explained in Sect. 1.2. The threshold of the resulting strong classifier has to be adjusted after 
each iteration step. Every time a new weak classifier is added, the threshold of the strong 
classifier is decreased until the hit rate is higher or equal d.  Afterwards, the false alarm rate is 
checked whether it is lower or equal f. If this is not the case, the discrete Adaboost algorithm 
proceeds with the next iteration step. Otherwise the true negative examples are removed from 
the training set and the remaining training subset is used to train the classifier for the next 
cascade stage.  

1.4. Test statistics as further features 

Besides the correlation between a template and an image, it is possible to compute the 
sample variance efficiently with the help of the integral image representation. Afterwards, the 
variances within the two areas can be used to calculate several test statistics, which can be 
interpreted as yet another feature value. Hence, instead of one feature for every geometrical 
shape, several features are derived [5]. 

First of all, the sample variance is needed for the statistical test. Therefore the integral 
image of the pixelwise squared image has to be calculated in addition to the regular integral 
image. Subsequently the sample variance can be computed as  

n
n

X X  (3) 

where X denotes the sample mean of the squared image, X the squared sample mean and n is 
the number of points within the area. 

With the help of the sample variance several test statistics can be employed. In this paper 
the F-Test, the T-Test and the Welch-Test are used [6]. The F-Test is used to identify 
differences in the variance of two normally distributed random variables, whereas the T-Test 
and the Welch-Test indicate differences in mean. 

F
SX

SY
T

X Y

m SX n SY
m n m n

Y
 

(4)

The symbols X and Y represent the two different areas. Accordingly and denote the 
sample means, S and  the sample variances and m and n are the number of points within 
the areas X and Y. 

2. NEW FEATURES FOR MCM 

Looking at a sonar image, one can observe that some templates shown in Fig. 1 are well 
suited to roughly  approximate the highlight shadow formation of mine-like structures. The 
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question is, are there any templates that would fit better and can still be calculated as 
efficiently as the templates introduced before? 

In this paper two new templates are introduced that are especially suited to mine hunting 
applications. Both templates can be calculated with the help of the integral image 
representation and as well as the templates mentioned before require only four references. 
Hence existing approaches should be able to incorporate these new templates without much 
effort. 

2.1. Parallelogram and upright-triangle templates 

In most cases, the orientation of a cylindrical mine is not parallel to the along track 
direction. Therefore, instead of rectangular shapes, the highlight shadow formation looks more 
like a parallelogram. In Fig. 3 it is shown how this shape can be computed, still using the 
integral image representation. There are six integral image representations in total, the 
rectangular integral image II, the integral image for rotated rectangles RII and the four integral 
images for triangles TIINW, TIISW, TIINE and TIISE, where the indices indicate the direction in 
which the right-angled peak points. The sum of the pixels in the red area A TIINE is needed. 
With the help of this integral image the parallelogram can be computed by sum A
TIINE 1 TIINE 2 TIINE 3 TIINE 4 . For the mirrored version of the parallelogram 
the sum is analogue except that this time  is required instead of TIINE. 

         

The second shape is an upright triangle. Fig. 4 shows how this shape can be computed 
efficiently. This time several different integral images are needed. At the pixel denoted with 1
RII has to be used. The value RII(1) is the sum of all pixels in the triangle above 1 with its 
peak in 1. In 2 and 4 once again the triangular integral images are used, for 2 TIINW and for 4 
TIISW. For the point 3 the classical rectangular integral image representation II is exploited. 
Overall the sum of all pixel values is given by sum A RII 1 TIINW 2 II 3
TIISW. Figure 5 illustrates the new templates that can be formed using these two new shapes. 

3.  EXPERIMENTS AND DISCUSSION 

For training and testing a dataset of real sonar images with a given classification has been 
used. Overall the dataset consists of examples of about 2000 mine-like objects and 13000 non-
objects. For this dataset the features derived by the new shapes as well as the features derived 

Fig. 3: Example for the calculation 
of the sum of all pixel values within 

a triangle. 

Fig. 2: Example for the calculation 
of the sum of all pixel values within 
a parallelogram. 
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by the shapes from [4] are computed and combined to train the classifier. Within every stage 
the desired hit rate was 0.995 und the maximum false alarm rate was 0.5. The final false alarm 
rate was set to 0.004, so a maximum of eight stages is needed. 

As described in Sect. 1.2, AdaBoost is a greedy algorithm that incorporates the best fitting 
weak classifier at every iteration step. With this in mind, the algorithm is applied to determine 
whether the new shapes in Sect. 2.1 are useful for the detection of mines on sonar images or 
not. Every iteration step a feature, derived from one of the new features, is chosen, this feature 
is more useful for the detection than one derived of the shapes proposed in [4]. The average 
distribution per cent of the used features by the Adaboost algorithm can be found in Table 1. 
For the different shapes the proportions are plotted row-wise, while the different features for 
the same shape via test statistics are plotted column-wise. The overall distribution can be 
found in the rightmost column or in the bottom line. The table illustrates, that the 
parallelogram based shapes have a significant impact on the final classifier. Moreover all 
statistical tests, especially the F- and V-test, are chosen more often than the template matching. 
The total number of used features was about 400. 

4. CONCLUSION AND FUTURE WORK 

Based on the results of [1] for the task of face detection an algorithm for identifying regions 
of interest in sonar images is presented. For the algorithm a cascade of boosted classifiers is 
used. The classifiers themselves consist of extracted features with suitable thresholds given by 
the discrete Adaboost algorithm. For a rapid feature extraction integral images are employed. 
Besides the classical template matching with different shapes, statistical tests are used, to 
derive multiple features per shape. 

Towards this concept two new shapes are proposed, a parallelogram based shape and a 
triangle based shape, that are especially suited in the context of mine hunting. Sect. 3 
illustrates that both shapes make a positive contribution to the task of identifying regions of 
interest. 

Even with these results there is still potential for further improvement. First of all in [2] it 
was shown that on the one hand gentle Adaboost provides better results than the discrete 
Adaboost used in this paper. On the other hand, instead of using a degenerated decision tree, 
small CART trees also enhance the result. Besides these two examples there are several other 
improvements of the basic concept used in [1] in the field of face detection that are worth to 
examine whether they can be transferred to the task of mine hunting or not. 

REFERENCES

Fig. 4: New templates using 
triangles and parallelograms. 

 L P D  
C 17.4 1.9 0.5 19.7 
F 18.6 8.8 2.6 29.9 
T 19.3 2.8 - 22.0 
V 20.7 6.7 0.9 28.3 

 75.9 20.2 4.2 100 

Table 1: Average proportion (%) of the 
features L found in [4]  the parallelogram 
features P and the triangular features D 
for the correlation C, and the different test 
statistics explained in Sect.1.4. 
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Abstract: The purpose of this article is to present the results of investigation to search for 
buried objects. The paper will contain echograms and other means of visualization from 
buried pipe placed between area of W adys awowo and gas platform and interesting in 
terms of the number of small and medium-sized unidentified objects found in the muddy 
bottom at different depths localized in the Gulf of Puck - results will be presented also 
with post-processing tools available mainly using the algorithms provided with the Matlab 
programming environment. Trails on Gulf of Gda sk were done by Hydroacoustic 
Institute research team several times. Using small measurement vessel: "Windspeel" 
various aspects of the survey were discussed like: classification of sediments, tests with 
different sounding pulses properties and classifying them according to the type of task, 
preparing the most optimal configuration of additional devices to obtain complete data 
about natural conditions: above water (weather station), on the measurement yacht: pitch, 
roll and heave sensor to stabilize antenna beam, navigation units (GPS), Radar, AIS, 
NOAA devices and in water e.g. speed of sound profile. In this article authors would like 
to focus on two interesting, described at the beginning, aspects. 

Keywords: parametric echosounder, buried object, pipeline tracking 
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1. INTRODUCTION

Research carried out on Gulf of Gda sk and Gulf of Puck was done on small 
measurement vessel "Windspeel". Main acoustic measurement unit was parametric 
echosounder SES-2000 Standard which with possibility of generating low frequency (from 
4kHz to 15 kHz) sounding pulses with narrow beam and without side lobes allows to 
obtain information from subbottom (structure of sediment layers, searching for small 
buried objects). Parallel with parametric source was sounding multibeam echosounder 
EM3002D. Triggering function in echosounders gave opportunity to work simultaneously 
without negative influence for obtained results. Additionally complementary device like 
GPS, pitch-roll-heave sensor MRU-Z, weather station, NOAA weather information and 
probe to measure the speed of sound STD204 were used during trials. Before waiting for 
"weather window" complete calibration was performed with particular reference to main 
units and motion sensor which proper measurements of yacht deviations are extremely 
important. 

 
2. RESULTS OF SEARCHING BURIED OBJECTS  IN GULF OF PUCK  

Improving the ability of the operator during trials in order to search for buried objects 
can be done on artificial polygon, where marked and known targets are placed in the 
bottom, or such improvement of skill can be done with unidentified objects. Results 
presented at Figure 1, were acquired during trials on Gulf of Puck. 2480 meters long 
echogram shows small darken points which are large buried objects. After zooming results 
appears also smaller objects. Using different frequencies of differential sounding pulses 
and proper settings of real time software, repeatability of localizing the same targets is 
checked and improved.  

 

 
Fig.1: 2480 meters length echogram with several buried objects. 

 
3D presentation of results makes objects with higher then bottom echo strength clear to 

notice. One of such result is presented in Figure 2 where three spikes presents echo from 
buried objects localized 5 and 7 meters below bottom.  
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Fig.2: 3D visualization of 60 meters echogram. 

 
3. RESULTS OF GAS PIPELINE TRACKING 

Gas pipeline tracking with usage of parametric echosounder is difficult in conditions 
where bottom consist sand which reflects near all sounding pulse energy without any 
bottom penetration. Visualization of such echoes and analyzing pure signals makes 
localizing objects which is on the bottom level difficult. During experiment 10 cm 
diameter (Figure 3 right part) gas pipeline was tracking.  
 

    

 
Fig.3: (left) cylinder, (right) part of gas pipeline. 

 
The target strength for searching object was calculated using the numerical modeling of a 
finite cylinder using the formula from Urick [1]: 
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            (1) 
where: 
 
L - cylinder length 
a - radius  
 - incident angle 

k=2 /  
 

Results from calculating formula [1] are presented in the Figure 4. 
 

 
Fig.4: Target strength from cylinder 

 
After trials in real conditions and collecting data, postprocessing of results was made 
which results will be presented.  In the Figure 5 comparison of high and low frequency 
sounding is presented. Pulses of 100 kHz gave typical bathymetric information, but low 
frequency - 15 kHz after appropriate processing gave image of reverberations in places 
where pipeline was crossed. 
 

 
Fig.5: Comparison of high and low frequency soundings. 
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Fig.6: Results form postprocessing software - gas pipeline sounding. 

 
 Analyzing pure signal and envelope data obtained information that in case of     
10 cm diameter pipeline such interesting results (Figure 6) occurred only on sounding 
pulse frequency equal 15 kHz. Having several points, where on echogram reverberations 
could be notice and combining them obtained track which overlap with real pipeline 
localization pointed on navigation map.  
 Matlab software environment gave the clearest visualization of small changes 
against the background of strong echoes which is very important during  survey. Having 
knowledge of possibility of reverberations from target, group of processing methods 
should be set up what results in presented at Figure 7 echograms:  

 

 
Fig.7: Postprocessing raw signals in Matlab. 
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4. SUMMERY
 
Presented in the paper results for searching for small objects buried in muddy sediments  
few meters below bottom gave satisfactory results and made possible creating algorithms 
of echosounder settings to obtain the most expected echograms depending on survey type 
(1. geological aspect - sediment layers visualization, 2. searching for objects). 
Additionally experiment with sounding gas pipeline show method of localizing pipe on 
sand bottom with good accuracy using reverberation effect. 
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 SOUND SPEED PROFILE ESTIMATION UTILIZING SURFACE 
SCATTERING

Hisashi Shiba 
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Abstract: It is no doubt that sound speed profiles are very important for sonar operations, 
since the speed distributions largely affect the sound propagation. Usually speed profiles 
are estimated using temperature, salinity and density distributions with devices like XBTs 
and CTDs. These are not expensive, however, it is hard to launch them frequently for 
monitoring dynamic changing environments. Moreover, speed distributions are not able to 
be measured directly using such devices. 
On the other hand, the acoustical tomography is very popular for investigating ocean 
physical structures. This methodology measures sound speed directly by multiple sonar 
systems. However, it is difficult to deploy and dismantle tomographic systems frequently 
during usual sonar operations. And the costs sometimes exceed the budget of small sized 
experiments. 
Although a couple of researches estimating profiles by surface measurements are effective 
for operation downsizings, their accuracies require deeper verifications. For more 
convenience, a new approach is proposed in this presentation. The new method is 
achieved by only single sonar. Therefore, it is useful for budget limited small experiments. 
A simple sonic ocean structure model is adopted for the new estimation. At first, the ocean 
is divided into multiple horizontal layers. Sounds are transmitted by multiple angles from 
the sonar on the seafloor. A ray model is applied for the sound propagation in this 
method.
The main concept is that the sonar is located on the seafloor and echo timings from the 
surface are measured for various transmission angles. This model is based on that the 
beam widths are narrow and the sea surface scatters sounds along with various directions 
including incident directions. 
Numerical simulations were proceeded to evaluate the accuracies referring statistical 
temperature and salinity data. From the results, it is clear that the new approach provides 
higher accuracies for heavier computations. 

Keywords: Underwater Sound Speed Profile, Surface Scattering
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1.  INTRODUCTION 

A sound profile is considered as one of the essential components of underwater 
acoustics. They are carefully estimated especially in the sonar operation planning phase, 
since the sound speed variations largely affect the sound propagation area which should be 
concerned. Usually speed profiles are estimated using temperature, salinity and density 
distributions with expendable devices like XBTs and CTDs. Although a frequent 
monitoring is required for accurate estimation, most of engineers and researchers cannot 
afford to use them like water. Moreover, such devices do not measure speed distributions 
directly. 

On the other hand, the acoustical tomography is very popular for investigating ocean 
physical structures. This methodology measures sound speed directly by multiple 
distributed sonar systems. However, it is difficult to deploy and dismantle tomographic 
systems frequently during usual sonar operations because the measurements require 
multiple vertical arrays of relatively large scale. Hence the costs sometimes exceed the 
budget of small sized applications. 

A couple of researches utilizing surface measurements for estimating sound profiles are 
effective for downsizing the operation effort [1][2]. However they are not suitable for 
frequent estimation and their accuracies should be verified deeper, because it is hard to 
believe that surface signatures always reflect internal states. For more convenience and 
confidence, a new approach is proposed in this presentation. The new method is achieved 
by only single sonar. Therefore, it is useful for budget limited small experiments and 
frequent monitoring. 

The new approach is explained detail in the next section. After that numerical 
simulations and their results are displayed. Finally the current research phase is 
summarized and the problems are listed to be solved. 

In the new sound speed profile estimation, a simple layered ocean structure model is 
assumed with the sound ray propagation. The approach utilizes the sound scattering at 
surfaces or bottoms. Although the sonar is able to be located on any points, a transmitting 
and receiving sonar is assumed to be located on the bottom as the first step, and elapse 
times of backscattering from the surface are measured for multiple transmitting angles. 

The new approach is explained detail in the next section. After that numerical 
simulations and their results are displayed. Finally the current research phase is 
summarized and the problems are listed to be solved. 

2. NEW APPROACH 

The new approach utilizes elapse times of scatterings at the surface and based on a 
layered structure model of sound profiles. Although the model is simple, abundant results 
are obtained. 

2.1. Layered Model 

In the new sound speed profile estimation, a simple layered ocean structure model is 
assumed with the sound ray propagation. The sound speed is assumed to be constant in 
each layer. The ray assumption is valid for high resolution sonars which are preferably 
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used for security usages. The approach utilizes the sound scattering at surfaces or bottoms. 
As a first step, a transmitting and receiving sonar is assumed to be located on the bottom 
for simplicity, and elapse times of backscattering from the surface are measured for 
various transmitting angles. Sound speeds in each layer are derived from the elapse times. 
Smoothed sound speed profiles are obtained by interpolations between layers. 

The sound scatters for every direction if the surface is not completely flat like a mirror. 
Therefore some components of the scattered sound return along with the transmission 
path. It should not to be forgotten that the round trip propagation shows symmetry because 
of the symmetry of the wave equation.  

The roughness of the sea surface must be considered as a matter of course. At first, the 
elapse times are spatially averaged even for narrow beams which we assume. For 
example, the beam covers over 3 m at 200 m range for 1 degree beam width. A time 
averaging is also effective for higher accuracies. 

This subject seems similar with acoustic tomography at a glance. However, the sonar is 
single in this situation instead of multiple vertical arrays in the usual acoustic tomography. 
Furthermore, normal mode methods which are used in the tomography as seen in lots of 
researches [3]-[6] including recent interesting efforts are not applicable, since high 
frequency sonars are useful for small sized target detections like divers in harbour 
protections which is the final purpose of our project. 

2.2. Basic Equations 

The ocean is divided into N multiple horizontal layers virtually with ideally flat surface 
as in Fig.1. The thickness and the sound speed of the n-th layer are dn and cn. Sounds are 
transmitted by M multiple angles from the sonar on the seafloor. The incidence angle from 
the n-th layer to the (n+1)-th layer or the outgoing angle from the (n 1)-th layer to the n-th 
layer is m,n for the m-th transmission angle. 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: Layered model configuration. 
 

One way timing Tm from the sonar to the sea surface or from the surface to the sonar is 
 

(1) 
 
for the m-th transmission angle. From the Snell’s law, the angles in the sines are converted 
and (1) is rewritten as 
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(2) 

 
 
It is worthy of note that unknown parameters are only sound speeds in the (2), because the 
transmission angles m,1 are directed by operators, layer thicknesses di are defined by 
operators and propagation periods Tm are measured. 

2.3. Solving Methods 

Equation (3) means non-linear simultaneous equations for M transmission angles. 
Sound speed profiles are estimated by solving these equations. As a matter of course, the 
layer number N cannot exceed the transmission direction number M. Considering the 
minimum measurement, N=M is assumed in the simulation. 

Since the equations are nonlinear, there is no analytical solution. Numerical 
calculations with an optimization are required. The most popular optimization approaches 
for non-linear equations are the bisection and the Newton Raphson method. Both of these 
are recursive with initial assumption. Their solution behaviours are examined in the 
simulation. But these optimal solutions are found to be not functional. Therefore sound 
speed combinations are searched combing for specific number layers. 

3. SIMULATIONS 

Numerical simulations were proceeded to evaluate the approach validity and its 
accuracies. In the simulation, propagation periods which are measured virtually are 
calculated using real sound speed profile for each transmission angle based on statistical 
temperature and salinity data. Then sound speed profiles are estimated from these 
propagation periods.  Finally the results are compared and evaluated with real sound speed 
profiles. 

3.1. Conditions

The real sound speed profile is based on statistical temperature and salinity data from 
Tokyo bay and Sagami bay by JODC (Japan Oceanographic Data Center) database 
supposing harbour protections. The sonar is assumed to be located at 200m depth and 
transmits for upper directions. Transmission angles are from 15 to 60 degrees with 5 
degrees steps. The ocean is divided from 5 to 8 layers for quick estimation trials. Only 5 
layers cases are presented in this paper. 

 

3.2. Statistical Data 

The data sampling area is shown in Fig.2. The area is divided by square grids in the 
JODC database. The temperature and salinity data are sampled at each grid area. The data 
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used in this simulation is indicated by a red square and it is a mixture of Tokyo bay and 
Sagami bay. 

Fig.2 is an example of statistical temperature distributions. The solid curve is the 
average through years and the horizontal bars indicate standard deviations. Similar data 
are provided for salinities in the JODC database. Standard deviations of temperatures are 
larger for shallower measuring points since they are suffered by winds. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.2: Year-round statistical temperature with standard deviations. 
 
These statistical data are provided with from 10m to 100m spacing, hence they are 

interpolated by polynomials to 1m spacing for simulations. Then the “real” speed profile is 
derived using Medwin’s formula for simplicity and its accuracy is sufficient for our 
purpose. The real propagation period is calculated based on this profile. It is a summation 
of elapse times through these 1m spacing layers. 

3.3. Simulation Results 

The all combination search results for year-round data are shown in Fig. 3(a) in the 
case of 5 layers and transmission angles are from 15 to 35 degrees. Fig. 3(b) shows a 
larger transmission angle results in which angles are from 40 to 60 degrees. The blue 
curves indicate the real sound speed profile. Colored dots are estimated results for each 
step size in the combing search. The green triangles are 10m/s step, the purple squares are 
5m/s, the orange diamonds are 2m/s, and the brown circles are 1m/s for each.  All of these 
are applied Pyramid search to the minimum 0.5m/s step. 

From Fig. 3(a), it is found that the deviations from the real profile show the minimum 
when the initial step size is 2m/s. It should be noticeable that smaller step size does not 
provide the minimum. These must reflect the complexity of the local minimum problem. 
On the other hand, the smallest step size provides the smallest deviations for larger 
transmission angle case as in Fig. 3(b). And more, the deviations of the larger transmission 
case are larger than the smaller case. One of the reasons is that the traveling path 
differences are larger among smaller transmission angles, and smaller angle cases tend to 
reflect the sound speed profiles more faithfully. 
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Fig.3: Simulation results for smaller transmission angles (a: left hand side) and for 
larger transmission angles (b: right hand side). 

4. SUMMARIES 

A new approach is proposed for sound speed profile estimation aiming shallow water 
coastal usages. The new method only requires single sonar. Therefore it is preferable for 
cost effective applications like wide coverage security systems.  

The layered model in this presentation is the simplest and may be too simple. There are 
possibilities in some advanced models such like speed gradient in each layer to overcome 
these problems. 
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Abstract: The coupled-mode model developed by Luo et al. [Luo et al., “A numerically 
stable coupled-mode formulation for acoustic propagation in range-dependent 
waveguides,” Sci. China-Phys. Mech. Astron. 55, 572(2012)], which is based on the direct 
global matrix (DGM) approach, is accurate, numerically stable, extensively applicable, 
and efficient. Compared to the existing models, this model has the following 
improvements: unconditional stability, extensive applicability, and high efficiency. This 
model has the same accuracy as the model COUPLE, both of which can provide complete 
two-way solutions. Numerical examples are provided to demonstrate the advantages of 
this model relative to existing range-dependent propagation models. 

Keywords: range-dependent waveguide, coupled-mode theory, direct global matrix 
method, multiple sources, Gaussian beam 
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1. INTRODUCTION

Modeling sound propagation in range-dependent waveguides is of great interest in 
underwater acoustics. A number of approaches[1-4] have been developed for solving this 
problem over the past several decades, among which the normal mode method is very 
important. In recent years, advances in the coupled-mode method have been made by 
Fawcett,[5] Godin,[6] Abawi,[7] and Athanassoulis et al.[8] An alternate approach, referred to 
as the stepwise coupled-mode method, is also an important means for this problem. 
COUPLE is a widely used numerical model applying the stepwise coupled-mode 
method.[9,10] COUPLE is remarkably accurate and thus may be used to establish the 
accuracy of numerical propagation models. However, COUPLE is computationally 
intensive, and suffers from the instability problem residing in the inappropriately 
normalized range solutions. Moreover, it cannot deal with special problems, such as a 
problem involving a line source located inside the deforming region of a range-dependent 
waveguide. 

A stepwise coupled-mode model referred to as DGMCM was recently developed by 
Luo et al.[11] This model is capable of addressing two-dimensional (2-D) problems with 
either a point source in cylindrical geometry or a line source in plane geometry. Due to the 
use of the DGM approach, this method is numerically stable. In addition, by introducing 
appropriately normalized range solutions, the overflow problem inherent in certain 
existing models is entirely resolved. Moreover, the introduction of general source 
conditions enables this method to handle the scenario where a line source is located inside 
the deforming region of a range-dependent waveguide. Besides, this model can accurately 
and efficiently handle range-dependent propagation problems involving multiple sources. 
This numerical model is a full two-way model and hence is very accurate. 

In this paper, we first briefly present the model DGMCM. Then we illustrate the 
advantages of this model by comparing it with existing models.  

2. MODEL

We work in Cartesian coordinates, with L  time-harmonic line sources of angular 
frequency  located at ( , )l l lx zx . The Helmholtz equation is 

2 2

2 2
1

1( ) ( ) ( ),
( ) ( )

L

l l l
l

p pz p S x x z z
x z z z c z

 (1)

where lS  are the coefficients of the sources including both amplitudes and phases. We 
divide the range-dependent waveguide into a sequence of range-independent segments and 
represent the field solution in segment j  as 

1 2
1

( , ) ( ) ( ) ( ),
N

j j j j j j
n n n n n

n
p x z a E x b E x z  (2)
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where N  is the total number of normal modes involved in mode coupling, j
na  and j

nb  are 
modal amplitudes corresponding to the forward and backward propagating waves, 
respectively, ( )j

n z  are the local vertical eigenfunctions, 1 ( )j
nE x  and 2 ( )j

nE x  are 
normalized exponential functions defined as[11] 

1
1 ( ) exp[ ( )],j j j
n xnx ik x xE  

(3)

2 ( ) exp[ ( )],j j j
n xnE x ik x x  

(4)

with j
xnk  denoting the horizontal wavenumbers. 

When multiple sources are present, we introduce a virtual interface at each source 
range lx . By imposing the boundary conditions at each interface (including the virtual 
interfaces), combined with the radiation conditions 1a 0  and Jb 0 , we finally reach 
the following linear system of equations, 

,Cx v  
(5)

where the column vectors x  and v  and the matrix C  are defined as follows: 

s1 s1 s s
T1 11 2 2 3 1 ,L Lj j j j J Jx b a b a b a b a b a  

(6)

T
1 ,Lv 0 0 0 0 0 s 0 s 0 0  

(7)
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s1 s1s1 s1
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2
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ˆ

ˆ ˆ
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j jj j

j jj j

j jj j

J J J

J J J

C I E

C I E

C E C I E
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C E C I E
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, (8)

with ls  denoting the column vector corresponding to the l -th source with entries 
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 (9)

3. EXAMPLES 

In this section we apply the model DGMCM to a couple of test problems to illustrate 
the advantages of this model. 

In Example A we consider the problem as illustrated in Fig. 1(a), which involves a line 
source located at range 0 km and depth 100 m. The source frequency is 25 Hz. The water 
depth is 200 m for 0x  km and 18x  km, is 40 m for 4 km x 14 km, decreases 
linearly from 200 m to 40 m for 0 km x 4 km, and increases linearly from 40 m to 200 
m for 14 km x 18 km. In the homogeneous water, the sound speed is 1500 m/s and the 
density is 1.0 g/cm 3 . In the homogeneous sediment, the sound speed is 1700 m/s, the 
density is 1.5 g/cm 3 , and the attenuation is 0.5 dB per wavelength. We apply the models 
DGMCM and COUPLE to this problem. For both of these two models, we use 20 normal 
modes and divide the upslop region (0 km x 4 km) as well as the downslope region (14 
km x 18 km) into 300 range-independent segments. For DGMCM, as shown in Fig. 
1(b), due to the use of appropriate range solutions, we need not subdivide the flat top 
region (4 km x 14 km) to obtain convergent field solutions. However, as shown in Fig. 
1(c), this treatment leads to the numerical overflow problem for COUPLE, which reaches 
convergence by subdividing the flat top region into at least five range-independent 
segments, as shown in Fig. 1(d). Thus, DGMCM is more stable and has improved 
efficiency without losing accuracy. 

0km 4km 14km 18km
0m

200m

40m

x

z

source
100m

w 1500m/sc
3

w 1.0g/cm

b

b
3

b

1.5g / cm

1700m

0.5dB/

/sc

(a)

      

      

Fig.1: Geometry and field solutions for Example A. (a) Geometry. The source 
frequency is 25 Hz. (b) DGMCM solution (convergent), without subdivision for the flat top 
region. (c) COUPLE solution (divergent), without subdivision for the flat top region. (d) 
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COUPLE solution (convergent), the flat top region is divided into five range-independent 
segments to avoid the numerical overflow problem. 

In Example B, we consider a propagation problem with a Gaussian beam in a 
downslope waveguide involving a pressure-release surface and a pressure-release lower 
boundary. In the homogeneous water column, the sound speed is 1500 m/s and the 
density is 1.0 g/cm 3 . The initial water depth is 100 m at range 0 km and increases 
linearly to 200 m at a range of 2 km, corresponding to a slope angle of nearly 2.86 . In 
this example, a 1000-Hz Gaussian beam is generated by a vertical array consisting of 41 
line sources at range 0 km, with half-wavelength spacing (0.75 m), centered 50 m below 
the surface. The beam is steered as follows, 

2( 1) / 2exp[ ( 1)sin ]exp , 1,2, , ,l W
l LS i l l L  (10)

where  is the beam angle from the x -axis, and W  controls the beamwidth. In this 
example, W  is chosen to be 10. 

In this example, a total of 320 normal modes is involved in mode coupling and a total 
of 6000 segments is used to represent the slope. Field solutions by the model DGMCM for 
beam angles of 0  and 10  from the x -axis are shown in Figs. 2(a) and 2(b). 

      

Fig.2: Field solutions for Example B. The vertical array of 41 line sources with / 2
spacing is centered 50 m below the surface at range 0 km. The source frequency is 1000 
Hz. (a) The beam angle is 0  from the x -axis; (b) The beam angle is 10  from the x -

axis. The bathymetry is indicated by a thick red line. 

4. SUMMARY

In summary, a coupled-mode formulation for range-dependent sound propagation in the 
presence of multiple sources is presented.  The numerical results indicate that the present 
model is accurate, stable, and can handle range-dependent propagation problems in the 
presence of multiple sources efficiently. 
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COUPLING IN THREE-DIMENSIONAL ACOUSTIC PROPAGATION

MODELING 
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Abstract: An acoustic propagation model applicable to environments with arbitrary range-
dependence in all three spatial dimensions is presented.  The model is formulated in a cylindrical 
coordinate system, and the solution is obtained using a separation of variables.  The depth-
separated Helmholtz equation is solved using a gradient half-space approach, and leaky modes 
are included in the solution to account for a wide vertical angle.  Modal amplitudes are 
calculated from the horizontally separated part of the Helmholtz equation using a hybrid 
technique such that a parabolic solution provides the description of horizontal refraction in the 
azimuthal direction and a stepwise coupled-mode technique accounts for mode-coupling in the 
radial direction.  In formulating this solution, it has been assumed that mode-coupling in the 
azimuthal direction is small and can be neglected.  The effects of this assumption are examined 
in the context of a translationally invariant environment for which the lateral variations occur in 
one dimension only.  For this case, an alternative solution technique can be applied and 
comparison to the solution from the three-dimensional coupled-mode model can be made.  
According to this technique, the solution is formulated in a Cartesian coordinate system and a 
Fourier transform is applied to eliminate the range-independent dimension.  The resulting 
equation is two dimensional and the solution is calculated in the wavenumber domain for a 
sufficient range of values of the transform variable.  Then the spatial solution is obtained using 
an inverse Fourier transform.  The only approximation intrinsic to this solution technique is 
associated with the sampling in wavenumber space.  Thus, a comparison of the solutions 
obtained using the three-dimensional coupled-mode model and the translationally invariant 
approach allows for an assessment of the importance of azimuthal mode coupling.  [Work 
supported by ONR] 

Keywords: three-dimensional propagation, normal modes 
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1. INTRODUCTION  

The three-dimensional (3D) acoustic propagation problem is inherently computationally 
intensive [1]. To make the problem tractable, approximations are frequently introduced to the 
solution.  In the 3D propagation model presented here, the principal approximations are (1) the 
backscattered field can be neglected, and (2) mode-coupling in the azimuthal direction is 
negligible.  The first of these approximations has been evaluated in the context of the two-
dimensional (2D) propagation problem [2]. This paper explores the effect of neglecting mode-
coupling in the azimuthal direction on the accuracy of the solution in the context of an 
environment which induces both strong mode-coupling and horizontal refraction effects. 

2. THREE-DIMENSIONAL COUPLED-MODE MODEL 

A 3D acoustic propagation model based on the stepwise coupled-mode approach [3] 
implemented using the single-scatter solution has been developed. The theory for this modeling 
technique is briefly described in this section. 

The inhomogeneous Helmholtz equation for pressure  at range , azimuth , 
and depth  due to a continuous wave point source of amplitude  located at  is  

 

 
(1)  

 
where ,  is the angular frequency,  is the sound speed and 

 is the density.  In this work, the range-dependent environment is approximated by 
a number of range-independent regions defined in the range-bearing plane.  In the discrete 
environment, the continuous variables of Eq. (1) are discretized in range and bearing such 
that the range-independent region at the  step in range and  step in azimuth is 
characterized by sound speed , density , and wavenumber .  The solution 
for pressure in the  step in range is found by a separation of variables 
 

 
 (2)  

 
where  are the modal amplitudes in the  step in range,  are the modal 
eigenfunctions in the  step in range and  step in azimuth, and  is the number of 
modes included in the summation. 

The modal eigenfunctions  satisfy  
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 , (3)  

   
where  is the horizontal wavenumber of the  mode.  Within each region, the 
environment is made up of an arbitrary number of fluid layers bounded above by a pressure 
release surface and below by a fluid half-space.  Equation (3) is solved with a Pekeris 
branch cut and a small gradient is introduced in the lower half-space to remove the branch 
point and associated branch cut from the problem [4].  
In the solution for the modal amplitudes, environmental range dependence takes place 
discretely at the interfaces between regions.  Within the  step in range, the environment 
varies as a function of azimuth only, and the modal amplitudes satisfy the 2D Helmholtz 
equation 

 
 

 (4)  

 
This equation must be solved for each mode with the horizontal refraction determined by 

the modal phase speed and modal attenuation.  The solution is obtained from a parabolic 
equation model [5] by factoring Eq. (4) and keeping the outgoing factor to obtain 

  

 
(5)

 
where  is the reference wavenumber, and  is the reference sound speed.  In Eq. 
(5), the spreading factor  has been removed.  The starting function is a delta function 
located at the origin with amplitude determined by the source depth and the modal 
eigenfunctions in region , 
 

 
 (6)  

In the stepwise coupled-mode model, mode coupling is calculated in the outgoing direction at 
the interfaces between the range-independent regions.  Azimuthal mode coupling is neglected, 
such that the mode-coupling occurs only through the boundary conditions at interfaces defined in 
the tangential direction.  The two-way coupled-mode solution is obtained by requiring continuity 
of pressure and particle velocity at  located at the boundary between the  and  
range-independent regions [3].  In this work, the backscattered field is neglected to obtain the 
single-scatter solution 
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(7)  

3. TWO-DIMENSIONAL TRANSLATIONALLY INVARIANT MODEL 

In this section an alternative technique appropriate for translationally invariant (TI) 
environments for which the lateral variations occur in one dimension only is presented [6, 7].  
This technique is applied to provide a reference solution to compare to the result calculated with 
the 3D model described above. 

The inhomogeneous Helmholtz equation for pressure  in a TI environment due to a 
continuous wave point source of amplitude  located at  is 

 

 
(8)  

where the environmental parameters are a function of  and  only.  The -dependence of Eq. (8) 
is removed by taking its Fourier transform 
 

  . (9)  

The transformed equation is  
 

. 
(10)

To obtain the solution for pressure , Eq. (10) is solved for a sufficient range of  
values and the inverse Fourier transform is applied. 

4. PROPAGATION ENVIRONMENT 

 The propagation environment consists of a shallow water waveguide, bounded above by a 
pressure release surface and below by a penetrable bottom.  The only range-dependent feature is 
a cosine-shaped hill that extends infinitely in the -direction, such that the water depth  is 
defined by 

 

    (11)
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The waveguide is an isovelocity water column (c = 1500 m/s,  = 1.0 g/cm3) over an acoustic 
half-space having the properties of sand (c = 1767 m/s,  = 1.85 g/cm3,  = 0.75 dB/ ). 

The solution was calculated for a source located at a depth of 20 m and a frequency of 100 
Hz.  At this frequency, there are four trapped modes at the location of the source.  Including six 
leaky modes was sufficient to obtain a convergent solution.  

5. COMPARISON OF SOLUTIONS 

Transmission loss calculated by the 3D coupled-mode model at a depth of 20 m is shown in 
Fig. 1(a).  The presence of the hill can be identified in the horizontal plane at x = 3 km by the 
departure of the pressure field from cylindrical symmetry.  The comparison of the 3D and TI 
solutions for transmission loss (TL) at a depth of 20 m along  = 5 km is shown in Fig. 1(b).  
With the exception of the nulls in the TL curves, the solutions are within 0.25 dB of one another. 

 

  
Fig.1: (a) Transmission loss at a depth of 20 m calculated using the 3D propagation model.  

(b) Comparison of 3D and TI solutions at a depth of 20 m along x = 5 km plotted as a function of 
distance from the x-axis. The dashed line in (a) at x = 5 km marks the segment analysed in (b). 

Although small differences are observed in the TL curves shown in Fig. 1(b), larger 
differences can be observed in modal amplitudes, particularly those of the higher order modes.  
Modal amplitudes for the first four modes calculated by the 3D and TI models are shown in the 
top and bottom rows of Fig. 2, respectively. The effects of mode-coupling can be observed in the 
solutions from the striations on the side of the hill away from the source.  This oscillatory pattern 
of increased or decreased modal amplitude is controlled by the phase of the signal as it impinges 
on the hill.   

The effects of horizontal refraction can be observed from a shadow which forms on the side 
of the hill away from the source at ranges greater than y = 10 km, y = 6 km, and y = 3 km for 
modes two, three, and four, respectively.  In addition, for the same modes and ranges, a single 
mode interference pattern created by the interaction between refracted and non-refracted sound 
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can be seen on the side of the hill toward the source.  The range at which these effects occur 
corresponds to the horizontal modal critical angle [8].  The shadow zone and signal mode 
interference pattern are not observed for mode one until y > 15 km.   Although the shadow can 
be observed in the solutions calculated by both models, the single mode interference pattern is 
only observed in the 3D solutions.  In calculating the TI solution, the backscattered field was 
neglected in the solution to Eq. (10).  Although the same single-scatter approximation was used 
in both the 3D and TI solutions, for the 3D solution the single-scatter approximation is applied in 
the outward (radial) direction, but for the TI solution it is applied in the -direction.  As a result, 
the TI solution fails to resolve the single-mode interference pattern on the side of the hill near 
source.  Furthermore, the approximation also causes errors in the TI solution on the side of the 
hill away from the source which can be observed from the reduced size of the shadow zones.

Fig.2: Modal amplitudes calculated by the 3D (top row) and TI (bottom row) models. The 
dashed line at x = 5 km marks the segment analysed below. 

 
The 3D and TI solutions for the modal amplitudes along  = 5 km are compared in the left 

column of Fig. 3.  Good agreement in the solutions is observed for modes one and two at all 
ranges and for the higher order modes at closer ranges.  As described above, the TI solution is 
inaccurate for the higher order modes at greater distances from the -axis.  To quantify the range 
at which the TI solution becomes invalid, the adiabatic-mode solutions for the modal amplitudes 
along  = 5 km are compared in the right column of Fig. 3.  The adiabatic-mode solutions were 
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calculated with the 3D and TI models as described above, except that mode coupling was 
neglected.  Thus, the differences in the adiabatic-mode solutions can be attributed to the inability 
of the TI solution to resolve the field in regions where the shadow zone is important.  From 
comparison of the adiabatic-mode solutions, the TI solution along  = 5 km was found to differ 
from the 3D solutions by more than 1 dB for y > 9.3 km, y > 5.1 km for modes three and four, 
respectively.  The solution for modes one and two were found to be accurate over the entire 
range interval shown in Fig. 2.  The root-mean-square (RMS) differences between the 3D and TI 
solutions calculated in dB for the modal amplitudes in the regions where the TI solution is valid 
are shown in Table 1.  For all four modes, the RMS difference in the modal amplitudes was less 
than 0.5 dB.  Additionally, the RMS difference for the coupled-mode amplitudes was on the 
same order as the RMS difference for the adiabatic-mode amplitudes.  A greater RMS difference 
is observed for the higher order modes because they have lower amplitudes. 

 
Fig.3: Comparison of 3D and TI solutions using coupled modes (left) and adiabatic modes 

(right) for the modal amplitudes along x = 5 km plotted as a function of distance from the x-axis. 
 

Mode Number 1 2 3 4 
Adiabatic Mode 0.0263 dB 0.0693 dB 0.1704 dB 0.3566 dB 
Coupled Mode 0.1375 dB 0.1315 dB 0.1708 dB 0.4451 dB 

 
Table 1: RMS difference between 3D and TI solutions calculated in regions where the TI 

solution is valid. 
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6. CONCLUSIONS 

An acoustic propagation model applicable to environments with arbitrary range dependence in 
all three spatial dimensions was presented.  A key assumption made in formulating the model is 
that mode coupling in the azimuthal direction is small and can be neglected.  This assumption 
was evaluated through comparisons to a solution obtained using a technique applicable to 
environments for which the horizontal variations occur in one dimension only.  Comparison of 
TL showed the solutions differed by less than 0.25 dB.  Examination of the modal amplitudes 
revealed deficiencies in the TI solutions.  However, in regions where the TI solution is valid, 
excellent agreement between the 3D and TI solutions was observed.  Therefore, the assumption 
that mode coupling in the azimuthal direction is negligible was validated for the propagation 
environment considered. 
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Abstract: This work is part of a project to implement and test acoustic propagation models 
to use in predicting the propagation of anthropogenic noise in the ocean. 
Transmission losses versus range are calculated for various scenarios using a ray model 
(PlaneRay) and compared with the results obtained by models based on the parabolic 
equation (PE), both for a fluid bottom (RAM) and an elastic bottom (RAMS) and the 
wavenumber integration model OASES. Each case is analysed and interpreted at several 
frequencies in the range from 25 to 200 Hz. The simulation results showed excellent 
agreement between the PE and the ray result for the transmission loss over a range of 10 in 
a relative steep upslope elastic bottom environment down to about 25 Hz. In another test 
over a 50 km continental shelf scenario resulted in god agreement out to range of 25 km for 
the fluid bottom, but poor agreement at longer ranges, especially over elastic bottoms.  

Keywords: propagation modelling, wavenumber integration, parabolic equation, ray 
theory. 

INTRODUCTION

Increased human activities in the marine environment over the recent years (seismic 
exploration, wind farming, shipping, etc.) has caused significant general increase in ocean 
noise level, raising concerns over its impact on marine life and fisheries. This work is part 
of a project to develop or implement an operational model for predicting the propagation of 
anthropogenic noise in the ocean, in particular the propagation of airgun signal used in 
marine seismic surveys. Airgun signals with bandwidth in the range from 25 Hz to 200 Hz 
may propagate to considerable distances and cause disturbances that may affect commercial 
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fishing resulting in reduced catches at distances more than 30 km [1]. At low frequencies 
and long range the interaction with the seabed is very important since, in general, a 
significant part of the transmission loss is caused by acoustic absorption and conversion to 
shear waves in the bottom.  

These requirements imply that the propagation models should be able to deal with range 
dependent bathymetry over fluid and elastic bottoms and cover distances up to 50 km with 
frequency down to 25 Hz to50 Hz. In addition, for modelling of transient signals, such as 
airgun a sound, a full-waveform capability is desired with implies broad frequency band 
modelling capability.  

MODELS USED IN THE ANALYSIS 

Modelling of propagation conditions is an important issue in underwater acoustics and 
there exist a variety of mathematical/numerical models based on different approaches. For 
an overview of the models and for further references, see reference [2]. 

In this study three types of models and modelling approaches have been implemented 
and used to calculate transmission loss as function of range and frequency in range 
dependent and range independent scenarios involving bottoms modelled as fluid or elastic 
materials. The three models have different characteristics, which can be summarized as 
follows. 

The OASES (SAFARI) model of Schmidt [3] uses wave number integration technique 
and can treat multi layered bottoms, fluid or elastic. The standard implementation, used 
here, only handles range independent scenarios; hence the water depth has to be constant. 
This model is frequently used in benchmarking and is also used in this study for a range 
independent case. 

The parabolic equation (PE)-based approach has become a popular wave-theory 
technique for range dependent propagation modelling in ocean acoustics. This study uses 
the RAM model treating the bottom as a fluid [4] and the solid version RAMS, which can 
handle a shear shear-supporting elastic bottom [5]. 

PlaneRay is a ray tracing program based on eigenrays determination for underwater 
acoustic propagation modelling that can treat moderately range-varying bathymetries [6]. 
No rays are traced into the bottom and the bottom interaction is modelled by local plane 
wave reflection coefficients. The bottom can be a fluid or elastic sedimentary layer over an 
elastic half space and the layer thickness. For each eigenray the model calculates the 
trajectories, travel times and amplitudes and constructs the complete frequency response by 
coherent addition of the multiple arrivals. In principle this model satisfies the stated 
requirements, but there are question concerning the validity of ray theory and the accuracy 
of the implementation. Testing and comparing the ray model with the more established 
models is an important objective of this work. 

Transmission loss versus range is calculated by the three models in a number of cases 
chosen to compare and discuss the performance of the models. In the presented example 
only cases with constant sound in the water is considered to emphasize the effect of the 
bottom. Each case is analysed and interpreted at several frequencies in the range from 25 
Hz to 200 Hz. In this paper only a few representative results are shown. 
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2.1.The Pekeris waveguide 

This is the simplest model with isovelocity water (1500 m/s), and constant depth of 200 
m over a fluid bottom with sound speed and density of 1700 m/s and 1500 kg/m3..This 
trivial example is included to demonstrate that the models can produce the same results for 
the low frequencies of interest. 

The transmission losses calculated by the three models are shown in Fig.1 for a source at 
25 m and receivers at 75 m depths as function of range. The OASES and RAM calculation 
are in excellent agreement, but also ray tracing (PLR) results are in good agreement. The 
oscillations in the transmission loss with range can be explained by modal interference [7]. 
Note that the interference patterns of the PLR are slightly shifted in range compared with 
the patterns of the RAM and OASES. This is typical for the errors and limitations of ray 
theory, errors that are more significant at lower frequencies. To some extent such errors can 
be mitigated by a technique called beam displacement, but this requires frequency-
dependent ray tracing and eigenray determination and is not practical for broadband 
application. 

 

Figure comparison the transmission loss of a Pekeris waveguide calculated by the 
three models: OASES, RAM and PlaneRay (PLR) for the case of constant water depth of 
200 m and for a fluid bottom with sound speed 1700 m/s and density 1500 kg/m3

2.2.Propagation over a sloping elastic bottom

The book Jensen et al. [2], page 517, considers propagation over a sloping elastic bottom 
with constant water depth of 600 m out to 2 km, followed by a bottom slope of 3.6  until 
the water depth reaches 100 m. The bottom has compressional sound speed cp=2000 m/s 
absorption of 0.2 dB/wavelength, shear speed cs=800 m/s absorption of 0.2 dB/wavelength 
and density of 2000 kg/m3. Fig.2 shows the result of applying the fluid PE code RAM and 
the elastic code RAMS for the frequencies of 15 Hz and 25 Hz. The results for 15 Hz agrees 
with Fig. 6.14a in [2], page 518. 

Fig.3 compares the result obtained by the ray trace model with the elastic PE code 
RAMS for the same scenario as in Fig. 2:Fig.2 for the frequencies given in the legends. The 
ray results agree quite well with the PE results with only minor differences. The comparison 
with the fluid PE code (not shown here) and the ray calculations are also in good agreement. 
This is important since the accuracy of the PE code for this environment has been verified 
by comparison with a two way reference solution generated by a finite-element code [2]. 
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Transmission loss for propagation for the 10 km upslope sloping bottom using the 
fluid PE code RAM and the elastic PE code RAMS. The result for 15 Hz is the same as 
in Fig 6.14a, [2], page 519. 

 

 

Comparing PlaneRay with RAMS for the 10 km upslope scenario. The bottom 
parameters are given in the text and are the same as for Fig.2. 

2.3.Upslope shelf break scenario 

This scenario is relevant for the problem of airgun noise from marine seismic surveys. 
Fig.4 shows the scenario under considerations with water depth decreasing linearly with 
range, from 250 m depth at 10 km to 100 m depth at 40 km. The bottom has a density of 
2500 kg/m3, compressional speed of cp=3000 m/s and shear speed cs =600 m/s and both 
wave types have absorptions of 0.5 dB/wavelength. Also shown are the trajectories of a few 
rays to illustrate the distribution of sound in the water column. Upslope propagation yields a 
concentration of rays such that the sound level decreases more slowly with range than over 
a flat bottom, until a point may be reached where angles of the rays reach 90 , which 
signifies a cut-off in propagation. (Back-reflected rays are ignored). Fig.5 and 6 compare 
the PE and the PlaneRay transmission loss at 50 Hz and 100 Hz for the fluid and elastic 
cases, respectively.
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Upslope scenario over a range of 50 km with the trajectories of 10 rays spanning 
the range of -5  to 5 .

 

Transmission loss (dB) calculated by RAM and PLR as function of range and for 
frequencies specified in the legends. Fluid bottom as specified in the text 

 

Transmission loss (dB) calculated by RAMS and PLR as function of range and for 
the frequencies specified in the legends. Elastic bottom as specified in the text. 

With fluid bottom (Fig. 5) the agreements is very good up to a range of approximately 25 
km, with significant differences at longer ranges. This indicates that both models are correct 
and that ray theory is applicable down to 50 Hz in this case. For the elastic bottom (Fig.6) 
the two results are similar for ranges up to 25 km, but with a few dB lower transmission 
losses for the PE.  

Since the ray traces and the eigenrays are the same regardless the composition of the 
bottom, the difference between the fluid and elastic ray results can only be caused by the 
different reflectivity of the bottom. Fig.7 shows the bottom reflection loss for the elastic and 
fluid bottom. Notice that in the elastic case the reflection loss is quite low also at angles 
steeper than the critical angle of 60 . 
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 Bottom reflection loss (dB) as function of grazing angle for the fluid and elastic 
types of bottoms.

SUMMARY AND DISCUSSION  

Two range dependent propagation situation are considered with both fluid an elastic 
bottoms. The first, with a relative steep slope over 10 km, showed very good agreement 
between the results of the PlaneRay model and the result of PE code for frequency down 25 
Hz, both for the elastic and fluid bottoms. The second case modelled propagation over 50 
km of a shelf break scenario with a gentle upslope of about 0.05  In this case the ray results 
agrees with the results of the PE code over the first 25 km in the case of a fluid bottom, but 
at longer ranges the two results are significantly different. For the elastic case, the two 
codes produce similar results up to approximately 25 km and very different results at longer 
ranges. Since the validity of the PE results have not been verified for this scenario, for 
instance by a finite-element code as for the first case, we cannot draw final conclusions as 
this time. Evidently more testing is required for both the PE and the ray model. 
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Investigation of the effect of environment vertical fine-structure on sound 
propagation in the Oman Sea 

M.Aakbarinasab1, A. A. Bidokhti2, M.Sadrinasab3 and   V.Chegini4  

1,3Khoramshahr Marine science and Technology University, Khoramshahr, Iran                                                

2Institute of Geophysics, Tehran University, Tehran, Iran 

4Department of Marine Engineering, Iranian National Center for Oceanography, Tehran, Iran 

Abstract: 

From the acoustical point of view the ocean is extremely variable: currents, 

internal waves, and small-scale turbulence perturb the vertically stratified character 

of the sound velocity and cause spatial and temporal fluctuations of the sound 

propagation. The ocean is a sophisticated acoustic environment, and most of this 

complication is because of its inhomogeneous nature. In this investigation at first 

by the help of the normal mode method, the eigenvalues of the quasi-geotropic 

currents in the south part of Oman sea is calculated in summer season, then the 

effect of sound propagation in this region in the presence of inhomogenities and in 

the absence of these inhomogenities with similar boundary conditions, for 

frequencies of 600, 50, and 3000 Hz is investigated. This study shows that in the 

presence of finer inhomogenities, the sound energy in the region is highly 

scattered. In another words, because the wave length in higher frequencies are the 

same rank as these inhomogenities, the energy is more scattered. In addition lower 

numbers of blind spots are observed in the environment, but in the absence of these 

inhomogenities (by applying the Butterworth filter), the sound energy would be 

drastically lost, and the number of blind spots would be increased, and also 

vanishing these inhomogenities lead to the reduction of convergence zones in the 

environment. 

Keywords: Fine structures, sound speed, scattering, normal modes. 
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1. Introduction 

Today the technology of sonar is applied to identify the underwater objects or  
ocean phenomena; when a received signal is observed on the sonar display, this 
signal has different echoes and each of these are related to a specific phenomena. 
The use of sonar system must be able to omit the unwanted echoes of the signal 
and identify the specific target. The ocean is a dynamic and continuously changing 
environment with many phenomena that have specific characteristics. Currents, 
internal waves, small scale eddies, horizontal stratification and other phenomena in 
the horizontal and vertical lead to sound speed variations(Brekhovskikh,1982) .The 
sound velocity  in the ocean is a function of  temperature, salinity, pressure (or 
depth). This function is an increasing function of these variables. For example such 
equation which was presented by Wilson in 1960 is one that is as follow: 

)1(017.0)35)(012.039.1(0003.00546.062.42.1449 32 DSTTTTc
This equation has a precision lower than 1m/s for the temperature and salinity 
ranges which are prevailing in the oceans. For this equation the temperature must 
be finite between 0 and 35 degree and the salinity between 0 and 45 ppt and the 
depth between 0 and 1000 m. Ocean changes relevant to underwater acoustics are 
classified into mean and fluctuating components (Desanto, 1979) with the 
following general model of the sound velocity equation[3];  

 

 

Where r- three the dimensional position, t is time, z is depth of the ocean and )(0 zC

is the mean of the sound speed velocity in local climatology ( 1
0 1500 smC ).    

)(1 rC  is the meso-scale variations including the turbulent and the fronts of waves 

which exist in the region, and these variation have acoustic  time  scale of order of

2

0

1 10C
C . ),(2 trC  is the statistical component that represents small scale 

fluctuations caused by internal waves (fine and micro-structures). This component 

has an acoustic time scale of  4

0

2 10C
C . In this article, it is tired to investigate on 

)2(),()()(),( 210 trCrCzCtrC
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effect of environment vertical fine-structure on sound propagation. Acoustic ray 

model simulation (Ramana Murty et al., 2005) has been carried out in the presence 

and absence of environment vertical fine-structure which is useful for naval 

operations. 

2. Calculation of normal modes of quasi-geostrophic of currents 

The dynamics of ocean eddies can be described by the quasi-geostrophic models. 

The equations of motion governing that are: 

4)
)(

(

30),(

2

2
02

zzN
f

z
q

qJ
t
q

 

Where q is quasi-geostrophic potential vorticity, N is buoyancy frequency; f0 is 
Coriolis parameter and  is stream function. The stream function is used to extract 
the geostrophic velocities while the ageostrophic velocities are obtained from 
density and pressure perturbations. 
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Where )(),(
x
b

y
a

y
b

x
abaJ  is the Jacobian and the underlined indexes "g" and 

"ag" subscripts indicate the geostrophic and ageostrophic, respectively. 
 

3. Solution to the vertical trapped modes  

In order to solve the vertical trapped mode it is assumed that the bottom is flat and 

solid and the surface consists of a rigid lid.  The boundary conditions are the same, 

w (0) = w ( H) = 0 and we need to convert them to conditions on  as: 

14.,00)( Hzz
z  

By using the linearization of the equation 11 and substitution of (4) for q, the 

following equation is yielded: 

150))
)(

((
2

2
2

zzN
f

ztt
q  

The vertical trapped solution is then described by: 

16)(ˆ )( wtlykxiez  

This relation is substituted in equation (15) the problem of eigenvalues is yielded 

which is used for describing the vertical structure of quasigeostrophic motions. 

17ˆˆ)(
ˆ

)(
222

2

2

nnn
n lk

dz
d

zN
f

dz
d  

The boundary condition is then as follows  

18,00)(
ˆ

Hzz
dz

d n  

In order to introduce the orthogonal condition with
)(

)( 2

2

zN
fzA , the equation (17) 

is multiplied by ˆm (the conjugate of ˆn ) and integration is done in z  
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19)''ˆ(ˆˆˆ
00

2

H
nm

H
mnn dzAdz  

The integration is done with the method of integration by parts. 

0
0

0
2 20'ˆ'ˆ'ˆˆˆˆ

H
nmHnm

H
mnn dzAAdz  

The first right term on the right is zero by the boundary condition, and by the 
integration by parts we have: 

0
0

0
2 21)'ˆ(ˆ'ˆ'ˆˆˆ

H
mnHnm

H
mnn dzAAdz  

 Again by the boundary conditions the first term on the right is zero. We now 

switch n and m in (19) and substitute, yielding 

 

22ˆˆˆˆ
0

2
0

2

H
mnm

H
mnn dzdz  

This results the followed relation: 

230ˆˆ)(
0

22

H
mnnm dz  

For mn  the integration result is zero and for n=m the eigenfunction similar to 
integral of one is scaled, thus the orthogonal condition is held: 

 24ˆˆ
0

nm
H

mn dz  

There are an infinite number of solutions (modes), with the eigenvalue  n  is the 
inverse of the radius of deformation for the modes (Carton, 2001). Mode 0 is the 
barotropic mode, and the higher modes are the baroclinic modes. Observations 
show that the vertical structure of oceanic eddies is dominated by the first 
baroclinic mode (Krauss et al., 1990). This means that the first vertical mode 
explains most of the deflection of isopycnal surfaces from equilibrium.  The u and 
v solution are yielded by the sentences of pressure gradient geostrophic terms and 
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hence the mesoscale eddies are referred as geostrophic eddies. The pressure 
gradient consists of two primary contributors; the gradient of the sea-surface 
elevation, and the gradient of isopycnal surfaces. At the surface, the horizontal 
gradient of the sea surface, the velocity is equalized and the density surfaces do not 
take part. In another words without the surface gradient of the sea surface there can 
be no geostrophic flow at the surface. However, as one moves downward in the 
water column, horizontal gradients in density contribute to the horizontal pressure 
gradient, either increasing or decreasing the magnitude of the flow depending on 
the sign. The problem of eigenvalues in equation (17) for constant N is 
conveniently given by the following form: 

 ,...2,1,0),cos(ˆ nH
zn

n  

But for variable N(z) the numerical method is needed for finding )(ˆ z .  In order to 
solve this, the method of Talbot and Crampton, 2005 was used. We use this 
method while refining it by the Newman boundary condition at the upper and 
lower (Michael Dunphy). 

4. Methodology 

4.1 Data collection  

A spatial survey was carried out in the Oman Sea during  August 1995 by WOCE 
(Fig. 1) and vertical profiles of temperature and salinity (using Mini CTD system) 
were collected from all the stations. In this paper, acoustic modeling is discussed in 
the region of longitude 61°.19'30'' and latitude 22°.46'50'' in the south part the 
Oman Sea, as this area is marked with highly active mesoscale eddies. This area is 
shown in figure 1 as red point. 
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Figure 1- positions of stations in the study area 

4.2 Calculation of normal modes of quasi-geostrophic currents in the study area 

As it is noted before one of the reasons of the inhomogenities existence is quasi-
geostrophic of currents. In this section, by using the method of normal modes that 
were discussed in the introduction, the eigenvalues of quasi-geostrophic of currents 
were calculated in the study area. Result of the implementation of the procedure of 
the normal mode is plotted in figure 2. In this figure, the mode one is the bartorpic 
one and the mode 9 the ninth baroclinic one. As could be seen in the graph, the 
quasi-geostrophic currents have penetrated to a depth of 2500 in the ninth mode, 
with stronger variations near the surface (up to 1500 meter).  
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Figure 2-Left to right: the first mode cause of quasi-geostrophic of current, mode 9 cause of 
quasi-geostrophic of current, the salinity, temperature in the location of longitude 61.1930 and 

the latitude 22.4650. 

4.3 Investigation of the sound propagation in the study area 

In this section, first by using the collected data of the salinity and temperature in 
the southern region of the Oman sea in summer season, the sound speed is 
calculated by Wilson formula, then by plotting the profile of the sound speed, it 
was seen that the  vertical structure at depth 2500 meter of the profile have fine 
variations. These fine-structure fluctuations could be due to the quasi-geostrophic 
currents or the existence of fronts with internal waves with possible double 
diffusive layering (e. g. Bidokhti, 2003), and also careful look at to this profile 
reveals that at the depth of 1800 m we have a sound channel. It is noted that the 
sound channel is the place that sound speed is minimum value. In order to calculate 
the field of acoustic pressure, in this work the code of Ramana Murty et al 2005 in 
presence and absence of fine-structure vertical inhomogenities is used. In this 
calculation, in order to prevent the backscattered effects from the boundaries in the 
acoustic field, the characteristics of the boundaries at surface and bottom on all 
scenarios are considered as vacuum. From all those variables which change at the 
acoustic field, only the profile of the sound speed variations in vertical direction is 
considered. These scenarios include the use of frequencies 600, 50,3000Hz and the 
results are compared. 

5. Acoustic model simulations 

As it is noted in the introduction the fine-structure inhomogeneities caused by the 
effects of meso-sacle and small scale fluctuations. In order to calculate the mean 
field and omitting these inhomogeneities on the profile of sound speed data in the 
region with longitude 61°.19'30'' and latitude of 22°.46'50'' in the Oman sea, the 
Butterworth 4th degree filter is used and a wide band is exerted. If the data 
measured for sound speed is subtracted from the output of Butterworth filter the 
yielded results are the inhomogeneities of the environment. Figure 3 exhibits the 
fluctuations modeled by the filter (Avilov 2002, Gostev 2003). 
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Figure3: The fine-structured fluctuations of the sound velocity about the average vertical distribution 

The calculations of the sound field (with and without allowance for the fine-
structure component) were perfomed for a point source at frequencies of  600Hz, 3 
kHz and 50Hz at a depth of 1000 m.  In both cases, the sea bottom and sea surface 
were assumed to be vacuum.  In the first case, the calculations were performed for 
a track with the smooth vertical sound velocity distribution (a plane-layered ocean 
with fine-structure inhomogeneities) and in the second case, without fine-
structured inhomogeneities, modeled as described above. Figures 4 to 6 exhibit the 
results of calculations. The upper plot demonstrates results of the sound field 
calculation from the vertical distribution of the sound velocity with allowance for 
the fine-structure component, and the lower plot exhibit  results of the sound field 
calculation from without the fine structure. One can see that the introduction of the 
fine-structure component generates a sound field reradiated from the thin high-
gradient interlayers of the sound velocity and this field propagates into the shadow 
zones, where it considerably increases the field level relative to that calculated for 
the smooth profile.  
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Figure 4: Results of the sound field calculation for the vertical distribution of the sound velocity with 
allowance for the fine-structured component ( the upper plot) and without the fine structure (the lower 

plot) at 600Hz frequency. 

 
Figure5: Results of the sound field calculation for the vertical distribution of the sound velocity with 

allowance for the fine-structured component ( the upper plot) and without the fine structure (the lower 
plot) at 3000Hz frequency. 
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Figure6: Results of the sound field calculation for the vertical distribution of the sound velocity with 
allowance for the fine-structured component ( the upper plot) and without the fine structure (the lower 

plot) at 50Hz frequency. 

 

In the presence of inhomogenities of the environment the acoustic energy at the 
channnel is reduced drasticallty and the scattering of the sound by the vertical 
micro-structure inhomogenities is produced in the environment, but in the absence 
of these inhomogenities the scattering of sound energy is much less.  In the figures 
4 to 6 as it is observed, as the frequency of the source gets higher, the wave length 
reaches to the rank of the vertical micro-structure scale, thus the scattering of the 
energy at the environment is gets higher and the blind environment spots at high 
frequency in the presence of these inhomogenities vanishes. Thus the environment 
inhomogentities in spite of sound energy losses, caused the sound energy reaching 
more areas, making their existance an advantage. In figures 4-6 at the depth of 
1000 meter the sound channnel with small thickness is observed; this sound 
channnel in the absence of inhomogenities would be vanished. In the figure 6 it is 
observed that at this low frequency (50Hz) with lager wavelength of this source 
than the vertical micro-structure scale, the transmission loss is the same. In 
addition in this figure it is observed that the energy scatttering in the 
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inhomogenities is not substansial. It is observed that the leakage of energy in the 
channel in the presencev of inhoimogenities is higher than the absence of these 
inhomogenities. The effect of the fine-structure inhomogeneities on the sound 
propagation also manifests itself in prereverberation (Gostev,1999) 

5.1 Acoustic transmission loss due to inhomogeneities at different recievers 

To examine inhomogeneities effects on acoustic transmission loss, we calculate 
these transmission loss in both cases (with and without inhomogeneities) at depths 
of 100 m, 700 m, 2000 m and 3000 m and for frequencies of 600, 3000 and 50Hz. 
Figures 7, 8 and 9 shows the transmission loss at these depths versus range. 

 
Figure 7:The transmission loss versus range for sound source with frequency of 600 Hz  in depths of 100, 
700, 2000, and 3000 m (the red line  represent the presence of inhomogenities and the blue line represent 

the absence of inhomogenities). 
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Figure 8:The transmission loss versus range for sound source with frequency of 3 kHz in depths of 100, 

700, 2000, and 3000 m (the red  represent the presence of inhomogenities and the blue represent the 
absence of inhomogenities). 

 
Figure9:the transmission loss versus range for sound source with frequency of 50 Hz  in depths of 100, 
700, 2000, and 3000 m (the red line represent the presence of inhomogenities and the blue represent the 

absence of inhomogenities). 

As it was seen in figures 7 to 9, in the absence of inhomogenities  many shadow 
zones appear (the red line represent the presence of inhomogenities and the blue 
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line represent the absence of inhomogenities). These figures demonstrate the 
importance of inhomogenities and the critical sensitivity of acoustical transmission 
loss (TL) to the  inhomogenities. As it is seen in these figures, in the absence of the 
inhomogenities many blind regions appeared,  for example in the absence of 
inhomogenities at depth of 100 meter, from 10 km further the acoustic blind region 
are evident in whole area, and at 3000 meter depth at the distance 50 km to80 km 
the blind acoustic region is present. However, in the presence of inhomogenities,  
the curve of the transmission loss  has a lower number of blind acoustic regions 
because more energy scattering is observed. For example at the 2000 meter in the 
distances of 40-30 ,70-60 and 100-90km, in the absence of inhomogenities the 
transmission losss is reduced drastically, but in the presence of the inhomogenities 
the loss is 100 db reduced. In low frequencies (figure 9) in the absence of 
inhomogenities, the blind acoustic spots are observed which are smalled in 
comparison to high frequencies. 
  

6. Conclusion 

In this work two areas namely,  the identification of the fine-struture due to quasi-
geostrophic of currents and the sound propagation in the presence and absence of 
vertical fine-structure fluctuations in the Oman Sea are considered. 

The following remarks can be concluded: 

1. By investigation the normal mode of the quasi-geostrophic currents in the south 
the Oman Sea, it was observed that these currents can extend to the depth of 
2500 meter in the summer season. 

2. By investigation the sound transmission in this area, the result revealed that in 
the absence of vertical inhomogenities the shadow zones are increased (the 
sound ray does not penetrate in these locations), and in the presence of these 
inhomogenities that cause the scattering of the sound energy in the 
environment, the energy can leak in sound channel. 

3. The simulation have shown that the fine-layered structure of water leads to the 
multipath mechanism of sound transmission even in the case in absence of the 
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fine structure as only one ray would arrive at receiver, In turn, multipath 
propagation causes some additional fluctuations of phase and amplitude of the 
sound signal.  
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Abstract: In this paper, a generalized-ray based approach, which includes shear in the sedi-
ment, is applied to demonstrate that cross-slope acoustic propagation on a coastal wedge 
may significantly be affected by the horizontal refraction [bending of the acoustic ray paths 
(as viewed from above) due to the sloping bathymetry], and thus may indeed be three-
dimensional (3-D). The approach shows that some acoustic signals coming in along paths 
with multiple seafloor interactions, thus propagating up the slope and back to the receiver,
may dominate those coming in along paths with only a few seafloor interactions, thus travel-
ing near the straight source-to-receiver path that is parallel to the wedge apex. (Intuitively, a 
signal coming in along a path with multiple bottom interactions is expected to be weaker than 
that coming in along a path with only a few bottom interactions.) These theoretical predic-
tions are consistent with measurements of 3-D acoustic propagation on the Florida shelf 
[Kevin D. Heaney and James J. Murray, J. Acoust. Soc. Am. 125(4), 1394–1402 (2009)],
nearly shaped like the canonical wedge.

Keywords: 3-D Propagation, Shallow Water Propagation, Penetrable Wedge
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1. INTRODUCTION

The traditionally used physical model of the propagation of sound in a shallow water envi-
ronment is that of an acoustic wave mode in a flat layer of fluid over a fluid or elastic (shear 
supporting) bottom (the Pekeris model). In a flat layer, the acoustic wave is multiply reflected 
and the propagating wave mode is a result of interference of the reflected waves, whose 
acoustic ray paths are in the vertical plane containing the source and receiver [viewed from 
above as straight (without a bend) paths]. In a Pekeris-type shallow water environment, the 
acoustic propagation is thus two-dimensional (2-D).   

On a coastal wedge, the cross-slope propagation of sound may be three-dimensional (3-D) 
due to sloping bathymetry, and the Pekeris model may no longer be accurate. A more accu-
rate model of a coastal wedge environment is that of the canonical wedge (the penetrable 
wedge model).   

In 1986, three benchmark wedge problems [1,2] were proposed, and, since then, there has 
been a significant research activity on the 3-D acoustic propagation in the canonical wedge, 
which has been analyzed by applying a variety of theoretical [3–5] and numerical [6,7] mod-
eling approaches. Phenomena predicted include: the horizontal refraction, a modal shadow 
zone that is bounded by a caustic, multiple mode arrivals, the mode wave-front curvature, the 
mode capture, as well as the selective cut-off of up-slope propagating modes.   

As reviewed in Ref. [8], there has been limited application of these approaches to meas-
ured data, primarily due to the lack of experimental observation of the 3-D propagation of 
sound on a coastal wedge. Only recently the 3-D sound was first observed in a set of experi-
ments on the Florida shelf [9]; and later accurately modeled by applying a novel hybrid ap-
proach [8], thus achieving excellent agreement with data.   

The propagation feature of interest in a coastal wedge environment is the horizontal refrac-
tion. In this paper, a generalized-ray based approach, which includes shear in the sediment, is 
applied to acoustic wave field calculations in a canonical wedge to demonstrate that the re-
cently measured 3-D sound on the Florida shelf [9], nearly shaped like the canonical wedge, 
may be affected by the horizontal refraction, and thus may indeed be 3-D.   

2. INTEGRAL REPRESENTATIONS OF THE 3-D ACOUSTIC WAVE FIELD  

Consider a canonical wedge of homogeneous lossless fluid of density ρ  and sound speed 
c, bounded above by a horizontal plane and below by a sloping plane interface with an infi-
nite homogeneous lossless solid elastic medium of density ρ2  and P and S wave speeds cP 
and cS , respectively. The boundary planes intersect along the line of apex (the wedge apex), 
and the apex angle (the wedge angle) is α . A point source is located in the wedge where the 
wedge thickness is h , thus the distance of the source from the apex is then d = h/tanα .   

The boundary condition at the pressure-release (impenetrable) horizontal plane ensures the 
vanishing of acoustic pressure; and those at the penetrable sloping fluid-solid interface ensure 
the continuity of normal stress and normal velocity, and the vanishing of shearing stresses.   

The present problem is to determine time series of the acoustic pressure p at a point re-
ceiver placed on the sloping bottom directly cross slope of a point source at a large range of 
r = 200h . This problem may be treated by applying the method of generalized ray [10,11], 
and the solution of 3-D acoustic wave field thus obtained is then represented by   
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This solution is exact other than the omission of wave diffracted at the wedge apex, and it 
does not account for absorption neither in the wedge nor in the bottom.   

In Eq. (1); p0  is the pulse due to the 0th incident (source) wave field; p±k  is that due to 
the ±kth  multi-reflected wave field undergoing k  successive reflections, where the +/−  sign 
means that the first reflection is off the sloping/horizontal boundary; and N = π /α , where α  
is an integer submultiple of π . In Eq. (2), R is the source-to-receiver distance, and f (t) is 
the know time function of the source pulse p0 . In Eqs. (2) and (3); H (t)  is the Heaviside 
step function; and t0,t±k  are the minimum arrival times of the 0th, ±kth  fields, respectively.  

In Eqs. (2) and (3), f (t) = ∂ f (t)/∂t  is convoluted with the complex ray integrals, whose 
real parts (thus Re stands for “real part”) represent the received wave fields. In the ray inte-
grals; S is the known source function; Π±k  is the sum of four products of the known 3-D 

plane-wave reflection coefficients; g0
−1,g±k

−1  are the known inverse phase functions of the 
0th, ±kth  wave fields, respectively; and [0, q(τ )] is an interval in the wave slowness q .   

Hence; the ray integral in Eq. (2) represents the 0th spherical wave field, which may be 
regarded as a superposition of plane waves; and that in Eq. (3) represents the ±kth  multi-
reflected wave field, which consists of the following wave-forms (enumerated in ascending 
order according to their arrival times at the receiver): a multiplicity of the critically refracted 
(lateral) P and S waves and the pseudo-Rayleigh interface waves, a spherical wave of k  mul-
tiple reflections off the boundary planes, and a multiplicity of the Scholte interface waves.   

3. LARGE-RANGE CROSS-SLOPE PROPAGATION EXAMPLE  

In a canonical wedge, acoustic propagation from a point source to a cross-slope receiver 
exhibits horizontal refraction as the pulses [Eq. (1)] interact with the sloping bottom. A pulse 
undergoing only a few bottom interactions propagates along an acoustic ray path with a 
“small” azimuthal arrival angle (arrival direction vs. source-to-receiver direction, as meas-
ured in the horizontal boundary plane), and a pulse undergoing multiple bottom interactions 
propagates along a ray path with a “large” azimuthal arrival angle. Only the source and sur-
face reflected pulses arrive along 2-D ray paths which are in the vertical plane, thus viewed 
from above as straight (without a bend) ray paths parallel to the line of apex. All the other 
pulses interact with the bottom, and thus arrive along 3-D paths, propagating up the slope and 
back to the receiver, since the change in both the plane of incidence and the incidence angle 
upon each bottom reflection introduces a curvature into the projection of a ray path onto the 
horizontal boundary plane.   
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In this section, the results of wave field calculations for a canonical wedge model are pre-
sented to demonstrate that the recently measured 3-D sound on the Florida shelf [9], nearly 
shaped like a canonical wedge, may significantly be affected by the horizontal refraction.   

We thus place a receiver on the sloping bottom directly cross slope of a point source at a 
large range of 40 [km] in a 3 [deg] wedge. The point source is submerged in water of depth 
of 200 [m], its distance from the wedge apex is then d = 3816.23 [m]; and the source and 
receiver depths are then 100  and 200 [m], respectively.   

The geoacoustic parameters assumed for the wedge of isospeed lossless water over an in-
finite homogeneous lossless seabed are those of the southeast Florida continental shelf [12]: 
c = 1500 [m/s], cP = 3000  [m/s], cS = 1460  [m/s], ρ = 1 [g/cm3], and ρ2 = 2.4 [g/cm3]. 
We thus consider the case of a slow-speed shear-supporting bottom (cS < c), in which both 
the critically refracted (lateral) S and pseudo-Rayleigh interface waves are absent.   

In the computed examples, the range r  was normalized by the water depth at the source 
location h , the time t  was normalized by the characteristic time tc = h/c, and each pressure 
pulse was normalized by the constant pc  [Eqs. (2) and (3)]. The generalized-ray solution, as 
given in Eqs. (1)–(3), was then used to compute time series of the acoustic pressure at a re-
ceiver placed on the sloping bottom at a cross-slope range of r/h = 200  from the source. The 
time function of the source pulse f (t) [Eq. (2)] used for the examples was a Gaussian cosine 
broadband pulse of center frequency cf = 25  [Hz] and bandwidth w = 0.5  [Hz].   

Figure 1 shows the time series of the entire wave field (as represented by the pressure p 
in Eq. (1), where N = 60  for a 3 [deg] wedge) received at a bottom location of cross-slope 
range of r/h = 200  from the source. The series exhibits three distinct pulses (enumerated in 
ascending order according to their appearance times on the pressure curve): an early time 
pulse, due to multiple arrivals of the critically refracted P wave-fronts coming in along the 
refracted ray paths; an intermediate time pulse, due to multiple arrivals of the spherical wave-
fronts coming in along the direct ray paths; and a late time pulse, due to multiple arrivals of 
the Scholte interface waves [exhibiting (opposite to the critically refracted and spherical 
waves) no definite wave-fronts, and thus no definite propagation paths and arrival times]. 
Note that the intensity (the amplitude) of both the refracted- and spherical-waves pulses is of 
many orders of magnitude less than that of the Scholte-waves pulse.   

A thorough inspection of the time series of each multi-reflected wave field [as represented 
by the ray integral in Eq. (3)] shows that: the intensity of both a multiplicity of the critically 
refracted P waves and a spherical wave decreases as the index k  (indicating the number of 
multiple reflections) increases from 1 to 60 ; but the intensity of a multiplicity of the Scholte 
interface waves first increases as k  increases from 1 to about 19 , to attain its maxima for 
k ≈ 20 , 21, 22, . . . , 40, and it then decreases as k  increases from about 41 to 60 ; and, no-
tably, in the wave fields of index k ≈ 1, 2 , 3, . . . , 19  and k ≈ 41, 42, 43, . . . , 60 , the in-
tensity of a multiplicity of the Scholte interface waves is of a few orders of magnitude less 
than that in those of index k ≈ 20 , 21, 22, . . . , 40.   

We may then sort out wave fields into three groups; each group includes fields identified 
by the index k , the azimuthal arrival angle, and the Scholte-waves intensity. Thus; the first 
group includes fields of “small” k ≈ 1, 2 , 3, . . . , 19 , thus coming in along paths of “small” 
arrival angles, and exhibiting “low” Scholte-waves intensities; the second one includes those 
of “intermediate” k ≈ 20 , 21, 22, . . . , 40, thus coming in along paths of “intermediate” ar-
rival angles, and exhibiting “high” Scholte-waves intensities; and the third one includes those 
of “large” k ≈ 41, 42, 43, . . . , 60 , thus coming in along paths of “large” arrival angles, and 
exhibiting “low” Scholte-waves intensities.   
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Fig. 1: Time series of the entire wave field received at r/h = 200 ; (a) the refracted- and 
spherical-waves pulses; (b) the Scholte-waves pulse ( r  is the range; h  is the water depth at 

source/receiver location; t  is the time; p is the pressure; tc and pc  are the normalizing 
constants; tP  is the beginning of the refracted-waves pulse; tSph  is the beginning of the 

spherical-waves pulse; tSch  is the beginning of the Scholte-waves pulse).
 
Figure 2 shows the time series of the second group of fields (as given by a superposition of 

pulses p±20, p±21, p±22, . . . , p±40). This series [like that of the entire field (Fig. 1)] also 
exhibits “low” intensity refracted- and spherical-waves pulses, and a “high” intensity Scholte-
waves pulse. As anticipated in the above wave-fields analysis, both the refracted- and spheri-
cal-waves pulses of the second group of fields are significantly weaker than those of the en-
tire field, but the either Scholte-waves pulse exhibits the same intensity.   
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Fig. 2: Time series of the second group of wave fields received at r/h = 200 ; (a) the re-
fracted- and spherical-waves pulses; (b) the Scholte-waves pulse ( r  is the range; h  is the 

water depth at source/receiver location; t  is the time; p is the pressure; tc and pc  are the 
normalizing constants; tP is the beginning of the refracted-waves pulse; tSph  is the beginning 

of the spherical-waves pulse; tSch  is the beginning of the Scholte-waves pulse).
 
Then; in the time series of the entire wave field (Fig. 1); the critically refracted P and 

spherical waves of the first group of fields of “small” arrival angles dominate in the early and 
intermediate time pulses, respectively; and the Scholte interface waves of the second group of 
fields of “intermediate” arrival angles dominate in the late time pulse.   
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Thus, large-range cross-slope acoustic propagation in a canonical wedge of geoacoustic 
parameters of the southeast Florida continental shelf is indeed 3-D, although the horizontal 
refraction affects the propagation of both the critically refracted P and spherical waves (dom-
inant refracted- and spherical-waves arrivals due to the first group of fields of “small” arrival 
angles) to lesser extent than that of the Scholte interface waves (dominant Scholte-waves ar-
rivals due to the second group of fields of “intermediate” arrival angles). (A less detailed 
analysis of these 3-D propagation effects is presented in Ref. [13] for a set of geoacoustic pa-
rameters different from that of the southeast Florida shelf.)   

As reported in Ref. [9], in a set of experiments on the continental shelf off the east coast of 
Florida, 3-D propagation effects were not only observed, but dominated acoustic propagation. 
Two distinct signal arrivals, of different propagation paths and arrival angles, were observed: 
one coming in along a path of about 7  [deg] arrival angle, labeled the “direct path;” and the 
other, significantly stronger than the direct arrival in some cases, coming in later along a path 
of up to 30 [deg] arrival angle sometime, labeled the “inshore path.”    

REFERENCES 

[1]  Session R, “Underwater acoustics II: quality assessment of numerical codes, part 2: 
 benchmarks,” J. Acoust. Soc. Am. 80, S36–S38 (1986).  

[2]  E. K. Westwood, “Ray model solutions to the benchmark wedge problems,” J. 
 Acoust. Soc. Am. 87, 1539–1545 (1990).  

[3]  A. D. Pierce, “Guided mode disappearance during upslope propagation in variable 
 depth shallow water overlying a fluid bottom,” J. Acoust. Soc. Am. 72, 523–531 
 (1982).  

[4]  E. K. Westwood, “Broadband modeling of the three-dimensional penetrable 
 wedge,” J. Acoust. Soc. Am. 92, 2212–2222 (1992).  

[5]  M. J. Buckingham, “Theory of three-dimensional acoustic propagation in a wedge
 like ocean with a penetrable bottom,” J. Acoust. Soc. Am. 82, 198–210 (1987).  

[6]  F. B. Jensen, C. M. Ferla, “ Numerical solutions of range-dependent benchmark 
 problems in ocean acoustics,” J. Acoust. Soc. Am. 87, 1499–1510 (1990).  

[7]  F. Sturm, “Numerical study of broadband sound pulse propagation in three-
 dimensional oceanic wave-guides,” J. Acoust. Soc. Am. 117, 1058–1079 (2005).  

[8]  K. D. Heaney, R. L. Campbell, J. J. Murray, “Comparison of hybrid three-
 dimensional modeling with measurements on the continental shelf,” J. Acoust. Soc. 
 Am. 131, 1680–1688 (2012).  

[9]  K. D. Heaney, J. J. Murray, “Measurements of three-dimensional propagation in a 
 continental shelf environment,” J. Acoust. Soc. Am. 125, 1394–1402 (2009).  

[10] Y-H. Pao, F. Ziegler, Y-S. Wang, “Acoustic waves generated by a point source in 
 a sloping fluid layer,” J. Acoust. Soc. Am. 85, 1414–1426 (1989).  

[11] P. Borejko, C-F. Chen, Y-H. Pao, “Application of the method of generalized ray 
 to acoustic waves in a liquid wedge over elastic bottom,” J. Comput. Acoust. 9, 41–
 68 (2001).  

[12] M. S. Ballard, “Modeling three-dimensional propagation in a continental shelf en-
 vironment,” J. Acoust. Soc. Am. 131, 1969–1977 (2012).  

[13] P. Borejko, “An analysis of cross-slope pulse propagation in a shallow water 
 wedge,” in Proceedings of the 10th European Conference on Underwater Acoustics, 
 Edited by Tuncay Akal, Istanbul, 785–793 (2010).    

1st International Conference and Exhibition on Underwater Acoustics

1546



UNCERTAINTY ANALYSIS OF TRANSMISSION LOSS IN SHALLOW 

WATER VIA BOTTOM REFLECTIVE PARAMETERS 
 
 
 
 

Z.D. Zhaoa, Li Mab, E.C. Shangc 

 

 

a,b,cKey Laboratory of Underwater Acoustic Environment, 
 Institute of Acoustics, Chinese Academy of Science 

No.21, Bei-Si-Huan-Xi Road, Hai-dian District, Beijing, China, 100190 
 
 

Authors to contact:  Z.D. Zhao, zhaozhendong1984@gmail.com  
                   E.C. Shang, shangerchang32@aol.com 

 
Abstract: Not like the parameters in the water column, the exact information of the sea 
bottom is difficult to obtain directly, so a lot of work has been done for the inversion of the 
geoacoustic bottom parameters through matched field techniques. The derived parameters 
are uncertain which will in turn cause the uncertainty in the prediction of acoustic field. In 
this paper, instead of using the traditional geoacoustic model, the uncertainty analysis of 
travel lost in shallow water is carried out by using the two information-concentrated bottom 
reflective parameters P and Q. In this way, the coupling between the parameters of the 
geoacoustic models which will lead to extra uncertainty is solved and fewer parameters 
effectively simplified the procedure. The conclusions are verified by simulated calculation. 

Keywords: uncertainty analysis, extra uncertainty, bottom reflective parameters

1st International Conference and Exhibition on Underwater Acoustics

1547



1.INTRODUCTION AND THE MAIN IDEA 

The uncertainty of parameters of sea bottom will in turn cause the uncertainty of the 
prediction of acoustic field[1,2], and it has been well known that the uncertainty of TL 
(transmission loss) in underwater waveguide has significant impact on sonar performance as 
has been discussed in [3,4]. Two main problems exist when the traditional geoacoustic(GA) 
model is used during the bottom inversion and uncertainty analysis. Firstly, given that we 
have no idea about the real structure of the bottom in advance so a supposed GA model 
should be used which may lead to model mismatch. Secondly, the GA parameters are 
coupling with each other which will lead to an expanded probability density distribution 
during the uncertainty analysis.  

To solve these problems, the model-free bottom reflective parameters P and Q[5] are used 
in this paper to character the sea bottom. The physical basement of the information 
concentrated and physically independent parameters P and Q lies in that, the effect of the 
boundary on the sound field at the water-bottom interface can be exactly determined by the 
reflection coefficient V( ), where  is the grazing angle. In the far field where the effective 
grazing angle is small enough, we have the following approximation [5]: 

QV )(ln                            (1) 

PV )(arg                          (2) 

The parameters P and Q, which respectively indict the phase-shift effect and 
energy-attenuation effect of the bottom can cover any type of high-speed sediment bottom, 
even including the shear wave. The sound field prediction code with P and Q as the input 
parameters has been built and its accuracy has also been verified[6,7].  

In the following of this paper, the uncertainty analysis of sound field incoherent TL will be 
carried out by using parameters P, Q as well as the traditional GA model to evaluate the extra 
uncertainty caused by coupling among the parameters of GA model.  

 
2. UNCERTAINTY ANALYSIS BASED ON GA MODEL AND PARAMETERS P&Q 
 

         
 

Fig.1 The waveguide model used for discussion 
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The SACLANT shallow-water waveguide model[8] is used in this paper of which the 
bottom contains a upper layer with linear-varying velocity and a constant base. The water 
column has a constant sound speed profile. The diagram of this model is given in Fig.1 

The bottom of this model contains eight GA parameters: the boundary velocities cup and 
cdn, density 1, attenuation parameter 1 and the depth H of the upper layer; and cbm, 2 and 2 

for the basement. When parameters P and Q are used to describe the bottom instead of the GA 
model, the eight parameters above are then concentrated into two parameters. For example at 
the frequency of 300Hz, the values of P and Q are 11.21 and 0.42 respectively.  

The coupling among the uncertain GA parameters will lead to an expanded distribution of 
probability density when being mapped into the sound field domain, and in category of 
statistics this can be named as ‘extra uncertainty’. In this paper we restrict our discussion on 
the extra uncertainty caused by the coupling among the GA parameters and its elimination 
when bottom reflective parameters P and Q is used. Suppose the PDF(probability density 
function) of each parameter is Gaussian with a standard deviation equaling to 10% of its 
mean value (except that the standard deviation of the velocity is made to be 2%, considering 
the practice results). This is reasonable recalling the inversion results demonstrated in the 
former works[9,10]. 5000 samples for each of the 8 parameters are stochastically generated 
by computer and their probability density are plotted in Fig. 2. 

 
Fig.2 The probability density of 8 GA parameters generated by computer 

 
Through the relationship between the GA parameters and the parameters P and Q via the 

bottom reflection efficient, the PDF of induced bottom phase-shift parameter P and that of the 
energy absorption parameter Q can be derived and are given in Fig. 3: 
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Fig.3 Probability density of parameters P and Q mapped from uncertain GA parameters 

shown in Fig.2 

The peak value mean value and standard deviation of P are 11.20, 11.65 and 2.44; while 
those of Q are 0.41, 0.50 and 0.34, respectively. The deviations are much larger than 10%. We 
have known that the distinct parameters P and Q exactly determine the effect of the bottom on 
the sound field respectively in phase and in energy, so the enlarged deviations of P and Q 
indicate the enlarged uncertainty of the influence of bottom on the sound field, both in 
phase-shift and in intensity.  

In the following we further show the extra uncertainty in the sound field domain directly. 
As stated in[2], The averaged TL which approximately equals to the incoherent TL is more 
important than the coherent one in practical applications. Therefore, in order to show the 
extra uncertainty caused by coupling among the GA parameters, hereinafter we compare the 
predicted incoherent TL respectively by using the GA parameters and the information 
concentrated parameters P & Q. Suppose that the parameters of GA model as well as P and Q 
have the same uncertainty with a standard deviation equaling to 10% of their mean 
value(except the velocity as above). Make the source and receiver both at the depth of 95.0m 
and their distance from 1.0km to 39.0km, and then the incoherent TL is calculated 
respectively using the generated 5000 samples of eight GA parameters and the regenerated 
5000 samples of the parameters P and Q, and the results are plotted in Fig.4(a) and Fig.4(b).  
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Fig.4 The incoherent TL calculated using (a)samples of 8 GA parameters as the input and 

(b)samples of P&Q as the input, respectively, 
 

From Fig.4 it can be seen clearly that the coupling between the parameters of GA model 
leads to remarkable extra uncertainty compared with using the bottom reflective parameters P 
and Q. Take the result at the range of 20km as example, the probability density of incoherent 
TL using the uncertain GA parameters as the input is plotted by dots in Fig.5. In this way the 
mean value is 89.61 dB and the standard deviation is 3.52dB. 

 
 

Fig.5 Probability density of incoherent TL at 20.0km calculated by making use of the 8 
GA parameters (in dots) and parameters P and Q (in dash lines). 

 
 While, when generated samples of the parameters P and Q are used for uncertainty 

analysis, the PDF of incoherent TL at 20.0km is also plotted in Fig.5 by dash lines. This time 
the mean value is 89.64 dB, and the standard deviation is 0.51dB. 

 From the above results, we can see that because of the inter-coupling among the 
parameters of GA model, a very large extra uncertainty in the predicted sound field exists. 
However, if the information concentrated bottom reflective parameters P and Q are used, no 
extra uncertainty is attached to the predicted sound field and the standard deviation of the 
incoherent TL at 20.0km is reduced from 3.52dB to 0.51dB. 

 

3.CONCLUSION 

With regard to their effect on underwater acoustic field, The parameters of a geoacoustic 
model of the bottom is coupled with each other, which will lead to extra uncertainty during 
uncertainty analysis of the sound field. The use of a complex geoacoustic model will further 
aggravated the problem. On the other hand, if the information concentrated parameters P and 
Q is used, given that these two parameters are physically independent with each other (P is 
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the unique parameter associated with the phase-shift and Q is the unique parameter 
influencing the energy absorption effect of the bottom on acoustic field), the extra uncertainty 
of predicted sound field will vanish naturally. Besides, using the information concentrated 
and model free parameters P and Q can significantly ease the burden in bottom inversion as 
well as uncertainty analysis. 
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Abstract: Methane (CH4) is the most abundant hydrocarbon and one of the most 
important greenhouse gases in the atmosphere. CH4 bubble growth and 
migration within muddy aquatic sediments are closely associated with sediment 
fracturing. We present the finite element modelling results of buoyancy-driven 
CH4 bubble growth in fine-grained muddy aquatic sediment prior to the 
beginning of the bubble rise. The designed coupled mechanical/reaction-
transport numerical model enables a differential fracturing over the bubble front, 
simulating the dynamics of the bubble growth observed in the nature. We show 
that this differential fracturing controls bubble shape and size temporal 
evolution. The intercalated stages of elastic expansion and fracturing during the 
bubble growth subside with time as bubble approaches its terminal size prior to 
ascend. Our simulations reveal a high asymmetry in the bubble shape growing 
with time, with respect to its initial symmetric penny-shaped configuration. It is 
found that the bubble grows allometrically, while the importance of the surface 
area growth with time, making the bubble more sensitive to the ambient field of 
concentrations. Modelling of the terminal parameters of the mature bubble 
emitted from the sediment permits predicting the delivery of gaseous methane to 
the atmosphere via the water column.

Keywords: bubble, methane, muddy sediment, bubble growth model, fracture 
mechanics, solute transport, buoyancy 

1st International Conference and Exhibition on Underwater Acoustics

1553



 

 

 

 

 

 

 

 

 

 

 

 

Symmetry 
plane 

Bubble free surface

Z=0 

X=0 Sediment cell
X

YZ

h

h

b

Front 

F P 

A 

B 

Y=0 

1. Introduction 

Methane (CH4) is the most abundant hydrocarbon and one of the most 
important greenhouse gases in the atmosphere. CH4 emission from aquatic 
systems is usually dominated by gas ebullition [1]: In shallow lakes up to 98% of 
CH4 release originated from bubbles, while only 2% from dissolved CH4 [2]. 
Formation of methane bubbles and their transport within the sediments is a 
subject of recent investigations.  

Despite the perceived pliability of soft muddy sediments to human touch and 
the observed fluidization patterns, erroneously suggesting that such sediments 
could act fluidly or plastically in response to stress induced by bubble growth [3], 
recent laboratory simulations have shown that these sediments respond as a 
fracturing elastic solid [4].  

Recent modelling efforts addressed the issue of methane dynamics in sediments 
through several alternative perspectives. A steady state [5] and transient [6, 7] 
reaction–diffusion model describing supply of the dissolved CH4 to the growing 
bubble was combined with elasticity and with uniform fracturing at the bubble 
front during its growth. When buoyancy was added to the model, an initial rise of 
a mature bubble was simulated by [8], neglecting mass transfer between the 
bubble and sediment. Fracturing in the model was permitted to occur at the 
bubble head. Despite the undoubted progress in development of the reaction-
transport models, the accurate reproduction of the bubble dynamics is still scarce. 

In this paper we present a first model describing the process of the buoyancy-
driven bubble growth in muddy sediments prior to beginning of its ascent. We 
simulate the differential fracturing over the bubble front, as it occurs in nature, 
and show that the fracturing controls the bubble shape and size evolution.  
 
 

2. Methods
 

Our model extends the approaches of bubble growth within an elementary cell 
[6,7,9]. Modelling setup is depicted in Fig.1. The initial bubble seed is presented 
as a small penny-shaped crack with one of its free surfaces located on the 
symmetry plane [8].  

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: Modeling setup. 
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Modeling of the Region outside the Bubble: The Solute Conservation Equation 
in the sediment is modelled by:  

)())(
)(

44

4 aqaqCD
t

aqC
SCHCH

CH    (1) 

where )(
4

aqCCH
 is aqueous methane concentration, D  is tortuosity corrected 

methane diffusion coefficient, )(
4

aqS CH
is dissolved methane 

production/consumption rate (a source strength), and t is time.  
The solid mechanics part of the model includes two major components: 

elasticity and fracturing.  
The linear elasticity is modelled with the Force Equilibrium Equation: 

gFwc
t
w )(2

2

     (2) 

where c is a stiffness tensor, w  are elastic displacements, gF is gravity load, and 
 is material bulk density. Fracturing is described below in the section. 

 
Modeling of Bubble: Conservation of methane in the bubble is calculated by 

integrating the dissolved methane flux over the bubble's surface,  [6]: 

daqCDn
t

VgC
CH

bCH ))((
)(

4

4    (3) 

 where )(
4

gCCH
 is gaseous methane concentration, bV  is bubble volume, n  is 

outward normal at the bubble surface,  is effective porosity. Dissolved methane 
concentration at the bubble surface is in equilibrium with gaseous methane 
concentration inside the bubble:  

HCHCH ktaqCgC ),)(()(
44

    (4) 
where Hk  is dimensionless Henry Law constant [7].  
 

Modeling of Fracturing: Crack growth in the sediment, induced by pressure 
growth within the bubble, is modelled using principles of Linear Elastic Fracture 
Mechanics. Stress intensity factor (SIF) at the crack (bubble) front is evaluated in 
using Displacement/Stress Extrapolation Method [10]. Crack opening 
displacements are evaluated on the crack's surface using a one point 
methodology. Mode I SIF at each point F of the front is calculated using:  

p
nI wrEK 22/))1(4/( 2      (5) 

Here p
nw  is the projection of the displacement pw   in the direction n normal to 

the crack's surface at point P located at the distance r from the point F, E is 
Young's modulus, and  is Poisson ratio. The crack propagation direction and the 
crack increment are found using the classical Strain Energy Density Criterion. 
The distribution of crack increments along the crack front is calculated as: 
 2

Immax )/( axI KKaa                                                          (6) 
[11], where axK Im  is maximal SIF at the crack front that exceeds a prescribed 
critical SIF ICax KK Im  to ensure the fracturing. Crack propagation is modelled 
numerically using mesh deformation with Laplace smoothing. All the equations 
are solved in a fully coupled manner. The problem is modelled using Comsol 
Multiphysics Simulation Environment based on Finite Elements. 
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Simulation Conditions: A computation starts with small flat penny-shaped 
bubble with initial radius R=4mm to ensure a minimal difference in SIF between 
the tail (A) and the head (B) at its front (Fig.1). Ambient conditions for the 
calculations are those at the NRL site in Eckernförde Bay (26m water depth), 1m 
sediment depth. Dissolved 4CH  concentration for the summer conditions is 

mM5.6 , source strength is 131056.2 smkge , diffusion coefficient is 
1210105 sm , sediment bulk density is 31240 mkg , effective overburden stress is 

kPa5.1 , effective porosity is 5.0 , Young's modulus is Pa510 , critical stress 
intensity factor is 2/1200 mPa , and Poisson ratio is 0.45.  

 
 
3. Results
 
Distribution of SIF at the bubble front (to the right from the vertical symmetry 

line connecting points A and B in Fig.1) is depicted in Fig.2a. For the initial 
penny-shaped bubble the difference in SIF between points A and B is minimal 
and reaches 2/12 mPaKIAB  (the red line) at the moment when SIF approaches 
a critical value of 2/1200 mPaKIC  at the crack head (B). IABK  grows with time 
as fracturing proceeds (the blue line). 

 
  
Fig.2: (a) Distribution of SIF at the bubble front with time; (b) Evolution of 

pressure in the bubble with time. 
 
Fig. 2b demonstrates the evolution of pressure in the bubble with time. During 

first 444s, initial circular bubble growth occurs exclusively by elastic expansion. 
When the critical value of the SIF, 2/1200 mPaKIC , is attained at the bubble 
head, fracturing starts on the entire bubble front. Each fracturing event is 
accompanied by an instantaneous drop in pressure within the bubble, followed by 
a gradual rise induced by solute transport to the growing bubble.  

Fig.3a demonstrates the initial (t=444s) and final (t=3524s) bubble shape and 
size in the front view, and in the cross-section. Initial penny-shaped bubble 
(R=4mm, equivalent spherical radius of 1.3mm) with almost elliptic opening 
profile became highly asymmetrical with an opening resembling an "inverted tear 
drop", and equivalent spherical radius of 11mm, just prior to its rise. A closure of 
the bubble tail indicates an onset of its rise.

At the bubble tail (A) 

At the bubblehead (B) 

(a) (b) 
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Fig.3: (a) Initial and final bubble shape and size in the front view, and in the 

cross-section; (b) Bubble surface and volume evolution. 
 
In order to get an insight into the evolution of the bubble shape with its 

growth, one can evaluate allometric changes in its proportion (Fig.3b). If the 
bubble would grow isometrically, then VS / ~ 3/1S  during the entire period of 
bubble growth, where S is the bubble surface area, and V is its volume. However, 
a slope VS / vs. S for the modelled bubble increases from -0.22 to -0.04 with 
bubble growth (red line). This demonstrates that the bubble grows allometrically, 
and its surface area remains relatively higher, than in the isometric growth 
pattern. These changes in the bubble shape certainly increase the effectiveness of 
the solute supply from pore water to the bubble interior as bubble grows. 

 
 
4. Discussion 
 
Bubble is an important methane carrier mechanism within the sediments. In 

contrast to the dissolved CH4, the bubble can bypass processes of oxidation in 
upper sediment layers due to the high velocity of its rise. It was observed that the 
dimensions of the bubbles emitted from the sediment depend on the water depth 
[12], on sediment characteristics [1], and on many other factors. Large bubble (as 
that simulated in our study) emitted from the sediment would supply much more 
methane to the atmosphere than the small one, as a portion of the bubble methane 
is dissolved in water close to the bottom [12].  

In our case, the bubbles released from the sediment with equivalent spherical 
radius of r=11mm at the shallow water depth of 26m would bring more than 90% 
of its initial methane to the atmosphere [12]. In contrast, bubbles with r=5mm 
would bring about 50% only [1]. Therefore, the precise modelling of the bubble 
size and shape evolution in muddy sediments is of the major importance. 

 
 
5. Conclusions
 
In this study we present a coupled mechanical/reaction-transport numerical 

modelling of bubble growth within muddy aquatic sediment. A differential 
fracturing over the bubble front (as it occurs in nature) is modelled. Our 
simulations reveal a high asymmetry in the bubble shape growing with time. We 

(a) 
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show that the allometry in the bubble growth amplifies with time, which affects 
the effectiveness of the solute supply to the growing bubble. Simulations of the 
terminal bubble's dimensions will allow predicting the delivery of methane to the 
atmosphere via the water column. 
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SOUND PROPAGATION IN A 3D WEDGE: AN EXPLICIT 
ASYMPTOTIC SOLUTION FOR THE CASE OF VERY SMALL 

OPENING ANGLE 
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Abstract: The problem of computation of the acoustic pressure field produced by a point 
source in a 3D penetrable wedge is considered as a simple but important benchmark for 
3D sound propagation models. Several solutions for this benchmark problem were 
obtained in the past decade (both numerical and analytical). None of these solutions 
however has a simple explicit form. When mode interaction is sufficiently weak the 
solution of acoustic Helmholtz equation may be accurately approximated using the so-
called mode parabolic equations (acoustic field is represented as a modal decomposition 
where the coefficients obey parabolic equations). For the sound propagation at small 
angles to the direction across the bottom slope in the penetrable wedge these mode 
parabolic equations may be solved analytically. Thus we obtain an explicit asymptotic 
formula for the acoustic field in 3D a penetrable wedge (with a small bottom slope angle). 
It is valid within an angular sector with a central ray directed across the bottom slope. 
The presentation contains a detailed derivation of this solution and analysis of its 
properties. 

Keywords: Helmholtz equation, penetrable wedge, asymptotic methods 
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1. THE TRUNCATED WEDGE

Consider a shallow-water waveguide comprised by a water layer where the sound 
speed is c=cw and density = w and the bottom where c=cb and density = b. In a 
Cartesian coordinate system where z is depth and x, y are horizontal coordinates the 
bottom depth is described by a function h=h(x,y) (i.e. water-bottom interface is a surface 
z=h(x,y), water layer is the domain 0<z<h(x,y)). The waveguide where h(x,y) is given by 
the formula 

; if,tan
; if,tan

),(
0

0

LyLH
LyyH

yxh  (1)

is called truncated wedge (here  is the slope angle and L is the truncation distance). The 
3D truncated wedge resembling the well-known 2D ASA penetrable wedge (see e.g. [1,2]) 
is often used for benchmarking the 3D sound propagation models. In this benchmark 
however the slope is relatively steep ( 2.8°). In this work we present an asymptotic 
analytical solution for the problem of sound propagation in a mildly-sloping truncated 
wedge with ( ~0.5°). More precisely, we derive an explicit formula for the acoustic 
pressure produced by a point source located at z=zs, x=0, y=0 in such a wedge. We hope 
this solution, being one of the very few examples of 3D propagation problems admitting 
analytical approach, may be useful for benchmarking purposes since it is very easy to 
implement.  

2. MODE PARABOLIC EQUATIONS 

We use the so-called mode parabolic equations (MPEs) to describe adiabatic sound 
propagation in 3D waveguides [3]. MPEs accurately model the propagation of acoustical 
waves at small angles (in the xy-plane) to a given track aligned along the x axis.  In this 
framework acoustic pressure field is represented as a modal decomposition of the form 
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where kj(x) and j(z,x) are the wavenumbers and mode functions satisfying the standard 
acoustical spectral problem at x=x, y=0, which is written as 
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(here  denotes cyclic frequency of sound, c=c(z) and = (z)=1/ (z) are respectively the 
profiles of sound speed and inverse density at x=x, y=0). Aj(x,y) are the modal amplitudes 
which obey the following parabolic equations 

,02 jjjjxjyyjxj AVAikAAik  (4)

where potential Vj(x,y) is found from the formula 
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(5)

where h0=h0(x) is the mean (with respect to y) value of the bottom depth h(x,y), 
h1(x,y)=h(x,y)-h0(x) and =2i 2/c2 is a bottom attenuation factor:  is bottom 
attenuation in dB per wavelength and =1/(40 log10(e)).  

To compute acoustic pressure p(x,y,z) using (2) one usually solves acoustical spectral 
problem (3) for all values of x (on some mesh in case of numerical solution), then the 
potentials Vj are computed from (5) and the mode parabolic equations (4) are solved for Aj 
(e.g. using finite differences). Finally the pressure field is assembled by (2). 

In case of the bottom relief given by (1) this solution procedure simplifies greatly 
(mainly because the spectral problem is the same for all x). Moreover, the solution of 
mode parabolic equations with the piecewise-linear potentials Vj corresponding to 
h0=h=const and 

; if,tan
; if,tan

)(1 LyL
Lyy

yh  (6)

may be accurately approximated at the track (i.e. for y=0) by the solution of parabolic 
equation with the linear potential. The latter solution may be obtained analytically.  

To pose the Cauchy problem for (4) we introduce the Gaussian initial condition (it is 
shown that this condition approximates the acoustic field produced by a point source, cf. 
[3] for details): 
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3. APPROXIMATE ANALYTICAL SOLUTION FOR THE TRUNCATED 
WEDGE

In case of the truncated wedge potentials Vj are piecewise-linear functions in y: 
Vj=bh1(y)+a where 
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Numerical experiments (see figures below) show that for sufficiently small values of x the 
solution of the mode parabolic equations (4) with the piecewise-linear potentials may be 
very accurately approximated by the solution of the same equation (4) for |y| L with linear 
potential 

.)tan(ˆ aybV j  (9)

The solution of Cauchy problem for the MPE (4) with the potential given by (9) and 
Gaussian initial condition (7) which approximates the field produced by the point source 
has simple analytical form 
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We use (10) to assemble the acoustic pressure p(x,y,z) by formula (2). 

4. SPECTRAL PROBLEM SOLUTION  

For the sake of completeness let us recall the well-known formulae for the solution of 
spectral problem (3) in the two-layer waveguide. The discrete spectrum wavenumbers are 
determined from the equation for k 
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and the corresponding modes are of the form 
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where k satisfy (11) and N is normalization constant:  

.

2

sin

2

cossin

2
2

2
2

0
2

2

2
2

2
2

2

0
2

2

2

0
2

2

2

02

b
b

w

w
w

ww

w

c
k

Hk
c

k
c

Hk
c

Hk
cH

N  (13)

Integral in the definition of a in (8) may also be easily evaluated now:   
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5. AN EXAMPLE 

Now we fix all the values of the waveguide parameters and compute the acoustic field 
produced by a point source in this waveguide using (2) where the wavenumbers kj are 
determined from (11), modes j(z) are evaluated according to (12) and (13) and mode 
amplitudes Aj(x,y) are given by (10). 

Consider a truncated wedge with =0.5° and L=1 km. Let sound speeds and densities 
be cw=1500 m/s, cb=2000 m/s, w=1 g/sm3, b=2 g/sm3, we also set bottom depth at y=0 
to H0=90 m, bottom attenuation to 0.5 dB/ , sound frequency to f=50 Hz and source depth 
to zs=10 m. In this waveguide at y=0 there exist 4 trapped modes whose wavenumbers are 
tabulated in Table 1 (the residual of eq. (11) for these values is of the order 10-10). 

 
Mode 

number 1 2 3 4 

kj 0.207245856833476 0.200306356759023 0.187717636741757 0.168196050824593 

 
Table 1: Wavenumbers for the discrete spectrum modes. 

We computed transmission losses for the sound propagation across the truncated wedge 
(i.e. along y=0) using numerical method outlined in [3] and the analytical approximation 
discussed here (we compare the solution MPE for the truncated wedge “as is” and the 
solution of MPE with potential (9)). The results of computations are shown in Fig. 1-2. It 
is clear from the figures that for x 8 km the closed-form analytical expression (2) with 
A(x,y) given by (10) very accurately approximates the solution for the truncated wedge for 
|y| 1 km obtained using mode parabolic equation method. It is however very important to 
validate these results through comparisons employing substantially different methods (e.g. 
Gaussian beams or 3D parabolic equations), we are going to do it in our future works. 
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Fig.1: Transmission TL(x) losses along the track y=0 which is directed across the 
bottom slope at z=zs. 

 

 
 

Fig.2: Transmission TL(y) losses along the bottom slope at x=8 km, z=zs. 
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 WIDEBAND CHANNEL IMPULSE RESPONSE FLUCTUATIONS IN 
SHALLOW WATER 
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Abstract: The Kauai Acomms MURI 2011 (KAM11) Experiment was conducted in shallow 
water (~100 m deep) off the western side of Kauai, Hawaii, in June-July 2011. Wideband 
channel impulse response transmissions (24 kHz bandwidth LFM chirps and MLSs 
centered at 23 kHz) were carried out every 2 hours for an extended period of time. These 
were transmitted from a moored 8-element source array with 7.5 m element spacing and 
carried out in a round-robin fashion for 60 s per source element. A pair of 16-element 
receive arrays with 3.75 m element spacing were moored at ranges of 3 and 7 km. The 
fixed source, fixed receiving array geometry enabled observing environmentally-induced
fluctuations in the channel impulse response. The experiment region exhibited substantial 
daily oceanographic variability. The mixed layer depth changed from as little as 20 m to 
as much as 60 m or more over the course of 24 hours. Similarly, the wind speed and sea 
surface conditions exhibited a daily pattern. Environmental data collected included 
continuous water column temperature structure measurements (thermistor strings near the 
source and receiving arrays), sea surface directional wave field (waverider buoy), and 
local wind speed and direction. Selected examples of the temporal variability of the 
wideband channel impulse response for various source-receiver pairs under different sea 
surface and sound speed conditions are shown. Individual ray paths are identified and 
their fluctuation characteristics discussed. 

Keywords: wideband, channel impulse response, fluctuations, shallow water, acoustic 
communication
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1. INTRODUCTION

The Kauai Acomms MURI 2011 (KAM11) Experiment was conducted in shallow 
water (~100 m deep) off the western side of Kauai, Hawaii, over the period 23 June – 12 
July 2011 [1]. The objective of KAM11 was to obtain acoustic and environmental data 
appropriate for studying the coupling of oceanography, acoustics, and underwater 
communications. Of specific interest was to collect acoustic and environmental data that 
will relate the impact of a fluctuating oceanographic environment and source/receiver 
motion to fluctuations in the impulse response of the acoustic channel between multiple 
sources and receivers and ultimately to the design and performance characterization of 
acoustic digital data communication systems in shallow water. 

The focus of KAM11 was on fluctuations over scales of a tenth of a second to a few 
tens of seconds that directly affect the reception of a data packet and packet-to-packet 
variability. While the complete set of data collected is described in [1], the focus here is on 
a two-day period devoted to wideband transmissions. Specifically, wideband channel 
impulse response transmissions (24 kHz bandwidth LFM chirps and MLSs centered at 23 
kHz) were carried out every 2 hours for an extended period of time. These were 
transmitted from a moored 8-element source array with 7.5 m element spacing and carried 
out in a round-robin fashion for 60 s per source element. A pair of 16-element receive 
arrays with 3.75 m element spacing were moored at ranges of 3 and 7 km. The fixed 
source, fixed receiving array geometry enabled observing environmentally-induced 
fluctuations in the channel impulse response. Fig. 1 provides a schematic showing the 
array elements corresponding to the 3 km range data discussed in the following sections. 

The experiment region exhibited substantial daily oceanographic variability. The mixed 
layer depth changed from as little as 20 m to as much as 60 m or more over the course of 
24 hours. Similarly, the wind speed and sea surface conditions exhibited a daily pattern. 
Environmental data collected included continuous water column temperature structure 
measurements (thermistor strings near the source and receiving arrays), sea surface 
directional wave field (waverider buoy), and local wind speed and direction. 

2. ENVIRONMENTAL MEASUREMENTS 

An example of the dynamic water column environment observed during KAM11 is 
shown in Fig. 2. The mixed layer depth changes from as little as 20 m to as much as 60 m 
or more over the course of 24 hours. Similarly, the sea surface exhibited a highly dynamic 
wave field driven by a daily wind speed pattern that varied from calm conditions of ~4 m/s 
to whitecap coverage at ~14 m/s [1].  

3. MULTIPATH STRUCTURE 

The multipath structure at 0351 UTC predicted using the Bellhop ray tracking code is 
shown in Fig. 3. At 0551 UTC, the sound speed structure has a much deeper mixed layer 
(~70 m) with a steep thermocline extending to a bottom sound speed approximately the 
same as in Fig. 3. The resulting ray paths (not shown) are similar in general structure to 
those in Fig. 3 with ducting of the low-angle Source 1 to Receiver 1 rays. 
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4. CHANNEL IMPULSE RESPONSE AND FLUCTUATIONS 

The wideband (10-34 kHz LFM chirps) time-evolving (over 60 s) channel impulse 
response is shown in Fig. 4 for the deepest source (Source 1) to the deepest receiving array 
element (Receiver 1) at a range of 3 km (see Fig. 1). Two time periods are shown 
corresponding to relatively shallow and deep mixed layers (0351 and 0551 UTC).  
Similarly, Fig. 5 is for the most shallow source (Source 8) to the most shallow receiving 
array element (Receiver 16) (0358 and 0558 UTC). The impulse response fluctuation 
characteristics are summarized by the Doppler spread of each multipath (FFT along a 
constant multipath delay over the 60 s observation period). These are shown in Figs. 6-7. 

5. SUMMARY

The KAM11 experiment provided an opportunity to observe the time-evolving channel 
impulse response from a fixed array of sources to a fixed array of receivers over a wide 
range of sound speed and sea surface conditions. For a two-day period, wideband channel 
probing transmissions were made along with the transmission of a variety of 
communication waveforms.  The time-evolving channel impulse response for different 
combinations of source and receiving elements were shown at two different times along 
with the Doppler spread characteristics of each multipath.  

6. ACKNOWLEDGEMENTS  

The KAM11 experiment and subsequent data analysis was sponsored by the Office of 
Naval Research, Code 322OA. 

REFERENCES 

 [1] W.S. Hodgkiss and J. Preisig, Kauai Acomms Muri 2011 (KAM11) Experiment, 
Proc. 11th European Conference on Underwater Acoustics (ECUA), pp. 1-8, 2012. 
 [2] P. van Walree, T. Jenserud, and M. Smedsrud, A discrete-time channel simulator 
driven by measured scattering functions, IEEE J. Sel. Areas Commun. 26(26), pp. 1628-
1637, 2008. 

 
 

Fig. 1. Source array and receiving array geometry.
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Fig. 2: Temperature profiles recorded on the thermistor string deployed between the 
source array and 3 km receive array on 3 July (JD 184). 

 

 
Fig. 3: Multipath structure at 0351 UTC on JD 184: (a) sound speed profile, (b) eigenray 
paths from Source 1 to Receiver 1, and (c) eigenray paths from Source 8 to Receiver 16. 
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Fig. 4: Wideband time-evolving channel impulse response from Source 1 to Receiver 1 on 

JD 184: (a) 0351 UTC and (b) 0551 UTC. 

Fig. 5: Wideband time-evolving channel impulse response from Source 8 to Receiver 16 
on JD 184: (a) 0358 UTC and (b) 0558 UTC. 
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Fig. 6: Doppler spread of each multipath from Source 1 to Receiver 1 on JD 184: (a) 0351 
UTC and (b) 0551 UTC. 

 

Fig. 7: Doppler spread of each multipath from Source 8 to Receiver 16 on JD 184: (a) 
0358 UTC and (b) 0558 UTC. 

1st International Conference and Exhibition on Underwater Acoustics

1570
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Abstract: Peak pressure level and sound exposure level of an impulsive signal are the major 
parameters used to characterize potential impacts of man-made impulsive noise on marine 
fauna, as is reflected in the latest regulations and policies focused on the protection of the 
marine environment.  When the acoustic propagation environment is known, existing 
numerical models can be used to predict the transmission loss of the energy, and 
consequently the spatial decay of the sound exposure level, with sufficient accuracy for this 
purpose, however predicting the peak pressure and its variations is still a problem. The decay 
rates of the peak pressure and energy of impulsive signals from an airgun array measured in 
a range dependent environment over the continental slope off Cape Leeuwin in Western 
Australia are compared in this paper. The peak pressure decreased with range noticeably 
faster than the source exposure level, which was mainly due to spreading and scattering of 
individual signal arrivals associated with different rays or groups of modes. An attempt is 
made in this paper to predict this effect using numerical models based on a parabolic 
equation approximation and an adiabatic mode model. 

Keywords: Peak pressure, modelling, airgun, impulsive signal, range-dependent 
environment. 
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1. INTRODUCTION

There is a real concern about the impact of anthropogenic noise on marine animals and 
this has also been reflected in the regulations and policies focused on the protection of the 
marine environment.  

 
For marine industrial activities generating underwater impulsive sound signals, such as 

offshore seismic surveys and pile driving, the root-mean-square (rms) pressure level is not an 
appropriate measure to determine the impact [1]. Peak pressure level (Lpeak) and sound 
exposure level (SEL) are more appropriate for quantifying effects of these transient signals. 

 
Peak pressure of impulsive underwater noise from marine pile driving was numerically 

predicted in [2] using Finite Element Modelling. The numerical predictions made for the near 
field were consistent with experimental measurements. However, the effect of multipath 
propagation, which is critical in the far field, was not analysed in this study. The effect of 
multipath propagation on peak pressure could be expected to be similar to the effect on rms 
pressure [3]. However, decay rates with range are different, as is shown in this paper. An 
adiabatic mode model, with no coupling between modes has been found to perform poorly in 
peak pressure prediction [4]. Comparison of measured and modelled waveforms received 
from airgun shots showed that the predicted waveform patterns were generally similar to 
those measured at the same distance, but that the modelled peak pressures were higher than 
measured, even though the signal energy was correctly predicted. An overestimation in the 
prediction of the peak pressure also occurred with the use of a weak shock theory for SUS 
charges [5]. 

 
In this paper, measurements and simulations of the decay rates for the peak pressure and 

sound exposure level of impulsive signals from an airgun array over the continental slope off 
Cape Leeuwin in Western Australia are compared.  

2. METHODOLOGY

2.1. SOUND METRICS 

The metrics used are the sound exposure level and the peak pressure level, formulated as 
follows: 

,1log10 2

0

2
10 sParedBdtpSEL

T

 (1)

,1)(maxlog20 10 ParedBtpLpeak
(2)

where p is the acoustic pressure and T the integration time, which is taken as the duration of 
that portion of the signal containing 90% of the energy. 
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The transmission loss associated with the sound exposure level (TLE) is defined as the 
difference between the source sound exposure level SLE (the sound exposure level referred to 
a distance of 1 m from the source) and the sound exposure level at the receiver, SEL:  

.dBSELSLTL EE  (3)

An equivalent expression is defined to account for the attenuation of the peak pressure 
with distance, and it will be referred to as the transmission loss associated with the peak 
pressure (TLpeak). It is calculated by subtraction of the received peak pressure level (Lpeak) 
from the source peak pressure level  (SLpeak), which is the peak pressure level of the source 
signal referred to r = 1 m: 

.dBLSLTL peakpeakpeak  (4)

2.2. EXPERIMENTAL DATA 

Data were recorded during the period between October and November of 2004 which 
encompassed part of a 2D marine seismic survey of the continental slope off Cape Leeuwin, 
southwest Australia. The survey was carried out for Geoscience Australia. This data set was 
previously employed to estimate the seafloor properties through geoacoustic inversion of 
transmission loss and also to study the airgun signal arrival structure [4]; a detailed 
description of the experiment can be found in that reference. The source array was towed at 8 
m depth. Airgun shots along section 802 (thick red line in Fig. 1a), from 34.7°S, 114.0°E to 
34.0°S, 114.1°E,  were used for analysis. Signals were received on the hydrophone array of 
the hydroacoustic station HA01, deployed as part of the International Monitoring System of 
the Comprehensive Nuclear-Test-Ban Treaty.  The array consists of three receivers moored at 
1100 m depth in an approximately equilateral triangle of about 2 km sides. In this paper, 
airgun signals recorded on receiver 3 (34.9°S, 114.1°E) are used. Recorded signals were 
sampled at 250 Hz. The sound speed profile was measured close to the receiver station in 
November. 2071 shots were recorded at ranges from 16.9 to 94.3 km from the source. The 
bathymetry along the acoustic propagation path smoothly varied between water depths of 
1126 and 1739 meters.  

2.3. SIMULATION OF TRANSMISSION LOSS 

The source signal was modelled using a variation of an airgun bubble model originally 
developed for a single gun and later extended to modelling airgun arrays [6]. The seafloor 
was modelled as a semi-infinite fluid with parameters previously estimated by geoacoustic 
inversion [4]: a compressional wave speed, cp, of 1850 m/s, sediment density, 2, of 2000 
kg/m3, and compressional wave attenuation in the sediment, p, of 0.1dB/ . 

 
The underwater sound propagation models employed for these simulations were RAMGeo 

and an adiabatic mode model. RAMGeo is a range dependent Parabolic Equation (PE) code 
for fluid seabeds and was expected to be suitable and likely to offer better predictions than 
the adiabatic mode model, which does not allow for mode coupling [7]. Transfer functions 
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were calculated using each model on a frequency grid spanning the band from 5 to 100 Hz 
with an increment of 0.05 Hz. 

3.  RESULTS 

The measured transmission loss associated with the sound exposure (TLE) and peak 
pressure (TLpeak), as defined in 2.1, are shown in Fig.1b. TLpeak decreases with range 
noticeably faster than TLE.  
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Fig.1: (a) Map of Cape Leeuwin with HA01 station and track. (b) Experimental 
transmission loss of the sound exposure and the peak pressure levels.  

 
Lpeak measurements are plotted against SEL in Fig.2a. A linear regression of the data 

results in the following empirical equation, with a root mean square residual of 1.9 dB. 
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Fig.2: (a) Peak pressure level versus sound exposure level, and regression line. (b) Sound 
exposure level, peak pressure level and empirical prediction of peak pressure level.  
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A similar correlation was previously observed by Duncan et al. [8] from measurements of 
pile driving noise at two locations in Port Phillip Bay, Victoria, Australia. However, the 
coefficients obtained were different in that case: a slope of 1.12 and an offset of 12.3 dB. The 
differences are most likely a consequence of the very different environments and sources. 
The data employed for this paper were from a marine seismic airgun survey in deep water 
(1126-1729 m) and long ranges (17-94 km), whereas the Port Phillip Bay data were from a 
pile driving operation in shallow waters (13 m in the deepest location) and short ranges (less 
than 460 m). Also, the seafloor characteristics were different. The empirical equation given in 
(2) was applied to the measurements of SEL to obtain Lemppeak and the result is represented 
together with the SEL and the experimental Lpeak in Fig.2b. The agreement between the 
empirical prediction and the measured data is fairly good, except for the amplitude of 
fluctuations, which are not accounted for because they do not occur in the SEL curve.  

 
A comparison between the measurements and simulations is presented in Fig.3. In the left 

panel (Fig.3a), the transmission loss associated with the sound exposure versus range is 
presented. In the right panel (Fig.3b), the transmission loss for the peak pressure is shown. 
The prediction for the sound exposure decay is better than for the peak pressure with both 
models. For the peak pressure, the decay rates predicted in both cases are slower than the 
measured decay. RAMGeo offers a more realistic solution than the adiabatic model because, 
in contrast to the adiabatic mode model, it accounts for energy redistribution between 
multipath signal arrivals. 
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Fig.3: Comparison of the transmission loss obtained from experimental data and 
simulations with RAMGeo and Adiabatic mode model. (a) TL for sound exposure; (b) TL for 

peak pressure. 

4. CONCLUSION 

It has been shown empirically that the peak pressure decreases with range noticeably faster 
than the sound exposure level. The most likely cause of this difference is spreading and 
scattering of individual signal arrivals associated with different rays or groups of modes, 
which was observed in the measured waveform at longer distances. Also, the peak pressure 
level exhibits a linear dependence on the sound exposure level, with coefficients dependent 
on the environment and source signal.  
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Simulations showed that RAMGeo and the adiabatic mode model predict a similar decay 
rate for the sound exposure level, which is close to the measured decay. However, RAMGeo 
offers a more realistic result because it accounts for energy redistribution between multipath 
signal arrivals in contrast to the adiabatic mode model. Both models predict slower decay 
rates of the peak pressure in the numerically simulated signal waveforms than the 
experimental data.  Although the average slope of the decay predicted by the adiabatic mode 
model is closer to the measurements than the RAMGeo result, the latter predicts spatial 
fluctuations similar to those observed in the experimental data, which the adiabatic mode 
models does not predict. The difference between the measured and modelled TL slopes is 
most likely due to an oversimplified model of the seafloor and/or insufficiently accurate 
geoacoustic parameters in the model.  

 
This work represents the first stage of a bigger project focused on the general problem of 

spatial variations in the peak pressure of impulsive signals propagated in range-dependent 
environments. Therefore, more experimental data from different environments will be 
analysed to find a physical explanation of the observed effects, and other sound propagation 
codes will be tested. 
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Abstract: Acoustic backscattering strength measurements from the plucked side of a granite 
Roche Moutoneé in the Oslofjord, Norway display a Lambertian dependence on grazing 
angle as well as non-Rayleigh envelope statistics. Glacial plucking removes cuboid blocks 
from the lee side of a bedrock outcrop, and creates large facets whose individual roughness 
is very low amplitude. The behaviour of the scattering cross section from surfaces of this type 
cannot be predicted using current physics-based approximate scattering models because 
their assumptions are violated due to the very large amplitude roughness and irregular 
features of the surface. Additionally, none of these models can replicate a sine squared shape 
at low grazing angles within their parameter space. To further our understanding of 
scattering from these surfaces, the Boundary Element Method (BEM) is used in parametric 
studies using roughness models of glacial plucking from the literature on subglacial erosion 
processes. The dependence of the statistical properties of the scattered field on parameters 
such as block size distribution compared to the acoustic wavelength will be studied. Results 
from parametric studies will be used to guide the future development of analytic models for 
predicting the cross section from faceted surfaces.
1. Keywords: Acoustic Scattering, scattering from very rough surfaces, Boundary Element 

Method, Computational Acoustics
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1. INTRODUCTION
 
Basic theoretical and experimental studies of the scattering from random rough interfaces 

are typically limited to homogeneous and featureless random surfaces that are adequately 
described by an averaged power spectrum with random phase. Very rough surfaces with 
structure, such as rock seafloors, have received little attention due to their violations of the 
assumptions of the major scattering models. These types of surfaces are also known to cause 
a high rate of false alarm in acoustic target detection systems. Examination of low frequency 
reverberation statistics from the mid Atlantic ridge were made by Dorfman and Dyer[1]. 
Non-Rayleigh envelope statistics were observed, but not connected to parameters of the 
environment. Lupien [2] performed numerical simulations of scattering from faceted 
surfaces, but no systematic attempt was made to characterize the surface and connect its 
parameters to the cross section or envelope statistics. 

An acoustic experiment was performed in April 2011 in the Oslo Fjord by the Norwegian 
Defence Research Establishment (FFI). Backscattering from the seafloor was collected using 
a high-resolution synthetic aperture sonar (SAS) system operating at 100 kHz with 30 kHz of 
bandwidth. A particularly interesting feature from which the scattering cross-section has been 
measured is the leeward side of a roche moutoneé, a solid outcrop of rock formed by glacial 
erosion. The leeward side of this roche moutoneé is composed of roughly planar steps whose 
root mean square (RMS) roughness exceeds the acoustic wavelength. 

 The measured backscattering cross section from the leeward side exhibits variability on 
the order of 10 dB over grazing angle bins, and across azimuth angle. The empirical 
Lambertian model provides a rough description of the scattering curve, and the envelope 
statistics are distinctly non-Rayleigh [3]. Since the surface has a very large RMS height 
compared to the wavelength, and does not conform to typical seafloor roughness models, 
such as a power-law spectrum with random phases, a physical model to predict the cross 
section is currently out of reach. Intuitively, it seems as though near-specular scattering from 
the step facets, non-local shadowing by neighbouring steps, diffuse scattering from concave-
up corners, and multiple scattering from corners of the surface may be responsible for the 
behaviour of the cross-section. 

To guide modeling along these lines, numerical experiments are performed to determine 
the connection between the surface parameters of stepped surfaces, and the behaviour of the 
scattering cross-section. The boundary element method (BEM) is used to predict the pressure 
field due to scattering from a simulated stepped interface. Calculations from an ensemble of 
surfaces is performed, and the cross section and probability of false alarm (PFA) are 
computed. Empirical trends between the input parameters of the generated surface, and the 
behaviour of the estimated quantities are discussed. 

2. SURFACE MODEL 

The leeward side of a roche moutoneé is formed through the geophysical process of glacial 
quarrying. This process removes blocks from the glacier bed and leaves a stepped surface. 
Recent observations of deglaciated bedrock, and seismic measurements resulting from stick-
slip motion of glaciers have led to the development of a model of the physical mechanisms, 
and resulting surface characteristics. 
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Glacial quarrying operates by removing blocks delineated by preexisting rock joints from 
the glacier bed. These joints are formed by the intersection of vertical fractures and the 
ubiquitous horizontal bedding planes found in bedrock [4]. Pressure gradients and time-
dependent stick-slip glacier sliding velocity over the bed encourage hydrofracturing in 
preexisting joints. The physical mechanisms, and controlling parameters for glacial quarrying 
are discussed in Zoet et al [4] and references therein. 

Surfaces resulting from glacial quarrying will be composed of steps whose orientations 
and size distributions reflect the internal block organization of the bedrock. Several 
simplifying assumptions will be made such that a mathematical model, described in the 
following section, of the leeward side of a roche moutoneé can be generated to use in 
numerical simulations of acoustic scattering. 

Random 1-D stepped profiles can be simulated by generating horizontal and vertical 
segments, each with their own size distribution, then connecting them together. This surface 
model's input parameters are the distributions of both the vertical and horizontal segments, 
and their appropriate parameters. The exponential distribution will be used to describe the 
horizontal and vertical segment lengths, since it is able to describe field measurements of 
block size distribution in bedrock [5]. To control the RMS height the surface, it is scaled 
normal to its mean plane to test the dependence of the scattered field on the vertical extent, as 
well as facet size. 

The stepped profiles are be post-processed before the scattered field is computed. The 
profile is rotated such that its best-fit slope is zero, so that the scattered field is measured with 
respect to the mean plane. Additionally, the stepped surfaces contain slope discontinuities 
that are eroded by other forms of glacial erosion, or post-glacial weathering. Smoothing the 
surface with a low-pass filter will simulate aspects of the erosion process. The joining 
surfaces of rock fractures are nearly planar, but are themselves randomly rough surfaces. 
Measurements of the surfaces of fresh and weathered rock joints have resulted in a power-law 
spectrum. Low-amplitude power-law roughness may also be added to the rotated and low-
pass filtered stepped surface to make it more realistic. In this research, the profile is low-pass 
filtered using a Kaiser-Bessel filter with a pass band from zero to half the acoustic 
wavelength, but small-scale roughness is not included. 

 
3. NUMERICAL METHOD 

The BEM solves the Helmholtz-Kirchhoff Integral Equation (HKIE) [6] by discretizing 
the boundary of a surface, and converting the integral equation into a matrix equation. For 
impedance boundary conditions, the integral must be formed on both sides of the rough 
interface, and coupled using the continuity of pressure and the normal velocity, as performed 
by Thorsos et al. [7], and Maradudin et al [8]. In this research the boundary and surface 
pressure are described by piece-wise continuous isoparametric linear elements whose 
endpoints are the nodes of the surface. At each node, the pressure depends on the pressure 
integrated over all other elements. If the HKIE is formulated at each point, then a linear 
system of equations can be formulated, and solved for the pressure, or its normal derivative, 
at each node and element [9]. The coefficients of such a system of linear equations result 
from integration over an element of the surface of the Green's function, , 
with located at a node, and on an element of the surface. 
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The resultant surface pressure and its normal derivative are then propagated to field points 
within the homogeneous medium. The cross section can be calculated from the field pressure 
through the following equation [10]: 

 
(1)

where is the pressure field due to scattering from the rough interface calculated in the far 
field, is the incident pressure field, is the ensonified length of the profile, denotes 
averaging over an ensemble, and  is the scattering cross-section per unit length per unit 
angle. 

The distribution of the field pressure amplitude within the ensemble is also an important 
quantity. Distributions with a heavier tail than the Rayleigh distribution can cause target 
detection systems to register more false alarms for a given threshold. The probability of false 
alarm, which is defined as  where  is the cumulative distribution function, is 
computed for various values of  and . To estimate the PFA, a histogram of the pressure 
amplitude at each angle, normalized by its variance is formed. The histogram converted to 
CDF by taking the normalized cumulative sum. 

 
4. RESULTS

Simulations have been performed for surfaces with parameters , 
, an ensemble size of , at grazing angles between and at 

intervals of . In typical measurements of the PFA from acoustic reverberation, the pressure 
amplitude from nearby angular bins can be lumped together into the same ensemble. This 
process is possible because the angles are determined through time gating and decimation of 
the received acoustic signal, and each angular bin represents the scattered field from a 
different region on the seafloor. This measurement procedure ensures that the pressure 
amplitudes from nearby angular bins are independent from one another. In the current 
numerical experiment, the scattered field is computed at many angles from each realization in 
the ensemble. Thus nearby angular bins will not be statistically independent and cannot be 
lumped into the same ensemble. Therefore, the PFA will be reported for single angular bins 
at 50°. 

 The cross-section and PFA for , and 4 are shown in Figs. 1-4. For low amplitude 
roughness, the scattering strength exhibits a peak around the specular direction, similar to 
low-amplitude power-law roughness. As the parameter increases from 0.5 to 32, the levels 
of the specular peak remain the same, whereas the levels decrease in the low grazing angle 
region. This behaviour could be caused by more high-frequency content in surfaces with 
smaller . The PFA curves are well-described by a Rayleigh distribution for small vaues of 

, but depart from it at higher . The statistics of discrete scattering have often been 
described in terms of the -distribution [11], but do not adequately describe these data. Large 

 PFAs exhibit a concave up curvature in log-linear space, which is not possible with the -
distribution. 

For a larger  value of 4.0, the backscattering strength loses its specular peak and hovers 
around -5 dB until decreasing towards zero as the grazing angles falls below 30°. The levels 
are generally above the upper limit for a Lambertian distribution, which seems to imply that 
energy conservation is violated. However, in plots of the bistatic scattering strength, 
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significant backscattering enhancement is present and energy conservation is satisfied. The 
trend in the PFA is overall similar to the trend for the  case, but the K-distribution 
provides a better description of the data than for the lower roughness case. The PFA follows a 
Rayleigh distribution for low values of , and departs from it at higher . 

  

Fig. 3: Scattering strength results for . Fig. 4: PFA results for  

5. DISCUSSION AND FUTURE WORK  

An understanding of the cause of the behaviour of the cross section displayed in the 
previous section is difficult due to the faceted nature of the surface, combined with the high 
amplitude roughness compared to the wavelength. These surface features render typical 
scattering models inapplicable. Examination of the surface pressure distribution computed by 
the BEM can reveal clues to the dominant features responsible for the trends observed in the 
cross section and PFA curves. 

Two examples of the surface pressure distribution for  are displayed in Figs. 5 
and 6. The incident pressure is directed from the upper left corner, towards the lower right 
corner at . Note that the vertical scale is exaggerated. In both plots, the facets facing 
towards the incoming wave have a higher amplitude than the facets pointing away. For 
certain facets, the maximum pressure amplitude is near the centre of the facet, whereas for 

Fig. 1: Scattering strength results for . Fig. 2: PFA results for  
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others, it is at the edge, near a concave corner. It is hypothesized that for facets with a 
maximum near the centre, the dominant process is that of specular scattering from planar 
segments. For segments with the maximum near the corner, it seems as though diffractions  

Fig. 5: One example of the surface pressure 
distribution for . 

Fig. 6: Another example of the surface 
pressure distribution for . 
 

from the corner dominate. The determination of whether corner diffraction, or specular 
scattering dominates a given facet is not clear, and may depend on its size, and relative 
position to other corners of the surface. Non-local occlusion may also be responsible for 
decreasing the amplitude of the surface pressure on a facet. 

Given these observation of the surface pressure, a physical model for the behaviour of the 
scattered field may be developed. A future model will most likely take into account the effect 
of specular scattering from facets, diffraction from corners, non-local occlusion, and possibly 
multiple scattering. The elements of all these features already exist in the literature [13] and 
can be synthesized into a robust model. The surface model used in this research is simplistic, 
and will be made more physical based on the results of a planned field experiment to Norway 
to measure surface roughness on  granite roche moutoneés. 
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Abstract: Remote sensing the seabed has become an indispensable issue for marine 
environmental studies. Acoustic technologies are the more efficient and cost effective 
devices to achieve this task. Among these technologies, single-beam echo-sounders (SBES) 
are widely used because they are inexpensive, practical and non invasive. Moreover, the 
data recorded by SBES can be calibrated and may be used to automatically classify and to 
characterize the seabed. 

Many studies exist on this subject and first, authors point out that existing 
seabed classification methods from SBES data suffer from misclassification due to 
artefacts. Indeed, the recorded acoustic signal not only depends on seabed types but also 
on characteristics of the acquisition system, the propagation medium and the morphology 
(depth, slope) of the seafloor. Then, several authors have concluded that standard 
approaches of seabed classification are not optimal. According to a recent paper, the 
cause of the problem is that the approaches lack physical bases. Most approaches use 
discriminating features synthesized with statistical data analysis methods such as 
principal component analysis and thus with no link with the physical phenomenon. 
 Thus, in this paper, we investigate a methodology of seabed classification based 
on the physical properties of the backscattered acoustic signal. A physical model is used 
to generate echoes for various types of seabed, in different configuration of depth and 
slope. A study is carried out to assess the effect of the pre-processing steps (echoes 
averaging, depth and slope) on echoes. Then, features are extracted from echoes based on 
previous studies and new features are proposed. Finally, from the linear discriminant 
analysis, a linear combination of features is found independent of the slope and the depth. 

Keywords: Classification, sediments, features selection, physical model 
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1. INTRODUCTION
 
Determining the nature of the seabed was an old issue that keeps interesting scientists. 

Mapping the seafloor is almost entirely performed using acoustic systems, as optical 
technologies are limited by water absorption. Different types of sonar can be used for 
acoustic seabed remote sensing. In this paper, the sediments classification from single-
beam echo sounders (SBES) echoes is used because these sensors are inexpensive and 
practical sensors. Moreover, they handily bring large information about the nature of the 
seabed. 

Two principal approaches of sediments classification by SBES emerged of previous 
studies: the first one is based on the inversion of calibrated measures by theoretically 
modeled echo time series [1]. This approach allows an automatic characterization of the 
seabed by the estimation of seabed geoacoustical parameters; however, in our case, the 
SBES used is uncalibrated. The second approach tries to discriminate seabed by clustering 
features extracted from the first and second bottom returns. Generally, this approach yields 
good results despite recurrent misclassifications [2]. Our work is inspired by the second 
approach but only the first bottom return is used. 

According to previous studies [3][4], two main reasons may explain these 
misclassifications. First, three principal non-linear phenomena prevent a direct 
relationship between the recorded acoustic signal and the sediment characteristics. The 
ping to ping variability of the echoes is the first cause which makes difficult an estimation 
of the seabed transfer function. It is due to the use of high frequency SBES, so the signal is 
essentially incoherent and noised by chaotic components coming from interference effects. 
Then, there are also natural non-seabed influences on echo time series: mainly water depth 
and bottom slope. The second reason of misclassifications is the use of statistical data 
analysis methods. With these methods, discriminating features are synthesized from a very 
large number of features extracted from echoes. In this scheme, the link with the physical 
phenomenon is lost [3]. Consequently, it is difficult to verify if the features extracted are 
the ones which the best translate sediment changes and not other changes. 

Many works were conducted to reduce these misclassifications [3][4], Nevertheless, 
improvement can still be done on some points. (1) How do the three principal non-linear 
phenomena impact the acoustic response? Are the pre-processing steps to reduce their 
influence necessary? (2) How do the features evolve, function of grain size, depth and 
slope changes? What are the most efficient descriptors to classify sediments? The aim of 
this paper is to investigate these  questions with the help of echoes simulated with a 
physical model. 

 

2. MATERIAL AND METHOD 

2.1 Data 

Data are simulated with the BORIS software. It is a publicly available time-domain 
model that generates the raw pressure time series [5]. In this study, only the surface 
backscattering (no volume) is considered. The characteristic of the sensor is chosen to be 
the least appropriate to seafloor classification. According to [3], it is more difficult to 
discriminate sediments at high frequency and when the beam-width is smaller than the 
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slope of the seabed. So, the simulated SBES allows obtaining echo time series at 100 kHz 
with a beam-width of 5° and a pulse length of 256μs. 

Sediment type, depth and slope vary for this analysis as described in Table 1. The 
sediment types are sandy silt, muddy sand and sandy gravel as defined in [6]. The depth 
between the sounder and the seabed is 5, 15 or 30 meters. The seabed slope is 0, 4, 10 
degrees. For each configuration, 100 seabed surfaces are synthesized. 

2.2 Methodology 

Investigating the sediment classification, features have to be extracted (Table 2). They 
were chosen from three different sources; first, the most relevant features selected by 
Benjamin Biffard [3] in his PhD thesis are used (31 features); the classical E1 feature from 
the RoxAnn System is kept [2]; finally, new features are proposed (see section 3). These 
features are then analyzed with a linear discriminant analysis (LDA) implemented in 
Matlab. 

 
Table 1: The different configurations of seafloor simulated for this paper. 

 
3. PRE-PROCESSING STEPS INVESTIGATIONS 

The raw simulated echoes for sand and gravel sediments are displayed in Fig.1. This 
figure reveals the large ping to ping variability due to the effect of the random 
characteristic of the surface and shows that it prevents seafloor discrimination. Classically 
in the bottom classification systems, the first pre-processing step is dedicated to the 
averaging of several echo time series in intensity, in order to reduce the ping to ping 
variability. If a large number of pings (70 echoes) are ‘stacked’ with an average sliding 
window, echoes for the two sediment types are distinct (Fig.2a). However, the averaging 
of a lot of echoes reduces significantly the spatial resolution of the results. If only 5 pings 
are used, the discrimination is not optimal (Fig.2b). However, the shape of echoes starts to 
depend on the seabed type and it is a good compromise for the resolution. 

Fig.3 presents the effect of the seafloor morphology (depth and slope) on the acoustic 
response. Mainly, when the depth increases, the signal power decreases and the signal 
duration extends. It is the same behavior when the slope increases and it is much 
accentuate when the slope becomes wider than the SBES beam-width. So, these 
phenomena penalize accurate seafloor discrimination. Unfortunately, for slope 
compensation, no well established pre-processing step exists [3]. To account for depth 
variations, all received signals are classically transformed to a reference depth with the 
help of the sonar equation [4]. In that method, the effect of seabed roughness is not 
implemented, so, at the end, the echoes corrected do not perfectly fit a real signal at the 
same reference depth.  

Therefore, in this paper, because depth correction does not show perfect results, seabed 
discrimination is tested without depth and slope correction. Only ping to ping variability 
reduction pre-processing step with 5 pings is considered.  
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Fig. 1: a- raw signal (b- raw signal in dB) for 100 pings of sand and gravel. 
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Fig. 2: 100 pings of sand and gravel ‘stacked’ with an average slide window of 70 pings (fig 2.a) and 5 
pings (fig. 2.b). 
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Fig. 3: Effect of depth (fig. 3.a) and slopes (fig. 3.b) changes on two seabed types ‘stacked’ with an 

average slide window of 70 pings. 

4. FEATURE INVESTIGATIONS 
 

Therefore, the second objective of this paper is to find features independent of the 
depth and the slope and which discriminates the different seabed types.  

4.1 Three new features 

First, by a visual analyze of the different echoes behaviors (Fig. 4), new features are 
proposed. The normalized intensity, the intensity in dB and the cumulated sum of intensity 
(Fig. 4) are echoes transformations in which a visual discrimination between the three 
seabed types are possible. So, three new features are defined (Fig. 5): in the second part of 
the normalized intensity, the point where its distance with the point of coordinate (time of 
max intensity, 0) is minimal (f1); the level in dB on the abscissa time to max + pulse 
length (f2); in the cumulated sum of intensity, the point where its distance with the point 
of coordinate (0, 1) is minimal (f3). 

4.2 Feature evaluation 
 
Therefore, the starting set to analyze gathers 35 features (31 of [3], E1 to RoxAnn [2] 

and the 3 new features, Table 2). They are estimated for all pings simulated with the 
configurations exposed in Table 1.  

First, by a visual analyze for each feature, their evolutions function of the grain size, 
depth and slope are studied and summarized in Table 2. Two main conclusions can be 
identified; No feature are only dependent on grain size. However, some features change 
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differently when either the depth or the slope increases. Therefore, finding feature 
combination which only reveals seabed variations seems possible. Secondly, Table 2 
shows that several features give redundant information, so the set of features might be 
reduced. 

To remove useless descriptors, the correlation matrix of the features is estimated. Three 
groups of redundant features are found: n°1-4, 8-10, 13-15, 17, 19-25, 30, 31; n°5-7; n°26, 
27, 29. Only one descriptor per group is kept, the new set of features is highlighted in 
green in Table 2. To find a feature combination which is nearly independent on depth and 
slope, the LDA method is used. A combination which well separates the three simulated 
seabed is extracted and presented in Fig. 6. 

 

Fig. 4: Spaces where sediments seem to be best separate. 

Fig.5: Localization of the three new features (f1, f2, f3). 

Fig 6: A features combination which well separates seabed classes. 
 
5. DISCUSSION 
 

With these data, it seems possible to find a projection of twelve features which allows 
separating sediments without the depth and the slope correction. This projection is not 
unique, and with the same methodology and the same result, a combination of all features 
can be also found. Moreover, the results have to be confirmed on real data (In this paper, 
the echoes are simulated without volume reverberation). Finally, they might change with 
other sonar characteristics (frequency, pulse length and beam-width). 

Therefore, classification without pre-processing steps is possible, but much more 
investigations will be necessary to find a good set of features and a methodology to 
separate a larger variety of seabed types with different sonar characteristics. 
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N° Feature name Grain size 
 

Depth  Slope 
 

N° Feature name Grain size 
 

Depth  Slope 
 

1 Cumulative integral 
direct (first 8) 3 

invariant invariant  19 Cumulative amplitude thres. 
20% 

   

2 Cumulative integral 
direct (first 8) 5 

invariant invariant  20 Cumulative amplitude thres. 
60% 

   

3 Cumulative integral 
direct (first 8) 8 

invariant invariant  21 Cumulative amplitude thres. 
75% 

   

4 Cumulative integral 
direct (next 7) 2 

 invariant  22 Cumulative amplitude thres. 
90% 

   

5 Cumulative integral 
direct (next 7) 3 

   23 Cumulative intensity thres. 
95% 

invariant   

6 Cumulative integral 
direct (next 7) 4 

   24 Cumulative intensity thres. 
99% 

   

7 Cumulative integral 
direct (next 7) 6 

   25 Cumulative intensity thres. 
99.9% 

invariant   

8 Cumulative integral ratio 
(first 3) 3 

invariant   26 Smoothed peak amplitude invariant   

9 Cumulative integral ratio 
(last 4) 2 

invariant   27 Mean amplitude from 
bottom pick to tail 

   

10 Cumulative integral ratio 
(last 4) 4 

invariant   28 Mean amp from end of 
pulse to tail 

 invariant  

11 Quantile (first 7) 1    29 Mean amplitude of the half 
maximum 

   

12 Quantile (first 7) 2    30 Half maximum duration invariant invariant  
13 Quantile (first 7) 4 invariant invariant  31 Significant echo duration invariant   
14 Quantile (first 7) 6 invariant invariant  32 E1 invariant invariant  
15 Histogram (first 7) 1    33 f1 invariant   
16 Envelope centre of 

gravity 
invariant   34 f2    

17 Envelope time-spread    35 f3    
18 Envelope skewness     

Table 2: List of features with their evolutions function of grain size, depth and slope increase. In Green, 
new set of feature after redundant features removal. 
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Abstract: The European Union Water Framework Directive requires monitoring of 
biological quality elements to assess the ecological status of aquatic ecosystems and 
assure their good quality. Hydroacoustics could provide an effective tool for monitoring 
certain aspects of fish populations in fresh waters, but to ensure the comparability of 
datasets between lakes and reservoirs across Europe standardisation is required for 
equipment, survey design, data acquisition, data analysis, and data reporting. In the 
present paper we investigate the repeatability and precision of hydroacoustic fish surveys 
in a deep lake comprising two basins (mesotrophic and eutrophic) conducted in 
accordance with a provisional CEN standard. Results are presented from an international 
hydroacoustic intercalibration that included six systems comprising hardware from three 
manufacturers using four sound frequencies (70, 120, 200 and 400 kHz), together with 
analysis software from three manufacturers. The findings are very encouraging and 
demonstrate a considerable degree of similarity in the measures of fish biomass and fish 
abundance produced by these six diverse hydroacoustic systems operated under the 
mesotrophic and eutrophic conditions of this deep lake. 

Keywords: hydroacoustics, fish biomass, Water Framework Directive, intercalibration 
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1. INTRODUCTION  

The use of hydroacoustic systems for the assessment and monitoring of lake fish 
populations offers a non-destructive means of conducting rapid surveys. These methods 
have become increasingly popular over the last two decades, primarily as a result of 
advances in both hardware and software [1, 2, 3], but also in recognition of their potential 
for monitoring aquatic systems for the European Union Water Framework Directive [4, 5, 
6, 7, 8]. Moreover, hydroacoustics provides information on lake fish distribution, 
abundance and size structure which complements more established, but invasive and 
labour-intensive, methods of biological sampling such as gill netting [9]. In Europe, 
particular efforts have been made in recent years to develop a standardised approach for 
this technique and a provisional standard has been developed under the auspices of the 
Comité Européen de Normalisation CEN [10]. These advances now require inter-
laboratory comparisons of different hydroacoustic systems deployed by independent 
operators, which have been undertaken in the present work. 

The specific objective of the present work was to demonstrate the repeatability and 
precision of hydroacoustic fish surveys in a deep lake when such are conducted in 
accordance with the provisional hydroacoustics standard described by [10]. 

2. METHODS 

All field and analysis activities were conducted independently by a team of 
international hydroacoustic experts, each with an associated hydroacoustic system (tab. 1), 
that together comprised hardware from three manufacturers (BioSonics, HTI and Simrad) 
using four sound frequencies (70, 120, 200 and 400 kHz), together with analysis software 
from three manufacturers (Myriax, Lindem Data Acquisition and BioSonics).  

 
System 
name 

Model Sound 
frequency 
(kHz) 

Beam 
angle 
(°) 

Pulse rate 
(pulses s-1) 

Pulse 
length  
(ms) 

Vessel

EM Simrad EK 60 120 7.0 5 0.256 A 
IJW BioSonics DTX 200 6.5 5 0.400 A 
JG Simrad EK 60 70 11.0 5 0.256 A 
JH HTI 241 200 6.0 5 0.200 B 
JK Simrad EK 60 400 6.6 5 0.128 B 
MG Simrad EK 60 200 7.0 5 0.256 A 

Table 1. Key data collection attributes of six hydroacoustic systems used in the study. 

Measurements were performed in the north (mesotrophic) and south (eutrophic) basins 
of the deep lake of Windermere, U.K., from 21 to 25 November 2012 during the day and 
night. Two vessels were deployed in a ‘leader’ and ‘follower’ configuration on the same 
pre-planned zig-zag transects (Fig. 1), incorporating a total of 20 transects, each 
approximately 500 m in length. More than one system was run simultaneously on each 
vessel. 

Within the scope of the provisional standard, the fish biomass (as volume 
backscattering strength, Sv) and fish abundance (as areal densities of small (target strength 
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-52 to -45 dB), medium (-45 to -37 dB), large (>-37 dB) and total fish) were estimated for 
each hydroacoustic system. Results were subsequently pooled to allow statistical 
comparisons to be made between the systems. In addition, in order to assess the degree of 
change in fish abundance over the course of the 3 days of fieldwork, day and night surveys 
were repeated for one system on the first and last survey dates. 

 

 
Fig. 1. Locations of 20 hydroacoustic transects comprising the survey routes used in the 
north and south basins of the Windermere (NT = north transects, ST = south transects, 

FH Ferry House peninsula. 

3. RESULTS 

At the level of individual transects within the entire dataset, the fish volume 
backscattering coefficient sv ranged from -120.0 to -60.0 dB, small fish abundance from 0 
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to 970.4 fish ha-1, medium fish abundance from 0 to 248.6 fish ha-1, large fish abundance 
from 0 to 53.2 fish ha-1, and total fish abundance from 0 to 1085.9 fish ha-1. 

Repeated observations on the first and last survey dates by the reference system, 
corresponding respectively to calm and very windy conditions, revealed that during the 
day fish biomass was significantly higher in both basins on the later date, as was small fish 
abundance in the south basin only. During the night, the only significant difference was 
observed in large fish abundance being lower in the south basin on the later date, although 
the statistical robustness of this finding was weakened by a high prevalence of zero values 
in the large fish data set. Thus, depending on the weather conditions natural variability of 
estimated fish abundance appeared to be quite high. 

Between-systems comparisons indicated some differences for both day and night 
surveys. For the north basin, boxplots of the measures of fish biomass and fish abundance 
(Fig. 2) indicated that system JG tended to produce significantly higher values than those 
produced by other systems (all p <0.05). For the south basin, boxplots of the measures of 
fish biomass and fish abundance (Fig. 3) suggested some differences between systems, 
with the most obvious being systems IJW and JG tending to produce some relatively 
higher values. There was also a significant effect of system on total fish abundance, with 
the values produced by systems EM, MG and JH being significantly lower than those 
produced by systems IJW, JG and JK (all p <0.05).  
 

Fig. 2 Boxplots of volume backscattering strength Sv and the total fish abundance 
during day and night in the north mesotrophic basin of Windermere 
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Fig. 3 Boxplots of volume backscattering strength Sv and the total fish abundance 
during day and night in the south eutrophic basin of Windermere 

 
In summary, considerable and encouraging degrees of similarity in the measures of 

fish biomass and fish abundance were produced by the six independent hydroacoustic 
systems. However, there was a significant effect of system on almost all of the sets of 
comparisons, with the three exceptions being large fish in the north basin day surveys, 
large fish in the north basin night surveys, and large fish in the south basin night surveys. 
In the future it is planned to investigate in detail the separate impacts on acoustic estimates 
of fish abundance of different acquisition and analysis parameters, such as sound 
frequency, pulse duration, SED criteria, thresholds etc. to identify which, if any, of these 
parameters need further standardisation. 
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Abstract: Western Rock Lobster (Panulirus cygnus) contribute to one of the largest 
fisheries in Western Australia. The recruitment of their puerulus along the WA coast has 
varied considerably over the past ten years and significant effort is being made to better 
understand their ecology and responses to environmental changes and threats. The study 
of P. cygnus acoustic behaviour provides information on how they react to approaching 
predators. This paper describes results from a preliminary study into the acoustic 
characteristics of sounds from lobsters held in aquaria. In each case spectral peak 
frequencies occurred within the 3 to 15 kHz band  with energy distributed over 
frequencies up to 45 kHz (upper limit restricted by the 96 kHz sampling rate). However, 
tank reflections significantly affected the frequency distribution of the sounds.  The sounds 
produced were similar to previous studies, formed by a number of pulses (17.6 ±4.9 
pulses) as the lobster slid their antennae across a rostrum file, which produced a short 
"rasp". Duration of sounds varied significantly (0.133 ±0.03 s) with received levels 
ranging between 124 and 140 dB re 1 Pa, however, these too varied significantly with 
position and water level and therefore only provide a descriptive estimate of signal level. 

Keywords: stridulation, defence, predator,  
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1. INTRODUCTION

There are numerous biological sources of noise in Western Australian coastal and 
offshore waters, each typically with their defined frequency band [1-7].  Crustacea are 
significant contributors to this noise with snapping shrimp a consistent subject of study for 
management, research and underwater communications [4,8,9].  Sounds produced by 
lobsters have been less studied in WA [10, 11]. Spiny lobsters produce sound via a stick-
slip mechanism of stridulation, similar to that of stringed musical instruments [12].  The 
available reports and anecdotal evidence suggest that spiny lobsters produce sounds in 
defence, as a means of resolving territorial or antagonistic disputes and as a mechanical by 
product of feeding. 

Western Rock Lobster (Panulirus cygnus) contribute to one of the largest fisheries in 
Western Australia. The recruitment of the species' puerulus along the WA coast has varied 
considerably over the past ten years and a number of research projects have commenced to 
better understand their movement patterns, ecology and responses to environmental 
changes and threats. As the predominant reasons for sound production in P. cygnus appear 
to be a defence to predators, territorial interactions and feeding [10,11], studying their 
acoustic behaviour provides useful information on their ecology and possibly the 
recruitment of puerulus.  

The aim of this study was to collect preliminary recordings of P. cygnus in captivity 
and describe their acoustic characteristics. These sound will then be compared to 
recordings taken from lobsters caught in pots and in their natural environment to begin to 
assess how this can help us better understand their ecology and possibly use passive 
acoustics to monitor the species. 

2. METHODS

The Department of Fisheries Research Laboratories at Hillarys boat harbour in Western 
Australia, house 12 adult P. cygnus. These lobsters range in carapace length between 8.2 
and 12.1 cm.  Five of these lobsters (four male and one female) were transferred into a 
separate, 2.5 m diameter tank, filled to 1.5 m depth with sea water. During the transfer the 
aeration system was temporarily turned off to remove background noise. As each lobster 
was transferred they were held for around one minute at a depth of 0.5 m, approximately 
60 cm from the side of the tank.  At the same time a High-Tech Industries HTI-min 
hydrophone, suspended at the same depth, 1 m from the lobster, recorded the sounds 
produced.   

The hydrophone receive pattern is theoretically omni-directional in open water [13] 
with a flat response over 8 Hz to 120 kHz and sensitivity 164.1 dB re 1 μPa/V. This was 
connected to an HR5-Jamin Pro recording to uncompressed WAV files, sampled at 96 
kHz. The recording system was calibrated with a white noise generator at -90 dB re 1 
V2/Hz.  

Acoustic data was analysed using a suite of Matlab programs written at the Centre for 
Marine Science and Technology (CMST), Curtin University. Spectrograms were produced 
with a 512-point Hanning window at a frequency resolution of 300 Hz.  The small window 
size resulted in high time resolution, aiding the detection of individual pulses. Given that 
recordings were taken in a tank source levels have not been given and energy below 3 kHz 
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(0.5 m of wavelength) must be considered to be significantly affected by the reverberation 
of the tank walls. 

3. RESULTS 

As each P. cygnus was transferred into the tank it produced the familiar “rasping” 
sounds or "squeaks". They were produced by sliding both antennae (with no established 
preference as to right or left) across a rostrum file [10]. Determining which antennae 
produced the sound would require the removal of one and was considered outside the 
scope of this preliminary study. The results shown here consider signals most likely to be 
produced by one antennae i.e. there is no apparent overlap of pulses in the recorded signal.  

Of the five lobsters two males and the one female produced sound immediately as they 
were lowered into the tank, while the remaining two lobsters did not.  After a few seconds 
all sounds stopped.  Sounds were occasionally produced without warning or when the 
handler adjusted their grip on the individual.  These five lobster have been with the 
Department of Fisheries for multiple years and may have become habituated to being 
handled over this time. 

Each pass of an antenna produced a rasp, comprising a train of 17.6 ± 4.9 pulses with a 
mean duration of 0.132 ± 0.03s. The repetition frequency of the pulses was 132.9 ±1.3 Hz 
(max  = 182.5 min = 112.4) and remained comparatively constant throughout the sound 
(Figure 1). 

Energy was detected over all frequencies (limited to an upper frequency of 45 kHz by 
the 96 kHz sampling rate) with increased levels below approximately 15 kHz (Figure 2).  
The start of individual pulses were more readily distinguished in frequencies above 15 
kHz, most likely due to the effects of reverberation at the lower frequencies. Subsequent 
recordings have shown water level and lobster/hydrophone positioned in the water column 
had significant effect on the received frequency distribution of the sounds. The received 
levels ranges from 124 to 140 dB re Pa, however, these too varied significantly with 
position and water level and therefore only provide an indicative estimate of signal level. 

 
 

 
 
Fig.1: Distribution of occurrence against the number of pulses in a signal (left).  

Relationship between the number of pulses in a signal and the duration of the sound 
(right). 
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4. DISCUSSION 

The recordings of P. cygnus sounds reported here provide valuable information on the 
characteristics of their ‘calls’. Previous reports of frequency distribution put the energy 
from adult lobster signals between 85 Hz to >10 kHz, peaking around 1-4 kHz [11,12].  In 
this study energy was detected over the same frequency band, however, peak frequency 
was highly dependent on tank properties and source/receiver position and so is not 
reported. Duration and number of pulses here were of similar length to previous studies 
[10,11] reporting ranges of 0.06 to 0.22 s duration and  15 pulses per sound for adult 
lobsters. Visual observation in this study suggested that the P. cygnus do not use the entire 
length of their antennae to produce sound as also previously observed by Meyer-Rochow 
[10]. 

All of these recordings, however, have been conducted in tanks, where reverberation 
has inherent impact on the receive levels, frequency distribution and hydrophone receive 
pattern [13,14].  Further experiments will be conducted in open water with adult P. cygnus 
and postpuerulus stage juveniles to accurately determine the frequency distribution, source 
level and possibly directionality of their sounds 

Spiny lobsters produce sound when handled, captured or cornered and reportedly 
produce less noise when visual stimuli is reduced [10].  The call durations reported here 
may be just enough to warn predators of the lobsters' spiny antennae and possibly offer 
interesting information on the predators' hearing.  Many of P. cygnus' predators (large 
teleosts, sharks, octopods, seals) are capable of hearing sounds within the frequency band 
of the sounds produced here. The pulse repetition frequency determines the ‘pitch’ that 
humans associate with the call, likely to be the same with marine animals. In longer calls 
the pulse repetition frequency appeared to decline with duration of stimulation.  As this 
frequency drops the audible ‘pitch’ drops and in other species has been associated with 
fatigue.  If this were to be the case with P. cygnus it is conceivable that any animals 
hearing this change could perceive the frequency drop as the animal tiring. 
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Abstract: 'Vessels of opportunity' are increasingly being used to map habitats and 
abundance of remote and vast fisheries.  The Northern Demersal Scalefish Fishery 
comprises one such area, covering over 200,000 km2 of waters off the northwest coast of 
Western Australia.  The NDSF is Western Australia's largest fishery, in waters between 50 
and >200 m depth, and is fished by seven commercial trap fishing vessels.  In April, 2012 
a Simrad ES70, with 18, 38, 120 and 200 kHz transducers (38 and 120 kHz being split-
beam transducers) was hull mounted on the Carolina M of Kimberley Wildcatch.  A joint 
project, funded by the Fisheries Development and Research Corporation and Shell 
Development Ltd., with investigators from the Centre for Marine Science and Technology, 
commercial fishers and the Department of Fisheries WA aims to map the seafloor habitat 
and water-column abundance throughout the fishery using the vessel's 'time at sea'. The 
objective is to examine areas of high commercial effort for relationships with the different 
acoustic habitats and acoustic biomass. To date over 15,000 km of acoustic data have 
been collected, together with video ground-truth data of habitat, catch and some of the 
ones that got away. This paper will highlight some of the findings so far, the 
advantages/disadvantages of working with industry acquired data and the future plans of 
the project for the next two years. 

Keywords: Multi-frequency acoustics, fish,
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1. INTRODUCTION

The Northern Demersal Scalefish Fishery (NDSF) stretches from southwest of Broome 
to the Northern Territory border in waters off the North West Coast of Western Australia 
(Figure 1), extending out to the edge of the Australian Fishing Zone (200 n.m.) [1]. The 
fishery is notionally split into three areas known as Zones A, B and C (Figure 1 inset, 
coloured blue, red and yellow, respectively), with fishing effort concentrated in Zone B. 
Target species include red emperor (Lutjanus sebae), goldband snapper (Prisipomoides
multidens), other snappers, emperors and cods. Here, these species are typically demersal, 
forming assemblages of varying composition. In 2010-11, 1037 tonnes (t) in total were 
landed in the NDSF, comprising 128 t of red emperor and 487 t of goldband snapper to a 
commercial harvest value of $6 million [1].  In the offshore zones the fishery is limited 
to 11 licenses with 7 vessels fishing, setting between 20-47 traps per day [2]. As a result of 
gear design and catching capacity, and the marketability of most species caught, there is 
limited non-retained bycatch and the fishery has little impact on the habitat overall [2].  

Identifying different seafloor habitats/substrate from echo-sounder data is well 
established [3]. Without ground-truthing, it is possible to identify soft and hard substrates 
[4,5]. With grab samples, it is possible to estimate grain size [6] and identify epi-benthic 
flora (e.g. seagrass) [7]. Multi-frequency techniques have been used to discriminate 
between the ‘frequency response’ of different swim bladders and thus fish types [8]. This 
method, has been carried out in Europe and the US for many years to identify fish type, 
and shown to be effective where schools are a single species [9,10]. This project tests 
these methods in an environment where multi-species, demersal schools occur in an area 
of high biodiversity. 

 

 
Fig.1: Map of Australia and Western Australia with inset of part of the Northern 

Demersal Scalefish Fishery highlighting notional Zones A, B and C by the blue, red and 
yellow zones, respectively and the approximate tracks covered by the fishing vessel 
Carolina M in 2012. Expansion of the vessel tracks at two example fishing sites is also 
shown.

FRDC Project 2011/022 was created to provide "An acoustic assessment of habitat and 
abundance in the Northern Demersal Scalefish Fishery". This collaboration with 
Kimberley Wildcatch, the Department of Fisheries, WA, Shell Development Ltd. and WA 
Fishing Industry Council (WAFIC) is designed to run over a three year period with the 
capacity to be extended to provide an additional tool to monitor the fishery and associated 
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habitats. The paper summarises some of the results from the first year’s worth of data, 
with particular respect to two fishing sites (Figure 1 inset). 

2. METHODS

A Simrad ES70 sonar system, comprising 18 and 200 kHz single-beam transducers and 
38 and 120 kHz split-beam transducers, was hull-mounted on a commercial fishing vessel, 
the MV Carolina M, where it is to be located for a three year period.  System calibration 
was conducted in a swimming pool prior to mounting and repeated at sea with tungsten 
carbide spheres. In 2012, over 15,000 km of seafloor and water column acoustic 
backscatter was acquired, during routine fishing operations. Most of the data collected was 
from NDSF Zone B (typically 70-170 m depth), with some from Zone A and a small 
amount from Zone C (Figure 1, inset).  Ground truth evidence has been acquired with 
sediment grabs and video recordings of traps both on deck and underwater. 

Specific Matlab programs have been written (based on code developed by Rick Towler 
at NOAA Alaska Fisheries Science Center) to evaluate the backscatter and compare values 
between frequencies. For each frequency, the area backscatter coefficient (ABC) for the 
bottom 100 m of the water column was calculated for every 500 pings to reduce the 
volume of data. The backscatter was assessed for spatial and temporal trends and to help 
discriminate between the different types of fauna in the water column different frequencies 
compared, similar to previous studies [8,9,10], to assess the frequency response of various 
scatterers. Acoustic discrimination of these fish is a non-trivial task particularly when 
concerned with multi-species, demersal schools of relatively low abundance, such as those 
in the NDSF. Ground-truth video data and sediment type is being collected for comparison 
with acoustic data.  

3. RESULTS 

Results presented here cover two sites where data was collected in April 2012. The 
spatial relationships between backscatter and habitat, and the frequency response of 
different habitats and substrates are the subject of another paper to be presented. 

Diurnal variation in water column backscatter can be seen in Figure 2, which shows a 
comparison between the ABC values day (a) and night (b) for example Site 1 and the 
mean Sv value versus time of day for the first fishing trip (c, ~12 days of data). There is, 
on average, higher scattering (i.e. more biomass) present at night than during the day. This 
is a result of ‘vertical migration’ that occurs at around sunset and then returns around 
dawn (Figure 2c at around 6 pm and 6 am, respectively).   

The ABC can be used to produce maps identifying biomass ‘hot-spots’ (Figure 2a and 
b). For instance, the high ABC values (red colours) in northwest of Site 1 can be seen in 
the 18, 38 and 120 kHz echograms (example sections shown in Figure 3). Examination of 
the echograms shows three intense, yet morphologically different, regions of biomass near 
the seafloor, which are labelled A, B and C (Figure 3). The mean frequency response has 
been plotted for these three schools. They are all likely to be fish, but with different 
morphologies. Scatterers in School A show a strong response in all frequencies compared 
to Schools B and C. The frequency response from School A is likely to be from large 
swimbladdered fish; whereas, Schools B and C are likely to be from small swimbladder or 
non-swimbladdered fish. Interpretation of the subtle differences in the frequency response 
of Schools B and C requires further ground-truthing.  
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Fig.2: Area backscatter coefficient using the 38 kHz transducer at Site 1 during the day 
(a) and night (b), with a plot of the mean hourly ABC against time for the whole site. 
 

 
 

Figure 3: Echogram for 38 (a), 18 (b) and 120 kHz (c) backscatter at Site 1, with three 
fish schools.  Frequency response (d) for each aggregation with all four frequencies. 

Figure 4 shows more examples of spatial relationships between habitat type and water-
column biomass. At Site 2, there was a correlation between water column ABC and 
seafloor depth (Figure 4a vs. b and d), a well-established driver of fish presence, but also 
with habitat (Figure 4c vs. b and d), both during the day and night (Figure 4b and d). This 
is further supported by echograms from a ‘hot spot’ that shows a topographically feature 
not seen in the charts (Figure 5). Using the frequency response, it is possible to identify 
three different morphological groups in the water column: 1) plankton (where scattering is 
higher in 120 kHz than 38 kHz); 2) small swimbladder fish (where the scattering is highest 
at 38 kHz); and, 3) large swimbladder fish (where there is a high response at 18 kHz). The 
information can then be combined into a composite echogram, (Figure 5d).  
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Figure 4: Site 2 spatial variation in seafloor depth (a), daytime ABC (b), seafloor 
backscatter at 200 kHz (c) and night-time ABC (d). 

Figure 5: Site 2 echograms for the 38 (a), 120 (b) and 18 kHz (c) and a composite 
echogram displaying schools with differing frequency response (d). 

4. DISCUSSION 

Using the Carolina M's "time at sea" meant the acquisition of over 15,000 km of 
acoustic data in 2012, substantially more cost-effective than conducting designated 
surveys. Seafloor features (such as small seamounts) have been observed which have not 
been detailed on charts available to the CMST. So far, the bathymetric and backscatter 
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maps produced have shown significant relationships between depth, seafloor backscatter 
and water-column biomass.  Acoustic 'hot-spots' of high biomass have been detected 
illustrating that in the future this data will be able to relate acoustic biomass to habitat for 
comparison with areas of high commercial effort. Diurnal biomass patterns have been 
observed and related to acoustic habitat types while the use of multi-frequency analysis 
has revealed differences in the concentration of different acoustic groups.  The biological 
composition reflecting these differences is as yet unknown, however, the fact that 
variations can be detected is a promising outcome. Using further information such as time 
and location of survey, water depth, depth of aggregation and seafloor topography and 
substrate these groups can potentially be further subdivided.   
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Abstract: The “excavation” of possible biogenic and other episodic signals in acoustic 
data is being carried out mainly through archiving an enormous number of legacy 
videotapes into digital files recorded for about 20 years at a deep seafloor cabled 
observatory in Sagami Bay in order to utilize them as one of the in situ data for 
developing the remote species identification technology for marine organisms. The 
observatory is composed of several kinds of sensors, including a hydrophone and video 
cameras, and its original purpose was visual observation of biological phenomena mainly 
on benthos living in cold seepage site and multidisciplinary investigation of environmental 
fluctuation on deep seafloor. Acoustic signal observed with the hydrophone has been 
recorded on the soundtrack of videotapes several hours a week with video images of 
seafloor. Sperm whale clicks have been frequently detected throughout the period as 
biogenic sounds. Some other episodic events, e.g. the sound of rocks or pebbles associated 
with mudflow and an episodic sound followed by the sudden action of fish which would be 
biogenic sound were observed. By taking advantage of the multidisciplinary observation 
including visual observation with the observatory, unidentified or even unrecognized 
biogenic or episodic other signals are trying to be investigated. 

Keywords: Cabled observatories, multidisciplinary observation, acoustic signals with 
video images on deep seafloor recorded on videotape, legacy acoustic data, mudflow 
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1. INTRODUCTION

Since the first deployment on the deep seafloor off Hatsushima Island in Sagami Bay in 
1993 [1], JAMSTEC (Japan Agency for Marine-Earth Science and Technology) 
developed several multidisciplinary cabled observatories around Japan. The main object of 
developing those observatories was to observe earthquakes and tsunamis nearer to the 
earthquake source region in the ocean than the observation on land for warning against 
them, and to investigate the fluctuation of environment and/or benthos on deep seafloor 
that might have some relation with the earthquakes or crustal deformation through real-
time long-term multidisciplinary observation with several kinds of sensors [2]. 

Meanwhile the research project “Development of remote species identification 
technologies for marine organisms” founded by Japan Science and Technology Agency 
(JST) as one of  “Core Researches for Evolutional Science and Technology (CREST)” 
started in December 2011 as a five year plan. The project is carried out by National 
Research Institute of Fisheries Engineering in Fisheries Research Agency, Tohoku Gakuin 
University and JAMSTEC. Acoustic data obtained with the hydrophones attached to the 
cabled observatories of JAMSTEC are investigated to utilize as one of the in situ data for 
the remote species identification [3], [4]. 

In this paper, some examples will be reported that were obtained to date through the 
“excavation” of possible biogenic and other episodic signals in acoustic data observed for 
20 years with the cabled observatory off Hatsushima Island in Sagami Bay, as a 
preliminary result of the missions JAMSTEC began to carry out under this project. 

2. LEGACY ACOUSTIC DATA OF OFF HATSUSHIMA ISLAND 
OBSERVATORY

The off Hatsushima Island observatory was installed in September 1993 at a cold 
seepage site on seafloor at the depth of 1175 m about 7 km southeast off Hatsushima 
Island in western part of Sagami Bay, central Japan (Fig.1), where large chemo-synthetic 
biological communities mainly consisted of vesicomyid clams (Calyptogena) exist [1], 
and entirely replaced for upgrade to the present observatory in 2000 [5]. It is composed of 
several kinds of sensors, including a hydrophone (ITC-1010A), video cameras, CTD 
sensor, seismometer in order to observe biological phenomena visually and also to 
investigate multidisciplinary environmental fluctuation on deep seafloor. 

 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: Location of off Hatsushima Island in Sagami Bay observatory. 
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All those data obtained with the underwater unit are transmitted through a submarine 
cable to the shore station in Hatsushima Island. Transmitted acoustic signals were 
recorded on soundtrack of S-VHS videotapes as audible sound, i.e. ranging over several 
kHz in frequency, several hours a week with video images of seafloor before the replace 
of the observatory in 2000. However, since rather large electronic hum noise probably 
associated with AC power supply from the shore station and periodic pulse associated 
with digital circuit noise inside the underwater unit are included, there are some 
difficulties in detecting signals. After the replace those noises were eliminated and the 
acoustic signals have been recorded mainly on DVCAM tapes in the same manner [4]. 
They have also been stored continuously as 200 Hz sampling digital data on 2.6 Gigabyte 
DVD-RAM media, while recording on the soundtrack is done intermittently only when 
visual observation with video camera is carried out. The aim of our mission in the 
“excavation” is to collect fundamental in situ data through archiving an enormous number 
of those legacy videotapes into digital files and archiving the 200 Hz sampling data on the 
old-type DVD-RAM media into hard disk drives. Archiving those data is also important 
because the videotapes degrade over time and the devices to replay the old videotapes and 
DVD-RAM media are going out of production and the opportunities to utilize them are 
being lost. 

3. ACOUSTIC EVENTS IN THE VIDEOTAPE DATA 

In those acoustic signals in the videotapes, sperm whale clicks were frequently detected 
as biogenic sounds throughout the observation period [4]. In spite of rather large electronic 
noise in the acoustic signals recorded on the S-VHS video tapes before replace of the 
observatory in 2000 as mentioned above, the sperm whale clicks could be recognized to 
some extent through careful listening [6]. Not only clicks but echoes were also detected in 
some cases as is shown in Fig.2. The waveforms are high-pass filtered at 1 kHz. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig.2: An example of a series of 220 ms click waveforms followed by echoes observed 

at 12:08 JST on Apr. 22th 1995. 

There are many other unidentified signals. Some of them were identified with the 
observation of video image, for example, the sound of rocks or pebbles associated with 
mudflow. 
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The earthquake of magnitude 5.8 in JMA scale occurred at 02:50 JST on April 21st in 
2006 about 7 km south of the observatory. The earthquake triggered the mudflow which is 
detected as strong bottom current observed with ADCP (Acoustic Doppler Current 
Profiler) attached to the observatory and is observed visually with the video cameras [7]. 
Usually the shore station is uninhabited and daily visual monitoring of seafloor and 
recording on the DVCAM videotape are performed automatically twice a day - at 
midnight and at noon - for 13 minutes at each time. Although the earthquake and the 
mudflow did not occur within the automatic recording time, occasionally the video images 
were recorded on S-VHS videotape continuously until 03:15 JST. Video images showed 
that the mudflow arrived at 02:54 JST, about 4 minutes after the occurrence of the 
earthquake (Fig.3, left). Around the time on the arrival of mudflow, the sound of rocks or 
pebbles falling down the slope was detected (Fig.3, right). These signals might not have 
been recognized without the video images. 

 
 
 
 
 
 
 
 
 
 
 
 

Fig.3: Video image at 02:55 JST, about one minute after the mudflow came in (left), 
and 100-ms waveform of a pebble or a rock falling down the slope around the time on the 

arrival of mudflow observed at 02:53 JST on Apr. 21st 2006 (right)  

In some case, an appearance or a sudden action of fish was followed with episodic 
sound which could be unknown biogenic acoustic signal. An example is shown in Fig.4. 
The episodic sound (Fig.4, left) was observed at 10:14 JST on May 23rd 2003, which is 
followed by the appearance of fish (Fig.4, right). 

 
 
 
 
 
 
 
 
 
 
 
 

Fig.4: 100-ms waveform of a possible biogenic sound observed at 10:14 JST on May 
23rd 2003 (left), followed by the appearance of fish (right). 
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4. LOW FREQUENCY ACOUSTIC EVENTS 

In 200 Hz sampling continuous data, unidentified peculiar low frequency signals, as is 
shown in Fig.5 for example, have been observed that are obviously different from those of 
earthquakes or anthropogenic sources like ship noise or air guns [8]. They sometimes 
continued over hours and had harmonics whose frequency ranges were less than 10 Hz 
that is too low compared to the known vocalizations of baleen whales. They did not 
accompany ground motion that could be observed with the seismometer of the 
observatory. This would indicate that those signals were transmitted not through the 
ground but through the water. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig.5: 30-minute spectrogram and waveform observed at 13:00 JST on Feb. 14th 2003. 
 
The timing that those low frequency signals occurred was compared to the 

environmental data observed with the observatory as is shown in Fig.6. They might have 
some correlation with tide, while they did not correlate with water temperature or bottom 
water current.  Considering that the hydrophone was installed on the heterogeneous seabed 
of cold seepage, this might indicate that they reflect some very local fluctuation of water 
seepage just around the hydrophone. 
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Fig.6: One month profile of water pressure, hydrophone, horizontal water current 

velocity and current direction in February 2003. 

5. CONCLUDING REMARKS 

The “excavation” of possible biogenic and other episodic signals in acoustic data is 
being carried out mainly through archiving an enormous number of legacy videotapes for 
about 20 years at off Hatsushima Island observatory in order to utilize them as one of the 
in situ data for developing the remote species identification technology. While sperm 
whale clicks are prominent and have been frequently detected throughout the period as 
biogenic sounds, some of the other episodic signals are unidentified or there would be 
unrecognized biogenic signals. However, as in the case of mudflows, detection and/or 
identification of episodic signals would be possible to some extent by taking advantage of 
the multidisciplinary observation including visual observation with the observatory. 

6. ACKNOWLEDGEMENTS  

This research was partly supported by JST, CREST.  

REFERENCES 

[1] H. Momma, et al., Preliminary results of a three-year continuous observation by a 
deep seafloor observatory in Sagami Bay, central Japan., Phys. Earth Planet. Inter., 
vol. 108, pp.263-274, 1998. 

[2] R. Iwase and I. Takahashi, Multidisciplinary long term deep seafloor observation 
with cabled observatories in JAMSTEC, to be presented in 1st UAC, Corfu, Greek, 
2013. 

[3] I. Matsuo, et al., Detections of fin whale calls from the Deep Sea Floor Observatory, 
off Kushiro-Tokachi, 2009-2012., JASA Express Letter (submitted), 2013. 

[4] R. Iwase, Sperm whale click sounds recorded on videotapes of a deep seafloor cabled 
observatory in Sagami Bay, Japan., POMA, vol. 17, pp. 070041 (9 pages), 2012. 

[5] R. Iwase, 10 Year Video Observation on Deep Seafloor at Cold Seepage Site in 
Sagami Bay, Central Japan., In Proc. of OCEANS’04 TECHNO-OCEAN’04, Kobe, 
Japan, pp.2200-2205, MTS/IEEE, 2005. 

[6] R. Iwase, Echoes of Clicks and Creaks of Sperm Whales Observed on Deep Seafloor 
in Sagami Bay., In Proc. of USE2011, Kyoto, Japan, 2011. 

[7] R. Iwase et al., Earthquake Accompanied by Mudflow Observed by a Cabled 
Observatory off Hatsushima Island in Sagami Bay in April 2006, In Proc. of UT-
SSC’07, Tokyo, Japan, pp.472-475 (DOI:10.1109/UT.2007.370765), IEEE, 2007. 

[8] R. Iwase and I. Takahashi, Detection of deep-sea current associated with tsunami 
and possible biogenic acoustic signals - Several topics of multidisciplinary observation 
with JAMSTEC cabled observatory, In Proc. of Underwater technology 2013, Tokyo, 
Japan, UT2013-1130, IEEE, 2013. 

1st International Conference and Exhibition on Underwater Acoustics

1618



Session VIII 
Marine renewables 

1st International Conference and Exhibition on Underwater Acoustics

1619



1st International Conference and Exhibition on Underwater Acoustics

1620



 

 PREDICTION OF OTEC UNDERWATER RADIATED NOISE AND 
ASSESSMENT OF NOISE DISTURBANCE ON CETACEANS

Cécile Ducatela, Christian Audolyb, Cédric Auvraya 

aDCNS Incubateur, Immeuble Balise Rouge, 415 rue Jurien de la Gravière, 29200 Brest, 
FRANCE 
bDCNS Research, Le Mourillon, BP 403, 83056 Toulon Cedex, France 

cecileducatel@yahoo.fr +33649386208, christian.audoly@dcnsgroup.com +33498039049 
cedric.auvray@dcnsgroup.com +330229055671 
 
Abstract: The Ocean Thermal Energy Convertor (OTEC) is a marine renewable energy 
system that uses the temperature difference between the cold deep waters and warm 
surface waters to produce electricity. DCNS, a world-expert in naval defence and an 
innovator in energy is currently conducting feasibility studies of a plant offshore 
Martinique under an agreement with the Regional Council. Marine renewable energies 
represent a new anthropogenic underwater noise source. Marine mammals, as other 
marine species, are very sensitive to acoustic waves. Several studies have already shown 
links between human made noise and behavioural changes, as well as physical injuries on 
marine mammals. In this context of environmental impact assessment, DCNS realised a 
preliminary study to predict the potential acoustic impact of an OTEC plant on marine 
mammals, using simulations. The first step was to evaluate the radiated noise of the 
platform using a vibro-acoustic model based on the Statistical Energy Analysis and a 
Transfer Function method. Then, a simplified tool for assessing impacts on marine 
mammals has been developed, considering the specific indicators of sound pressure (SPL) 
and sound exposure level (SEL) experienced by mammals in terms of their functional 
hearing group (type M). 

Keywords: marine renewable energy, noise radiated determination, acoustic impact 
assessment, and marine mammals hearing 
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1. INTRODUCTION 

Numerous marine organisms use underwater acoustic wave to communicate, to 
navigate, orient and feed. This acoustic addiction is vital for them. Changing the ambient 
noise level perturbs their behaviour and for higher noise levels can also directly affect 
their hearing capabilities by producing Temporary Threshold Shift (PTS) or Permanent 
Threshold Shift (PTS) [1] [2]. Scientific committees have alerted governments to these 
potential effects. In an effort to maintain stability of habitats, marine renewable energy 
deployment requires acoustic assessment. Moreover, some regulations are likely to appear 
in the near future, in the scope of the European Marine Strategy Framework Directive 
(MSFD). DCNS, a world-expert in naval defence and an innovator in energy is currently 
conducting feasibility studies of an offshore Ocean Thermal Energy Convertor plant in 
Martinique. In this context, DCNS realised a preliminary study to predict the potential 
acoustic impact of the OTEC plant on marine mammals, using simulations. After 
describing briefly the project, the methodology used to conduct this study is presented in 
this paper, and main results are presented.  

2. PROJECT OVERVIEW 

The offshore site considered for the OTEC project is located a few kilometres off the 
coast of Bellefontaine on the Caribbean coast of Martinique. This coast doesn’t present 
continental shelf contrarily to the Atlantic coast. The maximum depth is about 1300 m. 
The water column is stratified. Consequently, warm sea surfaces are rarely mixed with 
cold deeper water. The thermocline is located about 100-150 m deep.  

Caribbean waters represent a special area of conservation, whose aim is to protect 
marine mammals’ communities. Species protected in this area are presented in table 1. 

 

 

Fig.1: Offshore site considered for the OTEC project 
In summary, the OTEC plant consists in a floating platform (70 m x 40 m), deep 

anchoring (1300 m depth), an inlet and outlet device (cold water pipe intake, warm and 
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cold pipes discharge), (on-board machinery, mainly large flow rate pumps and turbo-
alternators), and a power distribution system connected via a subsea cable. An artist’s 
view of an OTEC system is given on figure 2.  

 

 
 

Fig.2: Artist’s view of an OTEC system 

3. METHODOLOGY: 

3.1. OTEC underwater radiated noise 

At present no OTEC plant has yet been deployed. Consequently, there are no available 
in-situ measurements of underwater noise generated by this structure. The well-known 
noise found in the literature comes from pile driving, seismic activities, etc., but nothing to 
compare to OTEC which consists mainly on continuous noise. For that reason, underwater 
noise radiated by this system will be assessed theoretically using a predictive method 
which is similar to the one used by DCNS to design silent vessels.  

As the OTEC is a motionless structure, only machinery noise is considered. In the 
present study, we consider two noise transmission paths between machinery and the 
outside, which are the vibratory path (transmission to the hull by the internal structures 
and mounting devices of the equipment) and airborne path (airborne noise radiated by 
internal equipment, transmitted into water through the hull). Total radiated noise is 
obtained by summing up the radiated noise levels from each noisy equipment item. For the 
present study, only the noisiest machines have been taken into account in the simulation, 
i.e. the main seawater pumps, the fresh water and ammoniac electro-pumps, the turbo-
alternators, the transformer, and ventilation. Vibratory levels and acoustic power radiated 
from these equipment items have to be determined as well as their transfer functions to 
seawater, using simplified model of the structure based on Statistical Energy Analysis. 

The result of the prediction of underwater radiated noise level as a function of 
frequency is shown on figure 3. Using this prediction, an “Underwater Radiated Noise 
Pattern” is also defined representing the typical noise from the OTEC in the whole 
frequency range of interest. This pattern is used as an input data for the bioacoustic impact 
assessment tool presented below. 
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Fig.3: Predicted OTEC underwater radiated noise level 

3.2. Bioacoustic impact assessment 

The aim here is to estimate received noise levels as a function of distance from the 
source and to determine an indicator of the impact on marine mammals based on noise 
exposure criteria, compared with local background noise.  

Spectral level received by a species (i) at a given distance (RL(f,r)) from the source is 
function of the spectral source level (NS(f), that has been determined in section 3.1), the 
transmission loss (PT(f,r)), the background noise level NA(f) and the hearing marine 
mammals sensibility CP(f). This spectrum level received (RL(f,r)) is given by the following 
equation, where symbol  denotes the signals quadratic sum in power.  

 
)()(),()(),( fCPfNArfPTfNSrfRL     (1) 

 
Then, the global noise level received by species at a distance r is obtained by:  
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      (2) 
At this stage, which is a preliminary study, transmission losses are determined by using 

a spherical spreading law and Thorp formula for attenuation in seawater: 
 

1000/*)()(log20),( 10 RfaRrfPT      (3) 
Where R is the range and a is the Thorp formula  
Marine mammals do not hear equally well at all frequencies. Southall et al. elaborated a 

method based on frequency weighting to compensate the differential frequency response 
of sensory systems for the five functional hearing groups of marine mammals [3]. Noise 
level perceived by cetaceans is compared to thresholds available in the literature. Usually, 
marine mammal sound exposure threshold levels of 180 dB re 1μPa for injury and 160 dB 
re 1μPa for behavioural response from the National Marine Fisheries Services (NMFS) are 
cited [4]. However these values do not take into account frequency, time and hearing 
sensibility of marine mammals. Consequently, we also use thresholds presented in Table 1 
which have been defined by Southall et al 2007.  
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Functional 
hearing group 

Estimated 
auditory 
bandwith 

Non pulses Sound type (SPL dB re.1μPa) Protected cetaceans species 
present on site study BDT TTS PTS 

Low-frequency 
cetaceans (LF) 

7 Hz to 22 
kHz NK 224 230 

SEL = 215 dB re 1*Pa²*s Sperm whale 

Mid-frequency 
cetaceans (MF) 

150 Hz to 
160 kHz NK 224 230 

SEL = 215 dB re 1*Pa²*s 

Short-finned pilot whale 
False killer whale 

Risso's dolphin 
Cuvier's beaked whale 

Humpback whale 
Speckled pantropical dolphin 

Atlantic speckled dolfin  
Big dolfin 

Dolphin of Fraser  
High-frequency 
cetaceans (HF) 

200 Hz to 
180 kHz NK 224 230 

SEL = 215 dB re 1*Pa²*s Dwarf sperm whale 

Table 1: Noise limit criteria for each group, from ref. [3]. BDT = Behavioral Disturbance 
Threshold, TTS = Temporary Threshold Shift, PTS = Permanent Threshold Shift, NK = 

Not known, SPL= Sound pressure level, SEL = Sound exposure level. 

Results for noise exposure of low frequency (LF) marine mammals group along 
distance, for different depths are shown on figure 4. This category of cetaceans is the most 
sensitive to the OTEC noise, as it generates higher sound levels at low frequencies. Figure 
4.a represents noise level perceived from the OTEC system. Figure 4.b represents noise 
level perceived, due to the superposition of ambient noise and radiation from the OTEC 
system in standard environmental conditions (Sea State =2 and a marine traffic index = 4). 

 

 
a : Contribution of OTEC plant only b: Contribution of OTEC into natural condition 

Fig. 4: Noise level received by LF marine mammals depending of the distance from the 
source and for different depths. 

We can see that the ambient noise level perceived by this group is about 96 dB re 1μPa, 
and that the OTEC can be perceived at distance of 5 km, but the level is much lower than 
the NMFS thresholds criteria for marine species. In addition, if we admit a 120 dB 
threshold for noise disturbance, the marine mammals would not be significantly disturbed 
by the plant as long as the distance is greater than 200 m approximately.  

We now consider the SEL criteria, which represent the cumulative effect of noise 
integrated over time. For each hearing groups, time required to reach the critical value of 
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SEL =215dB re1μPa²*s has been computed by taking the maximum noise level perceived 
by each group, considering animals stay all the time inside the studied area under study. 
Results presented in table 2 show that cetaceans hearing in low frequencies are the more 
affected, indeed they could be victims of injuries when staying close and stationnary to the 
OTEC plant during 104 days, contrary to the marine mammals hearing in high 
frequencies, which need more than 3 years to reach the critical value.  

 

 LF Marine 
Mammals 

MF Marine 
Mammals 

HF Marine 
Mammals 

Maximum noise level 
perceived dB re 1μPa 145.3 136.5 134.4 

Time to reach critical value 
of 215 dB re1μPa²s (year) 0.30 2.25 3.65 

Table 2: Impact of OTEC system - SEL criteria 

4. DISCUSSION 

Results of the acoustic impact assessment reveal that the OTEC project into the 
Caribbean Sea should not disturb the behaviour of cetaceans and should not injure them, 
unless they stay permanently at a very short distance from the system. However the noise 
emitted by the structure should be audible over a few kilometres from the source.  

Results have to be handled with a care, as there are no available initial measurements of 
underwater noise radiated by such systems. The tool developed to predict the noise level 
perceived by cetaceans takes in account ambient noise level and transmission loss. 
However, it doesn’t take into account in-situ sound velocity profiles in the present study. 
Thresholds employed to assess acoustic risk on marine mammals are those commonly 
used by scientists. Although numerous studies have documented such reactions, sound 
type, and exposure level cannot fully explain the observed variability of responses. 
Reactions probably also depend on additional factors like age, sex, initial behavioural 
state, environmental conditions and source proximity [4]  
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Abstract: Operating noise generated by an offshore wind farms fits into the descriptor 11 
of the Marine Strategy Framework Directive, and thus the underwater noise emission 
should be regulated. As wind turbines have become larger more vibrations and higher 
underwater noise levels are expected. In this paper a numerical approach is undertaken 
by the use of a finite element code: Ansys. The tower is modelled by a cylindrical shell, 
which is partially immersed. Dimensions and materials are chosen from real cases. This 
paper focuses on the characterization of the underwater noise radiated around the mono-
pile of the wind tower. The influence of the circumferential and length modes is then 
highlighted. Results are presented in terms of sound pressure levels and frequency modes. 
They are confronted with elasticity theory and with previous measurements from water 
tank experiments on acoustic radiation of cylindrical shells. Results are also compared 
with published literature regarding measurements of sound pressure levels carried out in 
offshore wind farms. 

Keywords: Operational noise, offshore wind turbine, experiments, cylindrical shells 
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1. INTRODUCTION

The practical motivations for those studies are the prediction of noise radiated by 
offshore structures, offshore wind turbines particularly. Studies have shown the incidence 
of underwater noise on marine mammals and fishes [1]. Most of the works [2] focus on 
pile driving noise which occurs during the phase construction of a wind farm since pile 
driving noise could reach high sound pressure level. Operation noise is far less important 
but last during the whole life of a farm (i.e. 20 -30 years). Today, very few long term 
environmental impact assessments have been made. One study on fishes has been carried 
out for the Danish farm of Horn Rev 1, over 7 years after the construction [3]. It has been 
said that operational noise is unlikely to have an impact on fishes. Nevertheless, the farm 
contains 80 wind turbine of 2 MW, whereas an average farm contains now 100 specimens 
of 5 MW. Thus, the fast growth of offshore wind farms and the fact that wind turbines 
have become larger still raise concerns about their impact on the marine environment. 
Besides in a more general way, underwater noise emission from vibrating immersed 
structure should be investigated regarding the Marine Strategy Framework Directive. The 
paper here is a preliminary study on the radiation of a cylindrical shell which represents an 
offshore wind tower. A numerical approach is undertaken by the use of a finite element 
code: Ansys. 

2. DESCRIPTION OF THE CASE 

The whole wind tower and the part of the pile which is immersed are represented by a 
unique cylindrical shell whose properties and geometries are summarised in the table 1. 
Dimensions and materials are chosen arbitrary but close to a real case, i.e. a 5MW turbine. 
This shell is partially immersed in water (H: the depth of water). The radius ratio b/a is 
equal to 0.99 with b the inner radius and a the outer radius.  

 
Parameter Value Unit Description 
E 2.0  1011 N.m-2 Young's Modulus 
 0.3 - Poisson's ratio 
 7900 kg.m-3 Shell density 

R 3 m Shell radius 
e 0.03 m Shell thickness 
L 100 m Shell length 
H 30 m Depth 
c 1470 m.s-1 Velocity in water 

w 1000 Kg.m-3 Water density 
 

Table 1: Shell geometry and materials properties of the current case. 

The figure 1 shows an offshore wind turbine and the model used in Ansys. The radius 
of the spherical domain is 100m. The soil is modelled in Ansys by a solid element with the 
properties of rock. The shell is supposed to be clamped at the lower bottom and free at the 

top end. The ring frequency is 
)1(2

1
2

E
R

fr = 280 Hz. The non-dimensional 
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thickness   
12R

e =0.029, so from [4] the number of cutoff frequencies below the ring 

frequency is given by  192/1
rn . This means that the resonances are very dense. 

The modes are first determined in vacuo [5].  
 

   

Fig.1: on the left: offshore wind turbine on a monopile foundation, on the right: the 
basic model. 

For the moment the shell is considered to be fixed on the seabed, so no displacement or 
rotation are allowed at the bottom. The figure 2 shows the pressure field at 15 Hz from an 
harmonic analysis. As expected from assumptions, little sound propagates into the soil. 
The figure 3 represents the pressure levels in 3 different points situated at the same depth.  

 
Fig.2: Displaced structure and pressure field for f = 15 Hz.  

 
Real data measurements in offshore wind farm [6], shows that most of the underwater 

noise is coming from the gearbox. So the next step will be to model the excitation of the 
shell in a more realistic way.    
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Fig.3: Pressure levels in three different points situated at a radial distance of 1, 60 and 

85 meters.
 

3. PERSPECTIVES

It is clear for the moment that the study is rather simple. But the finite element model 
will get more complex. The fact that the link between the shell and the soil is elastic 
should be taken into account. Besides experiments are planned in a water tank with a shell 
which will be at scale. Thus comparisons between measurements and model will be 
possible. 
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Abstract: The drive towards sustainable energy has seen rapid development of Marine 
Renewable Energy (MRE) devices, and current efforts are focusing on the design and test 
of wave and tidal energy converters. The NERC/DEFRA collaboration FLOWBEC-4D 
(FLOw, Water column and Benthic ECology 4-D) is looking at the effect of installation 
and operation of these MRE devices on their environments. A self-contained remote-
sensing sonar platform was built and intended to operate for two weeks at a time. It is 
based on the Imagenex 837 Delta T multibeam sonar (120° × 20° beamwidth, 260 kHz) 
with associated power supplies, instrumentation and data recording devices. The sonar 
faces vertically upwards with the multibeam swath orientated parallel to the strong 
(typically 8 knots) tidal flow. Versatile duty cycling allows acoustic snapshots at specific 
intervals of interest, and synchronisation with a neighbouring EK60 multifrequency 
echosounder, managed and operated by the University of Aberdeen. Range and volume 
backscatter intensity measurements are used to reconstruct the evolution of the 
environment around the sonar. Successful field deployment took place in June 2012 at the 
European Marine Energy Centre test site in Orkney, Scotland, in 32 m of water next to a 
test tidal turbine. The multibeam measurements are analysed for variations around the 
MRE device (within the sonar’s range), on the visible portion of the seabed, in the water 
column and near the turbulent sea surface, as a function of time, tides and other elements. 
Identification and tracking of individual targets (e.g. fish and diving seabirds) as they 
interact with the MRE device and move in the tidal flow, are combined with shore-based 
bird observations and marine X-band radar imaging. 

Keywords: multibeam, Marine Renewable Energies, tidal turbine, environment, 
autonomous recorder 
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1. MARINE RENEWABLE ENERGIES AND ENVIRONMENTAL IMPACTS 

Marine Renewable Energy (MRE) has long focused on offshore wind turbines, and 
wave and tidal energy are now coming to the fore. Ambitious targets for energy generation 
[1] mean that, by 2050, most accessible MRE sources will be fully exploited or very near 
it [1]. Little is known of the general effects of installing and operating MRE structures, 
and impacts on surrounding habitats have been predicted as ranging from benign to 
adverse [2,3]. Syntheses of experiences around the world all highlight the urgent necessity 
for generic and versatile measurement tools [4-6]. MRE developers have also stressed the 
need for an improved understanding of baseline environments [7]. 

The NERC/DEFRA project FLOWBEC-4D (FLOw, Water column and Benthic 
ECology 4-D: http://noc.ac.uk/project/flowbec) investigates these effects at test sites in 
Orkney (European Marine Energy Centre) and in Cornwall (Wave Hub). It started in 
September 2011 and the first field deployment at EMEC took place in summer 2012. The 
project combines long-term measurements from a remote-sensing sonar platform [8], bird 
observations [9], shore-based X-band radar surveys of wave and current data [10] and 
detailed modelling of the flow and water column. It aims at quantifying MRE impacts on 
marine life (fish, mammals, seabirds) and surrounding environments. 

This article describes the self-contained multibeam sonar platform designed and built at 
Bath to image the water column and seabed around MRE devices for deployment periods 
as long as two weeks at a time. Section 2 details the design of the instrument. Section 3 
presents results from the 2012 survey in Orkney. Section 4 presents preliminary analyses 
of the large amount of measurements collected. Finally, Section 5 summarises current 
progress and presents the next steps planned for long-term MRE acoustic monitoring. 

2. MULTIBEAM MONITORING

The design and overall dimensions of MRE structures vary widely [11]. To extract 
more energy, they are generally located in very dynamic environments, with strong and 
continuous currents (e.g. 8 knots for spring tides in the Fall of Warness, Orkney), high-
amplitude waves (reaching up to 17 m at Billia Croo, Orkney), and sometimes both 
currents and waves, in areas showing significant tidal variations. Monitoring devices must 
be close enough to gather meaningful measurements of the surrounding seabed and water 
column, and far enough to avoid affecting MRE extraction or damaging the installations. 
Understanding variations in the baseline environment also requires monitoring for long 
periods of time, for example a full tidal cycle. These requirements make an ideal case for 
acoustic echosounders, and this was the option chosen for the FLOWBEC-4D project. 

Multibeam echosounders have regularly proved their worth for mapping marine 
habitats [12,13]. The Imagenex 837 Delta T multibeam sonar was selected for its low cost, 
ease of use (e.g. direct ping scheduling [14] and straightforward access to raw 
measurements), and previous experience by the Bath team in other challenging 
environments like the Arctic [15]. This multibeam transmits at up to 20 pings/second, at 
260 kHz, and it covers a wide swath of 120°  20°, divided into 120, 240 or 480 beams. 
The operating range can be varied from 0.5 m to 100 m, and adapted in real-time during 
operation. This sonar measures the backscattering strength (in dB) of all targets, relative to 
a nominal source level of 190 dB re. 1 Pa @ 1 m (Patterson, personal communication, 
2012). Pulse lengths vary with the range setting (e.g. 0.3 ms at 50-m range). This range 
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setting will affect the resolution, nominally expected to be 0.2% of the range (e.g. 10 cm 
along the line of sight at 50-m range, and 0.2-0.5 m across-swath). The multibeam is fixed 
to a frame deployed to the seabed, pointing upward at an angle, with the swath orientated 
along the direction of the tidal flow (Fig. 1), and complemented with a Simrad EK60 
multi-frequency echosounder, operated by Marine Science Scotland and the University of 
Aberdeen. Also fully calibrated, the EK60 consists of a 38-kHz 12° conical beam, aligned 
with two 7° conical beams (120 kHz and 200 kHz respectively). Comparison of scattering 
strengths at different frequencies using the Myriax Software Echoview and custom 
algorithms developed at Aberdeen, enable measures of fish abundance and identification 
of species. This sounder has also been used successfully to look at diving sea birds [16]. 

 

 

Fig.1: General setup of the FLOWBEC platform [8]. Left: tidal turbine similar to the 
test turbine monitored in 2012 (from http://www.openhydro.com/images.html).  

The integration of both sonars had to take into account the intended first deployment, 
meaning the platform had to be stable in 8-knot currents, stay on the seabed and 
continuously acquire data for 14 days or more, be ready for redeployment within 24 hours 
of recovery to capture the next tidal cycle, and manage communication, power sharing and 
synchronisation of the two sonars. Additionally, the local conditions in Orkney meant the 
deployment/recovery windows at slack tide could last only 20 minutes at most. These 
challenging requirements were met by using a stainless steel frame of dimensions 3.2 m  
2.9 m  1 m, weighing 3,400 kg in air (2,500 kg in water). Power to the multibeam sonar 
was supplied by five 220-Ah sealed lead acid batteries connected in parallel and housed in 
stainless steel housings on the base of the frame (10 housings overall, with 2 batteries 
each). Batteries can be recharged in situ for fast redeployments. Multibeam operation and 
data recording is performed with a VIA ARTiGO A1100 x86 computer with a 120-GB 
solid-state disk. The EK60 is configured to transmit at 1 ping/second, and a synchronising 
pulse is transmitted to the multibeam control computer and read by a NI USB-6008 
acquisition board. Custom LabVIEW code interfaces with a custom-compiled version of 
the Imagenex control software. A series of 8 pings spaced 90 ms apart are scheduled in the 
remaining fraction of a second before returning control to the EK60. Regular clock 
synchronisation between the devices and with the frame’s inclination sensor is associated 
with power and acquisition monitoring. Data download and diagnostics are possible 
without opening the pressure vessel, using Wi-Fi or wired Ethernet controller connections. 
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3. TIDAL TURBINE SURVEY 

The FLOWBEC frame and sensors were successfully deployed in June 2012 at the 
European Marine Energy Centre (EMEC) test site for tidal energy in the Fall of Warness 
(Orkney, Scotland). Deployment was achieved in winds of 10 mph, with gusts at 20 mph, 
using a hydraulic release and positioning the frame approximately 20 m from the 
OpenHydro Stationary Turbine in a water depth of 32 m. Acoustic inclination feedback 
was used throughout deployment to check for correct siting of the frame on the seabed 
before its release. It was recovered after 14 days. Typical raw data is presented in Fig. 2, 
with analysis regions corresponding to the turbine and surrounding seabed, the water 
column (conservatively delineated at first), the sea surface (varying in height and extent 
depending on tides and surface conditions, e.g. wind and waves). Two targets 
(highlighted) are detected on previous and later frames, and from their behaviour, are 
tentatively identified as diving sea birds. More than 4.5 GB/day were acquired throughout 
deployment, for the multibeam alone. This is complemented with continuously logging 
several times per second of frame inclination (pitch and roll angle) and water depth. 
Multibeam measurements are analysed in conjunction with data from the EK60 mounted 
on the same subsea frame (Fig. 1), bird observations (from two observers on neighbouring 
Eday) and radar measurements of the sea surface around the site (decimetric resolution), 
including periods well before to well after the frame deployment. These datasets therefore 
provide a complete understanding of the full environment around the turbine. 

 

 

Fig.2: Example data from the multibeam echosounder (MBES) (see text for details). 

4. ANALYSES OF LONG-TERM MEASUREMENTS  

The large amount of multibeam data acquired during this first deployment has been 
processed with a suite of custom playback and analysis software written in LabVIEW and 
MATLAB. Radiometric corrections are used to assess the quality of individual acoustic 
frames and detect any acoustic interference from the EK60 (later steps will focus on 
filtering out this easily identifiable noise, visible as a strong, radial echo at mid-range). 
Analyses are focusing on three main regions (Fig. 2): the turbine and the seabed 
immediately surrounding it, a conservatively defined area corresponding to the water 
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column, and the sea surface. Different types of variations, with times and other factors, 
can already be analysed and related to concurrent radar and visual observations (Fig. 3). 

 

 

Fig.3: Acoustic variations can be analysed for short periods, enabling the tracking of 
animals in the water column: (a) a 7-second tracking of a single individual, swimming 

with the tidal flow and tracked over 10 m. Acoustic variations can be analysed for longer 
periods: (b) correlation with tide speed and direction over a 12-h tidal cycle. 

Tracking individual targets is possible, based on their reflections as they move through 
the multibeam’s field of view. Fig. 3a shows a 7-second period (i.e. 49 acoustic frames 
after quality checks). The returns are coloured according to the time over which they have 
been observed: the turbine and seabed, observed consistently, are for example in red. The 
target, moving approximately 8.5 m above the seabed, was tracked over 10 m. The tide at 
this time was flowing at a slight angle to the multibeam swath, explaining why the target 
enters and leaves the acoustic swath. Measures of target intensities, along with swim speed 
and characteristics (e.g. directionality, minimum and maximum depths, general behaviour) 
can be combined with the EK60 fish recognition tools and shore-based radar and visual 
observations (for birds and surfacing mammals). This can be achieved for all individual 
targets identified throughout the deployment, and general behaviours, population densities 
and other patterns can be summarised for types of animals, depending on conditions and 
proximity to the turbine, before being integrated into more general biological models. 
Acoustic returns, for larger or specific, smaller areas, can also be analysed over longer 
periods (Fig. 3b) and correlated with tide speed, direction and hydrodynamic models. 

5. CONCLUSIONS – NEXT STEPS 

The Imagenex multibeam sonar provides high-resolution range and backscatter 
measurements of the seabed, mid-water environment and sea surface around the test tidal 
turbine monitored during the 2012 deployment. The high sampling rate (8 times per 
second) and high spatial resolution (decimetric) are now used for the full analysis of the 
interaction of an MRE structure with its immediate environmental, over a period of two 
weeks (a full tidal cycle). Current work is concentrating on technical improvements to the 
sonars integrated on the FLOWBEC-4D subsea platform (e.g. optimisation of ping 
scheduling), refinements of the processing software and identification/tracking of fish, 
marine mammals and diving sea birds, in conjunction with the other measurements 
available. These results will be directly used by ecologists and ecosystem modellers.  

The challenging environment around MRE devices tested at EMEC is making them an 
ideal proving ground for this approach. Additional long-term deployments are now 
scheduled for spring/summer 2013 at a tidal test site and a wave energy test site, also at 
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EMEC. With short deployment times (< 20 minutes), short turn-around times between 
successive deployments (< 24 hours) and long deployment possibilities (> 14 days with 
current power options), the FLOWBEC-4D frame and its acoustic sensors can be adapted 
to a large variety of other MRE devices around the world, potentially at any depth. 
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aSaab Dynamics AB  

Bo Lövgren, Saab Dynamics AB, SE-581 88  Linköping, Sweden, fax +46 13 18 10 51, 
bo.lovgren@saabgroup.com 

Abstract: Former Saab Underwater Systems is today a natural part of Saab Dynamics,
situated in Linköping. During the merge, the major premises were changed from Motala 
to Linköping, which made it necessary to build a completely new test tank. This paper 
describes the work involved and the resulting installation, as well as plans for the future. 

Keywords: Test tank, sonar testing. 

1st International Conference and Exhibition on Underwater Acoustics

1641



 

1. INTRODUCTION

Saab Underwater Systems in Motala, Sweden, has been producing homing systems for 
torpedoes since 1970, which has involved the need for accurate measurement of sonar 
characteristics. For that reason, an underwater acoustic test tank was built on-site, in order 
to keep classified parameter information properly confined. The tank was designed almost 
like an indoor swimming pool covered with ceramic tiles, situated in a separate building. 
This tank was approximately 6 m long, 4 m wide and with a water depth of 3.5 m. The 
tank was lowered in a way that resulted in a surface level of 1 m above the floor, resulting 
in the need of a wall around the top of the tank. The original handling system was situated 
on a bridge on top of the tank, as shown in Fig.1, allowing two degrees of freedom for the 
test object (yaw and roll). Because of the small dimensions and the high reflectivity of the 
walls, pulsed measurements have been used already from the beginning. 

 

 
 

Fig.1: Original test tank in Motala, covered with tiles. 

2. DESIGNING A NEW TEST TANK 

In the beginning of 2010 it was decided that the major part of Saab Underwater 
Systems should move from Motala to Linköping, in order to become an integrated part of 
Saab Dynamics. The actual date for starting in Linköping was set to September 2011, 
which gave little time for planning a new test facility. The real challenge showing up was 
to build up a new test tank in an existing building in connection to the office building. 
Since there was no possibility to lower the tank below floor level, it was soon decided to 
use a modular Braithwaite-design, as shown in Fig.2. 

 
The space allowed resulted in a tank that is a little bit shorter, narrower and shallower 

than the original, also resulting in a need for shortening the bridge over the water surface. 
The move also resulted in an update of the handling system – the Test Rig, shown in 

Fig.3 – in order to enable three degrees of freedom: yaw, pitch and roll. To allow for a 
rotation of ±90º around each axis, a system of movable frames is used – controlled by a 
servo-system.  
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Fig.2: Building a new test tank, using Braithwaite-modules. 

 
 

Fig.3: Test Rig with adapter for the test object. 

Normally the test object is mounted in the Test Rig in such a way that the yaw and 
pitch axes lies in the plane of the transducer array, in order to allow for direct 
measurement of beam patterns without any further corrections. This is fully possible as 
long as the array size is small related to the array to hydrophone distance (i.e. plane wave 
conditions can be assumed). 

3. CORRECTIONS FOR TANK AND TEST RIG GEOMETRY 

When larger test objects are to be handled, the plane of transducers will not coincide 
with the axes of rotation, leading to a change of distance R between the Transmitter 
Hydrophone and the acoustic centre of the Sonar Array during rotation, as illustrated in 
Fig.4.  
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Fig.4: Movement of the acoustic centre during rotation. 

This change of distance leads to a change in level and phase, due to the variation of 
transmission loss and time-of-flight, which has to be corrected for. In addition, a large 
array will impose a disruption of the plane wave criteria for peripheral elements, which 
also has to be corrected for. For systems with inherent beam-forming this correction is not 
possible to perform, while it is when characterizing individual transducer elements.  

 
The solution is to introduce synchronous complex digitalisation of each transducer 

element signal, which enables measurement of amplitude and relative phase as a function 
of rotation angle.  

4. EXAMPLES OF ARRAY MEASUREMENTS 

Fig.5 shows the result of phase measurement of individual transducer elements in a 
large array as a function of rotational angle. The phase angle zero reference is arbitrary, 
but is supposed to be equal for all elements at zero angle of rotation, making the centre 
elements acting as reference for further calculation. 

 

 
 

Fig.5: Phase variation due to rotation. 

 

Test Object 
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R
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The next step is then to eliminate the effect of rotation, by using second order 

polynomial curve fitting for each element curve to eliminate the trend. The result is shown 
in Fig.6, which synthesizes the effect of rotation around the centre of each single element, 
assuming equal phase at zero rotation (i.e. in the direction towards the hydrophone). 

The result will show the effects of the acoustic window and its supporting structure 
upon the response of each transducer element. 

 

 

Fig.6: Trend eliminated phase variation due to rotation. 

Using the curve fitting information from the trend elimination, phase can be converted 
to time in order to use the recorded data from the measurement for beamforming tests. 
Fig.7 shows the result of applying weighted time-delay beamforming on the recorded data 
to form 40 equi-distant beams between –60º and +60º without any additional correction 
than time adjustment. The figure shows two phenomena that have to be taken care of when 
using this array in a sonar application: 

1. The reduced beam levels for beams far from the axial direction, caused by the 
beamform of the individual elements.  

2. The sidelobe level (here  –30 dB), which is a result of the phase and amplitude 
differences between elements. 

Both these effects can be reduced by introducing further corrections in the 
beamforming software, which is however outside the scope of this paper. 
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Fig.7: Beamforming by the use of recorded data. 

5. PLANS FOR THE FUTURE 

Even if the new Test Tank is large enough for most normal sonar array measurements, 
there is now and then a need for testing even larger objects. For that purpose there is a 
second Test Tank in an adjacent building, shown in Fig.8, which is normally used for 
ROV-testing (Remotely Operated Vehicles). Because of that, there is no room for any 
fixed hydroacoustic installation, which emphasizes the use of more flexible equipment.  

 

 
 

Fig.8: Larger tank for ROV-testing. 
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Abstract: At measurements of the phase response of hydrophone sensitivity by the 
reciprocity method the problem of high accuracy estimation of the distance between 
transducers appears. It is related to the fact that transducers are physical bodies of a certain 
size and shape, not geometrical points. During the calibration by reciprocity method the 
hydrophone under test should be rotated at 180º for orientation its reference direction at the 
projector. For the precise measurement of phase response it is necessary that the hydrophone 
not shifted relative the initial position after rotations. The way of positioning of the calibrated 
hydrophone by laser beam, as proposed in the NPL, provides the measurement of the phase 
angle of hydrophone sensitivity for the hydrophone geometric center. The procedure of free-
field complex hydrophone calibration by reciprocity method is considered in the report. The 
modulus and phase angle of hydrophone sensitivity for the hydrophone acoustical and 
geometrical center as also a value of spatial shift of the hydrophone acoustic center relative 
to the geometric center are shown as a result of proposed method. The method used the 
standard scheme of arrangement of transducers in a line, when the hydrophone under 
calibration situated between reversible transducer and projector. By providing the 
permanence of spatial position of the hydrophone before and after the turn at 180º the phase 
angle of hydrophone sensitivity for its geometric center is measured. Additionally the 
difference between time delays of signals received by hydrophone before and after the turn is 
estimated. Phase shift, proportional to the obtained difference of time delays at frequency of 
calibration, is used as a correction for obtaining the phase response for the hydrophone 
acoustic center. Examples are given and results of the hydrophone calibration for its 
geometrical and acoustical centers are discusses. 
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Introduction 
 

The development of underwater acoustic technologies highlights the problem of 
measurement of phase response of underwater sound transducers. The measurement of 
hydrophone phase response is included in “Classification of services in Acoustics, Ultrasound 
and Vibration”. National standards of countries leading in underwater acoustic provide either 
phase or complex calibration of transducers and confirm such ability by international 
comparisons [1]. In recent years VNIIFTRI making efforts to solve the problem of the phase 
calibration of underwater sound receivers at the primary standard. The development of such 
standard requires absolute phase calibration methods described in the recommendations of 
IEC 60565 [2]. 
 
 
The free-field phase calibration by reciprocity method 
 

The phase angle of free-field sensitivity is a difference of phases between open-circuit 
voltage of hydrophone and acoustic pressure in the point of hydrophone acoustic center 
before the hydrophone being placed in the sound field. The phase angle of the free-field 
complex hydrophone sensitivity HMargj

HH eMmodM  is represented as the phase factor 
(argument) HMarg  [2]. Traditionally, the standard procedure of reciprocity method allows 
to obtain the hydrophone free-field sensitivity by measuring modulus of transfer impedances 
of projector-receiver pairs. By adding of phase angle measurements to the standard procedure 
the phase sensitivity can be determined. The expression for a phase angle of sensitivity can be 
obtained from formula for complex hydrophone sensitivity [2]: 

42
1

PTTHPHPTTHPHH dddkMarg . (1)

The right part of (1) includes: PHPH Zarg , THTH Zarg , PTPT Zarg  – phase 
angles of complex transfer impedances for projector - reciprocal transducer pair PHZ , 
reciprocal transducer - hydrophone pair THZ  and projector - hydrophone pair PTZ ; kdPH, 
kdTH, kdPT – phase incursions of sound wave at its propagation from projector to receiver, 

2k  – wave number;  – wave length; dPH, dTH, dPT – distances between acoustic 
centers of projector and receiver. 

The phase angle of complex transfer impedance is obtained as the phase difference 
between the hydrophone output voltage and the projector current by measuring electrical 
values only. It is not so difficult to measure the phase difference. But at calculating of phase 
incursions of sound wave it is necessary to determine accurately the sound speed. Besides, 
the problem of accurate estimation of distances between acoustic centers of transducers is 
raised up because they are physical bodies of a certain size and shape, not geometrical points. 

 
 

The method of motionless reference point 

There are a lot of methods described in literature which allow to reduce the uncertainty of 
hydrophone phase calibration. For example, the Luker - Van Buren method [1, 2] allows to 
overcome the problems associated with the necessity to precisely measure the sound speed 
and the distance between acoustic centers of transducers. 

The method based on hydrophone disposition between projector and receiver on a straight 
line. Such arrangement at Fig. 1 is provided the condition performing: sum of distances 
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between acoustic centers of pairs projector - hydrophone and reciprocal transducer - 
hydrophone is equal the distance between projector and reciprocal transducer, i.e. 

0  d - d  d PTTHPH . 
 

 
 

Fig. 1: Transducers arrangement by the Luker- Van Buren scheme. 
 
In this case formula (1) can be simplified: 

42
1

PTTHPHHMarg , (2)

because distances between acoustic centers and speed of sound do not included explicitly in 
the right side of formula (2). 

It should be note that applying of Luker - Van Buren scheme does not guarantee the 
measurement of phase sensitivity for acoustic center of hydrophone. Because at the 
measurements by the reciprocity method it is required to orient the calibrated hydrophone by 
its reference direction either on reciprocal transducer or projector. For accurate measurement 
of phase angle it is necessary that the acoustic center of hydrophone has been situated on the 
rotation axis and has been unchanged relative to reference position at hydrophone rotation. 
Otherwise, the phase sensitivity does not defined for the acoustic center, but for some 
reference point – the intersection of the rotation axis of the hydrophone with the line of 
arrangement of transducers, i.e. for point with unchanged position at hydrophone turning. 

An example of a successful realization of measurements with using of the Luker - Van 
Buren scheme, under the assumption that the acoustic center of the calibrated receiver 
coincides with its geometrical center, is the standard facility of the National Physical 
Laboratory in UK [1]. Constant position of the geometric center of the calibrated hydrophone 
is provided by a laser beam and positioning system with a small step of movement. 

More generally, this approach was used in the 80s of the last century in VNIIFTRI and 
was named the method of motionless reference point. At the rotation of the receiver it was 
provided an immobility of the reference point, located outside of the receiver. Such approach 
has ensured an accuracy of assembly of a multiple-receiver system. Using scheme from Fig. 1 
the phase angle was obtained for the outside reference point which position was been similar 
for all elements of the receiving system. 

The above considered method of phase calibration of underwater sound receiver is an 
alternative for the method of motionless reference point and use the Luker - Van Buren 
scheme too. 
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The phase calibration for the acoustic center of the hydrophone 
 

The reciprocity method allows to measure the phase sensitivity for the acoustic center of a 
hydrophone without involving the information about a distance between acoustic centers of 
projector and receiver. This remarkable property is suitable for the wide class of the acoustic 
receiver. Requirement to measure this distance assumes, at a minimum, the presence of the 
acoustic center of each transducer. We shall consider that the position of the acoustic center 
of the hydrophone under test relative to its geometric center unchanged when the direction of 
signal receiving is changing from reference to the opposite. 

Let us consider the procedure of phase calibration by the reciprocity method for 
hydrophone acoustic center at time selection of tone pulse. With measurements of the phase 
angle of transfer impedances PHZ  it is necessary to store oscillograms of component of 
hydrophone output voltage before )t(uPH  and after )t(uPH  the hydrophone rotation. From 
these oscillograms the change of time delay between signal transmission and reception is 
estimated when the receiving direction of hydrophone is reversal. If the different between 
time delays is zero then the position of acoustic center of hydrophone relative the projector 
and transducer at its rotation is unchanged. In this case distances between acoustic centers are 
excluded from measurement formula. But these distances are necessarily used for calculation 
of sensitivity modulus. In the considered situation uncertainties associated with the distance 
between acoustic centers have no effect on measurement accuracy. 

If time delay is changed on t then it is mean that the position of the acoustic center is 
changed after the turning. In this situation at the phase sensitivity calculation instead of the 

summand  )d - d  k(d PTTHPH  the correction on acoustic center shift 
2

t  is used: 

42
1 tMarg PTTHPHH . (3)

Considered method allows to determine the phase sensitivity for hydrophone acoustic 
center without using of distances between acoustic centers of projector and receiver. The 
method is simple in realization and does not lead to errors of phase sensitivity measurement 
when acoustic and geometric centers of calibrated hydrophone do not match. It should be 
noted a disadvantage of method, though the measured phase sensitivity is "linked" to the 
acoustic center of the hydrophone, itself position of the acoustic center is unknown. 

 
 

Determining position of the acoustic center of the hydrophone 
 

It is easy to overcome this disadvantage based on assumption stated above. If we shall 
exclude the shift of geometric center of hydrophone at its turning the time delay t we can 
use not only for correction of phase sensitivity but for calculating the shift of acoustic center 

r relative to the its geometric center by formula: 

2
tcr , (4)

where c is a speed of sound in water. 
Proceeding from the definition in IEC 50(801) the acoustic center is the center of a sphere, 

which is the front of the sound wave. But in most cases the law of 1/r is used for determine 
the position of acoustic center on the axis of hydrophone movement relative to the projector. 
The above described method also allows to define the position of acoustic center on the line 
of transducers arrangement. Although this method provides significantly accurate results, it 
does not allow to determine the distance of the far field in contrast the law of 1/r. 
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Experiment results 
 

Described method for phase calibration has been used at calibration of hydrophone of type 
TC4035 in reverberant water tank in frequency range from 160 up to 500 kHz. At calibration 
the positioning of geometrical center of hydrophone was performing by a laser beam. 

Consequentially the cosine )tcos()t(x 0  and sine )tsin()t(x~ 0  components of the 

complex tone-burst signal tje)t(x 0  were emitted at calibration. For each component )t(x  
and )t(x~  the receiver output voltages )t(uPH , )t(u~PH  and projector currents )t(iP , )t(i~P  
has been measured. Result of such measurements has been considered as a complex receiver 
output voltage )t(u~j)t(u)t(u PHPHPH  and projector current )t(i~j)t(i)t(i PPP . 
The complex transfer impedance )t,(z~j)t,(z)t,(Z PHPHPH 000  of the projector-
receiver pair has been obtained as a ratio: 

)t(i
)t(u)t,(Z

P

PH
PH 0 . (5)

Time dependences of modulus 2
0

2
00 )]t,(z~[)]t,(z[)t,(Z PHPHPH  and phase angle 

))t,(z/)t,(z~(arctg)t,( PHPHPH 000  of transfer impedance have been calculated. The 
procedure of complex transfer impedance measurements is shown at Fig. 2. 

 

 
 

Fig. 2: Measured components of the projector current (a), the output voltage of the receiver 
(b), the modulus (c) and the phase angle (d) of the transfer impedance of the projector – 

receiver pair. 
  
Result of measurements of phase sensitivity of hydrophone TC4035 at different distances 

between transducers is shown at Fig. 3. They are averaged respect to distances values of the 
phase angles for the acoustic and the geometric center of the hydrophone. Results, obtained at 
the positioning of the geometric center of the hydrophone by the laser beam, are presented by 
dependence 1. Results, obtained with using of correction for the acoustic center displacement, 
are presented by dependence 2. For each dependence the measurement uncertainties are 
shown. At the analysis of the uncertainty budget it was defined that components associated 
with the measurements of the electrical signals are not significant relative to the whole 
measurement uncertainty. The main contribution to the measurement uncertainty made by the 
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repeatability of the position of the hydrophone geometrical center on the one side and the 
accuracy of measurement of the shift of time delay from the other side. Presented data allow 
us to conclude that the use of correction has provided significantly smaller dispersion of 
results as well as less dependence of measurement results dispersion with frequency. 

 

 
 
Fig. 3: Phase responses of hydrophone of type TC 4035 measured: 1 – for the geometric 

center of the hydrophone, 2 – for its acoustic center. 
 
Reason for the increase deviation of the curves 1 and 2 with an increase in frequency can 

be either systematic error in positioning by the laser beam or the displacement of the acoustic 
center of the hydrophone relative to its geometrical center. To estimate the possible 
displacements for each experimental frequency were calculated the phase angle difference (as 
residual between dependences 1 and 2), the time interval and the estimation of shift. Values 

, t, d are shown in Table 1. Based on the data, we can assume that the shift of the 
acoustic center of the hydrophone TC 4035 relative its geometric center was about 105 m. 

 
Frequency, kHz , degree t, s d, mm 

160 9.0 0.16 0.11 
180 9.9 0.15 0.10 
200 11.0 0.15 0.11 
220 12.1 0.15 0.10 
250 13.9 0.15 0.11 
280 15.1 0.15 0.10 
315 16.0 0.14 0.10 
360 18.2 0.14 0.10 
400 22.3 0.16 0.11 
450 24.5 0.15 0.10 
500 28.9 0.16 0.11 

 
Table 1: Result of estimation of the displacement value of the acoustic center of the 

hydrophone. 
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Conclusions

As a result of works carried out in the NPL and presented in this paper the use of the 
Luker - Van Buren scheme for the phase calibration of underwater sound receivers can be 
considered quite acceptable and the described methods are promising. But, like any new 
techniques they require further research and comparison with results from other laboratories. 
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Abstract: When training personnel in ASW (Anti-Submarine Warfare), or testing active 
surveillance sonar, a real submarine is the preferred target. However, in most flotillas, 
submarine time is a scarce commodity, which inflict on the training programme. Similarly, 
in the development of new active sonar, there is a need of targets to test the performance 
of new designs. 
In order to overcome the problems of not having access to real targets, the recently 
developed FASTER (FOI Active Sonar Target Emulator and Echo Repeater) system can 
be used. The system is built using a buoy with telemetry, computer and battery pack in the 
main unit. Beneath it there are receiver and transmitter units, mounted on a rod with 
baffling to avoid acoustic cross-talk between transmitter and receiver.  
The controlling software is built using a novel call back function which makes it possible 
to process received data and send a repeater signal within 5 ms for a C++ program, and 
within 12 ms for a Matlab routine. The routines for echo repetition developed so far has 
the capability to emulate a target with Doppler, and an active signature which varies with 
the simulated aspect angle. 
Besides active target emulations, it is possible to use the FASTER system for many other 
purposes such as a passive sonar target simulator, for measurement and surveillance and 
for REA (Rapid Environment Assessment). It is also a valuable research utility with many 
uses for e.g. development of torpedo counter measures.
The telemetry unit makes it possible to control the behaviour of the buoy remotely, which 
is very useful in training situations, allowing an instructor to change the echo response, 
e.g. to simulate a submarine changing its aspect angle or speed. 

Keywords: Active sonar, repeater, active target, passive target 
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1. INTRODUCTION

When training personnel in ASW (Anti-Submarine Warfare), using active surveillance 
sonar or doing torpedo exercise, a real submarine is the preferred target. This is particular 
the case for ASW with variable depth active sonar (VDS), where the operator has to select 
the right depth, the right pulse and so on. However, in most flotillas, submarine time is a 
scarce commodity, which inflict on the training programme. Similarly, in the development 
of new active sonar, there is a need of targets to test the performance of new designs. 

In order to overcome the problems of not having access to real targets, the recently 
developed FASTER (FOI Active Sonar Target Emulator and Echo Repeater) system can 
be used. This system can simulate both passive and active sonar targets. It can also act as a 
surveillance buoy with a very large frequency range. 

In this paper we give a short description of the FASTER system. The design objectives 
are described in chapter 2. In chapter 3 we depict the hardware architecture of the system. 
The software is described in chapter 4, and in chapter 5 we give examples of applications. 

2. DESIGN OBJECTIVES 

The most demanding task for the FASTER system is echo repeating with high source 
levels. In addition these capabilities should be available over a large frequency range, 
covering all active sonar systems operated by the Royal Swedish Navy (RSwN) except 
mine hunting sonar, i.e. including torpedo homing devices. 

The main features of the systems are: 

Free floating, battery powered buoy. 
Full power transmit time 1h. 
16 h operational time using low transmit duty cycle. 
Max operational depth 100 m. 
Remote control over a radio link at distances up to 1000 m, with data rate > 1 
Mbit/s. 
Windows based data acquisition and control system. 
A/D and D/A converters with 24 bit resolution, 192 ksample/s. 
Electrical cross-talk < -90 dB. 
Acoustical cross-talk < -60 dB. 
Preamp shall have adjustable gains of 0, 30 and 60 dB, with an optional high 
pass filter. 
Transmitter source level > 195 dB re 1 Pa @ 1m. 
Response time in repeater mode < 5 ms. 
Easily reconfigurable software with support for both Matlab and C++. 
Continuous recording of both incoming and outgoing signals. 
GPS positioning. 

3. HARDWARE 

The Faster hardware is comprised by the following components (fig 1): 
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The surface unit with a Windows based computer, GPS, a radio link (WLAN), 
a battery pack and a flotation unit. 
The receiver unit with pre-amp, A/D converter and hydrophone. 
The transmitter unit with secondary battery pack, D/A converter, power 
amplifier and transducer. 

 

 

Fig.1: The Faster hardware parts. 

In a repeater the cross-talk (both electric and acoustic) is always a problem. Therefore 
no analogue signal are transmitted in cables, all signalling is digital, with A/D and D/A 
conversion in the same units as the receiver and transmitter.  

The secondary battery pack in the transmitter unit is used as a buffer, in order to 
minimize the current in the cable connecting it to the main battery pack. During 
transmission most of the power is taken from the secondary battery pack, which is then 
recharged in the pauses between transmissions. 

The requirement of 60 dB acoustical cross-talk is fulfilled by a special design of the 
underwater unit, with an acoustical shielding of the transmitter from the receiver. The 
details of this shielding are classified. 

1st International Conference and Exhibition on Underwater Acoustics

1657



 

4. SOFTWARE

The FASTER software is built on separate modules or processes, which are optimized 
for each task. The main modules are: 

High speed data acquisition (192 ksample/s) with a call-back routine with short 
response time (< 5 ms). 
Continuous recording of both incoming and outgoing signals. 
GPS-logger. 
Signal detector which analyses the incoming signal for special features, 
depending on application. 
Signal generator which produces the output signal according to the selected 
scenario. 
Off-line simulator. 

An important goal for FASTER is that it should be useful in many different 
applications. Therefore the software must be easily reconfigurable. This is achieved by a 
configuration file, which is read by the data acquisition process at start. Although this file 
can be edited in a text editor, we have constructed a GUI (Graphical User Interface) to 
make it easier for the user to select the various options and parameters for the different 
applications. 

The key feature of FASTER is the short response time for the call-back routine, less 
than 5 ms. This means that an echo can be generated with a position just 4 m behind the 
system, a feature which is important in some of the applications. 

The possibility to use Matlab is useful in a research environment, as most signal 
analysis algorithms are first prototyped in Matlab. Algorithms that need the very shortest 
response time are then translated to C++, but most often the Matlab version gives 
sufficient performance. 

The off-line simulator is a useful tool when developing new algorithms. It uses signals 
already recorded at field trials in play-back, and a timer call-back to simulate real time. In 
this way the code can be optimized and fine-tuned, without the need to do a  new field 
experiment.  

In operational use the FASTER is controlled over the radio link using a remote desktop 
connection with a standard WLAN protocol. If the radio link drops, FASTER will 
continue to operate in a fall-back mode, using the last configuration file. 

5. APPLICATIONS 

As mentioned above the most outstanding feature of FASTER is the possibility to 
reconfigure the system in real time. This is very useful in e.g. ASW training situations, 
where the teacher can change the behaviour of the FASTER response to mimic the way 
the submarine signature is changed when the submarine manoeuvres in order to avoid 
detection. 

5.1. Active Target Simulator 
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The possibility to simulate an active target is the most important application of the 
FASTER system, especially for ASW training. The software developed so far can simulate 
a submarine with a certain speed, distance, depth and aspect angle, by calculating Doppler, 
time delay and using a data base with echo structures and target strengths. 

FASTER can operate at frequencies used by torpedo homing devices, which is very 
useful for torpedo exercises, as no submarine then is needed to train the torpedo operator.  

The transmitter and the receiver in the FASTER system are carefully calibrated, so that 
the active target simulator mode can be used to control the active sonar systems used by 
the navy. The source levels, pulse shapes, lobe width etc. for the sonar under test can be 
analysed by using the recording facility in FASTER. The obtainable detection ranges can 
be checked by lowering the simulated targets strength until detection is lost, and then use 
this value in the sonar performance calculations.   

5.2. Passive Target Simulator 

This application is useful for ASW training with passive sonar in the same way as for 
active sonar. All kinds of targets can be simulated, and altered under remote control.  

As for active sonar, the performance of passive sonar can be checked by transmitting 
test signals with known levels and then analysing the capability of the sonar to detect 
weak targets. 

5.3. Measurement and surveillance 

FASTER is in principle a sonobuoy with extended frequency range and sophisticated 
on-board software, and can hence be used for surveillance and measurements. 

An important application is the measurements of own signatures. This can be done in 
remote operational areas, by using FASTER as a passive buoy.   

5.4. Research

The versatility of the FASTER system makes it a useful tool for sonar related research. 
The possibility to bring FASTER at sea in a fairly small boat means that field experiments 
is be easier and less costly to carry out, compared to using naval ships with sonar. 

At FOI we are currently active in the following research areas: 

Multistatic sonar - FASTER is used to transmit pulses which then are recorded 
by passive sonar or buoys. 
Torpedo homing devices. 
New methods for target strength measurements on moving submarines by using 
FASTER on-board, and transmit pulses with known levels, to which the 
submarine echo can be compared.   
Underwater communication. 
REA – Rapid Environmental Assessment. FASTER is used as an active sonar, 
and the reverberation returns are used for real-time estimation of bottom 
parameters by inversion using a genetic algorithm and a fast ray trace model.  
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6. CONCLUSIONS 

The FASTER system has been tested both in the laboratory and at sea with good 
results. Our work will now be concentrated on developing algorithms for the various 
applications. We will both develop new algorithms for e.g. pulse detection, and improve 
on existing ones, e.g. fast re-sampling for Doppler calculations. We also plan to replace 
the single receiver hydrophone with a small array, in order to obtain horizontal directivity.  

An other plan is to test FASTER onboard submarines, both as a reference target for 
target strength measurements, and as a positioning reference. 
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Abstract: A long core of 23.6 m was acquired at the DH-1 site in the Korean continental 
margin of the western East Sea. The core site is located near the Donghae City and the 
water depth is 357.8 m deep. In this area, the geoacoustic model DH-1 of 7 geoacoustic 
units was reconstructed. The model was based on 125 P-wave velocities and 121 
attenuations measured in the long-core sediments, which also reflected high-resolution 
subbottom and air-gun seismic profiles. For actual modeling, the P-wave speed of the 
model was compensated to in situ depth below the sea floor using the Hamilton method. 
The geoacoustic model DH-1 will play a leading role of a kernel model especially for mid 
to high (1 kHz ~ 1 MHz) frequency modeling with multiple layers of the Korean 
continental margin in the western East Sea. 

Keywords: long core, geoacoustic model, East Sea, continental margin, P-wave speed 
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1. INTRODUCTION

A long core of 23.6 m was acquired at the DH-1 site in the Korean continental margin 
of the western East Sea (Fig. 1). The core site is located near the Donghae City and the 
water depth is 357.8 m deep. There were rare deep-drilled cores of more than 10 m long in 
the study area. The long-core sediment was recovered using the Portable Remotely 
Operated Drill (PROD), a fully set contained drilling system, remotely operated at the 
seafloor [1]. The recovered core sediments were analyzed for physical, sedimentological, 
and geoacoustic properties mostly at 10~30 cm intervals, respectively. Based on the long-
core data with subbottom and air-gun profiles at the DH-1 core site, a geoacoustic model 
was firstly reconstructed including water-mass data (Figs. 2 and 3) [cf. 2-4]. In the Korean 
continental margin of the western East Sea, the geoacoustic model with the long-core data 
helps fulfill mid to high frequency acoustic works of underwater and sea bottom such as 
geoacoustic inversion or long-range surveillance of submarines. 

 

 
Fig. 1: Geographic location and bathymetry of the study area showing the track lines of 
seismic profiles and the long-core site (DH-1) (modified after [5]). The bathymetry is in 
meters (in km in the inset). Solid track line including the core site indicates the location of 
the seismic profiles. Note the location of water-mass measuring station of the Korea 
Oceanographic Data Center (KODC). KCM Korean continental margin, NKP North 
Korea Plateau, SKP South Korea Plateau, UB Ulleung Basin, JB Japan Basin, YB Yamato 
Basin, YR Yamato Ridge 
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Fig. 2. 3.5 kHz subbottom profile (SBP; Line AD-11) (A) and interpretation (B) with the 
DH-1 core (for location, see Fig. 1). The profile represents the upper part of Unit A-1 and 
the uplifted lower part of Unit A-2 and B-1 in Figure 2. The upper part of Unit A-1 could 
be divided into 4 geoacoustic units, based on geoacoustic data in the DH-1 core 
sediments. The location of this SBP track line is identical to that of the air-gun profile in 
Figure 2. Note the location of the DH-1 core site and the penetration depth. Vertical depth 
is expressed with two-way travel time in seconds.
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Fig. 3. Correlation of the DH-1 core sediments and the geoacoustic units in the 3.5 kHz 
SBP. Vertical depth is expressed with two-way travel time in seconds.

2. GEOACOUSTIC MODEL 

The DH-1 core site is located at 37°36.651´N and 129°19.709´E of the western East 
Sea. The water depth is 357.8 m, deepening to the East. In this area, there are rare studies 
on reconstruction of a geoacoustic model (e.g., [6, 7]). Based on the seismic, sedimentary, 
and acoustic data, a geoacoustic model (GM DH-1) was reconstructed at the DH-1 core 
site on the seismic line (Figs. 1, 3, and 4). 

In GM DH-1, geoacoustic units (GU) 1 to 4 were divided considering P-wave speed and 
sediment texture data. In the upper part of core sediment, the geoacoustic units are partly 
incompatible to division of the fining-upward geological units (cf. [8]), because the upper 
part of sediments below the seafloor is relatively more important than the lower and 
deeper part of the sediments. Geoacoustic model should reflect sound transmission of 
multi-band frequencies [4]. Subdivision of ‘a’ and ‘b’ within Unit 1 to 3 was performed by 
a distinct difference of the P-wave speed. In results, the long-core sediments could be 
divided into a total of 7 geoacoustic units (Fig. 4). 

1st International Conference and Exhibition on Underwater Acoustics

1666



 

In the subsurface depth of 0 to 1.7 m of GU 1a, in situ P-wave speeds of this interval 
were averaged to 1490 m/s, which was added by a depth-gradient term of 1.23 multiplying 
a depth value (D) below the seafloor [2, 3] (Fig. 4). The attenuation of P-wave speed in 
GU 1a was also averaged to 1.10 db/kHz-m. In GU 1b of 1.8 to 2.8 in depth, in situ P-
wave speeds were averaged to 1553 m/s and the attenuation of P-wave speed was also 
averaged to 1.33 db/kHz-m. In the remaining GU 2a to 4, the averaged values of in situ P-
wave speeds are shown in Figure 4. 
 

 
 

Fig. 4. Geoacoustic model DH-1 at the DH-1 core site (for location, see Fig. 1).
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Abstract: Passive acoustic data provide a prime source of information on marine mammal 
distribution and behaviour. Particularly in the Southern Ocean, where ship-based data 
collection can be severely hampered by weather and ice conditions, passive acoustic monitoring 
(PAM) of marine mammals forms an important source of year-round information on acoustic 
presence. Array data can be used to obtain directional information on the species present in the 
recordings to derive movement patterns. Acoustic arrays furthermore allow spatial comparisons 
of marine mammal distribution patterns and habitat affinities when the acoustic presence 
information is linked to local environmental parameters. Here we present two passive acoustic 
monitoring arrays that have been implemented by the Alfred Wegener Institute’s Ocean Acoustic 
Lab and serve the investigation of marine mammals on different spatial scales. During the 
austral summer season 2012/2013 a local scale array of sea ice-based time-synchronized passive 
acoustic recorders was deployed in Atka Bay, Antarctica. The PASATA (PASsive Acoustic 
Tracking of Antarctic marine mammals) project investigates coastal local habitat usage and 
communication ranges of marine mammals by integrating positional information from 
triangulation of calling animals and information from environmental parameters. For studies on 
marine mammals over larger spatial scales, 23 passive acoustic recorders were deployed in 
oceanographic moorings in the Southern Ocean, reaching from the Greenwich meridian 
throughout the Weddell Sea to the Western Antarctic Peninsula. The inter-disciplinary nature of 
this mooring array allows combining in-situ oceanographic measurements with passive acoustic 
data on marine mammal occurrence. It furthermore forms the first basin-wide, long term array, 
at least in the Southern Ocean. Here, we describe both arrays, the recorder types used, and 
technical and logistic requirements for PAM in a polar environment.  
Keywords: PAM, passive acoustic monitoring, acoustic array, marine mammals, Antarctic 
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Motivation 

Marine mammals play an important role in both top-down as well as bottom-up processes in 
marine ecosystems [1]. Knowledge of distribution patterns of marine mammals therefore 
provides insights vital to a holistic understanding of ecosystem dynamics and functioning. 
Furthermore, knowledge of marine mammal habitat usage is of key importance in the context of 
policy decisions on catch permits and designation of marine protected areas.  

Collection of data on marine mammals is complicated by their elusiveness and mobility. In 
the Southern Ocean, the difficulty of working in a polar environment, as well as most species’ 
massive decline in abundance due to commercial hunting, limits our current knowledge on their 
distribution patterns. Visual data collection in particular is dependent on weather and ice 
conditions, generally restricting data collection to the summer season and areas with little ice 
cover.  

By contrast, acoustic recorders are capable of autonomous operation and record data quasi-
omnidirectional and independent of light and weather conditions. Marine mammals actively 
produce sound in many behavioral contexts which can be linked to specific species based on e.g. 
the spectral characteristics of the sound.  

Autonomous, passive acoustic monitoring therefore provides a promising approach to 
continuously assess marine mammal occurrences over extended spatial and temporal scales. 
Recent advances in audio and computing technology now allow the acquisition and handling of 
large acoustic data sets. Networks of time-synchronized acoustic recorders, deployed throughout 
regions of interest, permit exploring spatial patterns in behavior of vocalizing marine mammals 
to investigate marine mammal distribution patterns and habitat affinities when the acoustic 
presence information from each recorder is linked to local environmental parameters. 
Here we present two passive acoustic array (PAA) set-ups as implemented by the Alfred 
Wegener Institute’s Ocean Acoustic Laboratory to investigate, on different spatial scales, marine 
mammal distribution and habitat usage.  

Local scale hydrophone array - PASATA 

To study small scale distribution and movement patterns of marine mammals in an Antarctic 
coastal region, the AWI’s Ocean Acoustics Laboratory deployed an array of time-synchronized 
ice-based recorders on the sea ice of Atka Bay, close to the German Antarctic research base 
Neumayer III during the austral summer season 2012/13. Four ice-breeding Antarctic pinniped 
species are known to be present in the Atka Bay region: Ross seals (Ommatophoca rossii), 
Weddell seals (Leptonychotes weddellii) crabeater seals (Lobodon carcinophaga), and leopard 
seals (Hydrurga leptonyx). These species produce sound during the mating season and are 
thought to exhibit species-specific sea-ice type preferences [2]. The PASATA (PASsive Acoustic 
Tracking of Antarctic marine mammals) project investigates coastal local habitat usage, 
underwater movement patterns and communication ranges of these ice-breeding pinnipeds by 
deriving positional information from triangulation of the location of calling animals by 
measuring the time-delay-of-arrival-differences (TDOA) of animal calls as the sound travels 
across multiple hydrophones.  

The PASATA array was subdivided in a small and large array (Error! Reference source not 
found.). The large array consisted of a line-array installed close to the sea-ice edge and focused on 
recording Ross, leopard and crabeater seals, which are known to occur in the offshore pack ice 
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area. The aim here was to use TDOA of pinniped signals to localize and track calling animals 
and relate positional information from calling seals to data on environmental conditions to infer 
species-specific ice habitat preferences. 

The small ice based array was installed farther inside of Atka Bay around a Weddell seal 
breeding colony on the fast ice. In Weddell seals, males are thought to use the stability of their 
fast ice habitat to maintain underwater territories around or near tide cracks and breathing holes 
used by females. Underwater vocalizations are thought to be produced by males for the purpose 
of territorial defence and advertisement. The small hydrophone array aimed at investigating 
underwater behaviour of vocalizing male and female Weddell seals to provide information on 
underwater movement patterns in relation to the location of tide cracks and breathing holes. 

 
 
 
 

 
Fig. 1 Map of Atka Bay with positions of the passive acoustic recorders. The large array 

consists of  recorders 1 - 5. Inset image: location and configuration of the small array: recorders 
6 - 9 

 
For both sub-arrays, four recorders were installed on the sea-ice of Atka Bay each with a 

hydrophone deployed through boreholes. Each recorder comprised a Wildlife Acoustics SM2+ 
acoustic recorder connected to a HTI-96-min hydrophone [sensitivity -165dB re: 1V/ Pa]. A 
GPS antenna was connected to the SM2+ to continuously synchronize system time. The GPS 
option of the SM2+ allowed scheduling and synchronizing recordings to within one millisecond 
by inserting or removing samples as needed to maintain synchronization with the GPS clock. 
Recording occurred continuously at 96 kHz sampling rate in wav format, resulting in a data 
acquisition rate of 16 GB per recorder per day. 

A 33Ah battery pack provided system (SM2+, hydrophone and GPS module) power supply 
for eleven days, which offered a sufficiently large time window to bridge bad weather periods 
during which servicing of the recorders was not possible. Recorders were equipped with 2x 128 
GB cards, which provided storage capacity for 16 days.  
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Both the small and the large array recorded under the sea-ice for approximately one month, 
collecting a total of ~3 TB of acoustic data. 

Basin scale array  

HAFOS (Hybrid Antarctic Float Observation System), a basin-wide oceanographic observing 
system including more than 15 deep-sea moorings distributed throughout the Weddell Sea, 
provides a unique infrastructure for the deployment of passive acoustic recorders. HAFOS’ 
basin-wide implementation allows an unprecedented investigation of the range over which the 
sounds of the various marine mammal species can be detected. Information on species-specific 
detection ranges is important for interpretation of call rates in the light of local acoustic 
abundances. Data from the basin-scale PAA are furthermore used to explore how large scale 
spatial patterns in marine mammal occurrences relate to environmental characteristics by linking 
marine mammal acoustic presence to in-situ measured and remote sensed environmental 
parameters. 

Currently 16 deep-sea moorings provide the platform for acoustic recorders in the Weddell 
Sea and along the Greenwich Meridian south of 59° S. They cover an area from 0° E to 56° W 
and from 60° S to 72° S. Oceanographic moorings are maintained every second or third year, 
using the AWI’s icebreaking research vessel ‘Polarstern’. 

In late 2010, a first set of four recorders were recovered and partly redeployed along with 
additional new recorders, resulting in a total of 10 moored recorders. In 2012, 7 recorders were 
exchanged and additional units were deployed. Three recorders had to be left in place due to 
heavy ice conditions preventing access to the mooring location. Now a total number of 24 
passive acoustic recorders await their recovery in 2014/2015. Error! Reference source not 
found. shows the acoustic array from 2008 to 2013. 

Two types of acoustic recorders are employed: SonoVaults (SV; Develogic GmbH, Hamburg, 
Germany) and AURAL (AU; Multi-Électronique (MTE) Inc., Quebec, Canada).  

From 2008 until 2010 and 2010 until 2012 two AURAL-M2 systems sampled at 32 kHz, 16 
bit. The available memory of 160 GB required scheduled, rather than continuous sampling. 
Recorders were therefore programmed to sample 5 minutes every 4 hours in 2008, and 4.5 
minutes every 3 hours in 2010. Since 2012, the increased storage capacity of 640 GB allowed 
scheduling the recordings at 5 minutes every hour. The design of the AURAL pressure housing 
limits deployment depth to about 300m [3]. In the Southern Ocean, moorings are generally 
designed with the top floatation not shallower than 200 to 250 m below sea-surface, to avoid 
being displaced by passing ice bergs. This requirement leaves little safety margin when moorings 
are depressed by strong currents which can cause AURALs to exceed their pressure rating.  

SonoVault recorders, by contrast, feature a pressure rating of max. 2500m. The currently 
deployed version of SonoVaults can record continuously for up to 2 years. Recorders were set to 
a continuous recording mode at 5.3 kHz 24 bit sampling. Limiting factor for recording duration 
is the storage capacity of 1.1 TB, which can be extended to up to 4.4 TB in future versions. 
Currently, the power capacity allows continuous recording up to 3 years. 
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Fig. 2 Oceanographic moorings in the Atlantic Sector of the Southern Ocean containing 

acoustic recorders. 2008-2010 (yellow diamonds); 2010-2012 (red circles); from 2012 (black 
stars); German research station Neumayer III (black asterix) 

 
Data from both AURAL recorders were analysed to map the various contributors to the local 

soundscapes and explore seasonal and inter-annual variation. Long-term spectrograms were 
computed, forming the exploratory basis for further analysis (Error! Reference source not 
found.).  

 

 
Fig. 3 3-year spectrogram: Grey =fin whales (Balaenoptera physalus), Blue=unknown sound 

source ‘bioduck’, Green=Antarctic blue whales (B. musculus intermedia), Red=leopard 
(Hydrurga leptonyx) and Ross seals (Ommatophoca rossii) 
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In 2012, data from 6 SonoVaults and 1 AURAL were recovered. Some broadband electronic 

noise was found in the recordings of the SonoVaults, which is currently investigated. Recording 
uptime varied strongly between SonoVault recorders ranging from 6 to 21 months while the 
AURAL was still operational during recovery after 24 months of deployment. Regular drop-outs 
occurred in the AURAL data when the system stored data from CF memory card to the hard 
disk. 

Technical requirements for deployment in a polar environment 

The logistic complexity and high costs of deploying and maintaining scientific measurement 
instrumentation, such as passive acoustic recorders, in polar oceans are often balanced by 
relatively long deployment periods. To optimize measurements over the entire deployment 
period, low power consumption and high power capacity, in conjunction with efficient 
subsampling schemes are a prerequisite for deployments in polar oceans. In many cases, 
recording systems will be refurbished and redeployed shortly after recovery. Hence, efficient 
handling of systems in terms of exchanging batteries, executing firmware updates and expanding 
storage capacity, greatly enhance the efficiency and reliability of instrument preparation at sea. 
Reliable and user-friendly on-board calibration possibilities of complete recording systems allow 
monitoring for e.g. ageing effects of hydrophones after each recovery and can help warrant the 
quality of the data that are collected during the next deployment. As mentioned previously, the 
risk of damage from passing ice-bergs in many parts of polar oceans requires deployment depths 
greater than 300 m. Accordingly, instrumentation housing and sensors should have adequate 
pressure ratings with a sufficient safety margin.  
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Abstract:  Tracking system, one of the biotelemetry systems, detects signals from pingers 
using a receiver located on an observation boat. This system can be used without location 
constraints, unlike other type of biotelemetry systems for which a receiver must be installed in 
the actual sea. But tracking system cannot measure the pinger position in detail. In order to 
measure it using a tracking system, a new concept using the principle of cross bearing was 
developed. This method determines the horizontal pinger position using the intersection point 
of more than two bearing lines from as many observation points. The vertical position of the 
pinger is measured by a depth sensor on the pinger itself. This system calculates the relative 
azimuth of the pinger using the receiving time differences among the four hydrophones. The 
GNSS compass, to convert the absolute azimuth of the pinger’s relative azimuth, measures the 
ship’s heading. The theoretical position error due to the bearing error was estimated. The 
estimation results were compared to the results of the field experiments. In the field 
experiment, a pinger was set at a fixed place and the position of the pinger was measured. In 
certain conditions, a similar tendency was seen between the theoretical error and the error of 
measurement. But the estimated position accuracy was 6 m, and the measured value was 10 
m. This discrepancy may be due to factors such as rolling and pitching of the ship. 
 
 
Keywords: Ultrasonic biotelemetry, Cross bearing, Position accuracy, Pinger 
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1. INTRODUCTION

Determining a detail position of underwater target using an ultrasonic biotelemetry 
system, more than three hydrophones had to be installed in the sea [1], [2], [3]. But if the 
research area is a fishery zone or a nature reserve, it is difficult to install receivers in there. 
As a means of obtaining the target behavior without the constraints of location, there is a 
tracking method consisting of a receiver and hydrophones equipped on an observation boat 
[3]. The system detects acoustic signals from ultrasonic transmitters (pingers) and the boat 
is cruising. Usually using this method, the target position is replaced by ship position. As it 
is just tracking the target, it cannot determine the high accuracy position of the target. 
Solving these problems, we developed a new concept using the principle of cross bearing to 
measure the target position in detail. In this study, we estimated theoretical position 
accuracy and conducted field experiments in order to obtain the position accuracy in the 
actual sea. 

 
 

2. CROSSBEARING METHOD 
 

2.1. Principle of measuring position 

The position of a vessel may be ascertained simply and accurately by cross bearing. This 
positioning method needs more than two lines of position (LOPs). A LOP is obtained by 
described bearing lines of a landmark on a chart. And the intersection of the bearing lines is 
the ship position. On the other hand, if a pinger position is determined by cross bearing 
method, the LOPs of the pinger are measured from more than two different observation 
points and the intersection of the LOPs determines the horizontal pinger position.  
In our method, each LOP is calculated using Super Short BaseLine (SSBL) system [4]. 
SSBL system is operated by two hydrophone arrays. The arrays are deployed so that the 
baselines are at a right angle (Fig. 1). Each hydrophone detects acoustic signals from 
pingers and a receiver records the arrival times (ti). The pinger azimuth is calculated using 
difference in the arrival times. If the distance between the pinger and the boat is much 
longer than the distance between two hydrophones, each signal route to each hydrophone 
can be considered to be parallel. And the horizontal pinger azimuth  is given by the 
following formula. 

2143

43211tan
ttcD
ttcD

 
(1)

c is sound speed in the water and D shows the array interval.  
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Fig. 1: Measurement of the horizontal pinger azimuth. 
 
Because  shows relative azimuth from the boat, the angle changes if the boat rotates. 

Thus the pinger azimuth should measure in absolute azimuth. In order to derive this, the 
system measures heading of the boat and pinger azimuth relative to the heading at the same 
time. 

 
2.2.Materials

 
Receiving system that was installed on an observation boat consisted of a four-channel 

receiver (FRX-4002 [FUSION]) and four wired omnidirectional hydrophones (FRTD-400 
[FUSION]). Two hydrophones are deployed along shipside so that the array is parallel to the 
boat centerline and the other two hydrophones are done at a right angle to the line. Pingers 
(FPX-1030-60P [FUSION]) transmitted ultrasonic pulses (62.5kHz). When the signals of 
the pinger are received by the hydrophones, the receiver output the pinger IDs and the 
arrival times to a PC. In addition, the vertical position of pinger is measured by a depth 
sensor on the pinger itself [5]. The heading and position of the boat was measured by a 
GNSS compass (SC-30 [FURUNO]).  
 
 
3. POSITION ACCURACY ANALYSIS 

3.1. Estimation theoretical position accuracy 
 
We estimated theoretical position accuracy using measurement errors of pinger azimuths 

and ship positions. 
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The azimuth error depends on two factors: geometric error and system error. The 
geometric error is caused by approximation that is applied to use SSBL system. It was 
considered that pingers signals arrive each hydrophone in parallel. But actually, it is not 
parallel perfectly. If the pinger position (xp, yp, zp) is given, the true value of the azimuth ( t) 
is calculated by arctangent of yp / xp. Difference between t and the measurement value  
was defined as the geometric error. Besides, system error happens due to bearing resolution 
of the receiving system. The bearing resolution is determined by time resolution of the 
receiver and intervals of hydrophone arrays. 

Position accuracy was estimated by error boundary that was represented by a 
parallelogram (Fig. 2).The angles  and  show azimuth errors at each observation point. 
EGPS shows the positioning accuracy of GPS. Point O is pinger position and square PQRS is 
error boundary when the pinger azimuths are measured from two observation points A and 
B. The square is considered to be parallelogram and the area S is given by 

sin
)sin)(sin(4 GPSBGPSA ErEr

S  
(2)

r shows distance between each observation point and pinger position and  is a crossing 
angle of two LOPs. The square root of the area S  was defined as the position error. 

The position error depends on the relative location of the pinger and the observation 
points. Therefore we obtained the relationship drawing up contour plots of the errors 
derived by equation 2. 

Fig. 3 shows an example of a contour plot of the errors. The results showed that the 
position accuracy depended on a crossing angle of two LOPs and when the angle was closer 
from 90 to 100 degrees, the position accuracy was higher. If the angles were more different 
from the angular range, the position accuracy was worse.  

 

 
Fig. 2: Error boundary determined by azimuth errors and GPS errors. 
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Fig. 3: A contour plot of horizontal position accuracy; the depth is 20m, the distance 
between observation points is 30m and interval of hydrophone array is 2m. 

 
3.2.Field experiment 

 
We conducted the field experiments to obtain position accuracy of a constructed 

biotelemetry system using cross bearing method in the actual sea. Two different depth areas 
were chosen: 10m and 20m in order to estimate the influence of water depth. A pinger was 
attached to the anchored line 1 meter off the seabed and we navigated the boat equipped 
with the system around there. Hydrophone array interval was 1.8m that was depended on 
the boat width.  

The position accuracy of the measurement was calculated by standard deviation. 
However it was predicted that the position accuracy changed by the crossing angle of the 
two LOPs from the results of the estimation. Thus the measurement points were divided into 
sections based on the crossing angle. 

We obtained the relationship between the position accuracy and the crossing angle of the 
two LOPs (Fig. 4). The results showed the change of the value of position accuracy with the 
crossing angles similarly to the results of estimation. If the pinger located highest accuracy 
area, the position accuracy was about 10m. 
 
 
4. CONCLUSIONS 
 

The biotelemetry system based on cross bearing fix provides pingers position without 
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installing receiver in the sea. The position accuracy depends on the crossing angle of the 
two LOPs. Thus the higher accuracy position can be extracted to sort the data by the 
crossing angles. The results of field experiments indicated that the position accuracy was 
about 10m. However the position accuracy of the estimation was about 6m. This 
discrepancy may be due to factors such as rolling and pitching of the ship. 
 

 
 

Fig. 4: Change of the position accuracy by the crossing angle of the two LOPs. 
 
 
5. ACKNOWLEDGEMENTS 

 
We would like to thank Ph.D. Toyoki Sasakura and Mr. Yuzo Abe of FUSION, inc. for 

providing the technical support. 
 
 
REFERENCES 
[1] W. A. Watkins, W. E. Schevill, Sound source location by arrival-times on a non-rigid 

three-dimensional hydrophone array, Deep-Sea Research, 19, pp.691-706, 1972. 
[2] A. D. Hawkins, D. N. Maclennan, G. G. Urquhart, C. Robb, Tracking cod Gadus 

morhua L. in a Scottish sea loch, Journal of Fish Biology, 6, pp.225-236, 1974. 
[3] F. A. Voegeli, M. J. Smale, D. M. Webber, Y. Andrade, R. K. O’Dor, Ultrasonic 

telemetry, tracking and automated monitoring technology for sharks, Environmental 
Biology of Fishes, 60, pp.267-281, 2001. 

[4] PH. Milne, Underwater acoustic positioning systems, Gulf Publishing Co.,Houston, TX, 
pp.19-92, 1983.  

[5] Y. Miyamoto, K. Uchida, Y. Takao, T. Sasakura, Development of a New Ultrasonic 
Biotelemetry System Using a Maximum Length Sequence Signal, The Journal of the 
Marine Acoustic Society of Japan, 38, pp.119-127, 2011 

1st International Conference and Exhibition on Underwater Acoustics

1680



 

A METHOD OF TOW SHIP NOISE CANCELLING FOR THE 
PASSIVE TOWED LINE ARRAY SONAR BASED ON THE 

ALGORITHM OF INVERSE BEAMFORMING 

Tian Tiana,   Qihu Lia,   Liping Donga,   Haibo Zhenga,  Yuan Lia, Lei Wanga,   Xizhong 
Baoa 

aPostal address: No.21 of Beisihuanxi Rd, Beijing, P.R.China, 100190 

Contact author: Tian Tian, No.21 of Beisihuanxi Rd, Beijing, P.R.China, 100190, Fax: 
(8610)82547950, Email: top_gun1223@163.com 

Abstract: The tow ship noise has always been a main source of interference for the 
passive towed line array sonar. This paper describes an idea of the tow ship noise 
cancelling which is based on the algorithm of inverse beamforming(IBF). In the shallow 
water waveguide, when the array is stably towed, the tow ship noise affects the towed line 
array from certain directions, which correspond to certain beams of the directivity of the 
array. IBF is able to cancel the signal of a certain beam. The sonar signal processing 
system could cancel the signal of all beams corresponding to the tow ship noise by using 
the IBF algorithm repeatedly. The results of laboratory simulation and sea trial both 
confirm the effectiveness of this method. According to the sea trial result, the gain of SNR 
brought by this method could reach 10-15dB. 

Keywords: Tow Ship Noise, Inverse Beamforming, Shallow Water Waveguide 
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1. INTRODUCTION

The performance of the passive towed line array sonar is always affected and interfered 
by the radiated noise of the tow ship. The tow ship noise is considered as a main 
interference source of the sonar because its sound level is usually high, and the source is 
closed to the sonar. Therefore the tow ship noise cancelling has always been an important 
question for study.  

This paper presents a method of tow ship noise cancelling for the passive towed line 
array sonar based on the inverse beamforming (IBF) algorithm. It is proved to be effective 
when the direction of the tow ship noise is stable. An intuitionistic description could be 
presented as follow: minus the signal of every channel by the signal of a certain beam, 
then the contribution of the signal from the direction which the certain beam is related to is 
reduced from the input of the sonar. If the direction of the certain beam is exactly the 
incident direction of the tow ship noise, the noise would be well cancelled. 

2. THEORY DESCRIPTION 

Taking the towed line array as an example, which contains N  hydrophones, and whose 
gaps between two adjacent hydrophones is d . If the direction of the incident signal is 0 , 
the signal of the nth hydrophone could be expressed as 

)()( 0ntxtH n 1,,1,0 Nn  (1)

In the formula above, 
c

d 0
0

sin
)( is the unit delay of the direction 0 . c  is the 

sound speed in the water.  
If the direction of the noise to be cancelled is 1 , which is related to the beam 1B , the 

signal of the beam calculated by the algorithm of CBF (Conventional Beamforming) could 
be expressed as 

1

0
10

1
1

N

n
B nntx

N
ty 1,,1,0 Nn  (2)

)(
1

tyB  is the signal of  the beam 1B .  
In order to get the contribution that the tow ship makes to each hydrophone, the noise 

got by the formula above should be “pre-delayed”. For each hydrophone, the pre-delayed 
signal is )]([ 11

ntyB . This is the signal that the tow ship noise caused received by each 
hydrophone. 

In order to cancel the noise, the hydrophone contribution should be reduced from the 
received signal, expressed as follow: 

)()()( 11
ntytHtH Bnn 1,,1,0 Nn  (3)
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When the sonar system uses )(tH n  as the hydrophone received signal to realize the 
signal processing (beamforming, etc.), the result should not contain the effect of the noise 
from 1 , it is cancelled. 

From here we can see that the IBF noise cancelling is to reduce the incident signal of 
the certain direction from the received signal of each hydrophone, and supply the result to 
the signal processing system of the sonar. If the certain direction is where tow ship noise is 
from, the cancelling is done. 

But the real situation is more complicated. In the shallow water waveguide, multipath 
incidence shown as Figure 1 is unescapable. In this case, cancelling the signal from only a 
certain direction could no longer match the demand. 

 
Fig.1: Multipath incidence of the tow ship noise 

 
Using the IBF method repeatedly can solve the problem. Replace )(tH  in formula (1) 

with )(tH  in formula (3), choose another incident direction 2  (related to the beam 2B ), 
and repeat all the steps above described by formula (1)-(3), then the noises from both the 
direction 1  and 2  are cancelled. 

Choose each incident direction correctly and repeat this method again and again until 
all the tow ship noise effects are cancelled, then the mission is done at last. Theoretically, 
this method can cancel noises of multiple beams. There is no limit for the number or the 
position of the beam to be cancelled. 

The characteristics of this method are as follow: 

It can cancel the signal from certain direction unconditionally; 
No further processing results would appear on these cancelled direction. 

So, this method is fit for the situation that the status of towing is stable. And also, it can 
be used to cancel interferences from other objects as long as the directions of the 
interferences are steady. 

The flow-process diagram of the whole cancelling is shown as figure 2. 
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Fig.2: Tow ship noise cancelling flow-process diagram 

 

3. CONCLUSION 

According to the experiences of sea trials, cancelling 3 or 4 beams could get a nice tow 
ship noise cancelling result as is shown in figure 3: 

 
Fig.3: Example of cancelling result 
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The result shown above is based on real data of sea trial. On the other hand, laboratory 
simulation shows that the effect of this method: the gain of SNR could reach 10-15dB. 
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