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Preface 

The Proceedings at hand include the papers presented at the 4th Underwater Acoustics 
Conference, UACE2017. The conference was dedicated to the memory of Leif Bjørnø, co-
founder and co-chairman of this Conference Series, who passed away unexpectedly on 
October 2015. 

Specifically, Leif and I have organized four conferences under the title ‘Underwater Acoustic 
Measurements: Technologies and Results’, (Heraklion in 2005 and 2007 – Nafplion in 2009 
– Kos in 2011), and three conferences under the title ‘Underwater Acoustics Conference and 
Exhibition’, (Corfu in 2013, Rhodes in 2014 and Chania in 2015). In September 2015, with 
the approval of the Scientific Committee, we decided to organize the next Conference in 
Skiathos in 2017. Unfortunately, Leif passed away in October. I felt that I should continue 
with the organization so I asked the assistance of the good friends and colleagues Philippe 
Blondel, David Bradley, Mike Buckingham, Ross Chapman and Qihu Li to form an Organizing 
Committee and help with the organization of the Conference. 

It is the ambition of the Scientific Committee and the Organizers of UACE2017 to be able to 
continue the long history of successes of the ECUA, UAM and UACE Conferences, which have 
always attracted a large number of scientists and engineers from Europe, the United States, 
Canada, China, Japan etc, and have become an established forum for the presentation of the 
latest developments in all major areas of Underwater Acoustics.  

The success of the conference is due to the joint efforts of many people. I 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 Global, for their 
continuous support and financial contributions throughout the history of these Conferences. 
I also appreciate the sponsoring of UACE2017 by two major societies, EAA and ASA. And of 
course, I would like to acknowledge the continuous support of IACM-FORTH. 

 

Last but not least, we are grateful to all the speakers for their great and important work 
prepared for and presented in this conference.  

 

These Proceedings includes 136 papers offering significant contributions to the most 
important fields of Underwater Acoustics. 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  

Conference Chairman 
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     ACOUSTIC TOMOGRAPHY IN THE CANARY BASIN:     
MEDDIES AND TIDES 

Brian Dushawa, Fabienne Gaillardb, Thierry Terreb 

aNansen Environmental and Remote Sensing Center, Thormøhlens gate 47, 5006 Bergen, 
NORWAY 
bIFREMER, Univ. Brest, CNRS, IRD, Laboratoire d’Océanographie Physique et Spatiale 
(LOPS), IUEM, F-29280 Plouzané, FRANCE 

Brian Dushaw, Nansen Environmental and Remote Sensing Center, Thormøhlens gate 47, 
5006 Bergen, NORWAY  fax:  (+47) 55 20 58 01, e-mail: brian.dushaw@nersc.no 

Abstract: An acoustic propagation experiment over 308-km range conducted in the 
Canary Basin in 1997–1998 was used to assess the ability of ocean acoustic tomography 
to measure the flux of Mediterranean water and Meddies. Instruments on a mooring 
adjacent to the acoustic path measured the southwestward passage of a strong Meddy in 
temperature, salinity, and current. Over 9-months of transmissions, the acoustic arrival 
pattern was an initial broad stochastic pulse varying in duration by 250 to 500 ms, 
followed eight stable, identified ray arrivals. Small-scale sound speed fluctuations from 
Mediterranean water parcels littered around the sound channel axis caused acoustic 
scattering. Internal waves contributed more modest acoustic scattering. Based on 
simulations, the main effect of a Meddy passing across the acoustic path is the formation 
of many early-arriving, near-axis rays, but these rays are thoroughly scattered by the 
small-scale Mediterranean water fluctuations. A Meddy decreases the deep-turning ray 
travel times by 10–30 ms.  The dominant acoustic signature of a Meddy is therefore the 
expansion of the width of the initial stochastic pulse. While this signature appears 
inseparable from the other effects of Mediterranean water in this region, the acoustic time 
series indicates the steady passage of Mediterranean water across the acoustic path. Tidal 
variations caused by the mode-1 internal tides were measured by the acoustic travel times. 
The observed internal tides were predicted using a recent global model for such tides 
derived from satellite altimetry. 

Keywords: acoustic tomography, salt lenses, acoustic scattering, Canary Basin, mode-1 
internal tide 
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1. INTRODUCTION  

Meddies are compact, coherent eddies of warm, salty Mediterranean water, also known 
as salt lenses [1, 2, 3].  First discovered in the early 1980s, Meddies reside near the sound 
channel axis at 1000–1200 m depth in the Eastern North Atlantic.  They likely contribute 
to the Mediterranean salt tongue, a water mass at mid-depths that extends into the 
subtropical Western North Atlantic.  Meddies are nearly circular, with a horizontal scale 
of about 100 km and a vertical extent of several hundred meters.  Currents within a 
rotating Meddy are about 20 cm/s, while Meddies move at about 4 cm/s.  Meddies 
typically move from the Mediterranean outflow northward up the Portuguese coast, or 
southwestward through the Canary Basin.  The warm and salty characteristics of 
Mediterranean water are, of course, density compensating, but these properties also mean 
that Meddies have a sound speeds that are 10–20 m/s faster than ambient sound speeds.  In 
recent years, seismic techniques have been used to obtain detailed images of Meddies.  In 
the Eastern North Atlantic, Mediterranean water masses also appear as submesoscale 
structures, cyclones, and filaments near the sound channel axis, and small-scale, stochastic 
water parcels littered around the sound channel axis.  Meddies are often surrounded by the 
latter. 

With their clear sound speed signatures, Meddies have been examined as candidates for 
observation by ocean acoustic tomography [4].  Since Meddies are density compensated, 
they are difficult to locate or quantify.  Observation of Meddies by an integrating 
tomographic array was intriguing, while the oceanographic need for assessing the flux of 
Mediterranean water was compelling.  While the sound speed of Meddies represent the 
obvious approach for measurement by travel-time tomography, the acoustic signatures of 
Meddy currents [5] or horizontal refraction [6] were examined in the 1990s.  Others 
examined the relative vorticity of Meddies as a possible approach to observation.  All such 
secondary signals are extraordinarily (and impractically) small.  In 1997, Fabienne 
Gaillard and Thierry Terre at IFREMER, Brest, France designed the “Canary-Azores-
Madeira Basin Integral Observing System” (CAMBIOS) experiment to test the ability of 
acoustic tomography to measure the flux of Meddies [7, 8].  CAMBIOS took place in the 
Canary Basin from July 1997 to April 1998 (Fig. 1).  The analysis of these data was 
interrupted by other projects, but a new analysis has shed light on the acoustic signals of 
Meddies and Mediterranean water.   The reader is referred to Dushaw, Gaillard, and Terre 
[7] for further details of the analysis summarized here.  All of the acoustic, moored, 
hydrographic and ancillary data associated with CAMBIOS are openly available (see [7] 
and associated links). 

 

2. CAMBIOS TOMOGRAPHY 

The CAMBIOS acoustic array consisted of five moorings denoted T1-T5 deployed 
across the Canary Basin between the Canary and Azores islands (Fig. 1). Because of a 
number of instrument failures, acoustic data were mainly obtained between the T1 and T2 
moorings. The T1 mooring was located at 31.9988ºN, 19.8008ºW in about 4150 m ocean 
depth, and the T2 mooring was located to the northwest at 34.2473ºN, 21.75002ºW in 
about 5275 m ocean depth.  The acoustic propagation was over 308.692 km range over the 
smooth Madeira Abyssal Plain.  The acoustic sources, at 660 m and 700 m depths, began 
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reciprocal transmissions on yearday 190 in June 1997 that continued for 265 days (Fig. 3), 
ending on yearday 454 in early April 1998.  The acoustic sources operated at a source 
level of 180 dB Re 1 μPa @ 1 m with 400 Hz center frequency and 100 Hz bandwidth.  
The signals were received by hydrophones mounted just above the source on the receiving 
mooring.  
  

 
Fig. 1: The CAMBIOS array was located across the Canary Basin and oriented so as 

to observe the southwestward flux of Mediterranean water. The Canary Basin is the 
primary avenue for movement of Mediterranean water into the western Atlantic. The M2 

tidal current elipses are denoted in red. The T1-T2 acoustic path was along the small 
minor axis of tidal current, hence the observed signal from tidal currents was small.  

Azimuthal equal area projection. 
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Fig. 2: Acoustic receptions obtained along the T1–T2 acoustic path. The profile of a 
reception on Yearday 289 is given in the top panel. About seven stable ray arrivals are 

evident, including a doublet arrival that appears in the top panel as the largest amplitude 
peak and the three late-arriving bottom reflected rays. 

3. MEDDIES AND MEDITERRANEAN WATER 

The acoustic receptions consist of an initial stochastic section varying by 250-500 ms 
width, followed by six distinct ray arrivals (Fig. 2).  The ray arrivals are readily identified 
by ray predictions using either climatology, or available CTD data obtained during the 
experiment.  The ray arrivals consist of two groups of three arrivals, and the middle arrival 
of each group actually consists of two coincident ray arrivals of opposite arrival angle.  
The hydrophone arrays were, alas, not capable of distinguishing even the sign of ray 
arrival angle.  In this region of the Eastern North Atlantic, the time front is reversed from 
that in other regions of the ocean in that the near-axis acoustic signals arrive first, followed 
by the deep-turning arrivals.  The late-arriving rays reflect once or twice from the sea floor 
near mooring T1.  We call the initial arrival the “overture”, in parallel with the term 
“finale” that has been used for the similar arrival at the end of the arrival pattern in other 
regions. 

The last ray arrival is weak and it was not obtained by the ray predictions using smooth 
sound speed.  In this region, small-scale sound speed fluctuations from Mediterranean 
water significantly affect the acoustic propagation.  Internal-wave variations contribute 
somewhat [9], but the parcels of Mediterranean water that litter the sound channel axis 
provide the dominate effects.  A stochastic model for the sound speed variations was 
developed, based on a similar model employed for modeling variability in Fram Strait 
[10].  The effects of small-scale variability on acoustic propagation are two-fold.  First, the 
acoustic scattering extends the branches of the time front to later arrival times, and this 
extension accounts for the last ray arrival.  The last ray arrival is, in fact, a “shadow-zone” 
arrival, sometimes called a “non-geometric” arrival (a misnomer, apparently) – a shadow-
zone arrival of a bottom-reflecting ray recorded above the sound channel axis.  Second, 
the near-axis propagation is considerably scattered, which accounts for the stochastic 
nature of the overture.  The variable, yet persistent, overture is indicative of the persistent 
presence of Mediterranean water along the T1-T2 acoustic path.  

The characteristic sound speed amplitudes and shapes of Meddies are fairly well 
defined, so it was a simple matter to simulate the expected travel time signals of a typical 
Meddy as it crosses the T1-T2 acoustic path.  Indeed, all of the five CAMBIOS moorings 
were well instrumented with thermistors, current meters and ADCPs, and a Meddy was 
directly observed as it moved over the T3 mooring adjacent to the T1-T2 acoustic path.  
The observed direction of motion was to the southwest, in accordance with the general 
direction of motion for Meddies in the region [2].  The observed Meddy therefore likely 
crossed the T1-T2 acoustic path about yearday 280.  Simulations show that the effects of a 
Meddy crossing the T1-T2 acoustic path are a decrease in the deep-turning ray travel times 
of 10-30 ms and the formation of several more early ray arrivals.  A Meddy is fairly 
localized, so its effects on the travel times of deep-turning rays is relatively small.  The 
travel time variations of the overture are more a consequence of the formation of new rays, 
rather than a decrease in travel time.  When coupled with the ever-present stochastic 
scattering by Mediterranean water, the signals of Meddies are, unfortunately, not obvious 
to detect.  There is an inherent ambiguity between the scattering by small parcels of 
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Mediterranean water and the creation of new rays by the passage of a Meddy.  Both 
effects indicate Mediterranean water, however.  The passage of a Meddy might be 
expected to be a singular event in the acoustic time series, but no such event or events 
were detected.  Rather, the broad overture persisted for essentially the duration of the 
CAMBIOS experiment. 

Ray tracing shows that a typical Meddy event has non-linear acoustical effects.  A 
Meddy is a compact feature of perhaps 15 m/s localized increase in sound speed right at 
the sound channel axis.  The appearance of a Meddy causes acoustic rays to split into two 
groups of rays that travel above and below the Meddy.  Between effects such as this and 
the obvious effect of the scattering from small-scale features littered around the sound 
channel axis, the interpretation of the acoustic signals as a measure of Meddy motion and 
the flux of Mediterranean water has proved to be ambiguous. 

 

4. MODE-1 INTERNAL TIDES 

In recent years the remarkable predictability of mode-1 internal tides in open-ocean 
regions of the oceans has become apparent [11, 12].  Models for this variability have been 
derived from satellite altimetry with the ability to predict travel time variablity observed 
by acoustic tomography (Fig. 3).  One new motivation for examining the CAMBIOS data 
was the expectation that internal tides may have been observed, and those signals may be 
predictable.  Observations such as these in the Canary Basin would provide further 
evidence for the general predictability of these internal waves in the world’s oceans. 

The ray arrivals in the CAMBIOS data were tracked and filtered to obtain 
measurements of the tidal variations in travel time.  The difference of reciprocal travel 
times were computed, but the data proved to be quite noisy.  Further, the tidal signal from 
currents predicted from global barotropic tidal models was small.  The acoustic path was, 
not by coincidence, aligned along the minor axis of the tidal currents (Fig. 1).  Reasons for 
the excessive noise include the weak acoustic sources, the inability to separate upward and 
downward traveling rays, and the enhanced scattering of the acoustic signals.  The sum of 
reciprocal travel times exhibited a stronger tidal signal, and these signals were indeed 
mostly predicted by the global internal tide model (Fig. 3).  In this preliminary 
comparison, observed amplitudes were larger than predicted, while the observed and 
predicted phases were in agreement.  A further refinement of the comparison, requiring a 
proper inversion of the travel times to estimate variations in temperature, may obtain 
better agreement.  Note that to obtain the predicted travel time, one has to convert 
estimates of sea-surface height to internal displacement, to internal temperature, to sound 
speed, and finally to travel time.  Similar results were obtained using either climatology or 
available CTD data for the hydrographic conditions. 

 

5. DISCUSSION 

The aim of CAMBIOS was to test the ability of acoustic tomography to measure 
properties of Mediterranean water and Meddies as they move southwest though the 
Canary Basin.  The results of the observations were ambiguous, mainly because of the 
influence of ubiquitous small-scale Mediterranean water parcels, littered along the sound 
channel axis, on the acoustic propagation.   While the signatures of a Meddy in the 
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acoustic arrival pattern are clear, they are obscured by the acoustic scattering.   The 
observations indicate a persistent presence of Mediterranean water, of whatever form, 
however. 

While deep-turning ray travel times are amenable to estimating the temperature 
variations, some of which may be caused by Meddies, these signals are ambigous with 
other ocean variability.  In particular the acoustic path was, by design, across the Azores 
front with a 3ºC change in temperature.   Movement of this front would affect travel times 
of deep turning rays in a way that is similar to the signals of a Meddy. 

The data suffered from several problems.   Issues that could be resolved by refined 
experiment design are an increase in source level and the use of hydrophone arrays to  

  

 
Fig. 3: (Left panel) A snapshot of mode-1, M2 internal tides for the CAMBIOS region 

derived from the empirical model of Dushaw [11]. The internal tide field is a complicated 
interference pattern.  The black segment indicates the T1-T2 acoustic path. (Right panel) 
Thirty days of high-frequency (>0.5 cpd) travel times, the sum of reciprocal travel times.  

The travel times exhibit the obvious signal of mode-1 internal tides which compares 
favorably to the independent prediction (black line).  

 
resolve and distinguish the ray arrival angles.  In addition, reciprocal transmissions were 
separated in time by about 20 minutes, thus offering an imperfect removal of the 
fluctuations of sound speed variations in the differential travel times.  The enhanced 
acoustic scattering in the region caused by Mediterranean water was a complication 
presented by nature.  The relatively small signal of Meddies in deep-turning ray travel 
times (10-30 ms) requires optimal measurements to resolve. 

The barotropic tidal currents offered a signal that was too small to resolve, particularly 
given the enhanced noise of the observations.  The baroclinic tidal variations, caused by 
the displacements of mode-1 internal tides, were significant, however, and mostly 
predicted by a recent global model for these tides.  Such agreement between observations 
and prediction is consistent with similar comparisons obtained elsewhere in the world 
oceans. 
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Abstract: An unstructured triangular grid was applied for the first time to assimilate coastal 
acoustic tomography (CAT) data into the Finite-Volume Community Ocean Model using the 
ensemble Kalman filter scheme. The assimilated velocities agreed better with independent 
acoustic Doppler current profiler (ADCP) data than the velocities obtained by inversion and 
simulation. Root mean square differences between current velocities obtained by data 
assimilation and those from ADCPs was 0.07 m s-1, which was less than the corresponding 
differences obtained by inversion and by simulation (0.12 and 0.17 m s-1), indicating that 
assimilation had the highest precision. These results indicate that, compared with inversion 
and simulation, data assimilation of the CAT data with an unstructured triangular grid is the 
optimal method for reconstructing the current field. 

Keywords: Coastal acoustic tomography; Data assimilation with ensemble Kalman filter 
scheme; the Finite-Volume Community Ocean Model; High spatial resolution; Current field. 

1. INTRODUCTION 

Coastal acoustic tomography (CAT), which like an ocean model, can map a rapidly 
changing and complicated current field, is superior to conventional measurement techniques 
inasmuch as it requires the deployment of only a few instruments on the periphery of the 
observation region [1]. CAT has been used successfully to monitor the current field of coastal 
seas in recent years [2]-[4]. 

However, the inverse method, which is the most common technique used to reconstruct the 
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current field from CAT data, is still in need of improved accuracy. Both complex coastlines 
and missing data are common in coastal observation experiments, which would deeply 
impact the inverse method. Previous studies of CAT data assimilation [5], [6] have used the 
Princeton Ocean Model (POM) with structured grids [7]. Although the boundary conditions 
are taken into consideration, the structured grid cannot perform well in regions of complex 
coastlines, especially where there are islands in the middle of the observation region [8]. The 
unstructured triangular grid has proved that it can fit complex coastal geometries more 
precisely and provide more reasonable model results near boundary regions [8], [9]. 

In this study, for the first time, we successfully assimilate the travel time difference data 
obtained by CAT into an unstructured triangular grid ocean model using the EnKF scheme. 
After evaluating the effects of data assimilation by comparing the results of assimilation, 
simulation, and the inverse method with the independent moored acoustic Doppler current 
profiler (ADCP) data, we confirm that data assimilation with a triangular mesh is the optimal 
method for reconstructing the current field in regions with complex coastlines. 

2. MODEL AND ASSIMILATION SCHEME WITH A TRIANGULAR GRID 

The ocean model used in this study is the Finite-Volume Community Ocean 
Model (FVCOM) [8]. The vertical and horizontal coordinates are σ  and spherical 
coordinates, respectively. The spatial resolution of the triangular mesh is about 3 km near the 
open boundary and decreases to about 250 m in the main observation region (Fig. 1b). The 
triangular mesh fits the complex coastlines well, especially near Yangjiao Island in the 
observation region (Fig. 1c). 

The EnKF scheme [10]-[13] is used to assimilate the CAT data into the ocean model. The 
state vectors at time t update the following equation: ψ = ψ + ( − ψ )                       (1) 
Here, ψ are the model state vectors (i.e., the east and north velocity components in this 
study), the superscripts a and f respectively denote the assimilated and forecast state vector in 
the assimilation step; K is the Kalman gain; y denotes the observational data (i.e., the 
averaged velocity along the sound transmission lines); H is the matrix representing the linear 
relationship between the observational data and the model state vectors. 

To determine the matrix H, the relationships between the sound transmission lines and the 
triangular mesh are described as in Fig. 1d. Assume that there are m sound transmission lines 
in the CAT observation, and they cross the triangular mesh randomly (Fig. 1d). Thus, the 
averaged velocity between the two acoustic stations along the sound transmission line ( =− ∆ ) [14] can be written as: = − ∆ = ∑ ( + )                (2) 

Here,  is the reference sound speed; ∆  is the travel time difference obtained by CAT;  
is the station-to-station distance; n is the number of triangular grids crossed by the sound 
transmission line;  is the direction of the sound transmission line, rotating anticlockwise 
from due east; ,   are the eastward and northward velocity components in the ith 
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triangular grid in the model; and the corresponding distance is li. 
Thus, the relationship between CAT measurements and state vectors of the simulation can 

be written as: − ∆
− ∆⋮− ∆

= ⋯ _ _ ⋯ _ _ ⋯⋯ _ _⋮⋯ _ _
⋯ _ _ ⋯⋮⋯ _ _ ⋯

⋮
⋮      (3) 

where, N is the element number in the model mesh and subscript j denotes the number of the 

sound transmission line. 
In this study, the 3-day (6-9 September, 2009) CAT data with 7 stations obtained in 

Sanmen Bay adjacent to the East China Sea (Fig. 1a, 1b) [15] is assimilated into FVCOM. 
The successful acquisition number of sound transmission lines was 21 (m=21). Data from 3 
independent moored ADCP (RDI, 1200 kHz, Workhorse) instruments were used for 
comparison with model results (Fig. 1c). The barotropic model is forced by the tidal level 
along the open boundary (red line in Fig. 1b). The ensemble members for EnKF are set to 20 
[13], [16], which are added random errors with zero mean and specified covariance [5], [6]. 
The measurement errors, which range from 0.02 to 0.06 m s-1, are determined by the CAT 
measurements [17]. 
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Fig. 1: (a) Location of Sanmen Bay and (b) the triangular mesh and bathymetry of the ocean 
model. The thick red line denotes the open boundary. Black star denotes a tidal gauge station 
named Jiantiao. Tidal levels obtained by model simulation (blue line) and observed at tide 
gauge station of Jiantiao (red dots) are plotted above (a). (c) Bathymetry of the CAT 
measurement region. Black dots and red stars are the CAT and moored ADCP stations, 
respectively. Black (and blue) lines denote the CAT sound transmission lines. (d) An example 
of the sound transmission line between C3 and C4 crossing the triangular mesh (gray grids).  

3. MAPPING OF HORIZONTAL CIRCULATION BY ASSIMILATION 

Tidal level validation between simulated and observed results for the Jiantiao tide gauge 
station performed well (Fig. 1b) with root mean square difference (RMSD) of 0.27 m, which 
is less than 10% of observed tidal amplitude (Fig. 1b) and hence indicaties a credible 
simulation.  

The tidal currents in the observation region were essentially rectilinear (Fig. 2). Maximum 
southeastward and northwestward currents (1.03 m s-1 and 1.09 m s-1) during ebb and flood 
tide appeared at 02:12 and 20:27 8 September, 2009 (China Standard Time: CST), 
respectively (Fig. 2a and b). Circulation near Yangjiao Island was plotted to evaluate the 
peformance of the triangular mesh in fitting the coastlines. Vass (black) was oriented along the 
coastlines near Yangjiao Island and clearly became small downstream of the island (Fig. 
2c-d). These results indicate that the island had a strong impact on the current field. However, 
due to the limited spatial resolution of the inversion, the fine structure of the current field 
near Yangjiao Island could not be described well by Vinv (red in Fig. 2c-d).  

The assimilation and inversion M2 tidal currents were mainly directed northwest-southeast, 
but the assimilation M2 tidal current ellipses were oriented along the coastline around the 
island (Fig. 2e). RMSDs between them for semimajor and semiminor axis length were 0.18 
and 0.06 m s-1, respectively. The residual currents of assimilation were relatively large and 
toward the island in the southeast and northwest with maximum speeds of 0.20 and 0.35 m s-1 
for eastward and northward velocity components, then turned southwestward and 
northeastward near the island. There were also clockwise and anticlockwise structures 
northwest and north of the island, respectively (Fig. 2f). These current distributions around 
the island are similar to the residual current patterns of classical theoretical results [18]. 
However, the residual currents obtained by inversion could not describe such a detailed 
structure, and are all directed northwestward (red arrows in Fig. 2f). The RMSDs of residual 
currents between assimilation and inversion for eastward and northward velocity components 
were 0.06 and 0.08 m s-1, respectively. 
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Fig. 2: Vector plots of currents obtained by inversion (red), ADCP (blue) and assimilation 
(black) during maximum (a) ebb tide at 02:12, and (b) flood tide at 20:27 on 8 September, 
2009 (China Standard Time: CST). (c)-(d) show details of the current distributions near 
Yangjiao Island at the corresponding times of (a)-(b). (e) M2 tidal current ellipses. (f) 
Residual current distribution for the observational period. Gray rectangles in (a) and (b) 
indicate the location of (c)-(f). 

4. ASSIMILATION PERFORMANCE 

Although the tidal level validation performed well, simulated velocities (hereinafter, Vsim) 
were larger than the independent ADCP velocities (VADCP), and agreement of Vsim with VADCP 
was worst compared to those of inversion (Vinv) and assimilation (Vass) with VADCP (Fig. 3a-c). 
The RMSDs of eastward and northward velocity components between Vsim and VADCP were 
respectively 0.20 and 0.16 m s-1 for A1, 0.21 and 0.13 m s-1 for A2, 0.11 and 0.18 m s-1 for A3 
(Fig. 3d-i). Mean RMSD for eastward and northward velocity components between Vsim and 
VADCP was 0.17 m s-1. These results indicate that the ocean model forced only by tidal level 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  15



along the open boundary was not accurate enough to simulate the current structures in the 
observation region.  

Agreement of Vinv with VADCP was better than that of Vsim with VADCP. The RMSDs of 
eastward and northward velocity components between them were 0.12 and 0.15 m s-1 for A1, 
0.10 and 0.12 m s-1 for A2, 0.14 and 0.09 m s-1 for A3 (Fig. 3d-i), with a mean RMSD of 0.12 
m s-1. Vinv magnitudes were clearly larger than those of VADCP at A1 (Fig. 3a), indicating that 
Yangjiao Island has a strong influence on the adjacent current field. The inversion cannot 
reconstruct the current field well near coastlines, because it ignores boundary conditions 
(Park and Kaneko, 2001). The current directions at A3 also agree poorly (Fig. 3c), indicating 
that accuracy of inversion was greatly impacted when the number of sound transmission lines 
decreases rapidly near the periphery of the observation region (Fig.1c). These results show 
that the boundary conditions as well as the sufficiency of sound transmission lines had great 
effects on the inversion.  

Comparing all 3 ADCP stations, the vectors of Vass and VADCP matched best for both 
magnitudes and directions (Fig. 3a-c). The RMSDs of eastward and northward velocity 
components between them were small: 0.11 and 0.08 m s-1 for A1, 0.10 and 0.04 m s-1 for A2, 
0.06 and 0.05 m s-1 for A3 (Fig. 3d-i). Mean RMSD for eastward and northward velocity 
components between Vass and VADCP was 0.07 m s-1. These results indicate that data 
assimilation had the highest accuracy in reconstructing the current field. The precision 
improves when the boundary conditions are taken into consideration. Furthermore, data 
assimilation performed well in the area (A3) where the sound transmission lines were sparse.  

 

 
Fig. 3: Vector plots of velocity (a-c), and scatter plots of eastward (left panels) and northward 
(right panels) velocity components (d-i), obtained by inversion (red), simulation (blue), 
ADCP (gray) and assimilation (black) at stations A1 (upper panels), A2 (middle panels) and 
A3 (bottom panels). 
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5. SUMMARY 

In this study, we present the first assimilation of CAT data with the EnKF scheme using a 
triangular mesh in Sanmen Bay adjacent to the East China Sea. We determined the 
measurement operator H, relating ocean model velocities to CAT observations using the 
EnKF scheme, by calculating locations and directions of sound transmission lines in 
triangular meshes. 

The triangular meshes, with spatial resolution of about 250 m in the observation region, fit 
the complex coastlines well. Fine structures of current fields near Yangjiao Island in the 
observation region were described well using assimilation, although this could not be 
achieved by inversion or by a structured grid ocean model. Precision of the assimilated 
current velocities was higher than that obtained by either inversion or simulation. The 
RMSDs of eastward and northward components as compared to ADCP data were 0.09 m s-1, 
0.06 m s-1 for assimilation, 0.12 m s-1, 0.12 m s-1 for inversion and 0.17 m s-1, 0.16 m s-1 for 
simulation.  

From our study, the performance of CAT data assimilation was superior to that of 
tomographic inversion and model simulation. The application of triangular meshes in the 
complex boundary condition regions also improved the accuracy of data assimilation. Thus, 
data assimilation with a triangular mesh ocean model in the coastal regions appears to be the 
optimal method for reconstructing the current field using CAT data. 
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Abstract: A new method of data assimilation (DA) based on ensemble Kalman filter with less 
time-consuming properties is proposed here. In this method, model error covariance is 
determined from the perturbed model state vectors at each DA time without forecasting the 
ensemble model state vectors. A smooth correlation function is introduced to model error 
covariance to localize the tomography domain. The model state vectors are perturbed by a N-
ensemble of smooth pseudorandom fields, the sub-vectors of which have zero mean and 
adjustable variance. Furthermore, their covariance is determined from the decorrelation 
length. Thus, the proposed method is different from the conventional method in which model 
error covariance is calculated through an ensemble procedure of the model at every time 
growth. The method was successfully applied to assimilate the 2013 Hiroshima Bay coastal 
acoustic tomography (CAT) data into a baroclinic ocean model based on POM (Princeton 
Ocean Model). A coastal upwelling, generated along the northern shore of Hiroshima Bay by 
a northerly wind from a typhoon, was well structured in a two-layer system of current and 
salinity. The data assimilation results were validated with path-average CAT and CTD data 
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and the estimated errors were smaller than variation ranges of current and salinity, associated 
with the upwelling. 
 
 
Keywords: CAT, data assimilation, ensemble Kalman filter, coastal upwelling, Hiroshima Bay 
 
1. INTRODUCTION 

Coastal acoustic tomography (CAT), an application of ocean acoustic tomography to coastal 
seas, constructs the spatial structures of a current and of sound speed (temperature and/or 
salinity), the accuracy of which has been validated in comparison to ADCP and CTD data [1]-
[7]. Data assimilation (DA) has been developed as an innovative method to improve the model 
simulated field significantly by the ocean acoustic tomography data. Noticeable efforts 
assimilating CAT data into the barotropic ocean model with ensemble Kalman filter (EnKF) 
have been executed by Park and Kaneko [8] and Ju Lin et al. [9]. 

The conventional EnKF methods are derived from merging Kalman filter theory and Monte 
Carlo estimate [10]-[11]. In these methods, the model error covariance is estimated from 
ensemble forecasts growing with a time step. For typical oceanic applications, the process for 
constructing the ensemble forecasts and the model error covariance is a major source to 
increase the computational time exhausted for completing a DA cycle. The large ensemble size 
is needed to attain the accurate model error covariance so that much computational time is 
consumed.  

A new method of data assimilation with much time reduction based on EnKF is proposed 
here in which the model error covariance is calculated from pseudorandom fields provided in 
a fixed time without time growths. Application results of this method to the 2013 Hiroshima 
Bay coastal acoustic tomography data are reported. 

 
2. OBSERVATION DATA 

A CAT experiment with four acoustic stations (H1, H2, H3 and H5) was conducted from 
September 11 to 25, 2013 in Hiroshima Bay (Fig. 1). The conductivity-temperature-depth 
(CTD) data were acquired at 10 stations (C1-C10) on the sound transmission lines on 
September 18. The CTD data were used to construct sound speed fields that were then used for 
acoustic ray trace predictions in the tomography domain with the vertical profile of temperature 
from September 17, provided by the Hiroshima City Fisheries Promotion Centre (HCFPC). 
Long-term temperature profiles were obtained at depths of 0, 2, 4, 7, 10 and 15 m every 5 
minutes from August 1 to October 23 using a temperature array, placed at T1. They served the 
sound speed-to-salinity conversion using the sound speed formula and the resulting salinity 
assimilation. The data assimilation results of salinity were validated with the CTD data. 
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Fig. 1: The CAT experiment domain. The four CAT acoustic stations (H1, H2, H3 and H5) 
and ten CTD cast points (C1-C10) are indicated with circles and squares, respectively. The 

black lines connecting the acoustic stations show the reciprocal sound transmission lines and 
the red lines the one-way sound transmission lines. The blue dashed line is the transmission 
line with no data. T1 is the temperature array position. A distance scale of 5 km is at the top-

left corner of the panel. A color scale for depth is at the bottom of the figure. 
 

Two reciprocal arrival peaks were successfully identified among H1, H2 and H5, 
constructing a triangular array (Fig. 1). However, only one-way data of first peaks could be 
identified for H2H3 and H3H5 owing to the H3 system having a poor performance. Correlation 
patterns for the received signals are shown in upper panel of Fig 2 with the stack diagrams and 
the ray simulation result in the lower panel. The green and red dots correspond to arrival peaks 
for the surface-bottom reflected (SBR) rays and surface reflected (SR) rays, respectively. The 
SBR rays with reflection numbers smaller than the SR rays were the first arrivals and largest 
peaks for H2H5 and H5H1 while the SR rays with reflection numbers smaller than the SBR 
rays were the first arrivals and largest peaks for H1H2. The SR rays were the second arrival for 
H2H5 and H5H1 while the SBR rays were the second arrival for H1H2. The SBR rays that 
passed through the whole depth from the surface to the bottom sampled the depth-average 
current and sound speed. Hence, information from the SBR rays is suitable to be assimilated 
into the model results as the barotropic (depth-average) data, thus being called a barotropic 
data assimilation (BTDA). On the other hand, the SR rays passed only through the upper 5 m 
and give baroclinic information to the model, thus called a baroclinic data assimilation (BCDA). 
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Fig. 2: Upper panel: Stack diagrams of the received correlation patterns plotted with the time 
axis proceeding upward. Lower panel: Results of range-independent ray simulation along the 

three reciprocal transmission lines H1H2, H2H5 and H5H1. The green and red lines show 
the SBR and SR rays, respectively. Green and red dots indicate arrival peaks for the SBR and 

SR rays, respectively. 
   
3. METHOD 

In the proposed method, to account for model error covariance P in a DA cycle, N-ensemble 
pseudorandom fields are directly added to the forecast result. N is taken 250 in this study. Each 
sub-vector of the pseudorandom fields has a zero mean and time invariant variance equal to 
certain value. The covariance among each sub-vector is determined by the decorrelation length 
given to fit the observation domain prior to the covariance calculation. Covariance localization 
is implemented using a product of the ensemble-based covariance with a smooth correlation 
function to localize the effect of data assimilation inside the tomography domain [12]. The 
smooth correlation function used here is defined by Gaspari and Cohn [13], using a 5th order 
piecewise polynomial function which decrease to 0 at a certain distance from the center of 
tomography domain. The observation error covariance R is determined from the variation of 
CAT travel times, typically using standard deviation (STD) in a short-period range of 10 min 
to one hour.  

Another specific aspect of this method is that the model error covariance is an adjustable 
variable relative to the observation error. The optimal value of ratio P/R was thought from the 
root mean square errors (RMSEs) for the DA path-average currents and CAT path-average 
current plotted against the ratio of P/R. The ratio was determined 12 at the point where the 
decreasing rate of RMSD was largely reduced.  

In the DA cycle, the difference of travel-time perturbations for the first arrival peak at H2H5 
and H5H1, and for the second arrival peak at H1H2, corresponding to the SBR rays, was firstly 
assimilated into the barotropic component of the current (barotropic assimilation). The sum of 
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travel time perturbations for the SBR rays at H1H2, H2H5 and H5H1 and the one-way travel 
time of travel-time perturbations for the SBR rays at H2H3 and H3H5 were also assimilated in 
the barotropic component of salinity (barotropic assimilation). The barotropic DA results 
served to adjust the baroclinic model result. The difference of travel-time perturbations for the 
second arrival peak at H2H5 and H5H1, and for the first arrival peak at H1H2 were related to 
the SR rays. The SR rays only passed through the upper 5 m and provided baroclinic 
information for the model. This baroclinic information was assimilated into the baroclinic 
model with ten vertical grids (baroclinic assimilation). Furthermore, the sum of travel-time 
perturbations for the SR rays at H1H2, H2H5 and H5H1 were incorporated into the salinity in 
the 9-layer baroclinic model (baroclinic assimilation). 

Only two arrival peaks or two rays were resolvable in the observation data because the 
profiles of sound speed and salinity were characterized by the upper and lower layers separated 
by a steep slope at the 5-m depth (see the lower panel of Fig 2). The result of the 9-layer data 
assimilation was therefore well approximated by the 2-layer result, averaging the upper and 
lower layers. 

 
4. RESULTS 

The DA results are shown in Fig 3 with the 6-hour interval vector plots for the subtidal 
component (mainly the wind-driven current), averaged over the upper and lower layers. The 
subtidal current was less than 0.02 ms-1 before the maximum northerly wind blew over the bay 
at 10:00 of September 16 and strengthened with the decrease of the northerly wind after it 
reached the maximum. Around the northern part of the bay during 00:00-12:00 of September 
17 the subtidal currents were directed southward in the upper layer while the lower layer was 
directed by the northward current. During this mature phase of the upwelling, the magnitude 
of the subtidal current reached 0.10 ms-1 for the upper layer and 0.08 ms-1 for the lower layer. 
As time proceeded, the southward upper-layer current gradually diminished and was replaced 
by the northeastward current with a maximum value of 0.10 ms-1 from the beginning of 
September 19. During this period, the lower-layer current with magnitudes lower than 0.05 ms-

1 also shifted from the north to the southeast especially in the eastern half of the bay. 
The DA salinity results for the 2-day filtered data are shown in Fig 4 with the contour plots 

for the upper- and lower-layer averages. With the start of salinity assimilation at 00:00 on 
September 15, a salinity contrast of 28.5 and 29.5 developed between the upper and lower 
layers except for the northern shore region which displayed unnaturally high salinity of 32. 
This contrast continued up to 06:00 of September 16. In the upper layer, a tongue of saline 
water greater than S=31 begun to develop southward from the northern shore of the bay at 
18:00 on September 16 and reached a mature phase during 00:00-12:00 of September 17. 
Outside the tongue, the upper-layer salinity was 30.0-30.5 lesser than the lower-layer salinity 
of 30.5-31.0. After the mature phase, the upper-layer saline tongue gradually retreated 
northeastward with a reduced speed up to the end of September 19. From September 18 to 19, 
the upper-layer salinity gradually decreased from 30.5 to 30.0 except for in the tongue region. 
At the same time, the lower-layer salinity stayed almost constant in the range of 30.5-31.0. 
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Fig. 3: The 6-hour interval variations of the subtidal BCDA currents for the upper-layer (red 
arrows) and lower-layer (black arrows) from 00:00 of September 16 to 18:00 of September 
19. The temporal variation of wind vectors is also shown at the top of the figure. The thick 

red arrows on the wind speed plot are placed at the times corresponding to the 6-hour 
interval current pictures. A scale of 0.1 ms-1 is provided at the bottom-left corner of each 

figure. 

 
Fig. 4: The 6-hour interval variations of the 2-day filtered DA salinity, averaged for the 
upper (left) and lower (right) layers. A color bar for salinity is provided at bottom of the 

figure. 
 

The 10-grid profiles of the 2-day filtered BCDA salinity are compared with the CTD data 
in Fig 5. The BCDA salinity profiles overestimated the CTD salinities at C1 and C10 close to 
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the northern shore and underestimated the CTD salinities at C5, C6, C7 and C8 southwest of 
the tomography domain. The assimilation of the fixed-point temperature array data for the 
whole domain produced misfits with the salinity at the CTD points located far from the 
temperature array. Note that the water was well homogenized from the surface to the bottom 
in the POM results. 

 
Fig. 5: The 10-grid profiles of the 2-day filtered BCDA (red line) and POM (blue line) 

salinities in comparison with the 10-point CTD data (black line). 
 
5. SUMMARY 

The proposed method of data assimilation was applied to assimilate the CAT data into the 
baroclinic ocean model based on POM (Princeton Ocean Model). The 3D process of coastal 
upwelling and the associated reverse flow, generated in the northern part of Hiroshima Bay, 
was well reconstructed by the assimilation of the barotropic and the baroclinic data from CAT. 
As proposed by Munk et al. [14], it is confirmed that the CAT data is the precious partner of 
data assimilation best fitted to the ocean model. 
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Abstract: During March 7-8 2015, a high-precision experiment for reconstructing the 
current variation in Dalian Bay (DLB) was successfully conducted by 11 coastal acoustic 
tomography (CAT) systems. The horizontal distributions of tidal and residual currents were 
mapped well by the inverse method, which used reciprocal travel time data along 51 
successful sound transmission rays. The semi-diurnal tide is dominant, with a maximum 
speed of 0.69 m/s near the bay mouth that gradually decreases toward the inner bay with 
an average velocity of 0.31 m/s. The residual current enters DLB from two flanks of the bay 
mouth and flows out in the inner bay. One anticyclone and one cyclone were noted inside 
DLB as was one cyclone at the bay mouth. The maximum residual current reached 0.11 m/s, 
with a mean velocity of 0.03 m/s. The depth-averaged inverse velocities were in excellent 
agreement with the moored Acoustic Doppler Current Profiler (ADCP) at the center of DLB, 
with a root–mean–square-difference (RMSD) of 0.04 m/s for the eastward and northward 
components. The precision of the present tomography measurements was the highest thus 
far owing to the largest number of transmission rays ever recorded. Sensitivity experiments 
showed that the RMSD between CAT and moored-ADCP increased from 0.04 m/s to 0.08 
m/s for both the eastward and northward velocities when reducing the number of 
transmission rays from 51 to 11. The observational accuracy was determined by the acoustic 
ray density of the CAT measurements. The cost-optimal scheme consisted of 29 transmission 
rays with an acoustic ray density of 2.03 km. Moreover, a dynamic analysis of the residual 
currents showed that the horizontal pressure gradient of residual sea level and Coriolis 
force contribute 38.3% and 36.0%, respectively. This indicates that the two terms are the 
dominant factors of the residual currents in DLB. 

Keywords: Coastal Acoustic Tomography; high precision; tidal currents; residual currents, 
Dalian Bay 
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1. INTRODUCTION  

Dalian Bay (DLB) is semi-enclosed by the coast of Dalian city on the western and 
northern sides and by two islands, Xiaosanshan and Dasanshan, on the eastern side. 
Continuous monitoring of tidal current structures using comprehensive oceanographic 
observations composed of moored and underway measurements is quite a difficult task to 
be conducted inside the coastal sea owing to the constraints imposed by aquaculture and 
heavy ship transportation. 

The number of transmission rays in previous multi-station experiments has increased 
from 7 [1] to 21 [2], and additional significant tidal current distributions have been obtained 
in coastal seas. However, there were some differences when compared with the Acoustic 
Doppler Current Profiler (ADCP). Numerical simulation studies have shown that tidal 
velocities are better reconstructed when increments of the spatial resolution of acoustic ray 
are determined by the number of transmission rays [3]. The agreement between CAT and 
ADCP has also been improved by data assimilation [4]. However, the details of increments, 
including increases in tendency and degree, have not been verified by field experiments in 
coastal seas because observational data has not been able to the requirements thus far.  

We conducted a CAT experiment with 11 CAT systems in DLB, China in 2015 (Fig. 1). 
In this study, the main objectives are to obtain high-precision tidal current data of DLB and 
to analyze the factors of the residual current generation. An additional objective is to 
examine the observational accuracy variation from different spatial resolution of acoustic 
ray values determined by different numbers of transmission rays.  

 
Figure 1. (a) Geographical location of Liaodong Peninsula and its neighboring areas. (b) 
Location map of Dalian Bay (DLB) and (c) topographic map of the experimental regions.  

 

2. SITE AND METHODS 

An array of CAT consisting of 11 nodes was deployed during March 7–8, 2015, in DLB, 
China (Fig. 1). This arrangement allowed successful transmission of sound along 51 paths. 
Eleven acoustic stations numbered C1–C11 were deployed by using fishing boats.  Except 
at station C10, the stations were anchored along the bay’s coast (Fig. 1). The distances 
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between the stations ranged from 2.4 km to 16.1 km. The experimental observation area was 
approximately 120 km2.  

The differential travel time (∆ ) can reflect the range-averaged current velocity ( ) 
among the station pairs [5-6]. The horizontal distribution of depth-average currents can be 
mapped via an inverse method based on the travel-time differences. Here, we used the 
stream function to map the two-dimensional current velocity distribution of the tomography 
domain [3,7]. 

3. DEPTH-AVERAGED CURRENT STRUCTURE 

The horizontal distribution of the hourly interval depth-averaged tidal current (Fig. 2) 
was reconstructed by using the inverse method. The tidal currents flowed mainly through 
the DSS at the west side or both XSS and SS at the east side into and out of the bay. Tidal 
current variations occurred twice in one day. The current velocity was significantly larger 
at the bay mouth and decreased from the bay mouth to the inner bay. The maximum speed 
obtained by the inverse analysis was 0.69 m/s (Fig. 2 (f)–(i)), which occurred at the XSS. 
The mean velocity at the inner bay was 0.31 m/s. The velocity directions and magnitudes 
for the CAT inverse results, which are closest to the ADCP location, showed good 
agreement with that measured by the moored ADCP at the center of DLB (Fig. 2).    

 
Figure 6. Depth-averaged current structure from 12:00 CST on March 7 to 12:00 CST on 
March 8, 2015, at an hourly interval reconstructed by inverse analysis.  

 

4. SENSITIVITY ANALYSIS 

The accuracy rating of inverse results was indeed influenced by the position structure 
of the acoustic stations. This study focuses on the effect of ray numbers. Thus, in the fixed 
ray number case, 100 patterns with different position structures were randomly selected to 
examine the impact of the transmission ray number on the inverse results. In the present 
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study, 20 sensitivity experiments based on different ray numbers were conducted. The 
quality of the inverse solution obtained by the different transmission rays was examined by 
calculating the RMSD and relative errors between the inverse results and moored ADCP 
data for the upper 15-m depth-average. The spatial resolution of acoustic ray ∆  of the 
tomography system is determined generally by the number of transmission rays covering 
the observation domain [3], expressed by ∆ = ,                                                                     (1) 

where A indicates the area of the tomography observational region (120 km2), and N 
represents the number of the successful transmission rays, which ranged from 11 to 51. 

 
Figure 3. (a) Root–mean–square difference (RMSD) and relative errors between inverse 
coastal acoustic tomography (CAT) results and mooring Acoustic Doppler Current Profile 
(ADCP) with different numbers of rays. (b) Correlations between the spatial resolution of 
acoustic ray and RMSD. The solid line indicates the regression line derived from the least 
squares method.  
 

 The RMSDs and relative errors between the inverse results and moored ADCP data 
for the 20 cases with different numbers of rays are shown in Fig. 3 (a). The RMSD for 
eastward and northward velocity decreased with an increase in ray number. The maximum 
RMSD was about 0.08 m/s when using 11 transmission rays, whereas the minimum RMSD 
was about 0.04 m/s when using 51 transmission rays. The cost-optimal CAT measurement 
in DLB is suggested, which consists of 29 transmission rays with 2.03  ⁄  spatial resolution of acoustic ray, and is useful for multi-station CAT 
experiments.  

To examine the relationship between the spatial resolution of acoustic ray (ranging 
from 1.5 to 3.5  ⁄ ) and the RMSD in the DLB experiment, both 
variables were plotted, as shown in Fig. 3 (b). A conic relationship was exhibited by using 
the least squares method, and positive correlation with a correlation coefficients of 0.99 and 
0.98 were obtained for eastward and northward components, respectively. The inverse 
velocity accuracy is determined by the spatial resolution of acoustic ray in the acoustic 
tomography measurement.   

5. MOMENTUM ANALYSIS OF RESIDUAL CURRENTS 

 To examine the roles of various nonlinear terms and Coriolis forces on residual 
currents, we decomposed the CAT results into tidal currents and residual currents by using 
harmonic analysis. The main physical processes of the residual current in DLB can be 
explained by [8] 
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∇ℎ ∙ ′ ′ = − ∇ℎ − ∇ℎ ∙ + ∇ℎ ∙ ∇ℎ + ℎ − ℎ + × ,                (2) 
where the overbars indicate the time average values over one M2 tidal cycle. The term on 
the left-hand side of Eq. (2) (∇ ∙ ′ ′ ) is the tidally averaged advection of the tidal 
currents, which forces the residual currents. The terms on the right-hand side are the 
pressure gradient of residual sea level (− ∇ ̅ ), advection term of residual flow (∇ ∙

), horizontal mixing term ( ∇ ∙ ∇ ), temporal mean wind stress ( ); temporal 

mean bottom friction stress ( ), and Coriolis force term ( × ).  
To evaluate the contribution of each term in Eq. (2), which forces the residual current 

in DLB, the maximum and mean values of these dynamic terms were estimated during one 
M2 tidal cycle. For the six forcing terms on the left side of the Eq. (2), the sea surface level 
could not be observed; hence, the temporal horizontal pressure gradient term could be 
estimated only by using Eq. (2). The horizontal pressure gradient of residual sea level and 
Coriolis force contribute 38.3% and 36.0%, respectively. The other terms such as wind 
stress, bottom friction, and advection of the residual currents play relatively minor roles, 
and horizontal mixing is negligible. This value of the horizontal pressure gradient of residual 
sea level corresponds to a sea level difference of 0.7 cm according to the length of DLB 
along the northwest direction (15 km). Owing to the horizontal pressure gradient of residual 
sea level, the sea level was higher in the inner bay and flowed to the bay mouth, which 
corresponds to the direction of the mean residual current. 

 
Table 1. Maximum and mean values in units of 10-6 m/s2 of the dynamic terms in Eq. (2). 
Percentages relative to the forcing term are also presented. 

 Advection  
of residual 

currents

Horizontal 
mixing of 

residual currents

Coriolis 
term 

Bottom 
stress 

Wind 
stress 

Maximum (10-6 m/s2) 7.84 0.44 12.94 2.90 2.54 
Percentage (%) 27.9 1.6 45.9 10.3 9.0 

Average (10-6 m/s2) 2.10 0.12 4.49 0.39 0.60 
Percentage (%) 16.8 1.0 36.0 3.1 4.8 

6. CONCLUSIONS 

A CAT experiment with 11 acoustic stations in DLB was successfully conducted during 
March 7–8, 2015, in which the tidal currents were mapped. During this high-precision 
experiment, actual reciprocal sound transmission was performed along 51 transmission rays, 
corresponding to a horizontal spatial resolution of acoustic ray of ∆ = 1.53  ⁄ . A moored ADCP survey was performed at the central region of the 
observational domain, which provided independent velocity data and validated the CAT 
observation.  

The precision of the present tomography measurements was the highest thus far owing to 
the largest number of transmission rays ever recorded. Sensitivity experiments showed that 
the RMSD between CAT and moored-ADCP increased from 0.04 m/s to 0.08 m/s for both 
the eastward and northward velocities when reducing the number of transmission rays from 
51 to 11. The observational accuracy was determined by the acoustic ray density of the CAT 
measurements. The cost-optimal scheme consisted of 29 transmission rays with an acoustic 
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ray density of 2.03 km. Moreover, a dynamic analysis of the residual currents showed that 
the horizontal pressure gradient of residual sea level and Coriolis force contribute 38.3% 
and 36.0%, respectively. This indicates that the two terms are the dominant factors of the 
residual currents in DLB. 

Finally, it was determined that high-precision mapping of tidal current structures can be 
measured by using larger numbers of acoustic stations with heavy ship transportation and 
fishing activity in coastal seas.  
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Abstract: Taking a forward-looking sonar as the spatial center, it lacks the recognition 
capability for different objects that at the same range and the same horizontal angle, but 
different vertical angle. When the target moves toward the spatial location that satisfied 
the conditions mentioned above, the echoes of the target and the obstacle are overlapped, 
which causes the acoustic aliasing phenomenon. This study focuses on underwater moving 
target tracking using forward-looking sonar image sequences. In the aspect of target 
contour iteration between frames, the strategy of controlling the inner particles using the 
shape prior, and the feasibility of mapping the distance between particles and the shape 
prior to particles weight are discussed. The moving information of the interested target 
and the energy flow are used to judge the happening and disappearing of the acoustic 
aliasing. The tracking models are dynamically changed, so as to estimate the moving 
status of the underwater target. Experiments of looking forward situation are designed 
and tested, and the results show that compare with conventional methods, the proposed 
method can deal with acoustic aliasing felicitously and it has robustness in simple 
obstacle or simple underwater background. This study contributes to improving the 
intellectualization of underwater robot vision. 
 

Keywords: image tracking, acoustic-aliasing, forward-looking sonar, contour iteration 
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1. INTRODUCTION  

Objects are easily occluded in the underwater environment. When the target moves 
toward an obstacle, and the spatial relation between the target and the obstacle satisfies a 
certain location situation to the observing forward-looking sonar, the echoes from the 
target and the obstacle are overlapped. This happens a lot in underwater environment, and 
what happens most is that the target and the obstacle are at the same range and the same 
horizontal angle, but different vertical angle to the sonar. 

To supervise the trajectory of underwater targets, intelligent vision processing of the 
forward-looking sonar is necessary [1]. However, satisfied sonar images cannot be easily 
obtained [2, 3]. When occlusion happens, it is more difficult to distinguish the target from 
the obstacle [4]. The spatial relation of object and the obstacle satisfies the situation 
mentioned above, and the imaging result is shown in Fig. 2(c). As shown in Fig. 1-2, no 
obvious differences can be seen in Fig. 2(b) and Fig. 2(c), and the difference image Fig. 
2(d) does not equal to the difference between Fig. 2(c) and Fig. 2(a). Centricity is not 
enough to describe target when echo signal was submerged or weakened.  

 

         
(a)                              (b) 

Fig. 1 Photos of the object and the obstacle (a) the object; (b) the obstacle 

    
(a)                             (b)                             (c)                            (d) 

Fig. 2 Sonar images: (a) the target, (b) the occlude, (c) the target is invisible, (d) the 
difference of (c) and (b) 

The contour describer [5] contributes to maintain the estimation to the current state [6-
12]. Contour tracking [13-16] utilizes contour describer with [13, 15, 16] or without [14] 
association with filtering technique. Level set function [17-22], which was introduced into 
computer vision firstly by Malladi et al. [17] is an effective method of obtaining contour 
describer. Level set method is able to represent contours against topological changes using 
iterations in image domain [18]. Maria Lianantonakis actualized sidescan sonar image 
segmentation using level set function [19]. Four-phase piecewise constant model was used 
by Wang [20] to extract contours of object-highlight and shadow regions but with high 
computation cost. Li proposed LBF (Local Binary Fitting) energy model [21] in 2007, 
which localized Chan-Vese model [5, 22] by LBF energy with a kernel function. As 
further research of LBF, a strict local binary fitting energy was used to segment sonar 
images selectively by changing the initial contour [23]. 
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2. METHODS 

In the proposed method, the Euclidean distance between targets is calculated and used 
to occlusion detection and occlusion accomplished detection when target is going into and 
going out of the occlusion area respectively. The proposed method maintains target 
statement estimate and transmit the tracking model by modeling the occlusion area. A new 
model for the obstacle will be automatically created when occlusion happened, and the 
tracking target turns to be the obstacle.  

At the same time, the created new model will be joined to the joint model, but the 
statement transition keeps the same. Tracking target turns to be the prior one after the 
occlusion factor judging that the occlusion is accomplished, and the unnecessary model 
will be ignored.  

In a word, the moving information of the interested target and the energy flow are used 
to judge the happening and disappearing of the acoustic aliasing. The tracking models are 
dynamically changed, so as to estimate the moving status of the underwater target.  

3. EXPERIMENTS AND ANALYSIS 

Experiments of looking forward situation are designed, as shown in Fig. 3.  The 
feasibility of constraining contour tracking using level set evolution between temporal 
adjacent frames is validated by real sonar images taken by a dual-frequency identification 
sonar (DIDSON), which is placed 2 meter under the water surface in a reverberation tank. 
Target and its sonar image are shown in Fig. 1(a) and Fig. 2(a). 

 
Fig. 3 Experiment setup 

 

    
Fig. 4 Original images (from the left to the right: the 431st, 460th, 490th, and 520th frame) 
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The imaging results are shown in Fig. 4. The obstacle is hung 9 m in front of the sonar 
in the tank, with a fixed depth of 2.2 m. The target is hung 1.8m under the water surface 
and moves in a line in front of the sonar from 10 m to 9 m. 

Two conventional methods are compared with the proposed method, namely particle 
filtering (PF), and GATE. The change of particle weight along with frames of PF, GATE, 
and the proposed method are shown in Fig. 5, Fig. 6 and Fig.7 respectively.  
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(a)                                                                       (b) 

Fig. 5 Particle weight change of PF: (a) x axis, (b) y axis 
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(a)                                                                      (b) 

Fig. 6 Particle weight change of GATE: (a) x axis, (b) y axis 
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(a)                                                                       (b) 

Fig. 7 Particle weight change of the proposed method: (a) x axis, (b) y axis 
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4. CONCLUSION 

Experiments results show that compare with conventional methods, the proposed 
method can deal with acoustic aliasing felicitously and it has robustness in simple obstacle 
or simple underwater background. This study contributes to improving the 
intellectualization of underwater robot vision. 
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Abstract: Ocean acoustic tomography depends on a suitable reference ocean environment 
with which to set the basic parameters of the inverse problem. Some inverse problems may 
require a reference ocean that includes the small-scale variations from internal waves, 
small mesoscale, or spice. Tomographic inversions that employ data of stable shadow 
zone arrivals, such as those that have been observed in the North Pacific and Canary 
Basin, are an example. Estimating temperature from the unique acoustic data that have 
been obtained in Fram Strait is another example. The addition of small-scale variability to 
augment a smoothed reference ocean is essential to understanding the acoustic forward 
problem in these cases. Rather than a hindrance, the stochastic influences of the small 
scale can be exploited to obtain accurate inverse estimates. Inverse solutions are readily 
obtained, and they give computed arrival patterns that matched the observations. The 
approach is not ad hoc, but universal, and it has allowed inverse estimates for ocean 
temperature variations in Fram Strait to be readily computed on the several acoustic 
paths for which tomographic data were obtained. 

Keywords: acoustic tomography, acoustic scattering, inverse techniques, Fram Strait, 
Canary Basin 
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1. INTRODUCTION 

Ocean acoustic tomography consists of four basic steps [1]. First, the signals from 
acoustic propagation over some distance through the ocean are recorded. Second, the 
equivalent acoustic propagation is computed using a reference ocean, or a suitably 
realistic representation for the acoustic environment. This computation is the acoustic 
forward problem, which is an analysis to understand the essential factors governing the 
acoustic propagation and a computation of an acoustic arrival pattern that matches the 
recorded arrival patterns reasonably well. The discrepancies between the computed and 
measured arrival patterns indicate the essential information provided by tomography. 
Third, a representation of the ocean variability is constructed such that the variability can 
be modeled by a set of parameters, and the inverse components and inverse itself are 
computed. Lastly, the inverse solution is tested by computing acoustic propagation 
through the “corrected” acoustic environment to verify that the new, computed arrival 
pattern agrees with that recorded. Analyses of the model variances and inverse 
uncertainties are required and integral aspects of the inverse problem.  The inverse 
solution then passes to the realm of physical oceanography for further analysis. 

The reference ocean employed for the forward problem is most often a smooth 
climatology such as the World Ocean Atlas, a smoothed hydrographic section [2], or an 
ocean model or state estimate [3]. There are several examples of instances where the 
effects of small-scale variability (internal waves, spice variations, small mesoscale) are 
essential to understanding the forward problem, however [4; 5; 6; 7]. The influences of 
small-scale variablity on long-range acoustic propagation were perhaps first highlighted 
with the observations of the SLICE’89 experiment at 1-Mm range in the central North 
Pacific [8]. Shadow-zone arrivals, which are stable, ray-like arrivals that occur at times 
and depths outside the arrival pattern predicted using a smooth sound speed section [3; 5; 
7; 9], are an obvous example of the influence of small-scale variability. How can such data 
be exploited for ocean estimation by an inverse when they cannot be represented by a 
conventional forward problem? The addition of simulated, yet realistic, small-scale 
variablity to a forward-problem environment can be essential to computing an inverse 
estimate.   This paper summarizes the discussions of this problem published by Dushaw 
and Sagen 2017 [10]. 

 

2. CASE 1:  DEEP, SHADOW-ZONE ARRIVALS 

Deep, shadow-zone arrivals give stable time series of travel times that are readily 
identified with extensions of branches of a time front computed from a smoothed ocean 
realization [3; 5; 7; 9].  Indeed, shadow-zone arrivals were a significant fraction of data 
obtained during the decade-long (1996–2006) Acoustic Thermometry of Ocean Climate 
(ATOC) project.  They represent valuable data, but a ray path associated with them cannot 
be computed using a smooth reference ocean.  An inverse employing these data with such 
a reference ocean is therefore technically not possible. Such arrivals can be computed, and 
a ray path determined for them, by augmenting a smooth reference ocean with small-scale 
variability [5].  These arrivals have been referred to as “nongeometric,” perhaps as a result 
of the notion that they arose from diffraction, but that word is incorrect.  They can be 
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identified with geometric rays computed using a more complete, or realistic, reference 
ocean. 

The nature of shadow-zone arrivals can be illustrated using a notional 2000-km long 
acoustic path along 25ºN in the North Pacific. A good representation for the sound speed 
section can be computed from the 2009 World Ocean Atlas (WOA09). The internal wave  

 
Fig. 1: Time fronts computed for a 2000-km zonal section in the midlatitude North 

Pacific.  The red pattern indicates the time front computed from the 2009 World Ocean 
Atlas, while the black dots indicate the same time front that includes the effects of internal 
waves. The density of dots corresponds to acoustic intensity. The lower panel indicates a 
close up of the figure above for the box indicated. A receiver at 4-km depth would detect 
stable ray arrivals, although the predicted arrivals from the smooth climatology lie about 
410 m above this depth. 

 

  
Fig. 2: Rays associated with the arrival cusp at about 1346.6-s travel time of the time- 

fronts of Fig. 1. Top: the ray through the smooth climatology to the cusp depth at 
3590 m.  Middle: under the influence of internal wave fluctuations, the same ray becomes 
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many rays and the ray turning depths become irregular. Bottom: the ray paths through a 
fluctuating ocean to a receiver at 4-km depth. The right-most panels indicate the path 

sampling with depth of the rays. The sampling of the shadow zone ray is similar to that of 
the direct arrival at the time front cusp 410 m above when scintillations are present. 

model of Colosi and Brown [2] can be used to approximate the effects of internal waves 
on acoustic propagation. Time fronts computed for such an acoustic path, with and 
without the effects of internal waves, are shown in Fig. 1. The characteristic extensions of 
the lower cusps, or caustics, of the time front as a consequence of internal wave scattering 
are evident; this extension can be several hundred meters [5; 9] (Fig. 1).  A receiver at 
4000-m depth, for example, would detect several more ray arrivals than could be predicted 
using just the smooth climatology. 

 For any point on the time front, the computed arrival pulse is obviously no longer a 
single ray arrival, but it has a width of perhaps 50 ms.  The specific rays associated with 
the predicted arrivals give the spatial sampling for the inverse problem. Three sets of rays 
from the lower panel of Fig. 1 may be of interest (Fig. 2). For the smooth ocean reference 
ocean, only 4 eigenrays were obtained to a notional receiver at the maximum depth of the 
time front cusp at 3590 m. For the same reference and receiver depth, but including 
internal wave variations, 210 rays were obtained. The cusp of the time front is a caustic 
which corresponds to a high ray density, or equivalently, a high acoustic amplitude. One 
effect of the internal wave variations is that the high-amplitude reception becomes split 
into many ray paths with varying lower and upper turning depths. Lastly, at a depth of 
4000 m, or 410 m below the cusp of the smooth-ocean time front, 10 rays are obtained, 
with similar variations in turning depth. 

One way to assess the impact of small-scale fluctuations on the ray paths, hence the 
inverse, is to compute the ray weighting as a function of depth. The small internal-wave 
scales included in the reference ocean have horizontal scales of O(100–1000) m, while the 
perturbative sound speed that is of oceanographic interest has horizontal scales of O(10–
1000) km. The ray weighting quantifies the impact particular travel times can have on the 
inverse solution. The ray kernel for the rays of Fig. 2 are shown in the right hand panels. 
In this case, the kernel has been summed horizontally, giving the weighting as a function 
of depth.  In the top-most panel, the ray from the smoothed reference ocean gives ray  
weighting with sharp increases in value at the ray turning depths. The aspect ratio of the 
ray figures can be misleading; most of the ray arc length occurs at the ray turning depths. 
One effect of the small-scale variability is to induce variations in the upper and lower 
turning depths of the rays. As a consequence of the irregular turning depths, the ray 
weighting is blunted and broadened in depth. The ray kernels for the rays to receivers at 
3590 or 4000 m depths, are similar, though there are many more rays to the shallower 
depth where the acoustic intensity is greater. 

 

3. CASE 2:  SPICE-SCATTERED ARRIVALS 

“Shadow-zone arrivals” are not limited to the lower (or upper) cusps of the timefront. 
The ray arrivals recorded in the Canary Basin during 1997-8 for the purpose of measuring 
the properties of Meddies included a clear, unpredicted arrival at the end of the arrival 
pattern (Fig. 3) [7]. This arrival was recorded by a receiver near the sound channel axis.  It 
arose from the extension of a branch of the timefront to later times as a result of scattering 
from small-scale variations of spice.  Such variations are ubiquitous along the sound 
channel axis in this region. Its existence is entirely a consequence of such scattering, and 
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any inverse employing this arrival would necessarily require a reference ocean 
incorporating small-scale variability. 

 

4. CASE 3:  ACOUSTIC PROPAGATION IN FRAM STRAIT 

 The extraordinary small-scale variability of Fram Strait has made it challenging to 
understand the regional oceanography by hydrographic sections or moorings.   A pilot  

  
Fig. 3: Time fronts computed for 309-km range in the Canary Basin from the smooth 

2009 World Ocean Atlas (red) and from the World Ocean Atlas including internal wave 
and small-scale spice variability (black dots). An experiment conducted in 1997 with a 
receiver at 600-m depth recorded a stable ray reception corresponding to the arrival 

indicated by the arrow [7]. This arrival is a product of small-scale acoustic scattering. 
 

tomography measurement in 2008–2009, the “Developing Arctic Modelling and 
Observing Capabilities for Long-term Studies” (DAMOCLES) program, was described by 
Sagen, et al. [11], while the subsequent “Acoustic Technology for Observing the Interior 
of the Arctic Ocean” (ACOBAR) progam (2011–2012) was described by Sagen, et al. [2].   
The small-scale variablity has a large impact on the acoustic propagation in the region. 
Sagen, et al. [2] examined the acoustic predictability of the ACOBAR data by employing 
smoothed hydrographic sections and comparing acoustic predictions to suitably filtered 
observations. They sought a deterministic solution to the ray sampling problem, requiring 
a suppression of small-scale effects by filtering methods.  With the unique stratification in 
Fram Strait, the precise acoustic propagation is dependent on the mesoscale state, which is 
constantly changing [2; 6]. Acoustic predictions using a smoothed climatology or 
hydrographic section give only a small set of rays, but a typical arrival pattern for the 
region consists of a single, broad arrival of perhaps 100 ms width, sometimes together 
with a few distinct pulses from bottom-reflected rays. With a Rossby radius of 
deformation of 4–6 km, the small mesoscale variablity of the region is essential to 
understanding the nature of the acoustic propagation [6]. The contributions from internal-
wave variability are minor, as a consequence of the stratification in this region. 

  Inverse estimates from DAMOCLES and ACOBAR data were obtained by employing 
a reference ocean formed by the World Ocean Atlas as the background sound speed plus 
sound speed variations caused by small mesoscale variability (Fig. 4).  When realizations 
for small mesoscale variations were added to the World Ocean Atlas, many more rays 
were obtained and the predicted patterns were similar to observations, both DAMOCLES 
[6] and ACOBAR. In this case, rather than just a few rays, several hundred rays were 
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obtained.   Despite the large number of rays, their spatial sampling was similar, normally 
cycling between the ocean’s surface and 1000–1500-m depths.  

This approach to the inverse of tomography data obtained in Fram Strait has worked 
well, providing estimates of range- and depth-averaged temperature along DAMOCLES 
and ACOBAR acoustic paths with little trouble.   The inverse solutions were found to give 
acoustic arrival patterns in agreement with the data (Fig. 5).   The entirely fictional small 
mesoscale environment employed with the reference ocean does not affect the temperature 
estimates consequentially (Fig. 6).  It merely lends an essential stochastic nature to the 
acoustic propagation. 

  
Fig. 4:  (bottom) The reference sound speed section for computing inversions of Fram 
Strait tomography data obtained along the ACOBAR A to B path [See 2]. Greenland is 

to the right, Svalbard to the left. The reference consists of the sum of (top) the 2009 World 
Ocean Atlas sound speed and (middle) a simulation of small mesoscale variability [6]. 
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Fig. 5:  Time series of acoustic travel times and amplitudes obtained by the 

DAMOCLES project in 2008–2009 on one of four hydrophones. The top panel shows the 
reference ocean travel times as the black dots, while the bottom panel shows the travel 
times computed using the inverse solution as the cyan dots. Comparisons to data from  
three other hydrophones were similar. Small-scale fluctuations give reference-ocean 

travel times that more closely resemble the data.  

5. DISCUSSION 

The approach of combining small-scale sound speed variations with a smooth ocean 
representation to form a reference ocean for an inverse should not be surprising.  Such 
small-scale variations can be essential to understanding the acoustic propagation.   Small-
scale variations can be by internal waves, by spice, or by small mesoscale features in high 
latitudes.  In addition, the recorded arrival patterns may depend critically on the influences 
of the small scale, either pulse width or entire branches of a time front.  No inverse can 
resolve these small scales, of course, so we are dependent on using simplified statistical 
models. 

Adding small-scale variations to a reference ocean might be considered another 
technique or trick that can be employed for better inverse estimates.   One example of such 
a trick is the use of a time-dependent reference ocean that may account for a sizeable 
annual cycle.   Accounting for the major part of the annual cycle in the reference ocean 
makes the inverse more linear (smaller perturbations from the reference), while at the 
same time prior variances are less giving smaller formal uncertainty estimates.  Adding 
small-scale contributions to the reference ocean is a not-dissimilar trick.  Such 
contributions should have negligible influence on the oceanographic quantitity estimated 
by the inverse, since the latter are large scale. 
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Fig. 6:  Range- and depth-averaged temperature along a 301-km ACOBAR 

path between moorings A and B [See 2].  Depth average is over the depth interval 0 to 
1000 m, which is the dominant sampling interval of the ray paths.  Individual estimates 

are denoted by the red dots, while the blue line is a weighted cubic spline fit to those 
estimates.  The formal inverse uncertainty for this average is about 75 m◦C, as indicated. 
Dates at the start and end of each time series are indicated, while the red lines indicate 

the equivalent average in the WOA09.  
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Abstract: We previously reported the results of using the radiation noise of an 
Autonomous Underwater Vehicle (AUV) as the sound source to invert the range-
independent SSP, along with the position and velocity of the vehicle, and the water column 
depth. To incorporate source motion effects, the forward model based on the waveguide 
Doppler and normal mode theory was applied to compute the replica field, and to resolve 
the adjacent Doppler shifted frequencies, an analytical solution of the forward model and 
its simplified version were obtained for arbitrary signal integration intervals with a 
monochromatic source. Through simulation and lake experimental results the developed 
waveguide Doppler model was shown to be more effective compared with the model that 
does not consider the Doppler effect. In May 2014, the approach was further tested in a 
sea trial conducted in the area of Zhoushan Archipelago with water depth about 35m, 
which used a relatively large-size AUV as the moving source and a 16-element vertical 
line array for receiving. In this paper, the at-sea experimental results are presented. The 
results again show that the parameters of high field sensitivity are well estimated except 
those mutually-coupled which suffer from local optima. It is also observed that the 
mismatch in AUV trace leads to degraded matching between the measured acoustic field 
and the modelled one; however, owing to the clear signal tone of the AUV used, the field 
matching is slightly better compared to the lake test results. Extension of the current 
approach to range-dependent environments is also discussed. 

Keywords: Autonomous underwater vehicle (AUV), matched-field inversion, moving 
source, radiated noise, waveguide Doppler 
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1. INTRODUCTION 

Ocean environmental parameters, such as sound speed profile (SSP), water depth, 
seabed properties, etc., are important parameters in determining acoustic waveguide 
propagation. Traditionally, a network of mooring platforms with projector/hydrophone 
array is deployed, sometimes combined with moving vessel nodes. Recently, as the 
autonomous underwater vehicle (AUV) technology matures, it has started to change the 
way people used to probe the ocean [2]-[5]. The AUV can be guided into areas of high 
uncertainty to perform small-scale high-resolution measurements of the environment. 

For the purpose of inversion of ocean environmental parameters, an AUV can act as a 
moving receiver, a moving source, or both. For example, Holmes et al. [3] used a ship-
deployed continuous wave source and an AUV with a towed array to obtain range-
independent sediment properties; Leijen et al. [4] used radiated noise of an AUV received 
on a vertical line array (VLA) to invert the geoacoustic parameters; Chotiros et al. [5] used 
radiation noise of an AUV, in conjunction with its towed array, to measure the bottom 
reflection loss and obtain an estimate of the seabed type. 

In a previous paper [1], we reported the results of using the radiation noise of an AUV 
as the sound source to invert the range-independent SSP, together with the position and 
velocity of the AUV, and the water column depth. To incorporate source motion effects, 
the forward model based on the waveguide Doppler and normal mode theory [6]-[8] was 
applied to compute the replica field, and to resolve the adjacent Doppler shifted 
frequencies, an analytical solution of the forward model and its simplified version were 
obtained for arbitrary signal integration intervals with a monochromatic source [1]. 
Through simulation and lake experimental results the developed waveguide Doppler 
model was shown to be more effective compared with the model that does not consider the 
Doppler effect. In May 2014, the approach was further tested in a sea trial conducted in 
the area of Zhoushan Archipelago with water depth about 35m, which used a relatively 
large-size AUV as the moving source and a 16-element vertical line array (VLA) for 
receiving. The frequency of the AUV radiation was approximately 8 kHz, which is lower 
compared to the small-size AUV in Ref. [1]. 

The remainder of the paper is organized as follows. The experimental setup is 
introduced in Section 2. The forward acoustic model based on the waveguide Doppler 
model and the objection function of the inversion problem are briefly reviewed in Section 
3. Inversion results with experimental data are presented in Section 4. Finally, Section 5 
concludes the paper. 

2. EXPERIMENT AND DATA DESCRIPTION 

The experiment was conducted in the area of Zhoushan Archipelago with water depth 
about 35m, in May 2014. The vehicle uses a GPS, with an accuracy of about 10 m, for 
surface navigation, and uses dead reckoning when diving. A detailed description of the 
vehicle can be found in Ref. [9]. The geometry of the experimental area and the 
trajectories of the vehicle are shown in Fig. 1. The AUV started its run from point ‘Start’ 
with constant depth of 5 m at a speed of 1.5 m/s, and then tracked points P1, P2, and P1 in 
sequence. 

During the experiment, SSPs were measured near the location of VLA by CTD, served 
as a database for the computation of the empirical orthogonal functions (EOFs) [10]. The 
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first 3 EOFs describe 97.1% of the sound speed variation in terms of energy. The 16-
element VLA and the data acquisition system are the same as that in Ref. [1]. The depth of 
the 1st element was measured to be 2.65 m. 

 

 

Fig. 1: Trajectory of AUV and the water depth along the trajectory. 

 

Fig. 2: Spectrogram of the radiated noise in the mission. (a) The received data from 
point (100 m, 125 m) to (0 m, 175 m) (see Fig. 1); (b) The received data from point (10 m, 

350 m) to (0 m, 200 m) (see Fig. 1). 

Fig. 2 shows the spectrogram of the signal received by the 5th element of the VLA. Fig. 
2 (a) shows the spectrogram of the mission [see Fig. 1] from point (100 m, 125 m) to (0 m, 
175 m). Fig. 2 (b) shows the spectrogram from point (10 m, 350 m) to (0 m, 200 m) where 
the radial velocity was approximately 1.5 m/s. 

3. THEORY 

The inversion is based on matched-field processing, and the process involves a forward 
acoustic model to predict the received acoustic field and an objective function to be 
optimized. EOFs are employed to reduce the degrees of freedom of SSP. 

Parameter estimation is carried out by maximizing the normalized Bartlett power 
objective function of the form 
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where: 

 1)(0  xB , and a perfect match between the measured acoustic field and 
modelled acoustic field is found when 1)( xB ; 

 x  denotes the environmental parameters to be estimated; 
 T

qMqmqq zpzpzp )],,(~),,(~),,(~[ 0010  rrrh   is the modelled acoustic 
field or replica field calculated at receiver frequency q , M  is the number of 
elements of the VLA, QN  is the number of receiver frequencies to be used, and 0r  
is the source-receiver range; 

 qd  is the measured acoustic field vector of the VLA at receiver frequency q ; 
 H)(  denotes the conjugate transpose of a matrix,   denotes the modulus of a 

complex number, and   is the Euclidean norm of a vector. 

There are three models of replica field mentioned in Ref. [1]. Considering the 
computational complexity and the performance, this paper uses model M2 to compute the 
replica field. M2 can be expressed as [1] 
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where T  represents the signal integration interval, l
r  is the Doppler shifted frequency, 

and L  is the number of Doppler shifted frequencies. ),,,( 0 rlkz  r  is the pressure value 
evaluated at receiver frequency   and wavenumber rlk . 

4. EXPERIMENTAL DATA ANALYSIS 

The data around the point (0 m, 230 m) in Fig. 1 are used for processing, when the 
AUV was moving toward the VLA. Fig. 3 shows the received power spectral density for 
source frequency of 8187.8 Hz when signal integration interval T=5 s. The source level 
was estimated to be 120 dB re 1 μPa @ 1 m. Fig. 4 shows scatter plots illustrating the 
parameters sampled during genetic algorithms (GA) inversion with single frequency 
8195.2 Hz. The maximum matched value is 0.69 which is not that good, since there is 
mismatch in AUV trace, which leads to degraded matching between the measured acoustic 
field and the modelled one. 

From the scatter plots, we can see that EOF coefficients ( ,, 21 aa  and 3a ), source 
velocity sv , and source frequency sf  have relatively good estimated results. The reference 
value of water depth D  is the depth around the point (0 m, 230 m), while the estimated 
value is the average water depth between VLA and point (0 m, 230 m). From Fig. 1 we 
can see that the average water depth is smaller than the water depth around point (0 m, 230 
m). Thus the estimated value is smaller than the reference one. The reference value of 
range 0r  is derived from dead reckoning, which has accumulated errors. When the AUV 
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floated up, the range using dead reckoning was 20 m larger compared with the GPS, 
which is coincide with the estimated result. The estimated source depth sz  and the depth 
of the 1st element of VLA 1z  are slightly biased compared with the respective reference 
values. One reason can be that the source depth is coupled with 1z . The other possible 
reason is that there is a measurement error of 1z  using the depth sensor. 

 

 
Fig. 3: Power spectral density of the data around the point (0 m, 230 m) when T=5 s. 

Dash-dotted line is the power spectral density when the radial velocity was approximately 
zero. 

 

 
Fig. 4: Scatter plots of GA search using M2 at T=5 s with single frequency of 8195.2 Hz. 

The dashed line indicates the reference value, and the solid line indicates the final 
inversion result. 

5. CONCLUSION 

In this paper we use the radiation noise of an AUV as the sound source to invert the 
range-independent ocean environmental parameters and present the at-sea experimental 
results which involve a simplified waveguide Doppler model. The parameters of high field 
sensitivity are well estimated except those mutually-coupled. The results further 
demonstrate the effectiveness of the developed approach in Ref. [1]. 

For further effort, we can use state-space model to invert range-dependent ocean 
environmental parameters along the AUV trajectory. Note that at each point of the track, 
the estimate is the average from the source to the receiver; by doing the inversion 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  53



 

sequentially with AUV moving, one can get the parameter estimate at individual points 
(sections). This process is equivalent to iteration over space, while iteration over time is 
considered as a solution to an under-determined inverse problem. 
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Abstract: Using a mobile ship platform (R/V Kilo Moana) with an acoustic source 
transmitting to a fixed bottom hydrophone at the ALOHA Cabled Observatory, we are 
investigating the feasibility of “RAP tomography” (Reliable Acoustic Path). This will 
allow the spatial mapping of a path integrated sound speed (temperature) over a 60-km 
diameter “teacup” volume of the ocean. We see this as a pilot project that may lead to 
more sophisticated acoustic measurements and configurations, e.g., spatially distributed 
arrays of vector sensors to provide improved performance for tomography, as well as for 
other purposes and replacing the ship with multiple autonomous surface vehicles such as 
wave gliders. Here we report on work in progress, including measurements and 
simulations. 

Keywords: Reliable Acoustic Path, Ocean Tomography 
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1. INTRODUCTION  

Measuring oceanic properties and dynamics continues to be an area of active research 
interest, with many challenges. In the past, most data were collected on-site (in-situ) often 
requiring the use of a ship and hands-on work of skilled technicians and scientists. 
Technology has been helping to automate the collection of data. Here, reliable acoustic 
path (RAP) tomography involves transmitting from a surface craft to a cabled, bottom 
hydrophone to determine sound speed. Similar experiments have been conducted using 
different instrumentation for sources and receivers [1] [2]. While initially we are using a 
manned ship for the surface craft, we see autonomous surface vehicles (ASVs) being used 
in the future.  

For these experiments an acoustic transmission can be received in a direct path (RAP, 
Fig. 1). Within the RAP volume with surface diameter equal to a complete surface limited 
ray loop (~60 km, 1 convergence zone CZ) and centered on the ACO hydrophones, rays 
can propagate without surface or bottom bounces (thus “reliable”). With the associated 
travel times we can then build up a 2-D map of path/depth integrated sound speed 
(temperature) as a function of ship (or ASV) position as it moves around on the surface 
within a radius of ½ CZ. This can be considered an extension of an inverted echosounder 
(from a vertical to near horizontal path) combined with the precise positioning and timing 
of seafloor geodesy, where their noise (sound speed variation) is our signal [3]. 

 

 
Fig. 1: Reliable acoustic paths for ranges extending outwards to ~30 km. Each path 

corresponds to a different initial launch angle. 

Our field site is Station ALOHA 100 km north of Oahu with water depth 4728 m. Since 
1988 on a quasi-monthly schedule, the Hawaii Ocean Time-series (HOT) project has been 
collecting ship and mooring based oceanographic data. The ALOHA Cabled Observatory 
(ACO) installed in 2011 supports this and other innovative scientific research at Station 
ALOHA. These data, together with those from associated process studies, form a unique, 
multivariate long-term data set of the ocean – and acoustic – state centered at one location. 
See http://aloha.manoa.hawaii.edu and http://aco-ssds.soest.hawaii.edu [4] [5].  

An estimate of the expected travel time signals can be obtained from inverted 
echosounder (IES) results given by Chiswell, 1994 [5]. In terms of travel time, Chiswell 
found a peak-to-peak round-trip value of 5 ms or approximately 1 ms rms one way. This is 
consistent with either a 0.5 m/s depth-averaged sound speed perturbation, or, more 
realistically, a 5 m/s (1 C) change in the main thermocline/upper 500 m. Further, 
Chiswell presented time series data from several geographically distributed IESs (over 
about 1 CZ) indicating eddy propagation. These are small signals; ideally, we want to 
resolve a tenth of this. Synchronizing at both ends to GPS time and correcting for ship 
position/motion is essential, along with a substantial amount of N averaging to obtain 
errors < 0.1 ms (0.15 m). Tides are both signal and noise for this application; the 
associated 0.8 m p-p surface elevation variation can be used for validation. 
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We report on data collected on two cruises of the R/V Kilo Moana around the ALOHA 
Cabled Observatory (ACO). The first, 22–26 January 2017, was a cruise of opportunity 
with the HOTS project. The second was 7–12 June 2017. 

2. EXPERIMENTAL SETUP  

On the first cruise, transmissions were made using two configurations of the on-board 
3.5 kHz Knudsen echosounder: either as a single transducer (Massa TR-1075A) or with 
the full array of 16 elements. On the second cruise, only the single element was used. In 
the first configuration, an adjacent array element is used as a receiving reference 
hydrophone. A GPS pulse per second is recorded as a time reference along with the 
voltage and current to the transducer and the reference hydrophone signal. The bottom 
hydrophone at ACO samples at a rate of 96 kHz and a subsampled 24 kHz file is used in 
processing. It too is synchronized to GPS time via the cable system at the 1 μs level. 

The R/V Kilo Moana's coordinates are given by Applanix's Position and Orientation 
System for Marine Vessels (POS MV). It uses an inertial measurement unit combined with 
positioning data provided by the Global Navigation Satellite System. Services of FUGRO 
Marinestar™ (G2) correction service is used. The estimated position uncertainties for the 
two cruises were about 15 cm and 5 cm, respectively.   

3. EXPERIMENTAL RESULTS  

Two separate waveforms were tested: a linear frequency modulated (LFM) sweep and a 
maximal length sequence (m-sequence). They were generated with identical parameters: 
center frequency of 4134.375 Hz, bandwidth 1378.125 Hz, and 22.5 ms duration. They 
were transmitted at 30 s intervals to prevent any overlap/interference between the direct 
arrival and other bottom-surface arrivals. For the second cruise, the LFM signal was used 
as there appeared to be slightly less clutter in the replica correlation. Also on the second 
cruise, 2-minute m-sequences of 23.777 s period were sent, these will be analysed to 
determine coherent processing times and the effect of changing Doppler thereon. 

Using data collected on the first cruise, the left plot in Fig. 2 shows the travel time 
perturbations (actual vs. estimated travel times) for each recorded transmission and the 
right plot shows the corresponding vessel position. Estimated travel times are calculated 
using ray tracing (including earth curvature correction) [6] given by the equations in 
Sounds in the Sea [7]. The ray tracing is computed with an a priori sound speed profile 
derived from a CTD cast taken at 2 m intervals during the cruise.  

It is evident the travel time perturbations varied mostly between ±10 ms which 
correspond to a ±3 m/s depth averaged sound speed difference when compared to the a 
priori sound speed profile. The travel time differences have structure according to vessel 
location, but do not have any dependence on the ships heading. Note for these 
measurements, the GPS error was approximately 0.15 m rms, still not a contributing 
source of uncertainty on this scale. Of course, hydrophone position uncertainty (estimated 
to be 10 m) is still a contributing factor. 
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Fig. 2: (Left) Plot of actual vs. estimated travel times perturbations (ms). (Right) Plot of 

the vessel's position during the cruise, where the black X denotes the estimated 
hydrophone position. Color scale represents the transmission number for both plots. 

4. SOUND SPEED MODEL AND INVERSION  

The following model and inversion process uses stochastic inverse theory [8] to 
compute the sound speed perturbation relative to an a priori sound speed field. The field is 
discretized as two-dimensional pixels in latitude/longitude. It has one vertical mode, the 
first mode empirical orthogonal function (EOF) that describes the sound speed profile 
perturbations at ACO, with rms sound speed uncertainty 3.8 m/s at the peak of the mode 
(~250 m). There is a Gaussian covariance between each location in the field with a length 
scale of 20 km. This was chosen as a conservative estimate and to allow for more spatial 
variability, in contrast to typical length scales of ocean phenomena are on the order of 100 
km. In addition, an uncertainty for the hydrophone position is included and a new 
estimated position is calculated. 
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Fig. 3: (Top left) Simulated sound speed field. (Bottom left) Estimated sound speed field. 

(Top right) Actual vs. estimated sound speed field. (Bottom right) A posterior error. 
 
Fig. 3 shows a sample simulated sound speed field, where the colors represent the 

perturbations from the a priori field at 250 m (peak of first mode EOF) and the circle 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  58



 

encloses all locations with transmissions (data) present. The estimated sound speed field 
(from the stochastic inverse) and the difference between these two are also given. Lastly, 
the rms a posterior errors are plotted for each location. It is clear the inversion reproduces 
the actual sound speed field best where there is data present and errors increase the further 
away from the data. There is a somewhat larger error in the center as compared to the 
outer regions, due to the uncertainty in the hydrophone position having a larger effect 
when in closer pixels. 

This model formalism can be used to estimate the expected travel time variation (Fig. 
4). In the absence of receiver position uncertainty, the expected travel time perturbation 
grows with range from about 1 ms to 2.5 ms rms. With the position uncertainty included, 
the expected travel time perturbation is larger near the center (because the z value is 
poorly constrained, being observed from just one side) and decreases with range. Much of 
the data fall outside the expected range of values. When inversions are done, the results 
are not plausible, with normalized residuals of 5 std dev, and a-physical sound speeds (not 
shown). The reasons for this are under investigation. The model will need to be revisited 
as it only includes the first mode EOF and higher modes may need to be included to model 
the volume more accurately. Also, time dependence may need to be included especially 
when dealing with datasets occurring over longer periods of time. 

 

 
Fig. 4:Travel time perturbations with respect to range between the source and receiver 
(color indicates time as above). The black dots represent the expected rms travel time in 

the absence of hydrophone position uncertainty, while the magenta dots include this 
uncertainty for rms travel time. 

5. RECENT MEASUREMENTS  

We shift now to briefly describing the new data collected 7–12 June 2017. The ship 
track during the cruise is shown in Fig. 5. Circles were run twice (5, 15, 25 km radius) and 
radials were run four or five times. A continuous 36 hours was spent directly over the 
ACO hydrophone. Some 59 XBTs were deployed.  

During the entire cruise within the operational area, a LFM chirp was transmitted (per 
above, with source level 260 W acoustic, 195 dB re 1 Pa at 1 m). During daylight hours, 
the 2-minute m-sequence signal was transmitted (3-hour interval minimum, 26 W 
acoustic, 185 dB re 1 Pa at 1 m). With this very data set we expect to resolve the 
problems and inconsistencies of the first data set. 
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Fig. 5: (Left) Cruise track for full operational area. The multiple tracklines are difficult to 
see at this scale. Expected position uncertainty is 5 cm rms. Red stars show locations of 2-

minute transmissions. (Right) The raw signal (shifted right 50 ms and down) and 
correlation envelope plotted together. The null in the middle of the raw signal envelope is 

attributed to the interference of the direct and bottom bounce signals. 
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Abstract: The data precision of deep sea acoustic tomography system is derived from the 
acoustic element position error , the time measuring error when the acoustic signal travels 
from the source to the receiving array of the acoustic tomography, and the error caused by 
the timing system of the submerged acoustic array during the long period of working in 
deep sea as well.  The position of the transmitting transducer is precisely obtained by 
using the long baseline positioning system. The high-precision magnetic sensor data is 
combined with the position data of the transmitting transducer  and their relative position 
data to calculate the position of the submerged receiving array elements, using high-
precision clock to reduce the timing, time-keeping, and time measuring error of the system 
to obtain the deep sea acoustic tomography experiment data simultaneously. The 
technology was applied in the first acoustic tomography experiment  of the South China 
Sea in 2016 to verify that the positioning precision of the transmitting transducer is less 
than 3 meters compared with DGPS result.  The results show that the technology can be 
used to calculate element's position of submerged acoustic array in deep sea to obtain 
effective experimental acoustic tomography data. The result of sound speed inversion 
based on experimental data reaches the specified precision range. 

Keywords: Ocean Acoustic Tomography, deep sea, submerged acoustic array, high-
precision, positioning system, South China Sea. 
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1. INTRODUCTION  

In 1979, Munk and Wunch proposed the classic ocean acoustic tomography theory, 
discussed the acoustic requirement and inversion method of mesoscale ocean description 
[1]. In the classical theory, the scale range of oceanic acoustic tomography can reach more 
than 1000km [2], which is a very efficient method of ocean observation. It uses a low 
frequency and high power level transducer to transmit acoustic pulses and a wide range 
vertical sound receiving array for acoustic signal reception. The sound speed perturbation 
due to temperature and current change is extremely small, therefore theoretical acoustic 
tomography experiment requires a pretty accurately measurement of the transducer 
position on the very transmitting starting point and the receiving time of the vertical 
receiver array elements [3] to gain a high-precision inversion results for sound speed field, 
temperature field, current speed field [1] [4]. 

Most areas of the earth are covered by the ocean with a water depth more than 4,000 
meters. The well-designed acoustic tomography equipment has the great significance for 
deep-sea stereoscopic observation in mesoscale ocean. However, there are still many 
technical problems. For instance, the deep-sea mooring acoustic tomography system 
cannot provide enough information accurately, due to lack of technique for underwater 
transducer or receiving array element position information, lack of real-time underwater 
calibration technique of long-term time keeping during the entire tomography experiment 
[1]. It has been considered as the place where the temperature field and current field error 
of acoustic tomography inversion are coming from. 

Using the existing techniques to design the acoustic tomography experiment, 
although it is not possible to achieve the perfect inversion results required by the acoustic 
tomography theory, it is still important to obtain acceptable acoustic tomography inversion 
accuracy under limited conditions. Last year, May 21, 2016 - August 25, we conducted an 
OAT experiment with 2 mooring system in the South China Sea to validate the feasibility 
of the deep sea mooring OAT experimental equipment that designed by Hangzhou Applied 
Acoustic Research Institute.  

2. ERROR ANALYSIS 

For South China Sea’s OAT experiment, we were interested only in changes with 
time, no need to know the absolute separation of the instruments in mooring system, but 
only the changes in range from measurement to measurement (i.e., the relative mooring 
displacement) [1]. Therefore, the main error of the inversion precision comes from three 
aspects which is the position error of the transmitting transducer measurement, the arrival 
time measurement error and the time keeping error.  

The error caused by inversion model can also be significant. The improvement for 
inversion model error not only depends on steady OAT algorithm, abundant empirical data, 
the system sound noise ratio and signal bandwidth, but also connected to the position error 
of the transmitting transducer measurement and the arrival time measurement error. 

The problem of time keeping error is mainly solved by high precision clock. The time 
keeping error of the selected high-precision clock is less than 3ms/month. Specifically, the 
two clocks for 2 mooring system are recovered after three months' experiment and 
compared with GPS time on deck and found the error were -2.7ms and 9ms respectively. 
Assuming that the time error is linear during 3 months’ time keeping, we obtained even 
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more accurate result by using linear interpolation as the time keeping error correction 
method. 

The positioning of the transmitting transducer is carried out using a long baseline 
system [7] and its accuracy is determined comparing with the positioning of the DGPS. 
The results show that the true position interval of the long baseline positioning system is a 
circle with a diameter of 1.51 m which caused only 0.0776m/s of the sound speed 
perturbation error according to [6]. 

Using the high-precision compass and tilt sensor (with a precision of 1°) to locate the 
vertical array with the long baseline positioning results of the transmitting transducer, the 
results show that the position interval of the remote hydrophone element is is a circle with 
a diameter of 11.98m which caused a 0.311m/s of the sound speed perturbation error 
according to [6]. 

The final results are given in the subsequent inversion results. 

3. POSITION ESTIMATING TECHNIQUE 

The deep sea mooring acoustic tomography experimental system design needs to 
balance the underwater energy supply, equipment scale, measurement accuracy and 
economy and many other factors. The design of the mooring system in last year's acoustic 
tomography experiment has the following structural form [5], and constructs two nodes of 
the mooring system at a distance of 56km in southwest of Taiwan to validate the feasibility 
of the design. The transducer is placed in the measuring acoustic channel axis (depth 1050 
m), Three high precision compasses and tilt sensors were installed separately near the first 
hydrophone with a 430 m water depth, the last hydrophone with a 1670 water depth and 
the transducer with a 1070 m water depth. A long baseline positioning device is installed at 
20 meters below the transmitting transducer to measure the transducer position. 

  
(a)                                                                        (b) 

Figure 1. (a) Mooring system design and position of devices (b) Location map of 2 nodes 
OAT experiment in 2016 

In each positioning cycle of the long baseline system, the subsystem installed in the 
mooring system can measure the acoustic two-way propagation delay of each "challenge-
response" signal, and each set of delay measurements determines a sphere centered by the 
subsystem. With several transponders we are able to calculate the intersection of the 
spherical surfaces which is the real position of the subsystem installed 20 meters below the 
transmitting transducer. The positioning equation is: 
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Where ( ix , iy , iz ) and it  are the spatial position of the i -th transponder and the time 

of the i th response signal with respect to the challenge time, 0it  is the response delay of 
the i th transponder, ( sx , sy , sz ) is the spatial position of subsystem installed in the 
mooring system, c is the sound speed. 

The basic principle of the transponder position measurement is to measure the ship’s 
position under the guidance of DGPS, and take the DGPS position data of the measuring 
ship and the ranging data of the transponder in the corresponding position, and then use 
the sphere intersection model to solve the transponder position coordinates on seabed. 
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                                  (a)                                                                    (b) 
Figure 2. (a) Long Baseline positioning (b) Transponder position measuring procedure 

The position of the long baseline positioning system matches DGPS quite well. With 
a DGPS positioning accuracy of 0.05 m, the corresponding long baseline position error is 
1.51m, as shown in Table 1. 

 

                                  (a)                                                                    (b) 
Figure 3. (a) Long baseline positioning and DGPS comparison results (b) Position of the 
LBL devices in mooring system changes in 3-months results 
Table 1. Maximum error between Long baseline positioning and DGPS comparison 

Positioning Root mean square error Positioning error average value 
RMSE_X/m RMSE_Y/m RMSE_R/m dX/m dY/m dR/m 

0.81 1.27 1.51 0.58 0.98 1.26 
The error of the long baseline position and the tilt sensor are input to simulate the 

received array of 640 meters above the transmitting transducer. If the position of the 
transmitting transducer is within the probability circle of diameter r , Then the receiving 
hydrophone at 640 meters above the transducer should be located within the probability 
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circle of diameter R (assuming that the array is in a stretched state under the tension of 430 
kg of buoyancy), the equation of error calculation is: 

2
2

sinrR 





 L  

Where R  is the remote hydrophone position probability circle diameter, r  is the 
transducer position probability circle diameter,   is the maximum value of error of tilt 
sensor, L is the vertical distance between the transducer and hydrophone.  

The simulation results (the blue part in the figure) given by the hydrophone 
positioning results are highly consistent with the actual received signal delay results (red 
part of the way) received by the hydrophone. As shown in Figure 4(b). 

 
                                     (a)                                                                  (b) 
Figure 4. (a) Experimental results of arrival sound signal (b) Simulation results of arrival 
sound signal (blue) and experimental received signal delay results (red) comparison 

4. SOUND SPEED INVERSION RESULTS 

The sound velocity profile is decomposed into the weighted sum of multiple 
empirical orthogonal functions, and the dimension of the solution to be solved is reduced. 
Considering the situation that the speed of sound is independent of the distance, the 
acoustic rays modeling and the constrained least squares method are used in inversion. 
The results are shown in Figure 5. We can see the maximum error is about 1.3m/s, most 
errors are less than 0.5m/s. 

 
(a) sound speed profile                                             (b) inversion error 

Figure 5. (a) Showing the sound speed profile where the green one is the sound speed 
profile from the CTD installed in the mooring system and the red one is for the estimated 
results (b) Inversion error 
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5. CONCLUSIONS 

It is feasible to positioning the transmitting transducer and the receiving array 
elements in the deep sea mooring acoustic tomography system by using the long baseline 
positioning combined with the compass and the tilt sensor at the time of transmitting and 
receiving the acoustic pulse. The arrival time value of the acoustic signal received by the 
mooring system matches the theoretical simulation value. 

The results of the inversion for sound speed show that the maximum error is about 
1.3m/s. the error is less than 0.5m / s in average. The corresponding temperature inversion 
accuracy is within 0.12 degrees. 

The use of compass and magnetic sensors is limited by its measurement accuracy, the 
error increases with the increasing length of the receiving array. Using array elements to 
receive long baseline system transponder positioning signal and solve the array position 
combine with compass and tilt sensor is intended to be carried out in the next step to 
validate the previous compass and tilt sensor results in deep sea acoustic tomography 
experiment in the near future. 
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Abstract: A 15-day coastal acoustic tomography (CAT) experiment was carried out at four 

acoustic stations in March 2013, to measure the tidal current in the strait. The horizontal 

distributions of the tidal currents were calculated by inverse analysis of CAT data. The 

diurnal tidal current constituents were found to dominate: the ratio of the amplitudes O1, K1, 

M2, S2, and MSF was 1.00 : 0.60 : 0.47 : 0.21 : 0.11. The residual currents flowed westward 

in the northern QS and turned southward in the southern QS. The residual current velocities 

were larger in the northern area than in the southern area, with a maximum westward 

velocity of 12.4 cm·s-1 in the northern QS. Volume transport estimated using the CAT data 

varied between -0.710 Sv and 0.859 Sv, with residual current transport of -0.044 Sv, where 

negative values indicate westward. This is the first estimation, from synchronous 

measurements, of major tidal current constituents, residual currents, and volume transport in 

this strait. 

Keywords: Tidal and residual currents, volume transport, coastal acoustic tomography, 
Qiongzhou Strait, South China Sea 
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1. INTRODUCTION  

The Qiongzhou Strait (QS) is a channel and key point of water exchange between the 
northern South China Sea and the Beibu Gulf (Fig. 1a).  

Analysis of current meter data and tide gauge data from 1963 to 1999 revealed a westward 
residual current through the QS throughout the year [1]. They also roughly estimated the 
corresponding volume transport: approximately 0.2-0.4 Sv in winter and spring. These results 
agree with the more recent current meter mooring data collected at several stations and at 
different times [2]-[4], drifting bottle data [5], and numerical studies [6]. However, 
synchronous data measurements to directly probe the spatial structure of the tidal and residual 
currents and the resulting volume transport through the strait have not yet been performed. 

To measure the current in the QS, we carried out a 15-day experiment using coastal 
acoustic tomography (CAT) systems. To the best of our knowledge, this study is the first 
synchronous measurement that separates the major tidal current constituents and residual 
current in the QS. 

2. SITE AND METHODS 

Four CAT systems measured the currents in the QS (Fig. 1b) over a 15-day experiment 
period (March 17 to April 1, 2013), which covered one fortnightly spring/neap tidal cycle. 
The CAT systems were set up using fishing ships anchored on both sides of the QS, at four 
stations numbered C1-C4, spanning an 11.5 km ×16.5 km area. The broadband transducers 
were suspended at a depth of about 7 m using a rope. During the CAT observation period, 26 
along-line tracks of shipboard ADCP (RDI Workhorse 300-kHz) were performed across the 
QS (Fig. 1b). 

 

 
Fig. 1: (a) Bathymetry of the South China Sea; (b) Bathymetry of the Qiongzhou Strait. The solid 
circles (C1-C4) indicate the positions of the CAT stations. The blue dash lines indicate the sound 
transmission lines, the red lines indicate the shipboard ADCP tracks.  
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The inverse method [7] reconstructed the horizontal distribution of depth averaged tidal 
currents from the differential travel-time data obtained from the reciprocal sound 
transmissions for all the CAT station pairs. The inverse domain is 33 km×33 km (Fig. 1b), 
and the grid size for the data display is 2.8 km×2.8 km. 

3. ALONG-STRAIT CURRENT VELOCITY AND TRANSPORT 

The reciprocal sound transmission method [8] determines the section-averaged current 
velocity between two acoustic stations to be  ≈ ∆             (1), 

where cm and um are the sound speed and current velocity averaged along the ray path, 
respectively; ∆  is the differential reciprocal travel time; and L the station-to-station 
distance. 

Hourly mean section-averaged current velocity um along each transect (Fig. 2a-f) was 
estimated from ∆  using Eq. (1).  denotes the shipboard ADCP velocities averaged 
over the entire section. um for each transect agrees well with ; the root-mean-squares 
differences (RMSD) between the two variables are 0.041 m·s-1, 0.036 m·s-1, 0.029 m·s-1, and 
0.030 m·s-1 for station pairs C1-C3, C1-C4, C2-C3, and C2-C4, respectively. Station pair 
C3-C4 um reaches a maximum of about ±1 m s-1 in the direction nearly parallel to the strait. 
The um of station pairs C1-C4 and C2-C3 are small because these two sections are nearly 
perpendicular to the strait. 
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Fig. 2: (a)-(f): Time series of the section-averaged velocity along the sound transmission lines (C1-C2, 
C1-C3, C1-C4, C2-C3, C2-C4, C3-C4); (g) The volume transport (QCAT, black line), its prediction 
based on harmonic constants (blue line) and the volume transport due to the residual current (green 
line)through the Qiongzhou Strait. Red rectangles in (b)-(e) and (g) indicate the section-averaged 
ADCP velocity and the volume transport given by ADCP velocity. Positive (negative) value indicates 
the eastward (westward) velocity or volume transport. 
 

To acquire a time series of volume transport through the QS that allows for harmonic 
analysis, we established an empirical relationship between QADCP and ∆ , and applied this 
relation to all ∆  to obtain a ∆ -based volume transport through the QS (QCAT).  

QADCP and ∆  are linearly related for the mean of station pairs C1-C3 and C2-C4. 
Therefore, the empirical formulae that relate ∆  to volume transport are = 0.100 × ∆ − 0.016       (2), 
where QCAT is the volume transport estimated from a ∆ ; ∆  are the mean differential 
travel time for station pairs C1-C3 and C2-C4.  

QCAT varied temporally with tide (Fig. 2g). Its value ranged from -0.710 to 0.859 Sv, with 
-0.044 Sv mean residual volume transport. Time dependent volume transport due to residual 
current (green line in Fig. 2g) is defined as the difference between the volume transport 
measurement (black line in Fig. 2g) and prediction (blue line in Fig. 2g), estimated by a tidal 
harmonic analysis. This transport also varied with diurnal tide.. 

4. TIDAL CURRENT AND RESIDUAL CURRENT STRUCTURES 

Fig. 3 presents tidal ellipse spatial distributions of tidal constituents O1, K1, M2, S2 and 
MSF (Figs. 3a-3e), as well as the temporal mean of the residual current (Fig. 3g). The diurnal 
tidal constituent O1 (Fig. 3a) is the greatest among the five tidal constituents, while the MSF 
(Fig. 3e) is the smallest among them. The spatially averaged amplitudes of O1, K1, M2, S2 and 
MSF follow the proportions 1.00 : 0.60 : 0.47 : 0.21 : 0.11. The major axis directions 
(anticlockwise from due east) of the tidal ellipses for the five constituents are generally along 
the strait direction of 8º. The temporal mean of the residual current was larger in the northern 
area than in the southern area; the spatially averaged westward speed was 7.3±1.7 cm·s-1 and 
the spatially averaged direction (anticlockwise from the east) was 227.3±34.7° (Fig. 3g). The 
maximum temporal mean of the westward residual current speed was 12.4 cm s-1 in the 
northern QS. 
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Fig. 3: Depth-averaged tidal current ellipses for the tidal constituents (a) O1, (b) K1, (c) M2, (d) S2, (e) 
MSF and (f) diurnal ((K1+O1)/2) , and (g) the temporal mean of residual current. The red tidal current 
ellipses in (c) and (f) are from Shi et al. (2002). Note that the length scale for the diurnal tidal current 

ellipses is different from the others. 
 

To evaluate the accuracy of our estimated tidal currents, we compared our results with 
previous independent measurements. Estimated tidal current data from this study agreed well 
with results reported by Shi et al. [1]. They collected all available current data from 
observations in the QS from 1963 to 1999, which included the four data sites covered by our 
CAT observations. The diurnal ((O1+K1)/2) and semidiurnal tidal currents estimated from our 
CAT data (black ellipses) are consistent with those reported by Shi at al. [1] (red ellipses) 
(Figs. 3c and 3f).  The RMSD of the major axes, minor axes and diurnal tidal current 
ellipses orientations at the four sites are 14.3 cm·s-1, 4.0 cm·s-1 and 12.3°, respectively; the 
RMSD of the major axes, minor axes and semidiurnal tidal current ellipses orientations at the 
four sites are 1.8 cm·s-1, 2.8 cm·s-1 and 9.6°, respectively.   

5. CONCLUSIONS 

We present the first synchronous observations of tidal current, residual current, and 
volume transport in the QS. A 15-day coastal acoustic tomography experiment measured the 
tidal currents in the QS using four acoustic stations during March, 2013.  

The QCAT for the entire CAT experiment period, predicted using the empirical regression 
formula between QADCP and ∆ , ranges from -0.710 to 0.859 Sv, with a 0.044 Sv mean 
westward volume transport of residual current. The major axes of the tidal ellipses of the five 
constituents were generally directed along the strait. The ratios of O1, K1, M2, S2 and MSF 
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tidal currents amplitudes were 1.00 : 0.60 : 0.47 : 0.21 : 0.11. The residual current flowed 
westward, stronger in northern area than in southern area and turned from a westward 
direction in the northern area to southward in southern area of the strait.  

The easy handling of the CAT system and its performance (as shown in this study) suggest 
that the CAT system is potentially a highly viable way to achieve a long-term current 
measurement. 
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Abstract: Echo intensity data and water current profiles were measured in Lake Kinneret 
(Israel) with an Acoustic Doppler Current Profiler (ADCP) moored at station H (10 m) and F 
(20 m) from January to March 2017, i.e. during the winter holomixis and period of winter-
spring transient stratification. The collected information allow us to follow the dynamics of 
various echo-reflective layers. Concurrently with meteorological records and temperature 
dynamics measured with two thermistor chains installed at the same stations, we enable to 
acquire the impact of wind and transient stratification on development and dynamics of the 
near-bottom suspended sediments, near-surface wind-induced micro-bubble layer, and patches 
of gas-containing cyanobacterium Microcystis. 

 

 

Keywords: Acoustic Current Doppler Profiler, echo intensity, echo-reflective layer, suspended 
sediment, microbubbles, cyanobacteria 
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1. INTRODUCTION 

Aquatic systems often contain various echo-reflective objects and layers of different origin, 
e.g. fish, zoo-, phyto-plankton, suspended particles, gas bubbles, etc. The traditional sampling 
methods (e.g. water collection, plankton net sampling) are unable to provide comprehensive 
information required for understanding the impact of physical and biological processes on 
spatiotemporal variability of these objects/layers in aquatic systems. This is why the dynamics 
and ecological role of such echo-reflective objects is still poorly understood. In this work we 
present the results of fields studies aimed on portraying the spatiotemporal dynamics of the 
main echo-reflective objects/layers in a large deep lake in response to external forcing during 
the time of holomixis and weak stratification. Particularly we studied the combined impact of 
physical and sedimentological processes on near-bed dynamics of suspended particulate 
matter, dynamics of near-surface clouds of micro-bubbles, and formation of patches of 
cyanobacteria.  

2. MEASUREMENTS AND INSTRUMENTATION 

Acoustic Doppler Current Profiler (ADCP). - We deployed the two upward-looking Teledyne 
RD ADCPs, which consist of four beams, convex configuration with a beam angle of 25° and 
one vertically oriented beam. Sentinel V50 has working frequency of 492 kHz and Sentinel 
V20 has working frequency of 983 kHz. These instruments were moored at water depth 19.8 
m (Stn. F) and 9.8 m (Stn. H), respectively, from February to April 2017 (Fig. 1). Together 
with current velocities and echo intensity the instruments recorded heading, pitch, roll, pressure 
and temperature. The vertical bin size was 0.6 m and 0.3 m for V50 and V20, respectively, and 
256 individual pings were recorded and averaged every 30 minutes (1.7 Hz ping rate) for both 
devices. The center of the first depth cell was 1.86 m for V50 and 0.83 m for V20. Velocity 
errors were up to 0.03 m s-1 for both instruments. 

Thermistors chains. - Time series of temperature were recorded at different depths spreading 
throughout the entire water depth ranges at stns. F and H. Each thermistor chain was composed 
of a combination of RBRsolo (temperature sensor-data logger) and RBRduet T.D. (temperature 
and depth sensor-data logger), RBR Ltd., Canada. The thermistor chains were deployed in close 
proximity to ADCPs. 

Meteorological data. - Meteorological data contained information on wind speed and direction, 
long- and short-wave solar radiation and air temperature. Wind speed, and wind direction were 
obtained from two Meteroeological Stations: the onshore Ginosar station (G) and offshore 
station A (courtesy of Y. Lechinsky and A. Rimmer) (Fig. 1). 

 
Figure 1. Bathymetric map of the Lake Kinneret with Stations A, F, H. 
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METHODS 

MVBS computation. - The mean volume backscattering strength (MVBS) Sv (dB) was 
calculated from the recorded echo intensity E (counts) using sonar equation [1, 2]:  =  ( − ) −  −  + 2 + 20 +                                  (1) 

The first term on the right hand side of the eqn. 1 is the received and recorded signal intensity 
E [counts] minus the background electronic noise level Er [counts] converted to dB by using 
the coefficient Kc [dB/count] provided by the manufacturer, Er can be obtained in the lab or 
from remote profile regions where no backscatter signal can be expected.  [dB] is 10 log10 
of the transmitted power [W] and hence describes the acoustic power transmitted into the water. 

 is 10 log10 of the transmit pulse length P [m] and characterizes the instantaneous 
ensonified thickness of water, where P is subject to the deployment configuration of the ADCP. 
The forth term on the right hand side of eqn. 1 characterizes the absorption of acoustic power 
by the water along the slant range to the scattering volume and back to the ADCP. Absorption 
is described using the acoustic absorption coefficient of clear water  [dB m-1], which 
depends on the acoustic frequency, salinity, pressure and temperature.  

The fifth term denotes the 2-way spreading of the conical acoustic beam. The slant range R [m] 
was calculated using [1, 2, 5]: =   ( +  |( − )/2| + ∙ + /4)/                  (2) 

where B [m] the blank distance adjacent to the transducers, P [m] is the transmit pulse length, 
D [m] the bin size, N the bin number and Θ is the angle of the transducers to the vertical (25° 
for slanted and 0° for vertical beam). C is a system constant delivered by the manufacturer 
(includes transducer and system noise characteristics of -139.18 dB and -135.49 dB for Sentinel 
V50 and Sentinel V20, respectively). 

3. RESULTS 

Thermal stratification. - Near-surface thermal stratification was episodically established in 
Lake Kinneret during winter and early spring. It characterizes by an increase of surface water 
temperature as early as in the middle of February 2017 (Figure 2b). At the end of March the 
stratification becomes permanent. At the time of strong wind (> 5 m s-1) the mixing in the upper 
water layer (up to water depth of 11 m) became prominent. 

Near-bed dynamics of suspended particulate matter. - Appearance of strong near-bottom 
backscatter layer was the most distinct phenomenon detected at shallower stn. H. It was caused 
either by direct resuspension of particulate matter at the station location, or by lateral particle 
transfer from the shallower areas, or by transport from the watershed. At the same time, much 
lower near-bed backscatter strength at deeper stn. F suggests that no resuspension occurred in 
the neighborhood of this location. 

Patches of cyanobacterium Microcystis. - Many cyanobacteria can regulate cell and colony 
buoyancy and form the near-surface blue-green scum of several inches thick [3]. Microcystis 
colonies are less transparent than water, therefore absorbing more solar energy and thus 
transferring heat to the ambient water, increasing its temperature. The enhancement of ambient 
temperature may in turn an increase in Microcystis growth rate [4]. 

An upper- and mid-water echo-reflecting layer showed distinct near-diurnal variability during 
the period of development of winter-spring bloom of gas-containing cyanobacteria. It seems 
that the observed changes in thickness and intensity of this layer could be associated with 
vertical migration of the cyanobacterium Microcystis in response to development/vanishing of 
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thermal stratification in response to interactions between wind and heat forces. The migration 
of the echo-reflective layer during nighttime in the absence of strong wind (Fig. 3h) possibly 
pinpoints the subsidence of the cyanobacterium. 

Micro-bubble cloud dynamics near the water surface. - The appearance of a thin but intense 
echo-reflective layer near the water surface (Fig. 2c, 2h) coincided with strong wind events (> 
7 m s-1) and formation of surface waves. Breaking of the surface waves could form a surface 
layer full of the entrained air gas bubbles. 

 
Fig. 2. Wind dynamics and spatiotemporal variability of water column variabilities between 
10th and 14th of February, 2017.  (a) 10-minute average of wind speed.  (b) - (e) - water column 
dynamics at stn. H;  (f) - (i) - water column dynamics at stn. F.   (b) and (f) - water temperature;  (c) 
and (g) - backscattering strength; (d) and (h) - current magnitude; (e) and (i) - current direction. 
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Fig. 3. Wind, long-wave solar radiation dynamics, and spatiotemporal variability of water 
column variabilities between 25th and 30th March, 2017. (a) 10-minute average of wind speed; 
(f)  long-wave solar radiation.  (b) - (e) - water column dynamics at stn. H;  (g) - (j) - water 
column dynamics at stn. F.  (b) and (g) - water temperature;  (c) and (h) -backscattering 
strength; (d) and (i) - current magnitude; (e) and (j) - current direction. 
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Abstract: Toxic cyanobacterial blooms disrupt the functioning of aquatic ecosystems and 
water use. The main difficulty in monitoring stems from the heterogenic spatial 
distribution of cyanobacteria. We detected that gas-containing Microcystis colonies are 
strong acoustic backscatterers at ultrasound frequencies and can be quantified with an 
echo sounder and an Acoustic Doppler Current Profiler (ADCP). Volume backscattering 
strength (Sv) was measured in Lake Kinneret with Simrad EY60 echo sounder at 120-kHz, 
and two Teledyne ADCPs - Sentinel V20 (1000 kHz) and Sentinel V50 (500 kHz). The Sv 
measured with EY60 was calibrated against chlorophyll-a concentration, a proxy for 
biomass, and then used to quantify the spatial distribution of Microcystis biomass. During 
hot windless days, a thin surface stratified layer develops, where buoyant cyanobacteria 
concentrate, absorb solar radiation, and are thus exposed to high temperature and light. 
This generates optimal conditions for Microcystis growth. Different hydrodynamic 
processes at various spatial scales play an important role in the formation of surface 
cyanobacteria patches as seen on satellite images. We demonstrate that acoustic data can 
be used to detect surface patches of Microcystis that contribute to high cyanobacterial 
biomass production. 

Keywords: Echo sounder, ADCP, acoustic remote sensing, cyanobacteria, Microcystis, 
spatial heterogeneity, surface scum formation, Lake Kinneret. 
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INTRODUCTION  

Toxic cyanobacterial blooms have become a common occurrence all around the world 
[1]. Cyanobacteria, a diverse group of photosynthetic oxygenic microorganisms, possess 
cellular mechanisms and acclimation capacity to develop dense populations in lakes, water 
reservoirs and streams, frequently referred to as ‘‘blooms’’. Such blooms may produce 
toxins, disrupt the functioning of aquatic ecosystems and affect water use.   

The heterogenic spatial distribution of cyanobacteria presents a major obstacle in 
quantifying and studying the dynamics of such blooms. On the vertical scale, these 
organisms can occupy different strata, whereas horizontally, floating cells and colonies 
may accumulate at certain locations because of wind and water movements [2]. One of the 
most common and ubiquitous cyanobacterial genera that frequently bloom in freshwater 
bodies is Microcystis spp. [3]. Gas vesicles (a hollow cellular structure made of proteins) 
bring the density of a colony to a nearly neutrally buoyant state [3]. Through the 
production of heavy carbohydrates during photosynthesis and their decomposition in the 
dark (due to respiration), the density of Microcystis cell changes, such that cells migrate 
down or up depending on light availability [4]. Frequently, a thin layer of cyanobacteria, a 
scum, is created and may persist for several days. Low turbulence allows buoyant cells to 
migrate up, while high turbulence causes uniform distribution of cells in the water column 
[5]. Colonies play an important role in the concentration of Microcystis near the water 
surface since larger colonies have a higher rise velocity and largely contribute to scum 
formation [6].  

Due to the rapidly changing spatial dynamics of buoyant colonies, Microcystis 
population in surface scums cannot be accurately quantified using traditional sampling 
devices (water samplers, nets) that disrupt the floating scums through physical contact. 
This problem can be resolved using remote measurement techniques. The presence of 
echo-contrasting gas bubbles in small planktonic organisms allow the use of acoustic 
signals to study their spatial distribution and vertical migration [7, 8]. 

In this study, we investigated the possibility of quantifying gas-containing colonies of 
cyanobacterium Microcystis in a subtropical deep lake using different acoustic ultrasonic 
devices. Then, we calibrated the acoustic volume backscattering strength of 
cyanobacterium against fluorometrically-measured chlorophyll-a (chl-a) concentration, a 
proxy of its biomass. Finally, we studied the spatiotemporal heterogeneity of 
cyanobacterium and explored the role of physical factors in the formation of its winter-
spring bloom in Lake Kinneret (the Sea of Galilee, Israel). 

MATERIALS AND METHODS 

The portable scientific Simrad EY60 echo sounder 120 kHz (7° opening angle) and 
two five-beam Teledyne RD Acoustic Doppler Current Profilers (ADCPs) - Sentinel V50 
(500 kHz) and Sentinel V20 (1000 kHz) - were used to study the acoustic backscatter from 
gas-containing cyanobacterium Microcystis in Lake Kinneret in February-March of 2012-
2013 and 2017. Special attention was paid to the distribution of Microcystis in the upper 
stratum, where the wind stress and surface waves cause turbulent mixing and thus affect 
the distribution of buoyant organisms. The ADCPs were moored in peripheral lake areas at 
depths of 20 m and 10 m. The depth bin length was 0.6 m and 0.3 m for V50 and V20, 
respectively; 256 individual pings were recorded at 30-minute intervals. The ADCP data 
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were used for calculating the volume backscattering strength, Sv (dB), from the echo 
intensity and transducer parameters by using the sonar equation [9, 10].  

The EY60 was operated in two modes: (a) the upward oriented transducer was 
suspended in the water at a depth of 5-8 m and (b) the downwards oriented transducer was 
floated on the water surface. The pulse width was set at 0.128 ms, and the sampling 
interval at 0.2 s. The lower threshold for data collection was -100 dB. The data collected 
with EY60 were processed using a hydroacoustic post-processing software, Sonar 5-Pro 
[11].  

Echo sounder sampling was accompanied by CTD (Conductivity, Temperature, 
Depth) water column profiling. ADCP measurements were carried out concurrently with 
continuous measurements of water temperature with two moored thermistor chains. The 
meteorological data were acquired from Lake Kinneret database (courtesy of Y. Lechinsky 
and A. Rimmer). 

Chl-a concentrations were measured fluorometrically [12] in the laboratory within an 
hour after the samples were collected. 

RESULTS AND DISSCUSSION 

We found that gas-containing Microcystis colonies are strong acoustic backscatterers 
at ultrasound frequencies. During the period of intense Microcystis bloom, the mean 
volume backscattering strength, Sv (dB), measured with upward and downward oriented 
120 kHz transducer, is closely related to the chl-a concentration, which is a good proxy of 
the phytoplankton concentration (Fig. 1). High correlation (r > 0.9) between Sv and the 
logarithm of chl-a concentration suggests that the biomass of cyanobacterium can be 
quantified in situ with an echo sounder.  

Fig.1. Relationship between the mean volume backscattering strength (VBS, dB) 
measured with EY60 and the logarithm of chl-a concentration during the period of 

Microcystis aeruginosa bloom in Lake Kinneret in February-March of 2012 and 2013. 

Fig. 2 displays the typical depth distribution of Sv of the sound scattering layer (SSL) 
along a cross section during a windless sunny day within the period of winter Microcystis 
bloom. Microscopic analysis confirmed that Microcystis colonies were the predominant 
objects in the upper part of the water column.  
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Fig.2: Echogram of the surface sound scattering layer during Microcystis bloom on a 
windless sunny day (21/02/2013) in Lake Kinneret. The record was performed with a 
downward-beaming echo sounder EY60. The colour bar shows the Sv (dB) scale. 

 
Vertical distribution of cyanobacterium biomass is closely linked with thermal 

stratification. In winter months, the development of the thin warm surface water layer 
during sunny low-wind days detaches the deeper colder stratum from the air-water 
interface. This results in suppression of wind-driven turbulence in lower water mass and 
promotes buoyant Microcystis colonies to rise rapidly to the surface where light and 
temperature conditions are beneficial for fast growth of cyanobacterium biomass. In early 
spring, when stratification became permanent, close similarity in the dynamics of the 
upper sound-scattering cyanobacterium layer and thermal stratification became evident 
(Fig. 3). Such coherent dynamics between two variables portray strong positive correlation 
of cyanobacterium biomass with temperature. The variability of thickness of the upper 
warm stratum is caused by wind-driven internal waves and/or vertical mixing dynamics.  

 

 

Fig. 3: Temporal and spatial variability of the upper sound-scattering layer (upper 
panel) and water temperature (lower panel) in March 2017 during a period of Microcystis 
bloom. The volume backscattering strength was computed from ADCP installed at 20-m 
depth. Temperature evolution at station was derived from thermistor-chain profiles. 
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Water movement at various spatial scales may largely contribute to the formation of 
Microcystis patches (e.g. Fig. 4). For instance, patches can be produced as a result of 
internal wave dynamics since waters above an internal wave converge and sink in its 
trough and upwell and diverge over its crest. The convergence zones accumulate 
positively buoyant phytoplankton [13]. The presence of internal waves in Lake Kinneret in 
winter-spring time has been documented based on fluctuations of the near-surface sound 
scattering layer along cross-sections (Figs. 2) and from the analysis of thermistor chain 
time-series data (Fig. 3).  

The satellite image taken on 11-Mar-2013 (Fig. 4) shows areas of high and low 
Microcystis biomass. The observed large spatial heterogeneity demonstrates the 
complexity of total biomass estimation in the case of Microcystis bloom. Analysis of the 
spatial distribution of chl-a concentration shows that the relatively small areas with high 
chl-a concentrations contribute largely to the total biomass. Surface patches play an 
important role in the overall cyanobacterium bloom development since the dense 
Microcystis patches effectively absorb solar radiation and thus contribute to further 
heating of the topmost cyanobacterium layer that creates optimal conditions for high rates 
of Microcystis photosynthesis and biomass growth. 

  

Fig.4. HICO (Hyperspectral Imager for the Coastal Ocean) image portraying the 
distribution of chl-a concentrations in Lake Kinneret on March, 11 2013 during the 

Microcystis aeruginosa bloom. 

Microcystis community tends to increase when the stability of stratified water layers 
increases. The increasing lake stratification due to global warming could be favourable for 
development of buoyant toxic cyanobacteria blooms. Other factors (e.g. changes in 
nutrient availability and wind-induced mixing) should be taken into account for accurate 
forecasting of the effect of global climate change on harmful algal bloom (HAB) 
development. 

CONSCLUSIONS 

The gas-containing Microcystis can be detected, mapped, and quantified using a 
scientific echo sounder and ADCP at ultrasonic frequencies. The suggested acoustic 
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remote sensing approach allows investigating spatial heterogeneity, colony migration and 
diurnal and seasonal changes of cyanobacterial abundance and surface scum formation. 

During hot calm days in winter and spring, a thin surface layer develops, where 
buoyant cyanobacteria largely concentrate, absorb solar radiation, and further increase the 
surface temperature. The formation of surface patches and scums is essential for the 
production of high Microcystis biomass in lakes and reservoirs. 
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Abstract: While visual survey of whales requires substantial means for limited areas, 
passive acoustic monitoring (PAM) offers larger scale coverage for long periods and less 
costs. It usually provides information about species behavior, e.g. seasonal movements, 
but tools are needed to detail the individuals' behavior. 
From October 2012 to November 2013 as part of the German-French "RHUM-RUM" 
(Réunion Hotspot and Upper Mantle - Réunion Unterer Mantel) seismic experiment, a 
70km by 40km array of 8 Ocean Bottom Seismometers (OBS) was deployed in Southern 
Indian Ocean in a mountainous area, with depths from 2500 to 5500 meters. The [0-50] 
Hz-frequency band covered by the OBS's hydrophone provides observations about whales. 
Each source-OBS path has its own acoustic propagation. Indeed, closest OBS can be 
reached by direct rays, while remote OBS can only be reached by multi-reflected rays. 
Therefore, the localization problem cannot be solved directly using a classical Time 
Difference Of Arrival (TDOA) algorithm. 
In this work, the TDOA problem is solved in the case of long range detection, even with 
mountainous relief, enabling localization and tracking of whales. For each point of the 
spatial matrix representing the area, Times Of Arrival (TOA) of signal on the OBS are 
computed with a ray tracing algorithm (BELLHOP), taking into account the bottom 
profile. The theoretical corresponding TDOA are then compared to measured ones using 
a loss function. 
The obtained results, using L1, L2, cross-correlation cost functions, show the effectiveness 
of the proposed strategy to track whales on their calls. For example, an Antarctic blue 
whale is tracked during 10 hours from 40 kilometers south of the array center to 40 
kilometers north where the mean speed is close to 10 km/h on a straight trajectory 
 
Keywords: Antarctic blue whale, TDOA, ray tracing  
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1. INTRODUCTION  

The golden age of commercial whaling in the early 20th century led to a dramatic 
decreasing of several whales species populations. Many studies aim to understand their 
behavior, their seasonal route and population number. Individuals count by visual survey 
requires huge and expensive means for very low ratings. However, Passive Acoustic 
Monitoring (PAM) is a very efficient and relatively low cost tool to detect whales. The 
characteristics of Antarctic Blue Whale (ABW) Z-calls, i.e. high source level and low 
frequency, are ideal for long range detection. 

In this study, we propose to make use of a part of the RHUM-RUM [1,2] (Réunion 
Hotspot and Upper Mantle Réunion’s Unterer Mantel) network, deployed in the Southern 
Indian Ocean from October 2012 to November 2013. The SWIR (South-West Indian 
Ridge) array (Fig.1) consists of 8 Ocean Bottom Seismometers in a 70 km by 40 km area, 
with depth varying from 2600 m to 5600 m. Each OBS has a three component seismic 
sensor and a hydrophone. 

Previous studies have shown that whale vocalizations can be detected on OBS's 
hydrophone [3]. Due to several factors (distance, marine environment characteristics, 
mountainous bottom profile), the signal waveform can be drastically degraded by the 
propagation (Fig.4), and the classical TDOA resolution cannot be directly applied. The 
aim of this study is to propose a long range tracking method using an OBS array in order 
to understand the ABW local behavior. 

2. EXPERIMENTAL DATA DESCRIPTION 

2.1. Sensors and array description 

Data were recorded by both hydrophone and three-component seismometer of the 
SWIR array OBS (Fig.1). The 100 Hz sample frequency (fs) is well appropriate for Z-call 
detection (16-27 Hz). Moreover, the dimensions of the array (70 km wide by 40 km 
height) and the 25 km mean distance between OBS are ideal for multi-sensors observation 
of the Z-call signal. 

 
OBS Lat. Long.  Depth 

 [m] 
Fs [Hz]

RR41 -27.7330 65.3344 5430 100 
RR42 -27.6192 65.4376 4776 50 
RR43 -27.5338 65.5826 4264 100 
RR44 -27.5324 65.7480 4548 100 
RR45 -27.6581 65.6019 2822 100 
RR46 -27.7909 65.5835 3640 100 
RR47 -27.6958 65.7553 4582 100 
RR48 -27.5792 65.9430 4830 100 

 
Fig.1: SWIR antenna in the eastern Indian Ocean (red star, inset) and OBS informations. 
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2.2. Environment characteristics 

The local sound speed profile (Fig.2) is typical of Indian Ocean, and composed of a 
thermocline with the minimum at 1800 m, followed by an isotherm layer. The SWIR array 
area is very mountainous with basaltic ocean floor, separated in two parts from north to 
south, by a 3000 m high submarine volcano (Fig.1). 

 

 
 

Fig.2: Sound speed profile-typical of Indian Ocean (left). OBS RR43: example of 
eigenrays tracing (right). Direct ray does not reach the OBS due to bottom profile, only 

reflected paths are possible. 

2.3. Z-call description 

ABW Z-call (Fig.3) has a very recognizable pattern composed of three units [4]: 
- unit A: 8 seconds-long tone, between 25 and 27 Hz, 
- unit B: 2 seconds-long down sweep from unit A to C, 
- unit C: 8 seconds-long tone, between 16 and 20 Hz. 
 

 
 

Fig.3: Spectrograms of two Zcalls observed by two different sensors: RR48 (left) and 
RR41 (right). FFT size: 1024 - Overlap: 97%. 
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The high source level (estimated at 179±5 dB ref.1Pa@1m [5]) provides very long 
range propagation. The shape of the observed Z-call can be highly modified by the 
distance due to the multipath propagation. 

3. LOCALIZATION ALGORITHM 

The estimation assumptions of a source position by TDOA measurements are a direct 
path and a constant sound-speed between the source and the different sensors. In this 
study, both long range detection and region topography are incompatible with those 
conditions (Fig.2). The method (Fig. 4) is divided into two steps. First, a pre-processing 
step estimates, for a set of theoretical sources (Sth), the theoretical TDOA (TDOAth) 
between OBS. Then, TDOAth are compared to measured ones (TDOAm) in order to build a 
probability of presence map of the source. 

 
 

Fig.4: Description of the method. A pre-processing step calculates TDOAth. Then a cost 
function estimates the similarity between TDOAth and TDOAm to provide the probability of 

presence map. 

3.1. Pre-processing step 

This pre-processing step consists in calculating Times Of Arrival (TOA) of eigenrays 
on OBS for a set of Sth regularly located over the area. This spatial matrix is sampled at 
0.01 degree from North to South and from West to East. The covered area corresponds to 
131 values in latitude axis, and 151 values in longitude axis. The total number of Sth is 
then close to 20000. The source depth is 40 m [6]. 

For efficient estimation of eigenrays TOA on every sensor, the bottom profile is 
considered. It is extracted from a xyz matrix in the Sth-OBS axis, and given as input 
parameter to the ray tracing software BELLHOP. 

Due to multiple reflections and long range propagation, the shape of the signal is so 
modified that it is not possible to distinguish the different rays. Moreover, in the case of 
long distances, only unit A subsists. The only measurable time is the beginning of the first 
ray. Hence, the first arriving eigenray is considered and retained for the theoretical TDOA 
calculation. 
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3.2. Cost evaluation 

The Z-call TOAm is measured manually on each OBS spectrogram, or automatically by 
an adapted method [7]. The received pattern, composed of multiple reflected rays, can 
stretch over more than one minute, leading to a difficult identification of the appropriate 
ray to measure. Hence, the best way to guaranty a measure that fit with BELLHOP 
estimation is to consider the beginning of the received pattern. 

Once TOAm are correctly measured on each OBS, TDOAm are calculated. The 
similarity between TDOAth and TDOAm is evaluated by a cost function to generate a map 
of probability of presence. Three cost functions have been tested with similar results (L1-
norm, L2-norm, Corr). The whale localization is selected at the maximum of this map. 

4. RESULTS 

The following example corresponds to an ABW passing through the array on May 31st 
2013. RR45 and RR46 ran out off battery, so the whale is tracked using RR41, RR43, 
RR44, RR47, RR48. 

 

 
 

Fig.5: Spectrogram of May 31st. The ABW vocalizations are recorded continuously 
over about 20 hours. FFT size: 1024 - Overlap: 85% 

 
 

 

 
 

Fig.6: Blue whale tracking obtained by the TDOA based method. Localization 
precision is optimal for an inside array source. 
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Unlike hydrophone located in the SOFAR channel, OBS monitoring provides a 
continuous detection (Fig.5), due to the bottom-surface multiple reflections. The 
observation radius of ABW is estimated at about 100 km. Fig.7 shows the result of the 8 
hours continuous tracking from 06h00 to 14h00. The ABW progresses in a straight 
direction with a mean speed of about 10 km/h. The localization accuracy is clearly better 
when the source is in the array than outside. 

 

5. CONCLUSION AND PERSPECVTIVES  

It has been shown that due to multiple bottom-surface reflections, whale observation is 
possible continuously on OBS records over several hours. The corresponding detection 
range on a simple spectrogram is close to 100 km. The proposed method, based on 
TDOA-algorithm including propagation characteristics, allows ABW tracking for 8 hours 
across 80 km. 

Thanks to the OBS sampling frequency, it is also possible to extend the process to 
Madagascar Pygmy Blue Whales, and Fin Whales. This will improve the knowledge about 
their population density and about how species interact. 

The continuous observation provided by OBS is a great benefit for whales PAM. A 
comparison with SOFAR located hydrophone could give useful information on the ideal 
array dimension and composition. 
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Abstract: More than 30 years after the institution of the moratorium on commercial 
whaling by the International Whaling Commission, one of the biggest challenges in whale 
monitoring, e.g. Antarctic Blue Whales (ABW), is assessing populations to evaluate their 
recovery from persecution by mankind. To do this, passive acoustic monitoring is widely 
used all around the globe focusing on call detection of vocalizing whales. It has been 
demonstrated that ultra low frequency Ocean Bottom Seismometer hydrophones (OBSh) 
provide high quality data for whale monitoring, especially because of their large covering 
areas. Due to high energy seismic noise, previously developed autonomous methods based 
on signal cross-correlation are not suitable for this kind of approach. As a first step to 
ABW monitoring, a new method is used, based on a passive application of the Stochastic 
Matched Filter (SMF). This is an extension of the matched filter for degraded signals in 
colored noise. The SMF has been adjusted to perform ABW Z-call detection in noisy 
environments (seismic broadband noise, boat direct tonal spectrum, other whale calls…). 
In addition, its properties allow degraded calls (frequency dependent attenuation, multi-
path distortion) to be detected, covering large ranges. This new method is applied on a 
representative dataset -in terms of noise environment and signal variety- recorded by an 
OBSh in the [0-50]Hz frequency band, deployed at 4000 m depth on a mid-ocean ridge in 
the South West Indian ocean (RHUM-RUM project). The SMF’s robustness against noise 
is compared to the classical Matched Filter: the output’s SNR is maximized and the false 
alarm drastically decreases. It can then be arranged to provide call time of arrival as an 
input to a localization algorithm, even for remote calls. 

Keywords: Call detection, Stochastic Matched Filter, Antarctic Blue Whale monitoring 
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1. INTRODUCTION  

Because of historic industrial whaling, blue whales have been considered endangered 
and protected internationally since 1965 [1]. Passive acoustic monitoring (PAM) seems to 
be a very efficient tool to understand their social behavior and interactions, follow their 
displacements and finally evaluate their population size.  
 For example automatic Antarctic Blue Whale call (Z-calls) detection algorithms have 
been developed [2] to facilitate large data analysis and monitor the specie in vast areas. 
They are mostly based on signal cross-correlation theory. However, those methods do not 
perform well at low Signal to Noise Ratio (SNR), whether it is due to distant call detection 
or high background noise environment (e.g. high intensity vocalizing period).  
 Because of numerous noise sources e.g. high energy broad-band noises due to seismic 
activity, boats spectrum etc., data analysis in the Z-call frequency band is quite 
challenging. To overcome fore-mentioned method’s limitations a new approach based on 
the Stochastic Matched Filter (SMF) is proposed. 

2. ANTARCTIC BLUE WHALE CALL 

2.1. Call Description 

The Antarctic blue whale (Balaenoptera musculus intermedia) repertoire has a highly 
recognizable intense and repetitive low-frequency vocalization with a Z-shaped time-
frequency pattern Fig.1 (a). It is described in 3 short units from 27 to 17 Hz, composing 
the whole Z-call:  

• unit A, the highest tonal part of the call with frequency between 25.5 and 27 Hz, 
lasting about 8 s,  

• unit B, a ∼2s-long down-sweep from unit A to C and,  
• unit C, a slightly modulated 8 s-long tone between 17 and 20 Hz. 
 

 
Fig.1: (a) Spectrogram of three successive Z-calls. (b) Spectrum of unit A and C. 

 
Z-calls are usually repeated in ~60-s-apart series to form a phrase as illustrated in Fig.1 

(a). Those phrases can occur from few minutes to several hours. Their simple shape and 
their repeatability allow Z-calls simulation, for example using parametric models [2]. 
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2.2. Whale calls vs oceanic environment 
  
 Antarctic blue whale call levels have recently been evaluated for the [17−30] Hz 
frequency band at 179 ± 5 dB ref.1μPa@1m. According to Fig.1 (b), unit A carries more 
energy than the rest of the call. This is why it is the remaining unit of remote Z-calls (Fig.3 
(a)). 
 Multi-path propagation might have several impacts (see Fig.1 (a)). First, differed 
arrival of acoustic paths generates a persisting ‘‘trail” of unit A and to a lesser extent C. 
Although, it appears that remote calls (from ABW and/or other species) create a diffuse 
field noise in the Z-call frequency band, a ‘‘hubbub’’ called chorus [2]. In this noisy 
context, the distinction between real Z-calls and chorus becomes tricky. 

3. DETECTION USING  THE STOCHASTIC MATCH FILTER (SMF)  

3.1. Classical SMF 

The SMF has been introduced, as an extension of the Matched Filter (MF) for random 
signals in colored noise. Initially used as active sonar processing, the method’s most 
informative concept representation has been reported in [3], as a time-varying linear filter. 
In addition, recent work [4] dealt with impulsive noise detection e.g. killer whale clicks, 
that can be seen as a roof of concept to a passive approach.  

 

 
 

Table 1: Classical SMF principle. 

The interest for the SMF comes from its ability to achieve both detection and 
classification at once. As for the MF, it searches through time for spectral similarities 
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between an observation and the (more or less) degraded version of a reference signal, 
contained in the linear filter bank h. It aims to maximize the output SNR. The SMF off-
line and online stages are presented in Table 1. 

The classical SMF noise estimation rests on the strong assumption that a portion of the 
observation can be signal free. It cannot be satisfied in a passive context. In consequence, 
to use the SMF as a passive detection tool and fulfill its requirements, the adjustments are 
required [5]. 

3.2. Improved SMF for Z-call passive detection 

The SMF, has been introduced in [5] as an innovative tool for Antarctic blue whale 
detection in a passive context. The necessary improvements regarding the method’s 
transposition to a passive context concerns the signal and noise references and k 
estimation. The encountered issues and their responses are summed up in Table 2. 

 

 
 

Table 2: Improvements to a passive version of the SMF. 

Through these improvements, it is then possible to compute off-line the ideal linear 
filter bank for Z-call detection. The first filter is a short-band filter centered on the call’s 
unit A ( 26.3 Hz), containing most of the energy of the Z-call. Its role is to maximize the 
output SNR. It cancels the noise when the estimation of k indicates the absence of signal. 
The superposition of the maximum number of filters is applied when the estimated input 
k is high enough. The filter’s pattern is then close to the signal reference’s spectrum. 
When applied, it bandpass filters the observation in the exact signal range. 

4. APPLICATION TO REMOTE CALL DETECTION  

The passive SMF is tested on a 30-min-long observation recorded on May 31st 2013 by 
two sea-floor OBSh (RR43 and RR48) of the South West Indian Region (SWIR) array 
deployed for the RHUM-RUM project [6][7]. Fig.2 shows the vocalizing whale location, 
close to RR43 station, using the method presented in [8]. The two stations are 37 km apart, 
corresponding to a 45 dB loss when considering cylindrical geometric divergence. 
Acoustic data are sampled at fs = 100 Hz.  

 
Fig.3 synthesizes obtained results. Different events occur (phrases, single call, 

earthquakes) that are annotated on the spectrogram (a) for both records. Due to the 
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whale’s location (Fig.2), events are shifted in time between RR43 and RR48. Z-calls are 
manually red-marked on (b) to (d).  

 

 
Fig.2: Whale location in the SWIR array [8]. 

 
 

 
 

Fig.3: SMF application on recorded data from OBSh RR43 (left) and RR48 (right).  
(a) Annotated spectrogram. P for phrase, C for single call, E for earthquake.  

(b) Input and output of the SMF, normalized by the maximum amplitude of the input 
observation. Correlation maximum of the MF between the [observation (c) - SMF output 

(d) (SMF + MF)] and the reference signal. 
 
Fig.3 (b) allows waveform comparison between the input and the output of the SMF. In 

both locations, it drastically improves the output SNR, even if amplitudes are reduced. It is 
important to notice that there is no signal due to E1 nor E2 after the filtering operation. 

Considering station RR43, MF (c) and SMF + MF (d) detect both all calls but there is a 
potential False Alarm (FA) on E1 (c), depending on the threshold setting. Maximum 
correlation amplitudes are 10 times greater for the SMF + MF than for the MF. When 
considering OBSh RR48, observed remote Z-calls are attenuated by the propagation. It 
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strongly impacts the MF amplitudes (c) that are lower than in RR43 and FA occurs due to 
E1 and E2. A contrario, there is no FA using SMF + MF (d) and amplitudes are in the 
same range than for RR43. What stands out of this example is the benefits of the SMF, in 
terms of SNR maximization, especially when dealing with remote calls detection. It 
reduces false alarm and provides greater correlation amplitudes with the reference signal. 

5. CONCLUSIONS  

This study has identified the SMF as a great asset for remote call detection. By 
maximizing the SNR, it generates less false alarm and can be used to improve call 
detection range. Combined with the MF, it provides accurate estimations of calls time of 
arrival, to be used at a localization algorithm input.  

Further work has to be conducted on the assessment of the passive SMF performances, 
to get a better understanding on the method’s limitations. However, this challenge is at the 
crossroad of biology, underwater acoustics and signal processing. To satisfy every 
expectation about algorithm performance assessments, one needs to find a great balance 
between comparison to an expert-marked database ‘ground truth’ and performance 
estimation on controlled environment like simulations. 
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Abstract: Monitoring of diver’s respiratory system status remains an urgent problem. The 
study of respiratory noises revealed new acoustic approaches to its solution. An 
application of wearable hydrophone as well as external one is verified for monitoring the 
status of divers under water. The respiration rate and its dynamics, the ratio of inhalation 
and exhalation times, evaluated in the characteristic frequency bands, are supposed as 
monitored parameters for wearable hydrophone. Usage of external hydrophone provided 
an ability to evaluate a breathing rate of scuba diver at the distances up to 30 m by 
exhalation noises. After underwater missions it is suggested to monitor dynamics of 
tracheal forced expiratory noise time (FETa) measured in the frequency band of 200-2000 
Hz. For group of 6 divers, performed wet submersions in modern closed type breathing 
apparatus, statistically significant increase of FETa was found in relation to background 
status before dive. This response may be treated as an adverse influence of even a short 
hyperbaric hyperoxia on bronchial resistance. Developed methods are promising to 
monitor respiratory system of scuba divers during and after underwater missions. 

Keywords: Diver, respiration, acoustics, monitoring 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  99



 

1. INTRODUCTION 

Divers in underwater submersion conditions are affected by additional barometric 
pressure, increasing oxygen partial pressure (hyperbaric hyperoxia), enlarging respiratory 
resistance and temperature influences. Multiple studies of divers’ lung function (for 
example [1]) showed that mentioned factors provided the development of transient failures 
of respiration, resulted in an increase of fatigue and reducing physical ability, as well as 
delayed changes, fraught with serious consequences for health and life. For these reasons, 
monitoring the state of the respiratory system of divers remains an urgent problem.  

Previously a cardiac function was primarily controlled in this application. A monitoring 
of the respiratory system, sometimes used, included only flow-volumetric control 
methods. Whereas bio-acoustic signals associated with respiratory noise are considered 
promising for monitoring the state of the respiratory system for many years. However 
there are certain problems in research and development of highly informative acoustic 
apparatus for monitoring respiratory system of divers during and after underwater 
submersions having sufficient noise immunity to process in field conditions. 

We developed new acoustic method and apparatus for study of human respiratory 
system which provided a possibility to monitor a diver respiratory status promptly during 
underwater submersion as well as after it. These methods may be divided into acoustic 
monitoring of the respiratory system by the noise of quiet breathing recorded at the chest 
wall surface and acoustic monitoring of the respiratory system by the forced exhalation 
noise recorded above trachea. Pilot results of both methods application are presented. 

2. ACOUSTIC MONITORING OF RESPIRATORY SYSTEM OF DIVER BY 
THE NOISE OF QUIET BREATHING 

Respiratory sounds of divers were recorded during wet shallow-water submersions in 
the Peter the Great Bay near Vladivostok. The breath noises were recorded by inner 
acoustic sensor worn under diving suit, which was made on the basis of the H1 voice 
recorder (ZOOM Corporation, Japan), as well as by the external hydrophone.  

The frequency of quiet breathing (respiratory rhythm) determined by the envelope of 
respiratory noises, its dynamics, as well as the ratio of durations of inspiratory and 
expiratory phases, found in characteristic frequency bands, are suggested as a controlled 
parameters for the wearable acoustic sensor (Fig. 1).  

For example, for the diver in normal status the ratio of inhalation and exhalation times 
was 1:2.5, and the respiratory rhythm was 10.3 breaths per minute. However for the diver 
who had problems with equipment and demanded finishing his mission in stress condition 
the breathing rhythm was 18 breaths per minute, and the ratio of inhalation and exhalation 
times was 1:1.3 (before evacuation from water). The last values are significantly different 
with the normal respiratory status. 

A possibility of remote determination of the respiratory rhythm for scuba diver by the 
noise of exhalations using the external hydrophone is demonstrated (Fig. 2). In accordance 
with the spectrograms (Fig. 2), the characteristic vertical bands (green colored) in the 
frequency range of 50-700 Hz, corresponding to the exhalations of the diver, may be 
traced in the response of the second hydrophone (the bottom graph) during the entire time 
of travelling the diver from the first hydrophone (upper graph) to the second one and vice 
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versa. Hydrophones are installed at the sea bottom at depths of about 8 m and are 
separated by the distance of 30 m. 

 

 
Fig.1: Time series of 2 cycles of scuba diver respiration: upper channel – original 

respiratory noise, recorded under diving suit, mid channel – inspiratory noise in the 
frequency band above 1 kHz, bottom channel – expiratory noise in the frequency band 

below 500 Гц; abscissa - time (min), ordinate - amplitude (relative units). 
 

 
Fig.2: Spectrograms of respiratory noises of the scuba diver recorded during his 

passing between two hydrophones, distanced at 30 m; abscissa – time (sec), ordinate – 
frequency (Hz), colour represents noise spectral density (relative units, log scale). 

3. ACOUSTIC MONITORING OF RESPIRATORY SYSTEM OF DIVER BY 
THE NOISE OF FORCED EXHALATION  

It is suggested to monitor dynamics of acoustic parameters of forced expiratory noise 
after underwater missions. This method is more informative than quiet breathing noise 
analysis; however it is impossible under diving insulation suit.  
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The acoustic method of diagnostics of lung function is developed which is based on 
estimation of time noise parameters of human forced exhalation, recorded above trachea 
(Fig. 3). 
 

 
Fig.3: Appearance of forced expiratory noise in the window of PPhT soft (Pacific 

Oceanological Institute, RF): green – time series, red – envelope, blue – start and finish of 
the noise process. 

 
Forced expiatory noise time in the frequency band of 200-2000 Hz (FETa), recorded at 

the lateral neck surface (above trachea) is suggested as the diagnostic parameter [2], The 
apparatus is developed [3], which includes acoustic sensor – electret microphone with 
stethoscopic head and special software to evaluate FETa automatically. An 
interdependence of FETa with aerodynamic airway (bronchial) resistance has been proved 
experimentally. The sufficiently high diagnostic sensitivity and specificity (near 90%) and 
an ability to reveal hidden (spirometry negative) bronchial obstruction as well as an 
applicability of the method to monitor lung function dynamics in extreme conditions have 
been demonstrated [2, 1]. 

An application of the developed method to divers (48 subjects) revealed transient 
bronchial obstruction features in 13 subjects (27%) after single shallow-water sea 
submersion with the closed-type breathing apparatus IDA-71 (RF). The effect is probably 
caused by the development of inflammation of bronchial mucosa and accompanying 
edema due to toxic effect of hyperbaric hyperoxia in combination with small doses of the 
regenerative substance vapor [1]. These signs of toxic damage of the pulmonary system 
appeared in time intervals not exceeding the permissible period of diving operation with 
oxygen. The observation dictates a necessity to provide individual control of divers lung 
function during training process in closed-type breathing apparatus in order to prevent 
accidents and to achieve a professional longevity. 

For group of 6 divers, performed single shallow-water sea submersion (less than 1 
hour) in modern closed-type breathing apparatus Amphora (AquaLung) statistically 
significant increase of FETa was found in relation to background status (Wilcoxon 
p=0.042). This response may be treated as an adverse influence of even a short hyperbaric 
hyperoxia on aerodynamic resistance of bronchial tree. This effect is consistent with those 
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obtained for closed-type breathing apparatus of previous generation [1] despite of using   
evaluation of individual dynamics of acoustic parameter ∆FETa = (FETaafter - 
FETabefore)/FETabefore to single dive in comparison with individual threshold evaluated as 
intra-individual variability 1.99*CVbefore allows to monitor individual features of 
pulmonary function dynamics undetectable by spirometry (Table 1). It is seen significant 
(p<0.01) reply of FETa in 4 subjects (printed with red numbers) – increase for 3 divers 
and decrease only for 1 of them. While in other 2 subjects the reply in not significant 
(black numbers).  
 
Parameter Subjects 
No 1 2 3 4 5 6 
1.99*CVbefore,% 23 3 6 20 18 32 
FETa,% 27 45 -13 22 -17 12 
 

Table 1: Individual acoustic reply to single shallow water sea submersion for 6 divers 
equipped with closed type breathing apparatus Amphora (AquaLung). 

 
Thus the set of the above mentioned proposals, developed methods and results of 

research is promising for solving the problem of acoustic monitoring of divers during and 
after underwater missions.  

The developed methods are promising to monitor human respiratory system status in 
other extreme conditions, including applications implying a usage of special and insulating 
equipment. 
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Abstract: Sensor arrays with superdirectivity are more attractive than conventional 
sensor arrays in many applications such as sonar, radar, and audio engineering, because 
they have good performance in terms of angular discrimination, bearing estimation 
accuracy, and noise suppression ability with a relatively much smaller aperture. A 
superdirectivity theory termed the eigenbeam decomposition and synthesis theory has 
been previously proposed for circular pressure sensor arrays. This paper applies this 
theory in circular vector sensor arrays, which aims to achieving better performance than 
both superdirective pressure sensor arrays and conventional vector sensor arrays. For 
simplicity, each sensor of the circular arrays considered only consists of one pressure 
channel and one particle velocity channel. It is found that the optimal beampattern, global 
optimum directivity factor, and total error sensitivity function can be accurately expressed 
as the sum of eigenbeams, sum of their directivity factors, and sum of their sensitivity 
functions, respectively, with the use of the circulant property of the spatial cross-
correlation matrix and the inverse of block matrix. Because the robustness of different 
eigenbeams are different, a reduced-order technique similar to that proposed for circular 
pressure sensor arrays can also be used to achieve robust superdirectivity for circular 
vector sensor arrays. The comparisons between circular pressure sensor arrays with 
circular vector sensor arrays show that the capability of the latter arrays in improving 
directivity is better than that of the former arrays. 

Keywords: Superdirectivity, circular array, vector sensor, optimal beamforming 
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1. INTRODUCTION 

Pressure sensors and acoustic vector sensors (AVSs) are often used in many acoustic 
applications to capture signals. The former sensors sense the acoustic scalar pressure and 
have an omnidirectional directivity pattern in free-field, whereas the latter ones pick up the 
acoustic pressure and vectorial particle velocity components at a single point in space 
simultaneously and usually have a frequency-independent directivity by combining 
pressure and acoustic particle velocity channels in a single package. Unlike pressure 
sensor arrays, AVSs and their arrays have just taken quick development in recent years 
[1]. In comparison with pressure sensor arrays, AVS arrays have some different properties 
and can improve performance in terms of signal enhancement, bearing estimation, and 
noise suppression, et al., and thus have been received more and more attention recently. 

Gur presented a mode beamforming method for small linear velocity sensor arrays [1]. 
Guo et al. studied the low-frequency mode beamforming for a small rectangular AVS 
array [2] and derived an upper bound of the directivity index (DI) [3]. Wang et al. [4] 
analysed the array gain of a conformal AVS array in a practical environment using the 
optimization-based beamforming method. Moreover, Yang et al. studied the direction-of-
arrival estimation for a circular AVS array that is mounted on a cylindrical baffle [5]. 

Recently, the superdirectivity of circular pressure sensor arrays have been studied in 
detail and the theoretical closed-form solutions were derived based on the eigenbeam 
decomposition and synthesis (EBDS) theory [6-8]. Actually, the similar theoretical closed-
form solutions of superdirectivity also exist for circular AVS arrays, which are derived in 
this paper. The obtained solutions for circular AVS arrays show some different properties 
from those of the circular pressure sensor arrays. Simulations are provided to evaluate the 
performance of the proposed method. 

2. SIGNAL MODEL 

The circular array considered contains M uniformly spaced vector sensors, and each 
vector sensor only consists of one pressure channel and one particle velocity channel for 
simplicity, as shown in Fig.1. The particle velocity channels are all put along the radial 
direction or the tangential direction. The radius of the circular array is a. A unit-magnitude 
plane wave impinges from direction ( , )  , where   and   denote the elevation and 
azimuth angles, respectively. The pressure received by the mth AVS at the spherical 
coordinate of ( , , / 2)ma    is ( , ) exp[ sin cos( )]m mp ika      , where 1i   , the 
wavenumber is 2 /k   , and   denotes the wavelength. The acoustic particle velocity 
components received by the mth AVS are derived as 

, ( , ) sin cos( ) exp[ sin cos( radial orientation))] (m
r m r a r m m

pv V ika
r

       


   


, (1) 

, ( , ) sin sin( ) ex

tangential orientatio

p[ sin co ( ]

( )

)

n

sm
m r a m m

pv V ika        
 


    
 , (2) 

where m m  , 2 / M  , rV  and V  are the amplitudes of the velocity measurements 
and they can be normalized in practice to be 1rV V  . The time dependent part 
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exp( )i t , where   is the angular frequency, has been omitted for simplicity. The 
manifold vector will be ,0 ,1 , 1( , ) [ ( , ), ( , ), , ( , )]T

Mv v v       V    , where   can be 
replaced by r  or  , the superscript T indicates the transpose. The manifold vector for 
circular AVS arrays will be [ , ]T T TM P V , where 0 1( , ) [ ( , ), , ( , )]T

Mp p     P  . 
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(a) Coordinates.                              (b) Top view. 

Fig. 1: Circular vector sensor array. The black point denotes the AVS and the cross on 
it marks the main response axes of the two particle velocity channels. 
 

The beampattern describes the sensitivity of a beamformer to a plane wave impinging 
on the array from direction ( , )  , which is defined as 
 0 0 0 0( , , , ) ( , ) ( , )HB         w M , (3) 
where the superscript H indicates the Hermitian transpose, the vector w  is the weighting 
vector, and 0 0( , )   is the pre-set steering direction. 

The optimal weighting vector to achieve the maximum directivity factor (DF) is 
1

opt 0 0( , )  w ρ P  [7, 8], where 1
0 0 0 01/ [ ( , ) ( , )]H     P ρ P  and the maximum 

directivity factor (DF) is equal to 1/  and directivity index (DI) is 10logDI DF . The 
matrix ρ  is the normalized spatial cross-correlation matrix of the circular AVS array, 

which is defined as 
21

0 0
(4 ) ( , ) ( , ) sinH d d

 
         ρ M M . The error sensitivity 

function (SF) of the beamforming method is defined as 2SF  w  and sensitivity index 
(SI) is 10logSI SF  [7, 8], which is always used to evaluate the robustness of the 
beamforming method. 

The matrix ρ  can be written as 
2 2

pp p

p M M

 
  
 

ρ ρ
ρ ρ ρ



 

, where ppρ  is the normalized 

spatial cross-correlation matrix of the pressure channels, ρ  are the normalized spatial 
cross-correlation matrices of the particle velocity channels, and pρ   and pρ  are the 
normalized spatial cross-correlation matrices between the pressure and particle velocity 
channels. 

By virtue of the related conclusions in [9], it can be obtained that 
 
 

1 2

1 2 2 2
, , 1 2( ) ( ) cos( ) ( ) [1 cos( )]rr m m rr s kd j kd s j kd a d s        , (4) 

 
1 2

1 2 2 2
, , 1 2( ) ( ) cos( ) ( ) sin( )m m s kd j kd s j kd a d s        , (5) 

 
1 2 1 2

1
, , 1 , ,( ) [1 cos( )]pr m m pr s rp m m rp sij kd ad s            , (6) 

 
1 2 1 2

1
, , 1 , ,( ) sin( )p m m p s p m m p sij kd ad s           , (7) 
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where d is the spacing between two AVSs, 1 2s m m  , ( )nj   is the nth-order spherical 
Bessel function of the first kind. 

The inverse matrix of ρ  is 
1 1

1
1 1

pp p

p

 


 

 
  
  

ρ ρ
ρ

ρ ρ


 

 

 
, where 1 1 1 1 1

pp pp pp p p pp
     ρ ρ ρ ρ Q ρ ρ 
 , 

1 1 1
p pp p
   ρ ρ ρ Q 
 , 1 1 1

p p pp
   ρ Q ρ ρ 
 , 1 1 ρ Q

 , 1
p pp p

 Q ρ ρ ρ ρ   . It is easily proved 
that ppρ , ρ , pρ  , pρ , ppρ , pρ 

 , pρ
 , and ρ

  are all circulant matrix and their 
eigenvectors are 1/2 ( 1)[1, , , ]im i M m T

m M e e  v   [10]. The eigenvalues of ppρ , ρ , pρ  , 

and pρ  can be expressed as 1
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respectively. 
Inserting the expression of 1ρ  into 1

opt 0 0( , )  w ρ P  yields 
1
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0 0 0 0 0 0
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The optimal beampattern, the maximum DF, and the total SF can be derived as 
1
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respectively, where 11/2
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It is readily demonstrated that ˆ ˆ
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Thus, the optimal beampattern, the maximum DF, and the total SF under these conditions 
can be simplified to 
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respectively, where 1m   for 0, / 2m M , and 2m   for 1, , / 2 1m M  . 
Some simulations will be provided in the following sections to further show the 

performance of the above-proposed method. 

3. SIMULATIONS 

Consider a 6-element circular AVS array and each AVS consists of a pressure channel 
and a radial-oriented particle velocity channel. The pre-set steering direction is 

0 0( , ) ( / 2, )    . The speed of sound is 1500 m/s. The DFs, SFs of different 
eigenbeams as well as synthesized beampatterns are shown in Fig. 2. 
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Fig. 2: Simulations for circular AVS arrays. (a) DFs of different eigenbeams. (b) DIs. (c) 
SFs of different eigenbeams. (d) SIs. (e) DI comparison. (f) Synthesized beampatterns. 

In the high-frequency range shown in Fig. 2(a), each DF line is undulate, whereas in 
the low-frequency range, the DFs of eigenbeams increase with an increase in the order 
except for that of the 3rd-order eigenbeam, which is different from those for circular 
pressure sensor arrays with a single ring shown in [7, 8]. Since the total DI is the 
summation of the DFs of the selected eigenbeams with orders from 0 to N, their properties 
of changing with the frequency are similar, see Fig. 2(b). In Fig. 2(c), the SFs will not tend 
to any limit values as the frequency decreases to 0, not similar to the DFs in Fig. 2(a). 
Since SFs increase with the decreasing frequency, the robustness will be worse when the 
frequency is lower, see Fig. 2(c) and Fig. 2(d). The SFs increase with an increase in the 
order and it is true for all eigenbeams. Therefore, the reduced-order technique proposed in 
[6, 7], can also be used here to give better robustness by sacrificing some DF. As shown in 
Fig. 2(e), both DIs of DAS and EBDS methods for circular AVS arrays are larger than 
those of circular pressure sensor arrays, and the DI improvement achieved by the EBDS 
method is apparently greater than that of the DAS method. The beampatterns shown in 
Fig. 2(f) also demonstrate the above conclusions. 
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4. CONCLUSION 

This paper proposes theoretical solutions of superdirectivity for circular AVS arrays 
based on the EBDS theory. The optimal beampattern, the maximum DF, and the total SF 
are analytically expressed as the sum of eigenbeams, sum of their DFs, and sum of their 
SFs, respectively, by virtue of the block matrix inverse theorem and properties of circulant 
matrix. The eigenbeams show different robustness, and the previously proposed reduced-
order technique can also be used to achieve robust superdirectivity for circular AVS 
arrays. Superdirective beampatterns are obtained in simulations, which show that the 
capability of circular AVS arrays in improving directivity is better than that of circular 
pressure sensor arrays. 
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Abstract: Usage of vector-scalar sensors, consisting of a pressure gradient receivers 
(PGR) and sound pressure receivers is considered promising for spatial selectivity and 
improving noise immunity of point and linear hydroacoustic antennas. However, 
designing PGR for low-frequency band is associated with a number of technical problems 
(qualitative dipole directivity, sufficient sensitivity to sound pressure, acceptable size). 
Four schemes of PGR construction are well-known, while only inertial-type and force-type 
schemes are applicable for low-frequency range. The original device of 2-component 
force-type PGR is designed in which round bimorph flexural sensors are set in tandem 
into the cylindrical housing made from sound isolator material. This housing has inner 
channels of specific configuration, which ensures the identity of the phase center for both 
PGR components. The laboratory prototype with dimensions of 111 × Ø52 mm is 
manufactured. Its sensitivity to sound pressure is experimentally measured in an 
oscillating column of liquid for frequency range of 63-140 Hz. The frequency dependence 
of experimental sensitivity is close to theoretically predicted frequency slope of PGR 
response (6 dB/octave). At the frequency of 100 Hz theoretically predicted sensitivity is 70 
µV/Pa, while measured value is 60 µV/Pa (without additional amplification). 
Experimentally measured depth of minimums of the dipole directivity pattern of PGR 
components is not less than 20 dB over frequency range of 63-140 Hz. A 2-4 fold potential 
excess of sensitivity above known force-type PGRs of the same diameter is reached. 

Keywords: Pressure gradient receiver, low frequency, sensitivity, frequency response, 
experiment, theoretical prediction 
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1. INTRODUCTION  

An usage of vector-scalar sensors, consisting of pressure gradient receivers (PGR) and 
sound pressure receivers is considered promising for spatial selectivity and improving 
noise immunity of point and linear hydroacoustic antennas [1, 2]. However, designing 
PGR for low-frequency band is associated with a number of technical problems 
(qualitative dipole directivity, sufficient sensitivity to sound pressure, acceptable size). 
Four schemes of PGR construction are well-known, while only inertial-type and force-
type schemes are applicable for low-frequency range.  

The study is aimed to development of the original device of 2-component force-type 
PGR [3].  

In contrast to the inertial-type PGR, which measures oscillatory acceleration of the 
medium, and therefore requires a total buoyancy of the body close to neutral, the principle 
of the force-type PGR operation is to measure the pressure difference (gradient) at 
opposite sides of motionless electroacoustic transducer. This, on the contrary, requires that 
the device body has significantly negative buoyancy. The variants of construction 
containing plate-like flexural piezoelectric transducers installed along the edges of a heavy 
core [4, 1] or in the center of a heavy round ring [5] are most widely extended among 
force-type PGRs. However, a disadvantage of these devices is low sensitivity to sound 
pressure due to a short wave path length between two sides of the plate-like bending 
piezoelectric transducer. To increase the PGR sensitivity by means of increasing the wave 
path length, round plate-like piezoelectric transducer was placed inside a rigid tube [1]. 
While increasing in this way the length of wave path designers face the problem of large 
transverse size following by poor streamlining of the PGR body. Furthermore the 
condition of the unity of phase centers of both PGR components, required for many PGR 
signal processing options, is violated here. 

2. TECHNICAL SOLUTION  

The novel device of 2-component force-type PGR is designed (Fig. 1) in which round 
bimorph piezoelectric bending sensors 2, 3 are set orthogonally in tandem inside the 
cylindrical housing 1, made from sound isolator material, along its axis of symmetry. The 
bimorph piezoelectric sensors are connected to the nozzles 4 made in the housing body as 
hollow channels ending at the surface of the cylindrical housing. The channels cross 
section is gradually changing from circular, at the sensor, to the rectangular one, at the 
surface of the cylindrical housing, without reducing the cross-sectional area. Furthermore 
the axis of orthogonal channels are curved in opposite directions so that the channel 
outlets at the cylinder surface lie in orthogonal planes, symmetrically relative to the 
cylinder axis and relative to the point on its axis lying midway between the centers of both 
circular bimorph sensors. 

The proposed technical solution provides, along with an increase in the length of sound 
wave path, the unity of the phase center of both orthogonal PGR components in the 
direction perpendicular to the axis of the cylindrical housing. Another advantage is the 
streamlined PGR body in the axial direction, which reduces the potential level of flow 
noise, for example, when used in linear towed arrays. Additional advantage of the 
proposed solution, in comparison with [5], is the placement of circular bimorph sensors in 
the diametrical section of the cylindrical housing, which makes it possible to carry out the 
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sensors with the largest possible diameter for this overall diameter of the housing. Thus 
the maximum possible sensitivity of bimorph sensors is achieved. Furthermore the PGR 
sensitivity to sound pressure is enhanced not only by mentioned channels located inside 
the housing that increase the length of the sound wave path, but also by the possibility of 
transformation of the sound wave pressure due to a gradual increase in the cumulative 
cross section area of the channels moving from the sensor to the surface of cylindrical 
housing according to [6]. 

 

 
Fig.1: Construction scheme of the force-type PGR (isometry section) – 1 – cylindrical 

housing made from sound isolator material, 2,3 – round bimorph piezoelectric bending 
sensors of vertical and horizontal directions, 4 – hollow channels inside the housing. 

3. MANUFACTURED PROTOTYPE PARAMETERS  

The laboratory prototype of the force-type PGR is manufactured (Fig. 2). The 
cylindrical housing has the length of 111 mm and diameter D = Ø52 mm. The housing is 
made of stainless steel and consists of 8 identical sections assembled with pins and 2 
circular buckles. Each circular sensor is assembled with one-side circular bimorph 
transducer, consisting of the bronze plate having diameter of Ø40 mm glued with the thin 
(thickness of 0.25 mm) round piezoelectric transducer having diameter of Ø20 mm. The 
bronze plate along the contour of Ø34 mm is fastened between two circular clips made of 
fiberglass, having outer diameter of Ø46 mm. Each assembled sensor is encapsulated with 
the sound-transparent compound in the form of a cylindrical tablet (2, 3 – Fig.1). 

Acoustic characteristics – the dependence of sensitivity to sound pressure in a plane 
wave on frequency and spatial selectivity of the PGR were estimated in laboratory 
conditions. During laboratory measurements in the vertical oscillating column of liquid of 
the small volume chamber, the sensitivity of PGR to sound pressure was determined by 
the method [7] in comparison with the reference hydrophone Bruel and Kjaer 8103. A 
depth of the minimums of dipole directivity pattern of the PGR was estimated by 
measurements in the oscillating column of the liquid by rotating the sensor for ±90о. 

For manufactured PGR prototype the frequency dependence of the sensitivity to the 
sound pressure in the direction of the maximum of the dipole directivity pattern for the 
frequency range 63-140 Hz is shown in Fig. 3. 
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Fig.2: The photo of manufactured laboratory prototype of force-type PGR. 
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Fig.3: The sensitivity of the component of the laboratory prototype of force-type PGR – 

squares – experimental values with ±10% error, line – theoretically predicted [8] 
meanings. 

 
Obtained experimental dependence (Fig. 3), taking into account a measurement error, is 

close in form to the theoretically predicted slope of 6 dB/octave. The values of 
experimental sensitivity are close to the theoretically calculated [8] meanings. 
Interpolation of the experimental dependence gives a sensitivity of about 70 μV/Pa at the 
frequency of 100 Hz, which is comparable to the result of the approximate theoretical 
estimate of 60 μV/Pa based on the formula derived in our previous study [8]. 
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When optimizing the dimensions of the PGR structures in accordance with [8], the 
maximum achievable length of wave path is 1.118D. Let's compare this limit with the 
values achievable with traditional solutions when a round bending transducer is installed 
in a heavy circular ring of the same diameter D [5] or a rectangular bending transducer is 
attached to a central heavy core [4, 1] with the same total transverse diameter D. 
According to the simplest geometric considerations it follows that in the first case, a wave 
path length is about 0.5D, while in the second case, it is no more than 0.25D. 
Consequently a 2-4 fold potential excess of the developed PGR sensitivity above known 
force-type PGRs of the same diameter is reached. So the positive effect of the proposed 
technical solution is evident. 

Thus, the developed technical solutions allow significant improving the technical 
characteristics of the pressure gradient receivers of the force type, especially for the low-
frequency range. 
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Abstract: NATO STO-CMRE has designed, developed and built a new triplet hydrophone 
array called SLICTA (SLIm Cardioid Towed Array) to be towed either from an 
Autonomous Underwater Vehicle (AUV) or a ship in multistatic active sonar applications. 
A triplet array has the capability to reduce the port/starboard ambiguity that strongly 
affects detection and localization in the case of a linear array. Two beamforming 
algorithms have been implemented in C++ for real-time signal processing on-board the 
AUV towing the array: a classic cardioid beamformer and a 3D optimal beamformer. The 
algorithms were originally developed to work in active sonar mode with pulse waveforms 
and have been adapted to Continuous Active Sonar (CAS) mode. The two algorithms are 
compared in terms of computational time and memory usage, parameters which are 
particularly important since the array is intended to be used on an autonomous vehicle 
with limited computation power. Other comparison criteria evaluated in this work are the 
achieved spatial resolution and the Port/Starboard Ambiguity Rejection (PSAR) 
capability. The algorithms are evaluated against a data set collected during LCAS16 
experiment (off the coast of Taranto, Italy), when the SLICTA array was tested and used 
for the first time. Preliminary but encouraging results of accuracy and computation time 
of the two algorithms are presented. 

Keywords: real time data processing, beamforming, port/starboard ambiguity, triplet 
array, continuous active sonar 
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1. INTRODUCTION 

The Cooperative Anti-Submarine Warfare (CASW) research, based on a multistatic active 
sonar approach implemented through a network of AUVs, started at NURC (former STO-
CMRE) in 2008 with GLINT08, an experiment of coordinated operations in the 
framework of a Joint Research Project (JRP) between NURC, MIT, WHOI, NUWC and 
several Italian organizations [1]. Three AUVs, one of which was an Ocean Explorer 
(OEX) Bluefin BF21 owned by NURC, NRV Alliance and Leonardo CRV (both owned 
and operated by NURC), were coordinated via underwater communications [2]. During 
GLINT08 the first version of the SLIm Towed Array [3] (SLITA), designed and built at 
NURC in 2007 was used [4]. A year later CMRE demonstrated, during the GLINT09 
experiment, the possibility of locating a target using the OEX towing a BENS array, a new 
type of SLITA  with nested apertures, that was again designed and built at NURC [4]. 
Since GLINT08, the OEX has been equipped with the MOOS middle-ware architecture 
(developed at MIT, and Oxford University) and the Ivp-Helm autonomy system 
(developed in a JRP between NURC, NUWC, and MIT) which, in a new version, is still 
used on board the OEXs, mother ships, autonomous vehicle/gliders and buoys owned by 
CMRE in order to facilitate the communication, control, autonomy and cooperation within 
the autonomy vehicles network. The target location in GLINT09 was obtained using a 
signal processing suite developed using a combination of previous software by MIT (for 
similar active sonar processing) and from NURC previous multi-static processing software 
[4]. A new release of this software is now working on board CMRE's OEXs. From 2008 to 
2015 CMRE has improved and enlarged its capability to conduct cooperative multistatic 
active sonar operations acquiring a second AUV (towing a SLITA), two wave gliders, 
several buoys and many modems. Two arrays were intended to be towed by NRV 
Alliance, one linear and one triplet array (the last also called the Cardioid array from the 
algorithm used to process the data in real time). 

In the same period, the software libraries for real-time autonomous operations and 
processing  (still working using a MOOS system) have improved to be able to provide, in 
real-time, tracks of targets operated by the AUV which are then transmitted, via acoustic 
message, to the mother ship. The AUVs are also able to implement the Ivp-Helm 
behaviours in such a way to optimize specific goals (usually the optimization of target 
detection and tracking). Among the improvements to the processing software, since 2015 
we have been able to analyze, in real time, signals generated using Continuous Active 
Sonar  (CAS) [5].  

This work is intended to present the results of the analysis of the data acquired by a 
new triplet array (described in Section 2), funded by Allied Command Transformation and 
designed and built at CMRE during 2016 in the framework of the CASW project: the 
SLICTA a SLIm Cardioid Towed Array is intended to be towed by the CMRE OEXs. The 
data presented in this work were acquired towing the array from the NRV Alliance, a 
temporary solution intended to accelerate the development and the testing of the array. A 
triplet array is an array in which each sensing unit is composed by three omnidirectional 
hydrophones placed on the vertexes of an equilateral triangle perpendicular to the axis of 
the array [6]. By applying proper signal processing, the triplet array is able to distinguish 
echo arrivals from port and starboard. Different algorithms result in a different 
Port/Starboard Ambiguity Rejection (PSAR). SACLANTCEN (former NURC, and 
CMRE) acquired its first Triplet Array in 1999 to be towed by Alliance and developed and 
tested some algorithms to be used to analyze and calibrate the data from such an array 
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[6,7,8]. From the merging of these algorithms and the real-time algorithm described in [5] 
new software has been implemented that is able to process the data from the new SLICTA. 
In this work, we briefly describe the SLICTA triplet array and present the results of the 
application of these new algorithms on data acquired in the LCAS16 experiment [9]. 

2. THE SLICTA AND THE SLICTA ACQUISITION SYSTEM 

The SLICTA (see Fig. 1.a) is a triplet array whose first prototype was manufactured 
between January and September 2016 at NATO STO-CMRE. It consists of 64 triplets of 
hydrophones for a total of 192 (analog) acoustic channels. The array also collects data 
from 11 non-acoustic sensors (NAS) that measure heading, roll, and pitch along the array 
and communicate this information via an RS485 interface. The first and the last NAS 
modules also measure temperature and depth. The NAS are mandatory to be able to 
produce beamforming with PSAR capability. As a matter of fact, the array showed a large 
variability of the roll, the pitch and the heading along its axis, probably because of its 
slimness. The full array is designed in such a way it can be used to acquire and process 
data using an AUV. 

The SLICTA Acquisition System (see Fig. 1.b) is responsible for digitizing the data 
collected by the 192 analog hydrophones and the 11 NAS. Acoustic data are converted 
using three synchronized DAQ systems and collected via 3 Ethernet TCP/IP streams. 
These streams (together with a 4th stream for the NAS data) are merged in a 
“concentrator” CPU (SLICTA CPU) which also adds time information to the data stream. 
The system is contained in a canister and the data from the local sensors (current 
consumption, voltage level, pressure, humidity, and leakage) are also added to the stream. 
Finally, the data follow different paths depending on which system the acquisition is 
embedded onto, i.e. depends on the towing vessel. When the array is towed by an AUV, 
data are exported to a data processing CPU for real-time processing on board and, at the 
same time, are stored in a Network Attached Storage (NAS) on the AUV in such a way 
they can be also re-processed offline. Instead, when the array is towed by the NRV 
Alliance, data are written into an exported local disk and the next processor is informed 
via TCP messaging. 

3. BEAMFORMING ALGORITHMS 

Canepa et al. describe in [5] the real-time system implemented at CMRE for the analysis 
of conventional linear array data in a multistatic environment with CAS. The system reads 
linear array data from a file and produces target contacts to be passed to the processes that 
implement the tracker and the classifier respectively. Given this real-time system was 
already implemented, it was decided to simply add two new beamformer modules handle 
SLICTA (and in general for triplet arrays) data. The simplest algorithms to implement 
were the Cardioid and the 3D optimal beamformers, both described in [7], that have been 
in this case implemented for large bandwidth pulses (in particular CAS pulses). 
- a Cardioid Beamformer (CB) consists in using data from each triplet to form, using an 
optimization algorithm, a cardioid beam on the port (starboard) direction with main beam 
amplitude equal to 1 in the port (starboard) and 0 in the starboard (port) direction. 
Subsequently, all the triplet cardioid beams on port (starboard) are beamformed to the 
desired steering directions along the array long axis.  
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- A 3D Optimal Beamformer (3DOB) implement a generalization of the optimization 
technique used for the cardioid beamformer. In this case, each beam is formed using the 
data from all the 192 hydrophones setting the amplitude of the desired beam to 1 in the 
desired direction and 0 in the ambiguous direction. Since more information is used for this 
beamformer (namely the distances between hydrophones as well as the triplet spacing), 
this second algorithm is expected to be more accurate than the cardioid one, particularly in 
the case of a bearing angle far from the broadside direction [7]. 

4. RESULTS 

Data analyzed here were acquired during the multinational experiment LCAS16 conducted 
off the coast of Taranto [9]. The source and the SLICTA receiver (green in Fig, 2) were 
towed 80 meters below the sea surface. The target was simulated by towing an echo 
repeater (red in Fig, 2) 80 m below the sea surface. The source emitted a LFM pulse with a 
time length of 1 s and a bandwidth of 800 Hz, with a repetition interval of 20 s. 

Table 1 shows the computation time and the RAM memory necessary to perform the 
CB or the 3DOB for one ping. From the table, it is clear that the 3DOB is faster (up to 
360% faster) and needs less memory (30% less) than the CB. These results were obtained 
using an Intel(R) Core(TM) i7-4790 CPU (4 cores, each able of 2 threads) and can be 
improved on a better processor. The row flagged as FC shows the computation time (CT) 
of the processing once initialization has been completed (only performed once). Since the 
3DOB is more complex than the CB it should take more time. For this reason, the authors 
think that there is still space for computational speed improvement of the CB even 
considering that some of the routines involved in the CB do not scale with the number of 
threads as they do for the ones used in the 3DOB. Both the algorithms are fast enough to, 
analyze the SLICTA data in real time using the given CPU (i.e. they need less time to 
produce results than the acquisition interval). 

     
Fig.1: SLICTA ready to be deployed on its storing drum (left) and SLICTA acquisition 

system and the two lids of the canister (right). Vertically it is possible to see the 
motherboards which constitute the system and the holding structures. 
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Fig.2: Description of the experiment from which the data shown here are obtained. Black 
crosses show ping numbers 1, 51, 101, 151, 201, 251. The figure shows the trajectory of the 
transmitter, the receiver, and the target. 

Algorithm 1 thread 
CT/RAM 

2 threads 
CT/RAM 

4 threads 
CT/RAM 

8 threads 
CT/RAM 

Cardioid SV 15.26 11.39 10.45 12.53 
3D optimization SV 12.59 6.76 3.50 2.90 
Cardioid FC 20.61/12.31 15.32/12.31 14.01/12.31 16.5/12.31 
3D optimization FC 17.42/9.50 10.32/9.50 7.10/9.50 6.81/9.50 

Table 1: Computation time (seconds) and memory (GB) used to analyze a SLICTA data file of 20 
seconds with 128 beams (64 on port and 64 on starboard). CT stands for computation time and 
RAM for memory needed to run the software. SV stands for CT and RAM needed to calculate the 
beamformer only; FC stand for the CT and RAM to complete the full algorithm from the reading of 
the file to the position of the target contacts with respect to the array. The results depend on the 
number of threads used. 

Figure 3 compares the beamformed images achieved using a linear, a cardioid and a 3D 
optimal beamformer: while the linear beamformer does not provide P/S discrimination (a) 
plots b) and c) show different results between the port and the starboard beams for the CB 
and the 3DOB. In particular the target, visible on the port direction, is not visibly 
suppressed on the starboard one.  

Figure 4 shows the normalized echo return from the beam pointing to the target along 
the mission of the 22nd of October 2016 (13:28 UTC, see Fig. 2). The target is clearly 
visible in the figure (and present in the contacts obtained by the software) except in a 
region between the ping 150 and the ping 200. In those pings, the NRV Alliance was 
turning and the depth of the receiver was raised to 70 m. The turning may explain why the 
array was not able to clearly receive the target echo. The distance of the target alone 
cannot explaine the smaller echo since after the turning the target is present again among 
the contacts. 

A number of criteria were selected in order to compare the triplet array beamformer 
results. First of all the contacts on the target obtained by the complete signal processing 
chain were counted on the mission of Fig. 2: 205 for the 3DOB and 209 for the CB. The 
same contacts were analyzed to measure the PSAR between the target contact on the target 
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Fig.3: Comparisons of the results of a) linear array beamformer, b) cardioid beamformer 
and c) 3D optimal beamformer. The target is highlighted by a white circle and the 
corresponding ambiguous target by a white square. Angle 0 is pointing to the towing 
direction while angle increase on starboard direction.  
pointing beam and the ambiguous beam. The amplitude of the ambiguous contact was 
calculated as the maximum amplitude in a square centered around the ambiguous target 
contact position: this method provides lower values of PSAR with respect to the approach 
of picking the value of the arrival at the center of the square only (which was used in [7]), 
but has a lower variance. The PSAR near broadside was 15.8 dB for the 3DOB and 17.2 
dB for the CB, the PSAR at 50 degrees from broadside was 7.5dB for the 3DOB and 
8.4dB for the CB. Again the CB is slightly better than the 3DOB. It is interesting to notice 
that the SNR of the contacts also varies by 7 dB between broadside and 50 degrees from 
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broadside. Figure 5 shows the variability of the PSAR around broadside (0 deg). The two 
algorithms work in a very similar way but the 3DOB has a larger variability around the 
average. The lower performances of 3DOB with respect to the CB (in contrast with 
results given in [7]) may be caused by the small transversal dimension of the array that 
make difficult to locate accurately the position of every hydrophone. In fact, the 3DOB is 
very sensitive to the uncertainties on this position while the CA is more robust. 

5. CONCLUSIONS 

This work shows that the software developed at CMRE to achieve triplet array 
beamforming can provide results in real-time and provide useful target detections. Two 
algorithms are proposed and described here: a cardioid beamformer and a 3D optimal 
beamformer. Experimental results show that the PSAR varies only slightly depending on 
the algorithm used and both algorithms have their best performance on broadside with an 
average PSAR of 17.2 dB and 15.8 dB respectively, that reduces to 7.5dB and 8.4dB 50 
degrees off broadside. Results on the PSAR are different from what is given in [7]:  

- For the CB the results of the SLICTA are approximately 3dB lower than the PSAR of 
the old Cardioid array. This 3 dB are caused by the different algorithm used to calculate 
the PSAR. 

- For the 3DOB the results are also approximately 3dB lower at broadside but off 
broadside it behaves as the CB; in [7] the 3DOB PSAR of the Cardioid array remained 
approximately constant up to 60 degrees off broadside. 

These differences in performance may be due to the smaller distance of the 
hydrophones of the SLICTA triplets with respect to the Cardioid array triplets 
(approximately 20% less). This dimension difference has three main effects: 

- the PSAR is reduced as the hydrophone distance decreases with respect to the 
wavelength of the transmitted sound and, contemporaneously, the noise on the 
beamformed beams increases due to a more unstable optimization algorithm. 

- Larger dimensions allow for more stable roll, yaw and pitch of the triplets that leads 
to better performances of the 3DOB of the Cardioid array with respect to the SLICTA. In 
the SLICTA, the 3DOB approximates the CB with slightly less performance. 
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Abstract: There is an expanding requirement in the defence, offshore, renewable energy, 
research and leisure sectors to reduce the impact of man-made sound, including active 
sonar transmissions, on marine mammals. This driven partly by public interest, but mainly 
by legislation such as the US Marine Mammal Protection Act. Typically, such 
requirements are met using visual monitoring by Marine Mammal Observers (MMOs) or 
passive acoustic monitoring (PAM). If animals are detected within a specified range, some 
form of mitigating action such as shutting down the sound source is then necessary. 
However, some marine species do not vocalise so, therefore, it may be desirable to look 
for forms of active sonar transmission that are potentially less harmful to marine life 
without having to shut down completely.  One way this might be achieved is to use signal 
waveforms derived from naturally occurring sounds, such as the vocalisations of the 
animals themselves: biomimetic waveforms. It might be expected that such sounds would 
appear less threatening, or at least more familiar, thus reducing possible abnormal 
behavioural impacts. Marine mammals produce a variety of vocalisations, but this paper 
focuses on the echolocation clicks produced by odontocetes (toothed whales) such as 
sperm whales and dolphins. These signals are aimed at both detecting and classifying 
small, low target strength objects at very long ranges – characteristics that are all 
desirable in man-made sonar systems. 

Keywords: Biomimetic, Sonar, Wideband, Environmental Impact,  
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1. INTRODUCTION  

There is a rapidly expanding requirement to reduce the impact of man-made sound, 
including active sonar transmissions, on marine mammals in the defence, offshore, 
renewable energy, academic research and leisure sectors. This is driven partly by 
increased public interest in these animals, but mainly by legislation such as the US Marine 
Mammal Protection Act [1], JNCC (Joint Nature Conservation Committee) Regulations 
applying to seismic survey in the UK [2], the UK Offshore Marine Conservation 
Regulations [3], and similar regulatory and licensing requirements elsewhere throughout 
the world. 

Typically, such requirements are met using visual monitoring by Marine Mammal 
Observers (MMOs) or Passive Acoustic Monitoring (PAM) [4], based on listening for the 
vocalisations produced by marine mammals, such as the echolocation clicks of dolphins 
[5] or the low frequency calls of baleen whales [6]. Having detected animals, some form 
of mitigating action such as shutting down the sound source is then necessary. 

However, some marine species do not vocalise and in general it may not be possible to 
ensure the absence of such marine mammals before commencing transmission. Therefore 
it is desirable to look for forms of sonar transmission that are potentially less harmful to 
marine life without needing to reduce the Source Level (SL) or shut down completely. 

One way this might be achieved is to use signal waveforms derived from naturally 
occurring sounds such as the vocalisations of the animals themselves – biomimetic 
waveforms. It might be expected that such sounds would appear less threatening (or at 
least more familiar), thus reducing possible abnormal behavioural impacts. 

2. ENVIRONMENTAL IMPACT 

The interaction of marine mammals and man-made or anthropogenic sound is a subject 
of some contention. Our understanding of detailed interactions is relatively poor and 
largely restricted to a few species. However, there are instances where man-made sounds 
have been demonstrated to have adverse effects on marine mammals, and this includes 
sonar transmissions [7]. 

There are widely accepted guidelines relating to exposure criteria for injury in the form 
of Temporary or Permanent Threshold Shift (TTS or PTS) [8]. However, behavioural 
impacts are difficult to measure or predict. The challenge is to distinguish a significant 
behavioural response from an insignificant momentary alteration in behaviour. For the 
purposes of this paper, we are assuming that the biomimetic waveforms under 
consideration are likely to minimise behavioural reactions, but this assumption would need 
to be verified before any such waveforms could be used in service. 

Given a specified waveform, SL, and other sonar parameters, the Sound Pressure Level 
(SPL) in the water around the sonar can be computed, as in the example shown in Fig. 1. 
Comparison between the SPLs and the exposure criteria can then be used to assess the 
likelihood of physical impact, either TTS or PTS, for a variety of mammals with different 
hearing ranges. This assessment can be based both on the instantaneous SPL and the 
cumulative exposure of an animal to the sound field for an extended period as it moves 
around, referred to as the Sound Exposure Level (SEL) [9]. 
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Fig.1: Example SPL contours plotted against range and depth. 

 
In order to weigh the performance of conventional sonar signals against the biomimetic 

waveforms (to be described in §3 below), a simple metric will be applied (see §4): the 
potential detection performance will be compared for signals adjusted to obtain the same 
SEL for a given marine mammal target in a specified environment. This equates to both 
waveforms having the same ambient noise limited detection performance. 

3. BIOMIMETIC WAVEFORMS 

 
Fig.2:  Typical dolphin echolocation 

waveform. 
Fig.3:  Spectrogram of dolphin click 

shown in Fig. 2, computed using a Short 
Time Fractional Fourier Transform. 

Marine mammals produce a variety of vocalisations, but this article focuses on the 
echolocation clicks produced by dolphins and other odontocetes (toothed whales), mainly 
because these are active sonar signals, whereas many of the other vocalisations associated 
with these animals are for communications. However, this does not preclude the 
possibility of using biomimetic communication signals for sonar. 

The inspiration for these novel signals came from the analysis of bottlenose dolphin 
(Tursiops truncatus) clicks [10]. The pulses are of very short duration, between 50 and 80 
microseconds, and Fig.2 shows a typical dolphin echolocation click. A spectrogram 
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computed using a Short Time Fractional Fourier Transform [11] is shown in Fig.3, and it 
is clear that the signal comprises of two short downward chirps. 

 

Fig.4: Spectrogram of sperm whale click , 
computed using a Short Time Fractional 
Fourier Transform. 

Fig.5: Chirp components for the 
biomimetic waveforms (after [10]). 

 
The analysis presented in [10] shows that a double chirp structure is typical of 

bottlenose waveforms, but few other species have been studied. However, the present 
author has conducted a similar analysis with sperm whale (Physeter macrocephalus) 
clicks and an example result is shown in Fig.4.  Once again, the double chirp structure is 
evident, although this signal is much lower in frequency and extended in duration. 

Although not proven, it seems that the double chirp structure may be in widespread use 
for odontocete echolocation waveforms. Also not proven, but quite feasible, a signal 
structure that is likely to be heard frequently might appear less threatening to most 
mammals and so have a lower behavioural impact. Therefore, a biomimetic signal model 
was implemented, following the techniques used in [10], based on two linear frequency 
modulated chirps and shown schematically in Fig. 5. 

In this implementation, the two chirps are defined by duration and frequency band and 
are amplitude weighted by a Gaussian time window. The nominal frequency bands 
indicate the frequencies at the start and end of the 6σ time window for the underlying 
chirp in each signal component. In practice, the Gaussian time window applied to the 
chirps does not fall to zero at these limits, so the bandwidth of the pulses is increased 
beyond the nominal band as illustrated in Fig. 5.  

A waveform is fully defined by the frequency range and duration of the two chirps, 
along with the delay between the first and second. The chirps are generated using a 
method described in [12] and for the performance analysis presented here, a waveform has 
been chosen as representative of a sperm whale click.  

4. SONAR PERFORMANCE 

For comparison with the synthesised sperm whale click, a typical Anti-Submarine 
Warfare (ASW) Mid Frequency (MF) Sonar waveform, operating at a centre frequency of 
7 kHz with a 500 ms 100 Hz bandwidth chirp will be used as an example. 
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Following the method described in [9], the SEL can be calculated for a single pulse by 
integrating the square of the pressure waveform over the duration of the pulse. For the two 
pulses of interest, this leads to SEL values of (SPL – 9.0) dB re 1Pa2.s for the MF sonar 
and (SPL – 34.7) re 1Pa2.s for the biomimetic waveform. The cumulative SEL can be 
computed from these values for a mammal swimming over a specified path simply by 
summing the relevant SELs for the duration of interest. 
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Fig.6: Calculated SEL for an MF cetacean swimming towards sonar.. 

 
Fig.6 gives an example for an MF cetacean such as a dolphin [8] swimming at a 

constant 10 kt (5.1 m/s) in a straight line towards the sonar from a distance of 1 km, 
passing the sonar at a Closest Point of Approach (CPA) of 50 m after 200 s, then 
continuing in a straight line out to a distance of 1 km beyond the sonar. For this simple 
example, the sonar SL is 220 dB re 1Pa @ 1 m for both waveforms, the sonar projector is 
assumed omnidirectional, and the Pulse Repetition Frequency (PRF) is one pulse per ten 
seconds. The cumulative SEL after the animal passes the sonar converges on 168 dB re 
1Pa2 for the biomimetic waveform and 194 dB re 1 Pa2 for the MF Sonar signal. 
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Fig.7:  Matched filter response to the MF 
Sonar waveform at -12 dB SNR 

Fig.8: Spectrogram correlator response of 
the biomimetic waveform at -12dB SNR 
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The criterion for injury suggested by [8] is 198 dB re 1 μPa2s for multiple pulse 
sources. Clearly, both signals are below this level and would not lead to injury in the 
situation as described. In reality, although the ASW sonar PRF would be set to match the 
maximum display range, most echolocating animals tend to lock on to a target and trigger 
a pulse transmission on receiving an echo, at least at short range when locked on to a prey 
target. This gives rise to a PRF that increases rapidly as the animal approaches the prey, 
commonly referred to as a “feeding buzz” [13]. However, assuming a constant PRF, the 
biomimetic SL could be increased by 26 dB to produce the same SEL as the HF sonar.  

This is unrealistic, but it makes the point that, at the same SL, the energy in the MF 
sonar pulse is considerably greater than that in the biomimetic signal. By adjusting the SLs 
to achieve the same cumulative SEL, the energy in the pulses is equalised and, other 
factors being equal, the detection performance for both waveforms will be the same. 

What may be more important is how the waveforms perform in reverberation and 
clutter. Fig. 7 shows the response of a matched filter detector to the MF Sonar signal, 
buried in noise at -12 dB Signal to Noise Ratio (SNR). The result is a clear peak, well 
above the noise, and compressed in width to about 10 ms. This response, however, would 
be the same whether the echo came from a valid target, a rock on the sea bed, or scattering 
from particles in the water. 

The biomimetic waveform, on the other hand, does not have a structure that gives such 
a clear response from a matched filter. There are other detectors, however, that are more 
appropriate and spectrogram correlation is commonly employed for detecting marine 
mammal vocalisations [14], and Fig. 8 shows the strong peak obtained when this process 
is applied to the biomimetic waveform, again at -12 dB SNR. Closer inspection reveals 
that the biomometic waveform/spectrogram correlator combination achieves a response 
peak in the time domain narrower than that achieved with the conventional MF sonar 
signal/matched filter setup. All this suggests that the biomimetic approach is potentially 
capable of a ten-fold enhancement in resolution. 

4.1. Biomimetic Processing 

The signal processing used by dolphins and other cetaceans is not well understood. 
Bats, however, are easier to study and there is evidence to suggest that, among other 
representations of received signals, some bats possess computational maps in the auditory 
cortex of frequency against time [15], allowing the possibility that they employ some form 
of spectrogram correlation processing. Additionally, it is believed that in order to carry out 
this processing with just a single spectrogram replica when, for example, the returning 
echo is Doppler shifted, these animals adapt their transmitted signals to compensate for 
Doppler and other transmission effects. 

This means that if the transmitted waveform is shifted in frequency to compensate for 
the Doppler in the echo from a moving target, such as a moth, echoes from the background 
clutter such as foliage would have a different Doppler shift and would correlate less well, 
giving a degree of clutter rejection. 

Another feature of bat neural processing depends on the wide bandwidth of their 
transmissions, so should be equally applicable to the wideband multiple chirp waveforms 
considered above. Big brown bats (Eptesicus fucus), in particular, can recognise echoes 
containing the full harmonic spectrum of their transmissions and associate these with 
close, on-axis targets. Echoes from greater distances will have suffered increased 
absorption at higher frequencies, so will have lost some harmonics. Likewise, off-axis 
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echoes will have lost high-frequency content because of the frequency dependent 
directivity of transmitting and receiving beampatterns. Thus, the bat can track a nearby 
target at high PRF, while still maintaining general long-range and off-axis surveillance 
[17]. 

Finally, dolphins demonstrate a remarkable ability to recognise very fine differences in 
the geometry or materials of man made signals [18]. It is also known that dolphins and 
other cetaceans adapt the spectral characteristics of their transmitted waveforms for 
different tasks and when interrogating different targets. [19]. Biomimetic waveforms as 
described in [20] and similar to that used in this paper have been used in experiments to 
determine if adapting the biomimetic waveform parameters can highlight key spectral 
features in the echoes received from different targets. 

It was found that the strongest features in the echoes were spectral notches, and such 
features can be extracted by applying a threshold on the second derivative of the echo 
spectrum to generate a signature characteristic of a particular target. The most robust 
signatures were obtained by adapting the waveform parameters to concentrate energy in 
the spectral areas of interest for that target. 

5. DISCUSSION AND CONCLUSIONS 

In this paper, the possibility of using biomimetic waveforms for active sonar has been 
revived. The main driver for this was the idea that signals similar to those used by marine 
mammals might appear less threatening than conventional sonar signals and so reduce the 
potential behavioural impact. A second consideration was that the waveforms used by 
these mammals may have performance advantages over conventional signals. 

A brief analysis was presented, based on a synthesised waveform derived from a sperm 
whale echolocation click. It was noted that the model used tom generate the sperm whale 
click was also applicable to dolphin clicks and, possibly, a variety of other echolocating 
toothed whales. This biomimetic waveform was compared with a conventional signal 
representative of an MF ASW sonar. 

As yet, it is not known whether or not such naturally occurring signals have a lower 
behavioural impact, but if biomimetic techniques can possibly improve sonar performance 
in reverberation and clutter without degrading noise limited performance, the additional 
advantage of reduced environmental impact is certainly worth exploring further. 
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Abstract: Underwater acoustic environments exhibit long and time-varying multipath 
propagation conditions that severely limit the spatio-temporal coherence of any continuous 
active sonar (CAS) pulse. Due to this issue, traditional matched filter processing at the 
receiver does not always achieve the desired processing gains leading to poor target 
tracking. Hence, a major effort in the field of active sonar is steered towards the design of 
novel receivers that emphasize on efficient Doppler target tracking while maintaining good 
range resolution.  This paper represents the first attempt to process the target’s echoes based 
on an adaptive decision-feedback equaliser (DFE), a well-known technique applied in 
underwater acoustic communications. The performance of the proposed signal is tested 
through a simple experimental setup during a sea trial off the coast of Portugal in 2016. The 
transmitted binary phase shift keying (BPSK) signal occupied the 1500 - 2500 Hz band and 
lasted for 7.7 seconds. Our results demonstrate a high-precision Doppler measurement with 
an update rate of 1 ms for a target moving at 6 knots. 

Keywords: Underwater acoustic communications, active SONAR, target detection, decision 
feedback equaliser (DFE), delay spread, Doppler spread. 
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1. INTRODUCTION 

In typical active SONAR systems, the process of localising a target is performed by 
transmitting a known signal and then correlating it with returned echoes arriving at specific 
angles. Recent advances in transducer technology enable Continuous Active SONAR (CAS) 
systems that allow duty cycles up to 100%. As a result, CAS systems can perform more 
frequent signal correlations, which could potentially lower the data association error inherent 
to Pulse Active Sonar (PAS) systems [1]. 

Linear Frequency Modulated (LFM) broadband signals, conventionally used in PAS, have 
been tailored to CAS with a significant increase of time-bandwidth product [2]. Theoretically, 
improved detectability in both noise-limited and reverberation-limited environments is 
possible, however, the anticipated processing gain can drop significantly when the channel 
exhibits low spatio-temporal coherence. Understanding the impact of channel coherence on 
CAS LFM signals is a major research activity nowadays [2]-[5].  

Another research activity related to CAS is the adoption of communications waveforms, 
such as binary phase shift keying (BPSK). In [6], the authors sequentially combine a BPSK 
with an LFM to improve performance in channel-induced Doppler perturbations, yet, only 
computer simulations were shown. A comparison between LFM signals and BPSK signals in 
terms of matched filter processing gains has been illustrated in [7]. The results indicate that 
the ambiguity function is not adequate to explain the waveform’s processing gain for 
different time-bandwidth products under different channel conditions. 

In this work, we depart from the conventional matched filtering signal processing 
technique and propose to tailor advanced signal equalisation techniques (typically used in 
underwater acoustic communications [8]) for CAS systems. In particular, we analyse a 1000-
bps BPSK signal by using data from the Rapid Environmental Picture Atlantic (REP-
Atlantic). Our decision-feedback equaliser (DFE) receiver achieves reliable delay/Doppler 
estimates for both strong and weak echoes moving at 6 knots. The key result here is that the 
Doppler measurement update rate of the echo is as fast as the bit rate of the transmitted 
message. 

2. PROPOSED SYSTEM 

We consider a SONAR waveform that is based on binary phase-shift keying (BPSK) 
modulation. Let us assume that  bits are produced from a pseudo-random sequence 
generator. The -bit sequence is mapped onto a symbol sequence { } ∈ {−1,1} and the 
symbols are pulse-shaped via a raised cosine filter with roll-off factor ∈ [0,1] at a rate of 1/ ,  being the symbol duration. Note that any filter that yields the zero inter-symbol 
interference (ISI) property is suitable for our purposes [9]. The baseband signal is modulated 
onto a carrier  and the passband transmitted signal can be represented as 

 ( ) = ∑ ( − ) , (1) 
 

where ( ) denotes the raised cosine filter response. The bandwidth of ( ) 
is  = (1 + )⁄  centered at . Note also that the time-bandwidth product of the signal is 
approximately . 
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Let us now assume that the CAS receiver uses an array of hydrophones steered at a 
specific angle (or beam) and senses the returned echoes. The end goal of the receiver is to 
classify whether the observed echoes belong to the target or not. In this preliminary work, we 
present the receiver structure that potentially feeds the echo classifier with the required target 
delay/Doppler information. Before we present the receiver structure, we need to put a channel 
model into perspective. We stress here that the channel model is independent of the type of 
array used. 

Within the considered angle window, the returned echoes undergo both time and Doppler 
spreading due to time-varying multipath propagation. Here, we model physical phenomena 
that vary within few seconds or less and hence, comparable to the signal duration. For 
instance, the effect of sea surface waves onto the received signal is one of them. 
Transmitter/receiver/target mobility contributes to additional time-variability of the received 
signal, typically at shorter time scales than channel fluctuations.  

Denoting each echo (or multipath) as , we assume that each multipath has its own time-
varying gain ( ) and time-varying delay ( ). For mathematical tractability, we assume 
that the time-varying delay can be approximated by a first-order polynomial ( ) = −

, where = ⁄ ,  being the radial velocity of the  path and  denoting the speed of 
sound. Hence, the channel impulse response ℎ( , ) can be expressed as 

where () denotes the dirac function. Then, the interaction of the transmitted signal in eq. (1) 
with the channel response in eq. (2) can be represented via a time-varying convolution sum: 

where ( ) denotes the additive ambient noise. Note that when > 0 the received path 
experiences a time dilation and when < 0 the received path experiences a time 
compression. 

The receiver architecture is seen in Fig. 2. The purpose of the wideband beamformer is to 
scan at different beam angles and sense the incoming signal. Any echoes arriving at the 
steering angle will experience an SNR increase. The resulting output is processed by an 
adaptive DFE with the aim to detect each bit sequentially. The DFE performs the following 
actions: 

Adaptive resampling 
During the reception of the th bit, and assuming that the relative motion between the target 
and receiver is significant, the received signal is time-scaled (compressed or dilated) with 
respect to the transmitted signal. To reduce the receiver computational complexity, we further 
assume that all observable echoes exhibit the same time-scale, i.e., =  for all . In 
practice, this is true for certain littoral environments where the range is much greater than the 
ocean depth and so the channel geometry makes the observe echoes to arrive at (almost) the 
same angle. To compensate for the time scale  of the th bit, denoted by ( ), we adapt the 
sampling rate of the received signal with a linear interpolation filter. Prior to interpolation, a 
first-order phase-locked loop (PLL) estimates the time (or Doppler) scale by processing the 
phase rotations of all previously received bits. The whole process yields linear computational 
complexity with respect to the number of parameters involved. 

 ℎ( , ) = ∑ ( ) ( − + ) , (2) 
 

 ( ) = ℎ( , ) ( − ) + ( ) = ∑ ( ) ( (1 + ) − ) + ( ), (3) 
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Fig. 1: receiver block diagram. 

Adaptive channel estimation and ISI cancelation 
After compensating for ( ), the transmitted signal consisting of the latest  bits (  denotes 
the channel multipath delay in terms of number of bits) is used to produce a snapshot of the 
channel impulse response ℎ( , ) during the th bit reception. The improved-proportionate 
normalized least mean squares (IPNLMS) algorithm is used for channel estimation [8]. This 
algorithm exhibits fast channel tracking by exploiting the sparse multipath structure of the 
acoustic link. In addition, it offers low memory requirements and linear computational 
complexity with respect to the number of channel coefficients. Knowing the channel response 
and the  previously transmitted bits, the ISI is synthesized and subtracted from the received 
signal. 
 
Adaptive equalisation  
The purpose of this part of the receiver is to estimate the th bit by exploiting the multipath 
propagation diversity, namely, the receiver coherently combines all echoes that are related to 
the th bit for performance improvement. To this end, the received signal is filtered by a 
linear transversal equaliser to produce , the complex estimate of the th transmitted bit. The 
exponentially-weighted recursive least squares (RLS) algorithm is used to adapt the equaliser 
coefficients such that the −  is minimized. The RLS algorithm has quadratic 
computational complexity with respect to the number of the equaliser taps. The processing 
gain of the equaliser is measured by the output SNR defined as [9]: 

Finally, each  is quantized to the closest ±1 value by measuring their respective Euclidean 
distances and so a BER estimate is obtained. 

3. EXPERIMENTAL RESULTS 

The effectiveness of our receiver in terms of estimating the target delay/Doppler is 
investigated with real data recorded during the Rapid Environmental Picture Atlantic (REP-
Atlantic) trial that took place in July, 2016, off the coast of Portugal. On July 11th, 2016, the 
NRV ALLIANCE towed a sonar source, an echo repeater (acting as an artificial target), and a 
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64-element linear array (with inter-element spacing of 0.18 m) at approximate depths 70 m, 
60 m, and 79 m, respectively. 

The sound speed profile was measured at 06:16 UTC by using a Sea-bird Electronics 
9plus conductivity, temperature, and depth (CTD) sensor and is shown in Fig. 2(a). Note that 
the sound speed profile is downward refracting, however, both the receiver and echo repeater 
were below the major thermocline, which ends at about 60 m. At 13:33 UTC, the sea 
conditions were at sea state 4, with waves coming from the north-west. A dominant wave 
power spectral density of approximately 6 m2/Hz at 0.09 Hz was measured by a Datawell 
oceanographic instruments MKIII wave rider. 

Between 13:52 and 14:10 UTC, the source concurrently transmitted the proposed BPSK 
signal and an LFM signal over two distinct bands. The BPSK occupied the 1.3-2.5 kHz band 
while the LFM occupied the 2.5-3.7 kHz band. The source level was set to 196 dB re 1 μPa 
@ 1 m. Both signals lasted for 7.7 s and the ping repetition interval was set to 24 s.  During 
the run the NRV ALLIANCE sailed northwest at a speed of 3.5 knots. Fig. 2(b) shows the 
received spectrogram. The source signal followed by echo repeater signal can be clearly seen.  
Our purpose is to use the BPSK signal to measure the delay and Doppler of the target. The 
LFM is used separately to validate our contact acquisition but is not necessary in a realistic 
system.  

As a first step, the hydrophone data is beamformed into 64 cosine spaced beams and 
matched filtered with a replica of the transmitted LFM. The whole processing is performed in 
the frequency-domain and Fig. 2(c) shows the output. The red cross signs show potential 
targets distributed in the delay-angle space. Fig. 2(d) shows the output of the time-domain 
beamformer after using the BPSK signal. The correspondence between Fig. 2(c) and Fig. 2(d) 
is clear. We see that the source signal arrives at about 3 degrees while the signal from the 
echo repeater arrives at about 137 degrees. These numbers agree with the experimental setup, 
i.e., the source was placed in front of the towing point of the array (endfire) while the echo 
repeater was placed closer to the trailing edge of the array. Also note that the received power 
level coming from the source is about 40 dB higher than that of the echo repeater. 

 
Fig. 2. (a) Measured sound speed profile. (b) Received signal spectrogram. (c) Output of the 
frequency domain beamformer and matched filter based on the LFM signal. (d) Output of the 

time domain beamformer based on the BPSK signal. 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  141



 

Our data processing showed that the received BPSK signal was not significantly distorted 
by ship motion. This happened because of the specific experimental setup, i.e., both 
transmitters and the array were towed by the same ship and hence, the geometry didn’t allow 
for significant Doppler distortions. To make our results more appealing to the readership and 
also provide ground-truth, we added an artificial time scale into the received data by 
resampling. Hereafter, we assume that the target moves away from the receiver at a speed of -
3 m/s (≅ 6 knots). This kind of motion makes the receive signal to expand with a the time 
scale of = − 3 1510⁄ ≅ −0.002. 

We now report on the performance of the receiver. We show results for echoes in high and 
low SNR situations. High SNR is not expected in real-life scenarios; however, better 
validation of our receiver outputs is possible since any parameter estimation is more reliable. 
The low SNR provides useful insight about how the receiver would perform in real-life. 
Below, the contacts are provided by the LFM processor. 

Fig. 3 shows the demodulation results when the array is steered towards the echo repeater 
(angle=137º, delay=9.1 s). The input SNR after beamforming is 26 dB. Fig. 3(a) shows the 
time evolution of the channel impulse response after motion compensation. The snapshots are 
generated at the bit rate. The 0 ms delay corresponds to the direct arrival between the echo 
repeater and the array. We note that overall multipath spread is about 300 ms. In contrast to 
Fig. 3(a), Fig. 3(b) shows the output of the channel estimator without motion compensation. 
In this case, the channel estimates are poor due to lack of synchronization and as a result, no 
bit recovery is possible. Fig. 3(c) shows the average BER estimation as a function of time 
when the receiver compensates for motion. Note that the BER drops to zero only after 450 
ms. This is expected as the receiver needs time to adapt to the channel response and any 
motion variations. A similar trend is observed for  in Fig. 3(d). Initially,  is 
close to zero and as the receiver adapts to the channel variations,  reaches eventually 
14 dB. Fig. 3(e) shows the estimated mean time (or Doppler) scale, , of the received signal. 
Clearly, our receiver estimates the true value with good accuracy. 

 
Fig. 3. (a) Channel impulse response after motion compensation. The x-axis shows multipath 

delay, the y-axis shows absolute time and the z-axis shows the channel amplitude in linear 
scale. (b) Channel impulse response when zero Doppler is assumed. (c)  vs. time. (d) 
Mean BER vs. time. (e) Mean Doppler scale vs. time. The averaging interval is set to 150 ms 

for (c), (d) and (e). 
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Fig. 4 shows the demodulation results when the array is steered at 75º.  At this angle, the 
receiver senses an echo that involves a surface interaction and arrives at a delay of 12.742 s. 
The input SNR after beamforming is 11 dB. Fig. 4(a), (b), (c), (d) and (e), illustrate the 
behaviour of our receiver when the signal delay is 12.730 s, 12.736s, 12.742 s, 12.748s and 
12.754 s, respectively. Note that due to channel fading, the target reflects only 4 out of 7.7 s 
of the signal. Our results show that the receiver is very sensitive with respect to the true delay 
since high BER (close to 0.5) and low  (close to 0 dB) are measured even for delay 
offsets of ± 6 ms. Moreover, the Doppler scale estimation is very poor. On the contrary, when 
the receiver is perfectly synchronized, we observe low BER and high SNR during the periods 
of sufficient signal level. Moreover, the receiver estimates the correct Doppler scale fairly 
close. 

 
Fig. 4. Performance results for varying signal delays: (a) -12 ms offset. (b) -6 ms offset. (c) 

perfect delay synchronization. (d) +6 ms offset. (e) +12 ms offset. 
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4. CONCLUSIONS 

In this work, we have presented the application of an adaptive DFE to CAS systems. A 
7.7-second, 1000-bps-rate BPSK message was transmitted in the frequency range 1300 - 
2500 Hz during the REP-16 Atlantic trials. Our results have shown a high-precision 
delay/Doppler measurement of echoes moving at a speed of 6 knots in both high and low 
SNR regimes. The main contribution of this work is that the Doppler measurement update 
rate of the target is as fast as the bit rate of the transmitted message.  

Our results seem promising and pave the way to use more advance equalisation techniques 
for target tracking. These techniques could be, for example, turbo equalisation or bi-
directional DFE and can be extended to 100% duty cycle. Finally, validation of the proposed 
receiver in operational relevant scenarios under different channel geometries will bring 
further insights on how suitable this receiver is in real situations. 
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Abstract: Continuous Active Sonar (CAS) systems attempt to detect the (very weak) target 
echo while the direct transmission (very strong) is also being received. A significant 
impediment to successful detection of the target echo is the interference from the direct 
transmission. Receiver and transmitter must be separated because of the constraints of 
limited receiver dynamic range. As a result, the direct transmission interference is 
received through a variable multipath acoustic channel. The effects of this channel must 
be estimated in order to subtract the interference from the received signal. The least 
squares method is often used to estimate channels of this type, but for this case the least 
squares solution proved ill posed. Alternative adaptive filtering methods initially 
investigated suffered from a tendency for the filter to reject both the transmission and the 
echo. This was caused by cross correlation between transmission and echo signals. This 
cross correlation and the resultant signal rejection could be reduced by applying 
adaptation to blocks of data rather than the individual samples. It could be expected that 
using longer blocks would improve the separation between transmission and echo 
resulting in improved reduction of the direct transmission, but this was found not to be the 
case in practice. The gains from longer blocks were limited by reduced ability to follow 
variations in the channel and to adapt for model mismatch. This paper investigates 
methods of adaptively filtering out the direct transmission in CAS systems and 
demonstrates their application to experimental data. 

Keywords: Continuous Active Sonar, Detection, Adaptive Filtering 
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1. INTRODUCTION  

Detection of a (weak) target echo in the presence of a (strong) direct transmission is a 
key problem in Continuous Active Sonar (CAS). The problem is that the direct 
transmission can mask the echo making detection of the target difficult. A similar problem 
is encountered in full duplex wireless communications and various Self-Interference (SI) 
cancellation techniques are used to allow the same channel to be used for both transmit 
and receive [1]. 

SI cancellation techniques are divided into passive, analogue and digital. Passive 
techniques include separating of the source and receiver which reduces the direct 
transmission level via spreading loss, and designing the transmit beam pattern to have a 
null in the receiver direction. The source receiver separation has been applied to CAS and 
is used in the simulations and experiments detailed, but steered transmission beams are not 
considered in this paper. Analogue SI cancellation attempts to subtract the interference 
from the signal before analogue to digital conversion. In principal this has the potential to 
mitigate receiver dynamic limitations as well as reduce SI but has not been applied to CAS 
yet. Digital SI cancellation attempts to subtract the estimated interference from the 
digitized signal and its application to CAS is the key contribution of this paper. 

In CAS systems the transmitter and receiver are separated to relax the receiver dynamic 
range requirement. This approach also provides a passive reduction in SI but means that 
the direct transmission from source to receiver passes through a variable multipath 
acoustic channel. The method of subtracting or suppressing the interference must either 
estimate this channel or be robust to an unknown channel. 

The obvious approach to estimating the acoustic channel from the data is to use the 
least squares method [1]. Alternatively, variants of the Least Mean Squares (LMS) 
algorithm, such as normalised LMS or Block LMS (BLMS) [2] can perform the same task 
with less computational cost, but could have slow convergence and larger mismatch 
(errors) after convergence than some other algorithms.  

Under some conditions the signal (target echo) and interference can be represented as 
occupying different subspaces and the problem can be solved elegantly by comparing the 
projection onto the null space of the interference to the projection onto the null space of 
the target [3]. The problem that arises is that the signal and interference subspaces must be 
significantly different for the method to work. Investigation of further alternatives like the 
CLEAN algorithm [4] to reduce the interference are beyond the scope of the current work, 
but may be explored in future. 

This paper is arranged as follows. Section 2 presents the system model and the adaptive 
filtering algorithms to be applied to the problem. In section 3 simulations are used to 
examine the behaviour of some of these algorithms. Section 4 presents the application of 
the algorithms to sea trial data collected using an echo repeater during the Littoral 
Continuous Active Sonar 2016 (LCAS 2016) trial conducted in October 2016 off Italy. 
Section 5 presents conclusions and future work.  

2. ADAPTIVE FILTERING 

In the equations below scalar variables are in italic face, vectors are lowercase bold and 
matrices are uppercase bold. 
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Separation of the sonar source and receiver is one method that can be used in CAS 
systems (and full duplex radio [1]) to reduce the level of interference caused by the direct 
source to receiver transmission. This separation causes both the interference and a possible 
target echo to be the product of different multipath acoustic channels. With this in mind, 
the CAS signal can be modelled as [ ] = [ − ] + [ − − ] + [ ] (1)

where [ ] is the received sample at time k, [ ] is the transmitted signal,  are the 
amplitudes of the assumed M direct source-receiver paths,  are the amplitudes of the N 
source-target-receiver paths and v[k] is a white noise process. As an alternative, a vector 
representation can be used [ ] = [ ] + [ ] + [ ] (2)
where [ ] = [ ], [ − 1], … , [ − + 1]  and [ ] = [ − ], [ − −1], … , [ − − + 1] . The goal of the work is to estimate  and calculate [ ] −[ ], the signal with the direct path removed. 

1.1. Least Mean Squares 

For each new sample the normalised least mean squares (LMS) algorithm [2] 
repeatedly iterates the following: [ ] = [ ] − [ ] [ ] (3)[ + 1] = [ ] + [ ]| [ ]| + ∗[ ] (4)

where μ is the step size parameter (a positive constant) and δ is a small positive constant 
included to prevent division by zero when there is no input (perhaps better in the CAS 
scenario would be to suspend adaptation during the brief periods that the transmitter is 
off). Small perturbation analysis suggests that the LMS algorithm above is stable for 
0<μ<2 [2] assuming signal energy is constant and that the error ( [ ]) is dominated by 
modelling errors (incorrect estimate of a) rather than noise ( [ ]). A larger value of μ 
results in quicker convergence of the algorithm but unfortunately also results in larger 
mismatch or residual errors once the algorithm has converged. In this work μ=1 is selected 
as a value that worked well in the simulations. 

1.2. Block Least Mean Squares 

It will be seen below that estimating the presence of a target can corrupt the estimation 
of the weights by the LMS algorithm. This corruption is caused by the correlation between 
target echo and direct source to receiver interference. LMS updates are determined using 
an estimate of the covariance of the input data. The estimates that are used are quite poor 
because they use only one input vector. Using more data to estimate the covariance should 
increase the accuracy of the resultant update. In particular the contribution of signals 
weakly correlated with the current transmission (like the target echo) would have a 
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reduced impact on the calculation of the updates reducing any tendency to attenuate the 
target signal. In the LMS equations the input vector becomes a matrix and the scalar 
values become vectors, that is [ ] = [ ] − [ ] ∗[ ] (5)[ + 1] = [ ] + [ ] ∗ (6)[ + + 1 /2] =  [ − 1 /2] (7)

where [ ] = [ ], [ + 1], … , [ + − 1]  

[ ] = [ ][ + 1]⋮[ + − 1]
[ − 1][ ]⋮[ + − 2]

⋯⋯⋱⋯
[ − + 1][ − + 2]⋮[ − + ]  

It turns out that this approach is the same as the BLMS algorithm with a simple 
modification. Normally the BLMS [2] is implemented in the frequency domain generally 
resulting in a lower computational cost than the conventional LMS (due to the use of 
multiplicative operations rather than convolutions). This approach was found not to 
converge quickly enough in our simulations. In order to increase convergence speed, the 
variant described above was developed, which provides only one output sample (z) per 
iteration. The required output sample is selected according to equation 7. 

1.3. Least Squares 

The method of least squares is to determine the values of the  such that the function 

= [ ] − [ − ]  (8)

is minimised. Using the notation for the BLMS above, the solution can be written [ ] = [ ] [ ] [ ] [ ] (9)

where = − 1 . For the signals used in this work, this solution was unsatisfactory 
because the matrix [ ] [ ] was frequently singular so that the inverse could not be 
found. 

Stable estimates can be obtained using diagonal loading of the [ ] [ ] matrix [ ] = [ ] [ ] + [ ] [ ] (10)

where  is a small positive constant. This procedure is referred to as Tikonov 
regularisation [5] in the mathematical literature or ridge regression [6] in the statistical 
literature. 

Least squares can be implemented with reduced computational cost using the recursive 
least squares (RLS) approach. Preliminary experiments indicated that the RLS algorithm 
was divergent for the same reason as the least squares algorithm without regularisation. 
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3. SIMULATIONS 

In the remainder of this work, the transmitted signal is a Linear Frequency Modulated 
(LFM) chirp 18 seconds long with a bandwidth of 800 Hertz. After the completion of the 
chirp there is a 2 second delay before transmitting the chirp again. 

In the simulations, the direct transmission was generated as a sum of multipath replicas 
temporally spread over 100 milliseconds. The target was generated as a single (weaker 
amplitude 0.1) replica delayed to 5 seconds after the direct transmission. 

In simulations the performance of the LMS algorithm was poor. The amplitude of the 
retained target echo varied depending on the delay relative to the interference. In Fig. 1 
before the 3 second time instant the echo is 15 seconds ahead of the direct interference and 
there is target echo amplification. After the 5 second epoch attenuation of the target level 
results from the delay being reduced to 5 seconds. It can be shown that (for the LFM 
signal) with no direct signal the response of the filter to an LFM target echo [ ] =exp [ − ]  is, for the scalar case, of the form [ ] = [ ] 1 − exp 2 + higher order terms (11)
where  is the sweep rate,  is the sampling rate and  is the target delay. Considering 
equation 11 it is not surprising that the level of the echo in the filter output depends on the 
delay between the transmission (that is being eliminated) and the echo.  

The large data vectors used by BLMS improve the discrimination between the 
transmission (to be removed) and the echo (to be retained) so the variable target amplitude 
behaviour of LMS is not observed for this algorithm. In Fig. 1 the filter output for BLMS 
has the amplitude expected given the target echo that was injected. The least squares 
algorithm showed a similar behaviour to the BLMS and is omitted from the Fig. 1 for 
clarity. 

 
 

Fig. 1: Amplitude of adaptive filtering output (target and residual interference). 

Two methods were considered to ameliorate the problems with LMS. 1) Increase the 
sampling period which equation 11 suggests (and simulations verify) will reduce the delay 
where the filter amplifies rather than attenuates the target signal. For this reason, a 
sampling rate half that used in Fig. 1 will be used in the remainder of this work. 2) Reduce 
the update step parameter so that the adaptive filter cannot adapt quickly enough to 
remove the target echo but this also reduces the rate of convergence of the algorithm 
leaving more of the direct signal interference energy in the output. 
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4. SEA TRIAL DATA 

The sea trial data from the LCAS 16 trial was demodulated to baseband and decimated 
(by a factor of eight) to give a sampling rate just above 1 kHz. Effectively the desired 
signal rejection by the LMS algorithm was prevented by using a lower sampling rate than 
used in the simulation shown in Fig. 1. Reception of the direct transmission did not start 
immediately at the start of the data file - there was a delay which was estimated using a 
matched filter. This delay was also applied to the adaptive filter to time-align the filter 
with the input data.  

Table 1 summarises the results after match filtering the outputs of the representative 
filter techniques for a single ping. The noise level was estimated using a median filter. In 
all cases the noise levels and signal levels are relative to the peak of the unfiltered input 
signal. The slightly higher signal level shown by LMS (compared to unfiltered) is 
suggestive of the spurious enhancement observed in the simulations but, at a level of less 
than 1 dB, this may not increase false alarm rates unduly. The reason for the slight 
reduction in the target peak by the BLMS and least squares filters is uncertain but it is 
interesting to note that with this level of interference and matched filter length the 
presence of interference would be expected to increase the peak by about 0.6 dB. Note that 
the BLMS is very expensive computationally in comparison with the other algorithms. 

  
Table 1: Adaptive filtering performance for an LCAS 16 ping. 

 Signal Level 
(dB) 

Noise Level 
(dB) 

SNR (dB) Run Time 
(s) 

Unfiltered -41.0 -58.8 11.8 0.00 
LMS -40.3 -65.1 24.8 0.45 
BLMS -41.8 -66.5 24.7 190.66 
Least Squares -41.8 -66.2 24.4 1.43 

Fig. 2, Fig. 3 and  
Fig. 4 show the output of a matched filter applied to data from a CAS transmission that 

was processed with one of the algorithms considered here (using the first one second 
interval of the input signal as the matched filter replica). The matched filter output without 
adaptive filtering is included in each figure for comparison. The first peak at about two 
seconds is the arrival of the direct transmission. The second peak, at about seven seconds, 
is the echo repeater return. Comparing the figures we see: 1) the target is preserved by all 
algorithms, 2) BLMS and least squares are better at suppressing interference for delays 
beyond twelve seconds and 3) LMS appears better at suppressing interference before five 
seconds. Unfortunately the advantage of LMS for short ranges is illusory because even at 
the reduced sampling rate the LMS algorithm partially rejects targets at these short delays. 
Any target at these ranges will be suppressed along with the interference leaving little or 
no gain compared to the other algorithms. Also interesting is the striking similarity of the 
BLMS and least squares traces.  

The least squares algorithm appears the best choice but if computational limitations 
prohibit using it, LMS will be beneficial. 
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Fig. 2: LMS filtering of LCAS 16 data 
 

 
 

Fig. 3: Redundant Block LMS filtering of LCAS 16 data. 

 
Fig. 4: Least Squares Filtering of LCAS 16 Data. 

5. CONCLUSIONS AND FUTURE WORK 
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The behaviour of three adaptive filtering algorithms was investigated using simulations 
and trial data. All of the algorithms improved the detection of a signal by reducing the 
interference level by up to 7dB. The least squares approach usually, but not always, 
provided the best removal of interference. While the LMS algorithm often did not perform 
as well as least squares, its under-performance was marginal and was sometimes better, at 
a lower computational cost and appeared to be more robust to mismatch between 
environmental spreading and the length of the filter. A variant of the LMS filter, 
developed to ameliorate the observed problems with the LMS, proved to have similar 
performance to least squares but at a higher computational cost. The work reported here 
used data collected with an echo repeater serving as a strong target. An important 
consideration is to investigate these conclusions against weaker or more distant targets. 
This work also exclusively studied LFM signals and so another important extension of this 
work is to consider if the conclusions are valid for other waveforms. 
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EXPERIMENT FOR MEASURING MATCHED-FILTER LOSS VS 

BANDWIDTH AND DURATION 
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Abstract: A stationary source transmitted LFM waveforms with varying bandwidth and 
duration, which were received on a stationary hydrophone approximately 100 m away in a 
150-m water column. The levels of the direct arrival, bottom reflection, and surface 
reflection were analysed. There was no obvious dependence on bandwidth.  The bottom 
reflection had no dependence on duration; however, the surface reflection displayed 
matched-filter loss that increased with increasing duration. This is an expected result 
because motion-related distortion occurs when the surface varies on a timescale shorter 
than the pulse duration. This type of loss is generally not recoverable because the surface 
motion does not have a constant velocity and therefore a Doppler bank cannot match the 
distortion. 
 

Keywords: active sonar, bandwidth, duration, matched filter, coherence 
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INTRODUCTION  

The bandwidth and duration of an active sonar transmission are the two main 
characteristics that dictate a waveform’s performance. Increasing the bandwidth improves 
performance in the reverberation-limited case because the improved range resolution 
decreases the effective scattering area of the seabed or sea surface, decreasing the 
reverberation background. Increasing the duration increases performance in the noise-
limited case (assuming constant source level) because the transmitted energy increases. 
Unfortunately increasing the bandwidth or duration does not increase performance 
indefinitely because of matched-filter loss. 

Active-sonar matched-filter processing assumes that received signals such as target 
echoes are perfect copies of the transmitted signal. This is never actually the case due to 
distortion induced by underwater propagation. Distortion in the signal results in loss in the 
matched filter, also referred to as coherence loss. There is little in the literature in the way 
of quantitative predictions or measurements of matched-filter loss, especially in terms of 
loss as a function of transmission bandwidth and duration. 

Qualitatively, “the coherence between separated receivers varies with separation 
(improves with decreasing separation), frequency (improves with decreasing frequency), 
bandwidth (improves with decreasing bandwidth), orientation (horizontal better than 
vertical), integration time (improves with decreasing integration time), and, finally the 
multipath structure of the medium (improves when a single dominant path exists and 
multipaths are effectively absent)” [1]. Matched-filter loss is expected to increase with 
increasing bandwidth and duration according to this statement. Furthermore, littoral, 
shallow-water environments are becoming important for naval operations, and the 
complex multipath propagation encountered in these environments is expected to increase 
matched-filter loss. The interaction with the moving, rough sea surface is a key factor in 
multipath propagation. It is fairly intuitive that a reflection from the sea surface can result 
in signal distortion when the duration of the waveform is long relative to the timescale of 
the surface motion. Experimental results in [2] showed that matched-filter loss increases 
with sea surface roughness and an expression for matched-filter loss that increased with 
pulse duration for a moving sea surface was derived in [3].  

An experiment was performed during the Littoral Continuous Active Sonar 2016 
(LCAS16) sea trial to measure matched-filter loss as a function of bandwidth and duration 
in a shallow water environment. Sequences of linear frequency modulated (LFM) 
waveforms with varying bandwidth and duration were transmitted from a stationary 
source and received on three stationary hydrophones. There were also two moored targets, 
but this paper only considers the one-way propagation to the closest hydrophone. The 
fixed geometry of the sources, receivers, and targets is important so that the measured 
matched-filter loss was caused by the environment only and not by platform motion that 
would have occurred if the source or receiver were towed from a ship. Preliminary 
measurements of matched-filter loss as a function of bandwidth and duration are 
presented. 

THE EXPERIMENT 

The LCAS16 sea trial was held in the Gulf of Taranto, Italy in October 2016. The 
Centre for Maritime Research and Experimentation (CMRE) conducted the trial as part of 
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the LCAS Multi-National Joint Research Project. The component of the trial considered in 
this paper was an experiment that consisted of seven serials, each approximately 1–2 h in 
duration, executed over a 4-day period. Only the first serial (FX-1) is examined here. 
Serial FX-1 was performed on 19 October 2017 from 17:50 to 20:22 UTC. The wind 
speed was 10 kn from 125°. The sea state was low with an rms wave height of 0.1140 m 
as measured by a Waverider buoy. The sea state was also captured qualitatively with a 
time-lapse camera (see Fig. 1).  It was important to measure the surface because there is 
evidence that the roughness and motion of the sea surface is a key factor in matched-filter 
loss [2, 3]. The experiment was therefore designed to allow isolation of the surface 
reflection in the multipath arrival. There was a range of wave heights encountered during 
the different serials that will allow an examination of matched-filter loss versus wave 
height in future work.  

 

 
Fig. 1: Image from time-lapse camera on NRV ALLIANCE capturing the calm sea state 

during serial FX-1 during the LCAS16 sea trial. 
 
 

Fig. 2: Elevation plot. The bathymetry (gray line) was measured with a multi-beam 
sonar out to a range of approximately 4000 m, measured with a depth sensor at icL3, and 

interpolated in between. DEMUS = moored source, icL1,2,3 = icListen hydrophones, 
PATS1,2 = Passive Acoustic Target Systems (30-m air-filled hoses). The equipment was 

deployed in a nominal line along bearing 137°. 
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Fig. 2 shows an elevation plot of the equipment used in the FX-1 serial. CMRE’s 
DEMUS source was the transmitter and the horizontal ranges of the receivers and targets 
are relative to it. The DEMUS source is a moored vertical array of eight free-flooded 
rings. Only the bottom ring was active to give the widest vertical beamwidth to ensure 
enough power reached the surface at the high grazing angle of 66° from DEMUS to the 
closest hydrophone (icL1). This grazing angle can be observed in the ray diagram in Fig. 
3, which shows the first four DEMUS-icL1 paths: the direct arrival (D), and the surface 
(S), surface-bottom (S-B), and bottom-surface (B-S) reflections. The hydrophone was an 
OceanSonics icListen and was moored at a range of 89 m from the DEMUS. Additional 
hydrophones were placed at longer ranges of approximately 2000 m and 10,000 m from 
DEMUS, in close proximity to air hose targets. The surface reflection is not resolvable 
from the other multipath arrivals at these longer ranges. The intent was to measure the 
one-way propagation from DEMUS to PATS1 (as recorded on icL2) and then measure the 
PATS1 echo reflected back to icL1. The longer range PATS2 target was not intended for 
use in this experiment – the repetition interval of the transmissions yielded an effective 
search radius that was only slightly greater than the PATS1 range. The first three paths in 
Fig. 3 (D, B, S) are analysed in this paper. 
 

 

Fig. 3: Nominal, straight-line propagation paths going left to right from the DEMUS 
source at 85-m depth to the icL1 receiver at 117-m depth with arrival times relative to the 
direct arrival (black dashed line). A constant water depth of 153 m was used with c=1520 
m/s. The axes are scaled proportionally so that the true angles of incidence at the surface 
and bottom are depicted. The grazing angle of the surface reflection (S, red line) is 66°. 

 
 

Table 1 shows the sequence of linear frequency modulation (LFM) waveforms 
transmitted during FX-1 by the DEMUS source. Waveforms 1–10 have constant duration 
(0.25 s) and variable bandwidth, where the highest bandwidth is the maximum band where 
the transducer has a relatively constant transmitting voltage response (TVR). The 0.25-s 
duration was assumed to be short enough that there was no matched-filter loss associated 
with duration. The source levels in the table are nominal values; the TVR was not 
equalized in the transmission and this should be accounted for in future analysis. 
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Waveforms 11–16 have a constant bandwidth (100 Hz) and variable duration. The 
minimum bandwidth would ideally be smaller to better approximate a narrowband signal 
(so that there is no coherence loss associated with bandwidth); however, 100 Hz was the 
minimum bandwidth that could resolve the different propagation paths on icL1. The 5-s 
interval between pings ensured the opportunity to detect the PATS target at 2.1 km (time 
delay of 3.4 s), and also allowed reverberation at the receivers to die down before the next 
transmission arrived. 

 
 

Index  Transmit time 
(s rel start time) 

Duration (s) 
 

Bandwidth 
(Hz) 

Source level 
(nominal, dB) 

1 0 0.25 4 199 
2 5 0.25 8 199 
3 10 0.25 16 199 
4 15 0.25 32 199 
5 20 0.25 64 199 
6 25 0.25 128 199 
7 30 0.25 256 199 
8 35 0.25 512 199 
9 40 0.25 1024 199 
10 45 0.25 2048 199 
11 50 0.25 100 199 
12 55 0.50 100 196 
13 65 1.00 100 193 
14 75 2.00 100 190 
15 90 4.00 100 187 
16 120 8.00 100 184 

repeat  180    
 

Table 1: Sequence of LFM waveforms transmitted in serial FX-1. 
 

PRELIMINARY RESULTS 

The data recorded on icL1 during serial FX-1 were matched filtered with each of the 
waveforms in Table 1 for a total of 16 matched-filter outputs. Hann shading was used in 
the matched filter to reduce side lobes, although the waveforms were transmitted with 
minimal shading (25 ms at the beginning and end) to allow flexibility in processing. The 
sequence in Table 1 was transmitted approximately 50 times during the run. The direct 
arrival of every transmission was identified in each matched-filter output, along with the 
bottom bounce and surface reflection. An example matched-filter output is shown in Fig. 
4a, which shows the ~50-ping average of the 0.25-s, 2048-Hz waveform (waveform #10). 
This waveform has a short duration and the largest bandwidth of the variable-bandwidth 
sequence; the large bandwidth provides the best resolution of the different arrivals, as 
labelled in the plot with notation given in the caption. Fig. 4b shows the average of the 
0.25-s, 4 Hz waveform (waveform #1), which has the same 0.25-s duration and the 
smallest bandwidth. The small bandwidth yields poor temporal resolution and the main 
lobe of the direct arrival is so broad that the other arrivals cannot be resolved. The low 
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bandwidth waveforms will be more interesting with the longer-range hydrophones where 
the different arrivals are not resolvable anyway due to the low grazing angle.  

Fig. 5a shows the average matched-filter output of the 0.25-s, 100 Hz waveform 
(waveform #11), which has the shortest duration of the variable-duration sequence. The 
bottom bounce and surface reflection are resolvable at 100 Hz, by experimental design. 
Fig. 5b shows the same plot for the 8-s, 100-Hz waveform (waveform #16), which has the 
longest duration of the sequence. The direct arrival and bottom reflection each have 
similar levels to those produced with the short duration pulse, but the surface reflection 
has a much lower level and is not easily distinguishable. This indicates that sea surface has 
changed significantly over the 8-s duration and distorted the waveform so that it no longer 
correlates well with the nominal transmission.  

 

(a) 2048 Hz (b) 4 Hz 

Fig. 4: Average matched-filter output showing the arrival structure for the 0.25-s LFM 
waveform with (a) 2048 Hz of bandwidth, (b) 4 Hz of bandwidth. D = direct arrival, B = 
bottom bounce, S = surface reflection, S-B = surface-bottom path, B-S = bottom-surface 

path. 
 

(a) 0.25 s (b) 8 s 

Fig. 5: Average matched-filter for the LFM with 100 Hz of bandwidth and duration of 
(a) 0.25 s, (b) 8 s. 

 
A boxplot of the matched-filter levels of the direct (black), surface (red), and bottom 

(blue) arrival for waveforms 1–10 are shown in Fig. 6a. Whereas Fig. 4 and Fig. 5 showed 
the average of the arrivals for a single waveform, Fig. 6 shows the median (and quartiles 
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and extremes) for all of the waveforms. In Fig. 6a the duration is constant and the 
bandwidth forms the independent variable on the horizontal axis. As expected, the direct 
arrival is very stable and has approximately the same level for each bandwidth and very 
little variance over the ~50 pings. At lower bandwidths the arrivals are not resolvable (as 
observed in Fig. 4b); this is why all of the arrivals have the same amplitude as the direct 
arrival at low bandwidth. If we only consider bandwidths above 128 Hz where the surface 
and bottom arrivals are resolvable, we can make two observations: (1) the surface 
reflection level has more variability than the bottom because the surface moves from ping 
to ping, whereas the bottom does not change, (2) there is no obvious dependence on 
bandwidth. 

Fig. 6b shows a similar plot for waveforms 11–16 where the bandwidth is constant and 
the duration is varied. The direct arrivals still have very low variance over the serial but 
change slightly with duration. The exact cause of the trend is unknown but the source level 
of the DEMUS was varied for each waveform to achieve equal energy (see Table 1), so 
one possibility is that the nominal changes in source level were not realized exactly in the 
source’s amplifier (note that the in Fig. 6a the duration is constant so the source level was 
also kept constant). The median of the bottom reflection follows the same trend as the 
direct arrival. In other words, the bottom reflection has no dependence on duration. This 
makes sense because the bottom is stationary. On the other hand, the surface is moving, 
and there is a trend of matched-filter loss increasing with duration for the surface 
reflections. The patch of surface that reflects the transmission presumably does not change 
much over a short time (e.g., 0.25 s), but as the duration increases the surface changes 
increasingly such that different parts of a long-duration pulse become uncorrelated. For 
example, the DEMUS-surface-icL1 path length changes within the pulse duration as the 
sea surface moves up and down, and this causes matched-filter loss [3]. Note that there 
does appear to be an increase in the variability of the bottom reflection as a function of 
duration, but this may be caused by the surface reflection, which widens as it decorrelates 
and could extend into the bottom arrival and interfere with it. 
 

(a) (b) 

Fig. 6: Matched-filter peak (boxplot) versus bandwidth (a) and duration (b). As in the 
ray diagram in Fig. 4: 

black = direct arrival,  
red = surface reflection,  
blue = bottom reflection.  
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CONCLUSIONS AND FUTURE WORK 

During the LCAS16 sea trial a sequence of LFM waveforms with varying bandwidth 
and duration was transmitted from a stationary source and received on a stationary 
hydrophone approximately 100 m away in shallow water (150 m). The direct arrival, 
surface reflection, and bottom reflection were identified in matched-filter output and the 
distributions of the levels were plotted against bandwidth and duration. The surface 
reflection had more variability than the bottom because the surface varies from ping to 
ping while the bottom does not. There were no trends observed as a function of bandwidth 
for the surface or bottom reflections. The bottom reflection also had no obvious trend as a 
function of duration; however, the surface reflection displayed matched-filter loss that 
increased with increasing duration. More surface motion occurs within the longer 
durations and this leads to more motion-related distortion.    

The results and conclusions presented in this paper are preliminary. More analysis of 
the data considered in this paper will be performed, as well as analysis of the data on the 
two hydrophones at the longer ranges, plus the 6 other serials executed during the 
experiment. The serial analysed in this paper had the calmest conditions of the experiment 
and more matched-filter loss is expected at the higher wave heights encountered in other 
serials.   
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Abstract: There is considerable interest in using high duty cycle (HDC) waveforms in 
modern active sonars. Furthermore, the increase in signal energy that results from using 
HDC pulses enables wider frequency bandwidths to be transmitted, since there is a 
reduced requirement to use a high-Q transducer to maximize energy.  The combination of 
high duty cycle and wide frequency band can lead to very large time-bandwidth (TB) 
products. Although this can provide high coherent gains out of the matched filter, it can 
also lead to systems that are hypersensitive to both Doppler and range accuracy. Since 
many sonar performance models employ approximations, it seems germane to examine the 
validity of some common approximations in the context of these pulses, and to compare 
the results to theory. The theoretical work is complemented with measurements taken 
during the Littoral Continuous Active Sonar (LCAS) Multi-National Joint Research 
Project (MN-JRP) off the coast of La Spezia Italy in October of 2015. 

Keywords: Channel coherence, high duty cycle (HDC) sonar, matched-filter processing, 
Doppler spreading, time spreading 
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1. INTRODUCTION  

There is considerable interest in employing high duty cycle (HDC) waveforms in 
modern active sonars. In addition to using longer duration pulses, the pulse bandwidths are 
often increased in HDC sonars. This is possible because the long-duration pulses reduce 
the requirement to use a high-Q transducer to maximize energy output. However, the 
resulting increase in the time-bandwidth (TB) can fall well outside the region of validity of 
common sonar approximations such as the narrowband and wideband approximation [1]. 
In this paper some numerical examples are examined and compared to theory and 
experiment. The pulses chosen for the comparison were used during LCAS15; each had a 
bandwidth of 800 Hz and durations of 1 second (PAS) and 20 seconds (HDC), providing 
TB values of 800 and 16000, respectively.  

This paper will begin by briefly reviewing how TB affects the output of the matched 
filter with particular emphasis on Doppler and time-spreading sensitivity. Then an 
experiment done during the LCAS15 will be described. Finally some theoretical results 
will be compared to the experimental data. 

2. THE NARROWBAND AND WIDEBAND APPROXIMATIONS 

The narrowband approximation employed in radar and sonar assumes that the effect of 
a constant Doppler target on the matched-filter output can be represented by a simple 
frequency translation of the transmitted signal; however, this ignores the compression or 
dilation of the time (or range) axis. As described in [2], the narrow band approximation 
estimates the Doppler tolerance based on the temporal overlap loss, whereas the actual 
tolerance must also account for the mismatch of the slope. It is the latter mismatch that 
dominates correlation loss in high TB waveforms. The wideband approximation derived in 
[2] states that for a linear LFM pulse, the one-way Doppler velocity tolerance allowed 
before a 3 dB loss in correlation occurs, is approximated by: = 2600/( × ), (1) 
for bandwidth B in Hz, and pulse duration T in s, and  V  is measured in m/s. The 
narrowband approximation states that the one-way Doppler velocity mismatch at which a 
3 dB loss in correlation occurs for a linear FM pulse, is approximated by = 435 × /  , (2) 
for bandwidth B, and center frequency, fo, both given in Hz, and  is measured in m/s. A 
useful rule of thumb is provided by Nielsen [1] in which he states that if <  then 
the narrowband approximation is no longer valid and one must resort to the wideband 
approximation. Table 1 compares the approximations for the LCAS LFM waveforms. In 
all cases ≪  and the narrowband approximation should not be used. 
 

Pulse fo (Hz) Bandwidth (Hz) Duration (s)  (m/s)  (m/s) 
HDClow 2200 800 20 158 0.16 
HDChigh 3100 800 20 112 0.16 
PAShigh 3100 800 1 112 3.3 
Table 1: Comparison of Doppler velocity tolerance for LFM HDC and PAS pulses from LCAS15. 
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3. THE LFM AMBIGUITY FUNCTION AND WIDEBAND APPROXIMATION 

Although the approximations highlighted in the previous section are useful, more 
insight can be gained by examining the wideband approximation in the context of the 
ambiguity function (AF) diagram for an LFM pulse. Kramer [2] expresses the envelope of 
the complex cross-correlation Doppler channel response, |R|,  in terms of Fresnel integrals: | | = + − − + + − −   (3) 

where S and C are the Fresnel sine and cosine integrals, respectively. The variables U and 
A are given by = |∆ / | 1 − ∆ / ≅ |∆ / |  (4) and = ∆ / − ∆  (5) 
c is the acoustic wave speed and v, t are the Doppler and time mismatches, 
respectively. The AF for the HDC and PAS pulse for a center frequency of 3100 Hz is 
plotted in Fig. 1 as a function of Doppler and time mismatch using parameters contained 
in Table 1.  (Note that plotting the AF in terms of normalized Doppler (foTv/c) and time 
(Bt) would result in identical plots for HDC and PAS.) Setting A = 0 in (3) obtains: = ( ) + ( )  (6) 
which corresponds to the ridge line (peak) of the ambiguity function [2]. Plotting (6) as a 
function of U shows the decorrelation of the matched filter as one moves along the ridge 
line. (See the lhs of Fig. 2). Defining the Doppler tolerance as the value = 0.5 returns 
a value of U ≈1.32. Substituting this value for U into (4) and assuming an acoustic wave 
speed of 1500 m/s results in the wideband approximation in (1). Equation (1) is plotted as 
a function of TB on a log-log scale in the rhs of Fig. 2.  The two points on the line 
 

 
Fig. 1: Ambiguity diagram for HDChigh pulse (left) and PAShigh pulse (right) for LCAS LFM  parameters 

plotted verses mismatch in Doppler (m/s) and time (ms). (See Table I for pulse parameters). 
represent the PAS (3.3 m/s) and HDC (0.16 m/s) values in Table I. While the parameters 
of both the PAS and HDC pulses require application of the wide band approximation, it is 
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only the much larger TB of the HDC pulse that results in substantial Doppler sensitivity. 
This will be demonstrated in the next section using data from LCAS15. 
 

Fig. 2: LHS: Correlation envelope from Equations 6. RHS: Doppler tolerance from Equation 1 highlighting 
the tolerance of the PAS (blue point) and HDC (red point) pulses used in the experiment. 

4. EXPERIMENTAL RESULTS 

A full review of the LCAS15 experiment is outside the scope of this short paper so we 
shall focus on a specific run to contrast the matched-filter results for an HDC and PAS 
pulse of a fixed bandwidth. LCAS15 was conducted in approximately 100 m of water just 
off the Italian coast, near La Spezia. A hydrophone was moored on the 110 m contour, at a 
depth of about 78 m. RV Alliance commenced the run at a range of about 10 km northwest 
of the hydrophone mooring on the 110 m contour, closed on the mooring at a speed of 
about 2 m/s, turned and opened from the mooring to a range of about 11 km. HDC and 
PAS signals were transmitted every 20 seconds with the start of both pulses aligned in 
time. The CPA was about 1 km and occurred twice during the run—at ping 280 as the ship 
passed the mooring on the closing run, and again at ping 385 as it passed it on the opening 
run. The pulses were transmitted in adjacent frequency bands, with the HDC centered on 
2200 Hz and the PAS centered on 3100 Hz. A 100 Hz guard band from 2600–2700 Hz 
separated the two bands. (Note that a run was also done with HDC pulses transmitted in 
both bands to ensure that the HDC-PAS comparison was not significantly affected by the 
frequency offset of the two pulses. Although data from that run are not included in the 
paper, the results did indicate that the differences in the HDC and PAS results were not 
greatly affected by the difference of the HDC-PAS center frequency.) The source was 
CMRE’s mid-frequency, free-flooding ring (Atlas) array and was towed at a depth of 45 
m. The amplitude of the input signal was shaped to remove any frequency dependence in 
the transmitter voltage response of the source. Equal energy was transmitted in both pulses 
by scaling the relative amplitudes of the PAS and HDC signals by / , where TH, TP 
are the pulse durations of the HDC and PAS. 

The matched-filter output of the HDC and PAS signal at the hydrophone is shown for 
the entire run in Fig. 3. The first thing to note is that although there are signal-level 
variations during the run between HDC and PAS, the mean levels across the entire run are 
within  0.5 dB of one another (HDC = 91.4 dB, PAS=91.7 dB). It is somewhat surprising 
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that the much longer duration of the HDC pulse didn’t lead to greater coherence loss. This 
may be due to the strongly downward refracting sound-speed profile during the run which 
reduced surface interactions of the signals. To examine the Doppler sensitivity, the data 
were processed with a set of replicas ranging from about -6 m/s – +6 m/s with a resolution 
of 0.05 m/s for PAS (241 replicas) and 0.025 for HDC (481 replicas). Each datum point in 
the figure represents the maximum amplitude arrival in time and Doppler for that ping. 

 
Fig. 3: Peak matched-filter output of each HDC and PAS ping. The minimum SRR for the run was 50 dB. 

Fig. 4 shows the Doppler and time delay of the maximum amplitude arrival for each of 
the pings. The HDC and PAS Doppler follow the tactical Doppler (computed from the 
ship GPS) as expected. The large scale feature in the Doppler curves (from ping 250 to 
450) occurs as the source passes through CPA, and back again, and the sign of the 
Doppler velocity changes. It may seem counterintuitive that the PAS Doppler fluctuations  

Fig. 4: Doppler (left scale and upper set of curves) 
and time delay (right scale lower set of curves) of 
peak arrivals. Tactical Doppler is the ship speed. 

Fig. 5: Doppler spread (left scale) and time spread 
(right scale) of peak arrivals. The arrows point to the 
relevant axis for each group of curves. 
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are higher than for the HDC—especially evident at the start and end of the run. However, 
referring back to Table 1, one notes that the Doppler width is more than 3 m/s so there are 
only a few independent Doppler banks for the PAS pulse. This low Doppler sensitivity 
means that it only selects a different Doppler replica for large excursions from the tactical 
Doppler value. Put another way, the Doppler peak is so broad that even a small amount of 
noise on the signal could cause it to pick any of several replicas.  

The HDC and PAS relative time delays were computed by measuring the ping-to-ping 
fluctuations in the arrival-time, relative to the pulse repetition time of 20 s, after correcting 
for the ping-to-ping range change. Fluctuations about the zero-delay line can occur 
because of fluctuations in the sound speed profile and/or the bathymetry, because 
amplitude fluctuations cause different multipath arrivals to be selected for different pings, 
or because the maximum arrival matches a Doppler bank that is different than the ship 
speed. Since the PAS pulse is much less sensitive to Doppler that the HDC pulse, it is 
probably this third effect that causes the greater fluctuations in the time delay that can be 
seen in PAS rather than in HDC. 

Fig. 5 shows the two-sided Doppler and time spreading measured to the -3 dB down 
points for each ping of the run. Note that this is not a measure of the -3 dB down points in 
the wideband approximation mentioned earlier in the paper.  That is a measure along the 
ridge of the AF defined in (5). The measurement here are the orthogonal transects along 
the Doppler and time axes. So rather than a measure of the ambiguity, it is a measure of 
the spreading in Doppler and time.  The three horizontal black lines were computed from 
the zero Doppler, zero time-delay replica numerical simulations. The upper pair of curves 
(corresponding to the left vertical axis), show the measured and modelled PAS Doppler 
spread, and the lower pair (also corresponding to the left vertical axis) show the measured 
and modelled HDC Doppler spread. The middle set of three curves correspond to the right 
hand vertical axis and are the measured and modelled time spread for HDC and PAS. 
There is only one theoretical curve for the time spread since the AF time spread is 
determined by the bandwidth which is the same for HDC and PAS. 

 

Fig. 6: Slice through zero range error (lhs) and zero Doppler (rhs). Black dashed lines are for PAS pulse 
parameters and solid red lines are for HDC pulse. Data are average of pings 500–550. 
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By plotting the orthogonal slices through the origin of the AF, one can compare the 
Doppler and time mismatch for the HDC and PAS. However, rather than using the 
theoretical curves, a numerical simulation was done using the HDC and PAS replicas. 
Doing this captures processing artifacts and pulse shading which will allow for a more 
accurate comparison with the experimental data. The simulation—which returned nearly 
identical results to the theoretical calculation—are shown in Fig. 6 as the solid black 
curves (HDC) and dashed black curves (PAS). These values were used for the modelled 
spreading estimates in Fig. 5 as well.  Since time resolution for an LFM is proportional to 
1/B, both the HDC and PAS pulses have the same time resolution as shown in the lhs of 
the figure. In contrast, Doppler resolution is proportional to c/foT which results in much 
higher resolution (a narrower peak) for the HDC pulse shown in the rhs. The data in the 
plots are the average of pings 500–550 from a region in the data where the Doppler and 
time fluctuations are fairly low (recall Fig. 4). The agreement between the data and the 
numerical simulation indicates that there is very little environment-induced spreading. The 
asymmetry in the data around the peak is due to multipath interference. 

We conclude the paper with an example of more substantial spreading seen by 
examining an individual HDC and PAS ping in Fig. 7. Insufficient analysis has been 
conducted thus far to comment on the specific cause of the spreading. It is presumed to be 
environmentally driven and is included to demonstrate that there is significant spreading 
in some of the data that merits further investigation. This will be the focus of future work. 

Fig. 7: Slice through zero range error (lhs) and zero Doppler (rhs). Black dashed lines are for PAS pulse 
parameters and solid red lines are for HDC pulse. Data are for a single ping. 
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Abstract: Doppler sensitive active sonar waveforms have the potential to distinguish target 
echo returns from stationary compact clutter and to improve target tracking by providing the 
tracker with an estimate of the Doppler range rate. Linearly Frequency Modulated (LFM) 
active sonar waveforms are typically assumed to be Doppler insensitive. However, for LFM 
pulses with a high Time-Bandwidth product (TB), this assumption is no longer valid and 
Doppler sensitivity can be exploited for target velocity estimation. On the other hand, a 
potential drawback is caused by a low acoustic channel coherence since, in this case, 
increasing the TB can decrease the matched filter gain.  A sea trial was carried out by the 
Littoral Continuous Active Sonar (LCAS) Multi-National Joint Research Project (MN-JRP) in 
the gulf of Taranto in October of 2016. Two LFM active sonar waveforms were simultaneously 
transmitted to detect an artificial target (echo repeater). Over a ping repetition interval of 20 
seconds, the first LFM waveform was one second in duration and ranged from 2.7-3.5 kHz 
(low TB Pulse Active Sonar - PAS). The second LFM waveform was 20 seconds in duration, 
ranging from 1.8-2.6 kHz (high TB Continuous Active Sonar - CAS).  Our results demonstrate 
a gain in signal to reverberation ratio using LFM Doppler processing. In addition, we show 
that the estimate of the Doppler range rate obtained by this technique can be used in echo 
classification and tracking. 

Keywords: Continuous Active Sonar, Wideband, Doppler, echo repeater, littoral environment, 
high duty cycle sonar, signal to reverberation ratio, continuous LFM 
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1. INTRODUCTION 

Interest in increasing the duty cycle of traditional pulse active sonar (PAS) to a continuous 
active sonar (CAS) mode has arisen recently for anti-submarine warfare (ASW) applications 
including littoral scenarios [1].  In PAS systems, a sonar signal is transmitted for a short 
duration followed by a long listening duration (upper frequency band of Fig. 1).  In CAS 
systems, a sonar signal is transmitted continuously while simultaneously listening for echoes 
(lower frequency band of Fig. 1).  CAS offers the potential advantage of increasing the target 
update rate through sub-band processing [1-3] to improve tracking performance [4].  On the 
other hand, a potential drawback is caused by a low acoustic channel coherence since, in this 
case, increasing the TB can decrease the matched filter gain [1-3]. 

Active sonar systems correlate received acoustic signals with a replica of the transmitted 
signal.  The theoretical matched filter response, R, for a given time mismatch, Δτ, and Doppler 
mismatch, ṙ, of a LFM pulse with bandwidth B, duration T, and centre frequency fo was 
originally derived by Kramer [5] and is reproduced here as Eq. (1). 
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Fig. 1: Spectrogram of an example LFM PAS (1 second long from 2.7-3.5 kHz, black labels) 
and LFM CAS (20 seconds long from 1.8-2.6 kHz, white labels) signals with a ping repetition 

interval of 20 seconds. 
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Fig. 2: (a) PAS and (b) CAS theoretical matched filter degradation for Doppler-time 

mismatch. The black lines in (a) and (b) represent the -10 dB and -20 dB contour lines 
respectively. (c) Theoretical matched filter degradation of uncompensated Doppler for PAS 

(solid blue) and CAS (dashed purple).  Red circle indicates the maximum from the red 
rectangle in (a). 

The squared theoretical matched filter degradation for the full band PAS and CAS signals 
in Fig. 1 are shown in Fig. 2a and Fig. 2b respectively as calculated by Eq. (1).  The maxima 
of Fig. 2a and Fig. 2b for each Doppler mismatch are shown by the blue (PAS) and purple 
(CAS) plots in Fig. 2c respectively.  The red circle in Fig. 2c indicates the maximum of the 
region outlined by the red rectangle in Fig. 2a.  Fig. 2c shows that the CAS signal is 
significantly more sensitive to target Doppler mismatch.  Note the sharp degradation of the 
CAS signal with increasing Doppler mismatch; the CAS signal has a -3 dB point of 
approximately 0.1 m/s compared to approximately 1.6 m/s for the PAS signal. 

To compensate for relative target motion, the replica can be time-scaled by a factor of 1-δv, 
where δv is given by,  

crv /2  . (4)

LFM PAS is typically assumed to be Doppler insensitive, however Fig. 2c shows that this 
assumption is not valid for LFM signals with large Time-Bandwidth (TB) products.  In an 
operational environment, the target Doppler is unknown, necessitating a bank of time scaled 
replicas that span the range of possible target speeds.  Previously, CAS has been used to 
estimate Doppler by exploiting the frequency dependence of the slope of the ambiguity 
function [7].  In this paper, we will correlate the received acoustic signal with a bank of matched 
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filters in order to maximize the matched filter output and to obtain a direct measurement of the 
target Doppler speed. 

2. EXPERIMENT AND DATA ANALYSIS 

In October 2016, the Littoral CAS (LCAS) Multi-National Joint Research Project (MN-
JRP) held a sea trial off the coast of Taranto (Italy) to compare the detection capability of LFM 
PAS with LFM CAS.  The NRV ALLIANCE attempted to detect an echo repeater acting as an 
artificial target towed by CRV LEONARDO. 

On October 22, the NRV ALLIANCE towed a sonar source that transmitted a LFM PAS 
signal (from 2.7-3.5 kHz over 1 s with a source level of 214 dB re 1 μPa @ 1 m) and a LFM 
CAS signal (from 1.8-2.6 kHz over 20 s with a source level of 201 dB re 1 μPa @ 1 m) with a 
ping repetition interval of 20 s, as shown in Fig. 1.  Each pulse had the same total energy in the 
water per ping.  The source was towed at a depth of approximately 70 m.  NRV ALLIANCE 
also deployed a towed array with 64 triplet hydrophones at a depth of approximately 80 m.  
The CRV LEONARDO towed an echo repeater at a depth of approximately 70 m with a target 
strength of 15 dB. 

The CRV LEONARDO sailed downslope and antiparallel to NRV ALLIANCE with a 
closest point of approach of approximately 6.2 km, as shown in Fig. 3a.  Both vessels travelled 
at approximately 3 knots (~1.5 m/s).  Fig. 3a also shows the bathymetry of the operational area, 
acquired using an EM 302 KONGSBERG 30 kHz multibeam echo sounder.  

The sound speed profiles were measured at 06:36UTC and 16:33UTC on October 22 using 
a Sea-bird Electronics 9plus conductivity, temperature, and depth (CTD) sensor and are shown 
in Fig. 3b. The measured sound speed resulted in a downward refracting sound speed profile 
with a 35 m deep mixed layer. 

 
Fig. 3: (a) NRV ALLIANCE (blue) and CRV LEONARDO (red) trajectory from green arrow 

to red point.  Background shows bathymetry of operational area. (b) Sound speed profile 
measured at 06:36UTC (blue) and 16:33UTC (dashed red) on October 22. 
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Note that source, receiver and echo repeater were all below the thermocline.  The sound 
speed as measured by moored Sea-bird Electronics SBE37 CTD sensors at depths of 5, 20, 30, 
35, 40, 50 and 60 meters and at a sample rate of 1 Hz varied by less than 1.4 m/s at each depth 
for the duration of the run. 

The sea conditions were sea state 3, with waves coming from the south and a dominant wave 
power spectral density of approximately 0.5 m2/Hz at 0.16 Hz, measured using a Datawell 
oceanographic instruments MKIII moored directional wave rider. 

The hydrophone data acquired during the run were first beamformed into 64 cosine spaced 
beams.  Next, the data were analysed in two different ways: the first using standard LFM 
processing, where the beamformed output was matched filtered with a replica of the transmitted 
waveform; and the second using LFM Doppler processing, where the beamformed output was 
matched filtered with a bank of time scaled (Doppler shifted) replicas of the transmitted 
waveform.  The Signal to Reverberation Ratio (SRR) was then estimated using a sliding 
window median filter with a length of 600 meters (normalisation).  A detection threshold of 6 
dB was applied, followed by a clustering phase.  The maximum SRR was selected for the 
cluster within ± 1 km and ± 2 beams of the expected target location. The Doppler bank (i.e. 
velocity estimation) that provided the peak matched filter output was also recorded for LFM 
Doppler processing.    

 

 
Fig. 4: (a) Derivative of bistatic range with respect to time (Doppler) as calculated using 
GPS measurements. (b) SRR from artificial target (echo repeater) for PAS (blue) and CAS 
(purple) with LFM Doppler processing (solid lines) and standard LFM processing (dashed 

lines).   

3. EXPERIMENTAL RESULTS 
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The SRR levels from the artificial target for coherently processed CAS and PAS pulses are 
shown in Fig. 4 with and without LFM Doppler processing.  Note that the increase in SRR 
from standard LFM processing to LFM Doppler processing is as much as 13 dB for CAS and 
5 dB for PAS.  This difference is attributed to the higher Doppler sensitivity of the LFM CAS 
waveform.  Also note that LFM PAS has higher echo returns than LFM CAS.  This is likely 
due to the channel coherence time being longer than 1 s but less than 20 s, and/or movement in 
the source, towed array, and/or echo repeater [8]. 

Figure 5b shows the expected gain from LFM Doppler processing compared to standard 
LFM processing for the LFM CAS waveform (solid purple), calculated using the expected 
Doppler shown in Fig. 4a and the theoretical degradation shown in Fig. 2c.  Fig. 5b also shows 
the measured gain from LFM Doppler processing (blue) and a 5 min long sliding median 
window of the measured gain shown by the dashed purple line.  The gains are significant (~8 
dB at 2 m/s) - but are smaller than expected.  This can also be attributed to reduced channel 
coherence and/or movement in the source, receiver, and/or echo repeater.  Fig. 5a shows how 
the measured Doppler values (blue) compare to the expected Doppler (orange).  The bars 
represent a qualitative uncertainty that is inversely proportional to the echo SRR as the error in 
the Doppler measurement is expected to decrease with increasing SRR.  The bars are also 
inversely proportional to the waveform TB which can be explained by the sharpness of the 
plots in Fig. 2c.  The uncertainty in the Doppler measurement is low enough that it can be used 
as a classification feature to distinguish a target echo return from stationary compact clutter 
and may also be useful as a tracker input. 

 
Fig. 5: CAS waveform (a) derivative of bistatic range with respect to time (orange), Doppler 
speed with peak SRR for each ping (blue), bars are inversely proportional to the echo SRR; 

(b) expected gain from LFM Doppler processing (solid purple), the measured gain from LFM 
Doppler processing (blue), and a 5 min long sliding median filter of the measured gain 

(dashed purple). 
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Fig. 6: PAS waveform (a) derivative of bistatic range with respect to time (orange), Doppler 
speed with peak SRR for each ping (blue), bars are inversely proportional to the echo SRR; 

(b) expected gain from LFM Doppler processing (blue line) and the measured gain from 
LFM Doppler processing (blue points). 

Fig. 6 shows the same analysis for the PAS pulse.  The gain from LFM Doppler processing 
on PAS is significantly lower than on CAS.  As expected, the uncertainty of the Doppler 
measurement is high enough that the echo return cannot be distinguished from compact clutter 
within the uncertainty of the measurement. 

4. CONCLUSIONS 

A LFM pulse with a large TB was experimentally shown to be Doppler sensitive.  LFM 
Doppler processing of echoes from CAS signals was demonstrated to improve matched filter 
levels by approximately 8 dB at a Doppler speed of 2 m/s.  The Doppler estimate provided by 
the LFM Doppler processing allows for classification when compared to stationary compact 
clutter and gives additional information to a tracker.  Future work involves testing if the 
Doppler estimates can reduce false alarms and improve tracking.   
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Abstract: In many applications of active sonar the propagation paths connecting a source,
object of interest, and receiver include reflection from the ocean surface. A classic result de-
scribes the coherent surface reflection loss (SRL) of an acoustic pulse solely as a function of
the Rayleigh roughness parameter by requiring in effect a large ensonified area (LEA) and a
pulse short in duration relative to the surface wave period. At the other extreme are results
accounting for motion of the surface throughout pulse reflection, but require in effect a small
ensonified area (SEA) where less than a correlation length of the surface contributes to the
reflection. The pulse compression achieved by matched filtering broadband pulses provides the
SEA while using a pulse that may be long in duration relative to the surface-wave period. The
coherent SRL for a medium-ensonified-area (MEA) is derived in this paper by extending the
SEA results to account for the combination of multiple correlated components of the surface
contributing to specular reflection. The derivation adds a dependence on both the ensonified
area and the spatial correlation function. The model is seen to simplify to the classic LEA result
when the ensonified area is large relative to the correlation length. An example evaluation of
SRL using a Pierson-Moskowitz wave spectrum is presented as a function of pulse duration and
bandwidth to illustrate how the loss is near the LEA result for low bandwidths and tends to the
SEA result as bandwidth increases.

Keywords: surface reflection loss, broadband waveforms, pulse duration
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1. INTRODUCTION

Reflection of an active-sonar pulse off a rough surface results in a loss that adversely im-
pacts detection performance. The classic models for predicting the coherent surface reflection
loss (SRL) assume the pulse is short in duration relative to surface motion, so the surface can be
assumed static or frozen, and that the ensonified area is large in effect relative to the correlation
length of the surface [1], [2, Sect. 13.2.1]. SRL for the classic model, which will be referred
to as having a large-ensonified-area (LEA), depends solely on the Rayleigh roughness param-
eter (γr), which consolidates the effects of the surface roughness, grazing angle, and acoustic
wavelength. Extensions to account for pulses with a duration such that the surface is in motion
throughout the reflection exist (e.g., [3–5]), but retain the LEA assumption and focus on contin-
uous wave (CW) pulses. Recent experimental data [6] and theoretical modeling [7,8] examined
the case of broadband pulses with a duration on par with or exceeding the surface wave period
so the surface is in motion throughout the reflection. Matched filtering the broadband pulses,
which produce very narrow sonar resolution cells in the down-range dimension, led to assuming
that only a small part of the surface contributed to the coherent reflection (i.e., in effect a small
ensonified area or SEA) in [7, 8], where SRL was derived as a function of the Rayleigh rough-
ness parameter and the product of pulse duration and the surface-wave frequency. The topic
of this paper is the region between the SEA and LEA conditions where a medium-ensonified-
area (MEA) implies more than one component of the surface will contribute to the coherent
reflection, but not so many as to satisfy the LEA assumption.

2. REFLECTION LOSS FOR SMALL AND LARGE ENSONIFIED AREA

If an acoustic pulse p0(t) is incident on a surface with time-varying height Z(t) at grazing
angle θg (from horizontal), the reflected pulse in the specular direction can be described by
applying a time-varying delay to the incident pulse,

pr(t) = arp0
(
t− τ0 + 2c−1w Z(t) sin θg

)
, (1)

where ar accounts for spreading loss, τ0 is a bulk propagation delay from the source to the
receiver along the surface-reflected path and cw is the speed of sound. The functions p0(t)
and pr(t) are assumed to represent the analytic signal of the incident and reflected pressures.
Applying a matched filter (MF) to the reflected pulse results in

x(τ) =

∞∫
−∞

p0(t)p
∗
r(t+ τ) dt. (2)

Assuming the peak of the MF occurs at the same time delay as for a continually flat surface
(i.e., Z(t) = 0 so the MF peak occurs when τ = τ0), the loss in the MF relative to reflection
from a continually flat surface is then the average squared modulus of x(τ0) normalized by the
peak for a flat surface,

L̄ =
E[|x(τ0)|2]
D2a2ra

4
0

, (3)

where the incident pressure p0(t) is assumed to have a constant envelope a0 over a duration
D. This MF loss factor, which describes the effect of mismatch between the transmitted and
reflected pulses, can be considered ‘coherence’ for sinusoidal pulses or the squared reflection
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coefficient of the rough surface. When converted to decibels via −10 log10 L̄ it represents an
increase to the transmission-loss term in the sonar equation for a single surface reflection.

The classic LEA result [1], [2, Sect. 13.2.1] assumes the pulse is short in duration relative
to the surface motion so Z(t) = Z is constant throughout the reflection. When the ensonified
area is large enough that many different heights contribute to the reflection, the reflected pulse
can be modeled by taking the expected value over the random surface displacement Z,

pr(t) = EZ
[
arp0

(
t− τ0 + 2c−1w Z sin θg

)]
. (4)

When the surface displacement is Gaussian distributed with variance σ2
z , the MF loss is then

L̄(γr) = e−γ
2
r where γr = 2kcσz sin θg is the Rayleigh roughness parameter and kc = 2πfc/cw

is the wavenumber at the center frequency (fc) of the pulse.
The SEA result was derived in [7,8] under the assumption that only one small portion of the

surface contributed to the reflection in order to retain the dependence on pulse duration with
respect to the surface motion. The approach assumed the SEA arose from matched-filtering
a large bandwidth, linear-frequency-modulated (LFM) pulse to produce a narrow down-range
extent in the sonar resolution cell (approximately cw/(W cos θg) for small grazing angles where
W is the bandwidth). Other factors (e.g., beamforming or Fresnel-zone width) can limit the
ensonified area in the cross-range dimension. Because of the focus on SRL after matched
filtering, the ensonified area is considered to be only that contributing to the reflection. This
can be significantly smaller than the physically ensonified area for broadband pulses. The
analysis in [7, 8] modeled the surface-wave field as a temporally bandpass space-time random
process with dominant frequency fw,

Z(t, ~x) = A(t, ~x) cos(2πfwt+ φ(t, ~x)) (5)

where ~x = (x, y) represents the down-range (x) and cross-range (y) dimensions. The amplitude
A(t, ~x) and phase φ(t, ~x) were assumed to vary slowly in time relative to the pulse duration.
Under a narrowband assumption of a small bandwidth-to-center-frequency ratio (i.e., W � fc)
for the acoustic pulse, the SEA MF loss for coherent reflection was found to be

L̄1(γr, Dfw) =
e−γ

2
r

D

D∫
−D

(
1− |τ |

D

)
eγ

2
r cos(2πfwτ) dτ (6)

which depends only on the Rayleigh roughness and the pulse duration in terms of the number
of wave periods, Dfw. Asymptotically as Dfw →∞ the loss tends to

L̄1(γr,∞) = e−γ
2
r I0
(
γ2r
)
, (7)

where I0(·) is a modified Bessel function with order zero. The result in (7) is also that attained
when Dfw is equal to a natural number.

3. MEDIUM ENSONIFIED AREA

The SEA requirement of the model developed in [7, 8] assumes the reflected pulse is only
affected by a single surface facet, which might only occur for very large bandwidth wave-
forms and for particular scenarios where the effective ensonified cross-range extent is less than
the correlation length of the surface in that direction. At the other extreme, the classic result
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assumes a static surface and a large enough ensonified area that the reflected pulse can be de-
scribed by an average or expectation over all possible heights. Many scenarios of interest will
be between these extremes in terms of the number of different surface heights contributing to
the reflected pulse and the pulse duration relative to the surface wave period. Suppose that
the ensonified area of the surface can be described as containing n time-varying heights, Zi(t)
for i = 1, . . . , n, contributing to specular reflection. The pulse coherently reflected from the
surface is then

pr(t) =
ar
n

n∑
i=1

p0
(
t− τ0 + 2c−1w Zi(t) sin θg

)
(8)

where the 1/n scaling implements the expectation found in (4) and also ensures (8) tends to the
flat-surface result (i.e., arp0(t− τ0)) as the Rayleigh roughness tends to zero.

Applying a matched filter to (8) and evaluating it at the delay time (τ0) for the peak in-
tensity in the flat surface results in the average x(τ0) = n−1

∑n
i=1 xi(τ0) where xi(τ0) is the

matched-filter response to the ith height contributor at τ0. The model used in [7, 8] assumed
the surface at a single point could be represented as a bandpass Gaussian random process that
was narrowband over the temporal extent of the pulse as described in (5). In order to account
for the interaction between two different points on the surface when |x(τ0)|2 is formed, the
narrowband nature of the process needs to be extended to the spatial dimension as well. This
results in the surface model

Z(t, ~x) = A(t, ~x) cos(ωwt+ ~kw · ~x+ φ(t, ~x)), (9)

where ωw = 2πfw and ~kw is a wavenumber vector that is related to fw through the appropriate
wave dispersion equation. The time-varying surface displacement at the location of the ith
height contributor (~xi) is then

Zi(t) = Z(t, ~xi) ≈
√

2σzAi cos(ωwt+ ~kw · ~xi + φi) (10)

where it is assumed that A(t, ~xi) ≈
√

2σzAi and φ(t, ~xi) ≈ φi throughout the duration of the
pulse. Following [7,8] with a narrowband assumption with respect to the acoustic signal while
using (10) in (8) to form the MF response at τ0 to the ith height contributor results in

xi(τ0) ≈ a∗ra
2
0

D∫
0

e−j
√
2γrAi cos(ωwt+~kw·~xi+φi) dt. (11)

If it is then assumed that the surface height displacement is Gaussian distributed with zero mean
and variance σ2

z , the amplitude Ai will be unit-power Rayleigh distributed and the phase φi will
be uniformly distributed on (0, 2π) and independent of Ai.

In general, the amplitude-phase pair (Ai, φi) for the ith contributor is not independent of
the jth, (Aj, φj), for i 6= j. The MF loss, which is the expected value of |x(τ0)|2 normalized by
the flat-surface result, under this general assumption can only be simplified to

L̄(γr, Dfw) =
E[|x(τ0)|2]
D2a2ra

4
0

=
1

n2

n∑
i=1

n∑
j=1

C(ρij, Dfw, γr), (12)

where C(ρ,Dfw, γr) captures the interaction between of each pair of height contributors. As-
suming the surface height displacement is a wide-sense-stationary (WSS), zero-mean, Gaussian-
distributed space-time random process, it can be shown that

C(ρ,Dfw, γr) =
e−γ

2
r

D

D∫
−D

(
1− |τ |

D

)
e|ρ|γ

2
r cos(2πfwτ+6 ρ) dτ, (13)

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  180



where ρ is the value of the analytic signal form of the normalized spatial correlation function
along the line between ~xi and ~xj evaluated at the separation distance between the two points.
Note that this only differs from the SEA result in (6) by the ρ within the exponent inside the
integral and the 6 ρ adjusting the phase of the cosine. When ρ = 1, (13) simplifies to the SEA
result, C(1, Dfw, γr) = L̄1(γr, Dfw), because the two surface heights are identical and fully
correlated and therefore satisfy the SEA assumptions. Conversely, when ρ = 0, (13) produces
the LEA result, C(0, Dfw, γr) = e−γ

2
r irrespective of Dfw.

3.1. One-dimensional spatial correlation function

Consider a 1-D scenario with a length Xe of the surface ensonified by the pulse and con-
tributing to the coherent reflection. If each point of the surface that contributes to the reflection
is assumed to occur randomly within the effectively ensonified extent, it can be shown that

L̄(γr, Dfw, Xe) =
e−γ

2
r

XeD

Xe∫
−Xe

D∫
−D

(
1− |x|

Xe

)(
1− |τ |

D

)
eγ

2
r |ρ(x)| cos[2πfwτ+6 ρ(x)] dτ dx (14)

Thus, the MF loss in the MEA scenario depends on the Rayleigh roughness, pulse duration in
terms of surface wave periods, and the SCF in conjunction with the ensonified extent. To indi-
cate the dependence on the SCF and the ensonified extent, Xe is added to L̄ as an independent
variable with the dependence on the SCF an implicit assumption.

While (14) requires evaluation of a double integral, it simplifies to a single integral when
Dfw = k is an integer or for the asymptotic case of large-Dfw,

L̄(γr, k,Xe) =
e−γ

2
r

Xe

Xe∫
−Xe

(
1− |x|

Xe

)
I0
(
γ2r |ρ(x)|

)
dx. (15)

Based on the results of [7, 8], (15) should be a useful approximation when Dfw ≥ 1. As
expected, both (14) and (15) simplify to their respective SEA result when Xe → 0 and to the
LEA result whenXe →∞ (the latter assumes |ρ(x)| eventually decays to zero as |x| increases).

4. EXAMPLE

Consider a Pierson-Moskowitz wave spectrum [9, Sect. 16.4] restricted to the 1-D scenario.
For a specific example, consider using a broadband sonar pulse with a center frequency of
3 kHz and a sensing geometry such that the grazing angle is 4◦. Using the RMS roughness
of the Pierson-Moskowitz wave spectrum with a 10-m/s wind speed, which is approximately
sea-state 4, this scenario results in a Rayleigh roughness of γr = 0.98. From the perspective of
pulse design and sonar performance analysis, one desires to obtain SRL as a function of pulse
duration and bandwidth given the aforementioned sensing scenario. This is shown in Fig. 1 as
a function of pulse duration for a variety of bandwidths ranging from 5 Hz to 500 Hz.

The limiting conditions of the SEA and LEA results are shown as black dashed lines. The
LEA result shows no dependence on pulse duration; however, the CW-pulse result (shown as
a black dash-dotted line and obtained by assuming W = 1/D) represents a more realistic
upper bound on SRL by acknowledging that short-duration pulses may not ensonify a large
enough area to satisfy the LEA model assumptions. SRL for the 5-Hz-bandwidth pulse is very
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close to that of the CW pulse and is identical when the duration is less than 0.2 s because the
pulse duration then dictates the ensonified extent as opposed to the bandwidth. As the pulse
bandwidth increases, for a given pulse duration, the effective ensonified extent decreases and
the SRL tends toward the SEA result with the 500-Hz-bandwidth pulse nearly achieving it.
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Fig. 1: Example calculation of SRL for a 1-D Pierson-Moskowitz wave-height spectrum.

5. CONCLUSIONS

The focus of this paper has been on evaluating the loss incurred after matched filtering a
pulse coherently reflected from a Gaussian-distributed rough ocean surface that is in motion
throughout the temporal extent of the pulse. The pulse-compression effect of matched filtering
a broadband pulse makes the effective ensonified area inversely proportional to pulse band-
width rather than proportional to pulse duration, consequently reducing SRL. The research
presented extends earlier results restricting consideration to effective ensonification of an area
smaller than the correlation length of the surface to allow an area covering multiple correlation
lengths. These medium-ensonified-area results tie together the small-ensonified-area result
with the classic large-ensonified-area result and allow evaluation of SRL as a function of the
acoustic (Rayleigh) roughness, pulse duration relative to surface wave period, and the effective
ensonified area.
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Abstract: Unlike conventional Pulsed Active Sonar (PAS) which listens for echoes in 
between short-burst transmissions, High Duty Cycle (HDC) sonar transmits with nearly 
100% duty cycle.  For LFM waveforms this can result in transmitted signals with very 
large time-bandwidth product, with bandwidth spread over the entire transmission repeat 
cycle.  In the processing for such waveforms, the total bandwidth may be split up into sub-
bands by processing shorter time blocks, resulting in multiple detection opportunities per 
transmission repeat cycle.   The potential advantage is an increased number of continuous 
detection opportunities, leading to improved target localization, tracking, and 
classification, due to there being less time lapse between measurement scans.  The 
corresponding disadvantage is that probability of detection and ranging accuracy may be 
lower per individual detection opportunity.  The effect of real acoustic channels will also 
impact the choice of optimum HDC processing time.  In this paper, the HDC processing 
time interval and sub-bandwidth is investigated using sonar data collected during the 
Littoral Continuous Active Sonar 2015 (LCAS’15) seatrial for a non-maneuvering 
surrogate target.    A processing chain, including target tracker, is used to evaluate both 
signal processing and overall tracking performance as functions of processing time/sub-
bandwidth for a set of relevant metrics.  Processing metrics such as signal-to-noise ratio, 
probability of detection, and false alarm rate, as well as tracking metrics such as track-
hold time, false track rate, and localization accuracy are computed.  The relative 
advantages and disadvantages of reducing processing time/bandwidth are analyzed and 
explained using these metrics 

Keywords: Continuous Active Sonar, Tracking, Bandwidth, Sonar, High Duty Cycle 
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1. INTRODUCTION 

Recently, there has been emerging interest in the concept of High Duty Cycle (HDC) 
Sonar. Unlike Pulsed Active Sonar (PAS), which listens for echoes in between short 
transmission bursts, HDC sonar attempts to detect echoes amidst the continual interference 
from source(s) transmitting with nearly 100% duty cycle.  HDC sonar offers a new 
parameter for the receiver signal processing chain:  the processing interval/sub-bandwidth.  
Like PAS systems, HDC sonar systems may employ a variety of signal types.  In this 
paper we focus on the evaluation of continuous-time linear frequency modulated 
(CTLFM) waveform for run E14 of the Littoral Continuous Active Sonar 2015 (LCAS’15) 
seatrial. The performance of HDC sonar is assessed as a function of the various user-
selected processing intervals/sub-bandwidths. Various metrics are computed and 
compared at the output of both the signal processing stage and the subsequent tracking 
stage.  HDC processing is discussed in Section 2.  Section 3 describes the LCAS’15 sea 
trial.  Sections 4 and 5 show results from the signal processing output and tracking output, 
respectively. Section 6 provides a summary and conclusions. 

 

2. HIGH DUTY CYCLE PROCESSING 

Both PAS and HDC waveform signals are repeated with a cycle time, referred to as the 
ping repetition interval (Tpri).  Tpri defines the maximum range at which targets may be 
detected without becoming obscured by or ambiguously associated with acoustic energy 
from previous waveform cycles.  For the CTLFM waveform, the signal is swept over the 
entire available bandwidth over the Tpri.  This enables very large time-bandwidth (TB) 
products: an order of magnitude or more than is available with a corresponding PAS 
waveform with the same Tpri.  Theory suggests that increasing the time-bandwidth (TB) 
product in processing will improve resolution in the time and/or Doppler dimensions and 
thereby increase the SNR in reverberation and/or noise-limited conditions, respectively.  
This is done by reducing the acoustic background, either by increasing the signal duration 
(to reduce ambient noise) or by increasing the signal bandwidth (to reduce reverberation), 
or both, while leaving the signal level un-diminished.  However, achieving such 
theoretical gains is not entirely realizable in practice due to environmental multipath 
spreading (energy splitting loss), echo Doppler shift and echo distributions of extended 
(non-point) targets [1, 2].  Alternatively, one may choose to successively process multiple 
smaller TB segments of the entire waveform cycle.  In this case, the individual echo SNRs 
may be smaller, but it offers many more opportunities to detect with rapid update rate, 
potentially providing good performance at the output of a target tracker.  HDC sonar 
offers this new processing parameter (not available with PAS), specified as the processing 
interval, Tp (or, equivalently, by Bp, its corresponding processing sub-bandwidth), which 
may be used to tune the performance of the sonar.  Tp can be chosen within the bounds of: 
0< Tp ≤Tpri., (corresponding to 0<Bp<B). The choice will be a trade-off between how much 
TB to use for echo SNR gain vs. the number of detection opportunities available within a 
single Tpri.  Figure 1 (left) shows an example of the HDC processing interval.  Achieving 
more detection opportunities, with a much higher update rate, may provide improvements 
in cumulative probability of detection, target initiation and holding, and target localization 
[3].   
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Fig. 1: Left-- Depiction of processing interval (green) and corresponding sub-band 
(yellow) for a continuous-time LFM signal in time and frequency.    Right-- Geometry for 

run E14 of the LCAS’15 seatrial; Alliance (white) and E/R (yellow) tracks. 

3. LCAS’15 EXPERIMENT 

The LCAS’15 sea trial was conducted in September, 2015, in shallow waters off the 
coast of La Spezia, Italy, in conjunction with an international research project with the 
Centre for Maritime Research and Experimentation (CMRE). Water depths were about 
100-200 meters and reverberation-limited conditions were predominant.  The research 
vessel R.V. Alliance towed an acoustic source capable of HDC and PAS transmissions 
over the frequency band of 1800-3400Hz. It also towed a monostatic triplet hydrophone 
receiver array.  The R.V. Leonardo ship towed an echo repeater (E/R) system, which 
repeated the received HDC signals as a surrogate target. 

The right hand image of Fig. 1 shows the geometry for run E14, which is analysed in 
this paper.  The R.V. Alliance track is shown with heading of 122°T and speed of 3.5 kts, 
with the sonar source & receiver deployed at 50 meters depth.  The E/R track is shown, 
traveling with heading 145°T at 3.2 kts.  The run was designed to have the E/R at nearly 
constant bearing (63° T) relative to the source during the entire 1.5 hour run, with a target 
range-rate of -0.63 m/s (-1.2 kts).  The transmitted signal was an LFM upsweep from 
1800-2600Hz (B=800Hz) over 20 seconds, and repeating every 20 seconds 

The FORA receive array is a triplet array, which provides port/starboard discrimination 
of received acoustic energy. The received hydrophone data were beamformed by an on-
board processing system in real-time.  HDC processing was accomplished using a bank of 
matched filters.  The members of the replica bank correspond to the set of selected 
processing sub-bands, each with Bp at different center-frequencies; together they make up 
the total available signal bandwidth. The corresponding duration of the matched filter 
replicas is the processing time, Tp.  In this paper, we evaluated the choice of Tp and Bp as a 
parameter, with values of Tp= 0.0625, 1.25, 2.5, 3.33, 5, 6.67, 10, and 20 seconds, with 
corresponding values of Bp= 25, 50, 67, 100, 133, 200, 400, and 800 Hz, respectively.  The 
matched filtering is applied to each of the processed beams, and the outputs of the replica 
bank are time-aligned to create a multi-scan detection image with echo time-delay forming 
the x-axis and scan time the y-axis.  An example output is shown in Fig. 2 (left) for the 
beam pointed at the target, where the direct blasts are clearly seen.  The target echoes are 
seen with decreasing time delays from 10-6 s, over the duration of the run.  Each matched 
filtered beam of the data was processed with a one-dimensional split-window normalizer 
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in time, with guard and noise bands of 0.2 seconds length.  Detection contacts are 
extracted from the data by clustering any time-contiguous data exceeding a threshold of 10 
dB, and with at least one excursion above a higher threshold of 12 dB.   Temporal 
detection clusters from adjacent beams have been clustered if their time-extents overlap.  
The resulting information extracted from the detection clusters contain the time and beam 
angle of echo peak, time- and beam-extents of the detection cluster, and peak signal-to-
noise ratio (SNR).    Figure 2 (right) shows extracted detection contacts for all beams; the 
detection contacts are either target-originated or false alarms. 

These detection contacts are then sent to a kinematic multi-target tracker [4].  Track 
initiation is confirmed by successful kinematic association of M detections within N 
sequential scans of the input data.  Tracks are terminated after K consecutive scans where 
an association was not successfully made.  Example tracker outputs are shown in Fig. 3, 
for cases of good track-holding, low false track rate (left), and poor track-holding, high 
false track rate (right).  The poor track-holding case resulted from decrementing the 
received signal level of all true contacts to artificially make the dataset more challenging 
and better evaluate the performance limits of the system for different processing 
parameters, as discussed in the next section. 

 

Fig. 2: Left-- Example HDC processing output for the target-pointing beam (Tp=3.33), 
output level in dB (in color) vs. scan-time vs. echo delay time.  Right-- Example of 

extracted detection contacts above 15.5 dB, bearing (in color). 

  
Fig. 3: Tracker output (Tp =2.5), M/N/K=7/10/15.  Left-- Threshold 14 dB, target 

contacts.  Right—Threshold 13.5 dB, target contacts decremented by 6 dB. 
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4. SIGNAL PROCESSING RESULTS 

A statistical analysis was made of the detection contacts for eight different processed Tp 
values, as shown in Table 1.  The true sonar and target geometries are known and provide 
ground truth of where true target contacts should fall in terms of time-delay and bearing 
measurements; this was used to identify which, if any, of all the target contacts exceeding 
the detection threshold were target-originated vs. false alarms. The mean echo time-delay 
and bearing errors (  , ), and their standard deviations (   , ) show consistency across 
all Tp cases.  The mean target echo time-extent (  ) would theoretically narrow by a factor 
of two for every doubling of Bp; here that is not the case due to the impact of 
environmental time spreading and potentially degrading target Doppler effects.  The mean 
signal-to-noise ratio ( SNR ) values increase somewhat with increasing Tp (4.2 dB), but not 
to the extent predicted by theory (10log10(800/25)=15 dB) [1]. 

 
Tp (sec)= 
Bp (Hz)= 

#scans/Tpri = 

0.63 
25 
32 

1.25 
50 
16 

2.5 
100 
8 

3.33 
133 
6 

5 
200 
4 

6.67 
267 
3 

10 
400 
2 

20 
800 
1 

 (sec) 0.032 0.028 0.021 0.020 0.028 0.025 0.034 0.033 

 (sec) 0.053 0.052 0.047 0.049 0.052 0.052 0.051 0.050 
 (deg) 1.08 1.04 1.04 1.05 1.11 1.15 1.18 1.21 
 (deg) 1.13 1.04 0.90 0.87 0.94 0.92 0.80 0.83 

 (sec) 0.082 0.069 0.061 0.058 0.057 0.058 0.058 0.070 

 (sec) 0.054 0.059 0.063 0.063 0.067 0.064 0.064 0.068 
SNR (dB) 16.0 16.7 17.8 18.2 18.6 19.1 19.5 20.2 

SNR (dB) 2.91 3.16 3.35 3.40 3.40 3.58 3.43 3.40 
Table 1: Echo statistics vs. Tp. 

5. TRACKING RESULTS 

The processing was performed for each of the cases in Table 1, producing sets of 
detection contacts, per scan, every successive Tp.  A parametric study was conducted by 
applying a tracker to each contact set and various tracker input and output metrics [5] were 
computed as functions of Tp.  The E/R had a large target-strength level (of 17 dB), so 
tracking performance was generally good for all values of Tp.  To better assess the limits 
of performance, the target-tagged contact SNRs were decremented by various amounts.   

Figure 4 shows the input and output probabilities of detection (PD) as functions of Tp 

for various target-tag decrement levels (in dB), with a tracker threshold of 14 dB and 
M/N/K values of 7/10/15.  Input PD is computed as the ratio of the number scans detecting 
the target to the total number of scans.  Output PD is computed as the ratio of the number 
of scans contributing to true target tracks (including coasts) divided by the total number of 
scans.  The results show an expected drop in PD as the target-contacts are decremented.  
Also there is a drop in PD at lower Tp values, corresponding to the expected drop in SNR 
with decreasing waveform Tp/Bp.  In some cases (e.g. small decrement values) we see that 
smaller Tp can provide equally good tracker output PD as larger Tp, since (depending on 
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M/N/K parameters) it can coast with target-less scans and still not drop track.  Figure 5 
shows the tracker input and output false alarm rate (FAR), for three tracker input 
thresholds (13.0, 13.5, 14.0 dB).  The input FAR is seen to increase proportionally to the 
number of scans.  The tracker is very effective in reducing the number of false alarms, 
overall, and it reduces the FAR explosion at low Tp/Bp. 

 
Fig. 4: Probability of Detection as a function of Tp, for different target-tagged 

decrement levels (in dB).  Left-- Tracker input, Right-- Tracker output.  

 
Fig. 5: FAR as a function of Tp, for different tracker input thresholds.  Left-- Tracker 

input (in contacts per sec), Right-- Tracker output (in tracks per hour). 
 
The previous results used a fixed number of scans for track initiation (N = 10 scans) 

and track termination (K = 15 scans).  This corresponds to different amounts of time for 
the various Tp cases: 6.25, 12.5, 25, 33, 50, 66, 100, and 200s for initiation and 9.4, 19, 38, 
50, 75, 100, 150, 300s for termination.  Another approach is to compare the performance 
for fixed initiation/termination times.  Figure 6 shows comparisons of tracker output PD 
and FAR, for fixed initiation and termination times of 200 and 300s, respectively.  Using 
this method, the output PD and FAR are seen to improve at lower Tp, compared to the 
fixed number of scans initiation method. 

Track localization performance can be characterized by the mean track estimation error 
and by the area-of-uncertainty (AOU) within which the target would exist with a certain 
probability.  To quantify the AOU over the scenario duration and enable comparison 
between different contacts sets, we computed the mean of the cumulative sum of target 
track AOU with 99% probability.  The localization error and AOU calculations are shown 
in Fig. 7, where there is a clear trend that localization performance is improved with 
shorter Tp, and there is little difference between the track initiation/termination method 
used.  The left plot of Fig. 8 shows an example comparison of the instantaneous AOU vs. 
time, between Tp = 0.625s (32 scans per Tpri) and Tp = 20s (1 scan per Tpri).  Although the 
short Tp initiates the track later than the long Tp in this case, it has improved AOU size by 
more than one order of magnitude due to much more frequent updates.  The longer Tp 
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curve (in red) shows up-sloped sections, which indicate the AOU growth between 
successful tracker updates, and vertical drops, which correspond to successful tracker 
updates.  Missed detections, such as between 450 and 525 seconds, lead to significantly 
increased AOU sizes.  The same behaviour is manifest by the short Tp case, but the 
updates are so short, and the AOU so small, they are only readily observable in the 
figure’s zoomed inset. 

Finally, the time-to-detect is the time of the first true target track segment to be output 
from the tracker (from scenario start time), which is shown in Fig. 8, for both track 
initiation/termination methods.  The time to detect is about the same for all Tp for the fixed 
time initiation method, as expected.  The fixed scan method, however, shows the ability to 
reduce the time to output true target tracks when shorter Tp is used.  At very low values of 
Tp, the target detection performance suffers enough that the track initiation is delayed. 
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Fig. 6: Comparison of tracker initiation/termination method.  Left—PD for 0 and -4 dB 
target decrement values, Right—FAR, for tracker thresholds of 13.5 and 14 dB. 
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Fig. 7: Left-- Localization Error, Right-- Mean cumulative positional AOU.  
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Fig. 8: Left— Comparison of positional AOU vs. time,   Right—Time to detect. 
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6. SUMMARY AND CONCLUSIONS 

The analysis of the LCAS’15 data offers insight into the performance of HDC sonar as 
a function of a key new parameter: the HDC processing interval (Tp/Bp).  This parameter 
was investigated using an entire processing chain including HDC contact generator and 
tracker in order to evaluate both intermediate and end-to-end performance.  Differences in 
contact echo statistics were not significant, except for a slight improvement in SNR with 
increasing Tp. Much of the benefit of an HDC system is manifest at the output of a target 
tracker.  The increased number of detection opportunities provided by shorter Tp offers 
improvement in localization and time to detect.  Shorter Tp and tracking initiation criteria 
can offer equivalent tracker output PD performance to longer Tp, until the point at which 
the input PD begins to drop too much. For equivalent track initiation criteria, smaller Tp 
was shown to always outperform longer Tp.      
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SOUND ON SURFACE WAVES 

Mikhail B. Salin, Oleg A. Potapov, Dmitry D. Razumov, Boris. M. Salin 

Uljanov st., 46, Nizhny Novgorod, 603950, Russia 

Contact author: Mikhail B. Salin, IAP RAS, Uljanov st., 46, Nizhny Novgorod, 603950, 
Russia. Fax: +78314160630. Email: mikesalin@hydro.appl.sci-nnov.ru  

Abstract: Narrow-band spectra of sound backscattering were investigated in a series of 
experiments with frequencies around 1 – 3 kHz. Two types of scattering spectra are 
distinguished. In the first case, side-lobes are observed at a certain distance from the 
carrier frequency. This effect is caused by Bragg scattering on surface waves. In the 
second case, a smooth broadening of the spectrum around the carrier frequency is 
observed. In this case, the reverberation spectrum is interpreted using the 
phenomenological model of sound scattering at subsurface inhomogeneities. These 
inhomogeneities are moving along circular tracks under the action of wind waves 
currents, which velocities are rather smaller than the phase velocities of surface waves. 

Keywords: Low-frequency acoustic reverberation, acoustic backscattering, wind waves, 
surface roughness 
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1. INTRODUCTION 

The study of sound scattering in the shallow sea, involving measurement of levels and 
Doppler frequencies of echo signals, is of great interest due to it provides information for 
estimation of the action range Doppler sonars. This problem is also of interest in context 
acoustic monitoring of the marine environment. Most of the papers, which are devoted to 
low-frequency sound scattering, rely on the Bragg scattering on wind waves, and the 
scattering level is estimated be means of the perturbation theory. However, a number of 
experiments, for example, [1], showed the surface scattering levels, which exceed the 
values, predicted by the perturbation theory. Those levels were more consistent with the 
Chapman-Harris empirical dependence. Deviation from the perturbation theory was 
observed in a certain range of sound frequencies and wind speeds. The authors of [2] 
called this effect an "anomalous scattering", and explained it by the presence of air 
cavities and bubbles in the near-surface layer. 

The difference between the sound scattering scenario, connected with air cavities, and 
the Bragg scattering is not only the scattering strength level, but it is also a change in the 
Doppler spectrum of the echo signal. In order to perform measurements of the echo 
spectrum with a resolution of 1 Hz, one needs to transmit an active signal, which band is 
not more than this value. The range resolution of such signal is 750 m or greater. 
Moreover, for a number of reasons it is rational to pause 1-2 pulse widths between the end 
of the transition phase and the beginning of reception. Thus, the experiment on measuring 
the surface scattering strength with Doppler frequency resolution involves sending a signal 
to the environment to a distance of several kilometers, which requires sufficiently 
powerful transmitter and the control of propagation losses along the path for 
normalization. 

Wideband pulses were used in many early surface scattering experiments [1-5] 
(including in the mentioned above papers). Usually the pulses were generated by 
explosive sound sources. So only the total level of the scattered signal was estimated. 
However the Doppler spectrum of reverberation was analyzed in a series of forward 
scattering experiments [6]. But due to the bistatic geometry of those experiments and due 
to the usage of CW signals, scattered mainly took place on more intense surface waves of 
great length. This does not correspond to the type of interference encountered by 
monostatic long range detection sonars, which use long tonal pulses. 

2. EVIDENCE OF THE BRAGG SCATTERING IN AN EXPERIMENT IN THE 
BAY OF THE LADOGA LAKE 

A series of actions was taken to achieve the proper frequency resolution and a high 
signal-to-noise ratio, while measuring the sound backscattering spectrum in an experiment 
[7], which was conducted in the gulf of the Lake Ladoga. A radiating phased array 
antenna, consisting of a vertical line of transmitters, was used. Its pattern was at an angle 
of 45 ° upward. The CW signal at frequencies 0.6, 1.2, 2.5 and 3.5 kHz was transmitted. A 
non-directional receiver was located right under the phased array. The transmitting angle 
exceeded the angle of total internal reflection of the bottom. This setup ensured that the 
only received signal is a signal that is scattered on the line of sight of the phased array. 
This greatly simplified the calculations, since the values area of the illuminated surface 
and the angle of incidence is known. Thus, the scattering levels did not depend on the 
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width of the signal, so a continuous radiation regime was used and the scattering spectrum 
was analyzed with a resolution of 0.1 Hz. 

Fig. 1 shows an example of scattering spectra for two carrier frequencies: 1240 Hz and 
2520 Hz. The local maximum is clearly seen on the spectra near the Bragg frequency. 
(That is the frequency of the surface wave, which length is the twice sound wavelength, 
with the correction due to the projection at a known incidence angle.) The experimental 
spectra are in good agreement with the theoretically estimated curves in terms of level and 
shape. Theoretical estimates are obtained basing on the perturbation theory. There were 
two types of measurement of surface roughness that were used to get the theoretical 
estimate. First, the frequency spectrum of the surface roughness S() was measured by a 
spar-buoy and dispersion relation for surface waves was used to extrapolate the spectrum 
to the wave number domain. Second a video recording and processing technique was used 
to directly measure the space-time spectrum S(K, Ω), and the dispersion relation was no 
longer used in the calculation. The detailed procedure of scatted spectrum calculation is 
given in [7]. 

 

 
Fig. 1. Spectrum of the surface backscattering, when a beam is incident at an angle of 

45°. The Lake Ladoga, 2013.. The levels correspond to the received signal the certain 
experimental geometry and the source level. 

 
Since the water area was closed from strong winds, the surface roughness was low. The 

spectral maximum was at 1 Hz. The maximum of the scattering spectrum actually 
corresponds to the Bragg frequency, and not to the maximum of the wave spectrum, as in 
forward scattering experiments. 

3. EVIDENCE OF "ANOMALOUS" SCATTERING IN AN EXPERIMENT AT 
THE GORKY RESERVOIR 

An experiment, which took place at the Gorky reservoir, was conducted in such a way 
as to reproduce the classical monostatic location scenario. The reservoir size is 
approximately 5 x 50 km, an average depth is 10 m. There can be notable surface 
roughness, if the wind direction is along the reservoir. On the day of the experiment, the 
significant wave height was 21 cm. 

The boat with the receiving-transmitting complex was anchored in the middle between 
the banks. A non-directional transmitter was set on the bottom, and the receiving phased 
array was set, using weights and buoyancies, in a horizontal position, at 5 m above the 
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bottom. The receiving phased array consisted of 32 hydrophones equally spaced along the 
aperture of 6.2 m. The transducer emitted pulse signals with carrier frequencies of 1320, 
2020 and 3020 Hz (near the resonance of the source) and with an envelope in the form of a 
Hann window of duration 1, 2, and 4 s. The spacing between pulses was sufficient, so that 
the reverberation effects from the previous one decayed before the beginning of the next 
pulse. 

Signal processing consisted of the following operations: (1) heterodyning on the carrier 
frequency, (2) determining the starting time of each pulse, (3) phasing along the series of 
bearings, (4) calculating the narrow-band short-time Fourier transform (spectrogram), 
using the window length that is equal to the original pulse width and using 75% 
overlapping. 

Thus, the data for each sounding regime were represented as an array P(j, fk, n, m), 
which is a function of the delay j, fk is the Doppler frequency, n is the number of the pulse 
in the sequence, m - bearing. 

First of all, let us consider the scattering spectra constructed for the signal along the 
bearing m* = 90, which is along the long side of the reservoir, so that the coastline does 
not limit the propagation. And let us consider a strobe with some number j*, that is goes 
after j* interval after the transmission moment. The spectra were averaged energetically 
over the ensemble of pulses. 

An example of such scattering spectra is shown in Fig. 2 (solid line). Functions are 
normalized to a maximum, because the experimental conditions did not allow carrying out 
normalization in absolute units. The curves have a shape close to Gaussian with center at 
zero Doppler frequency. The graph also shows the normalized spectra of the signal 
recorded directly at the time of emission (black dashed line) to show that the signal 
spectrum is indeed broadened due to the scattering in the medium. 
 

 
Fig. 2. The normalized spectrum of the echo signal for one bearing (solid line) in a strobe, 

delayed for j*= (a) 3.1 s, (b) 6.3 s, the normalized spectrum of the transmitted signal 
(black dashed line) and the theoretical estimate (gray dots). The maxima of all curves are 
set to 0 dB. Frequency (a) 1320 and (b) 2020 Hz, pulse width 4 s. Gorky reservoir, 2016 

A local maxima should arise in the spectrum near Doppler frequencies in case of the 
Bragg scattering on wind waves. These frequencies are indicated by the arrows on the 
figure. There are practically no apparent extremum in the pointed part of the spectrum. 
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Theory of sound scattering on a group of moving particles [8] was exploited to describe 
the measured spectra. The particles, most probably air bubbles, are assumed to be moving 
along circular trajectories, forced by orbital currents of wind waves. The theoretical 
estimate of the spectrum is plotted with a gray dashed line in Fig. 2 in the range 0÷-15 dB. 
The following parameter values were used, while calculating the theoretical estimate. The 
frequency of the energy-carrying waves was measured by a string wave gauge and was 0.4 
Hz, the RMS value of the velocity of the oscillating flow at the surface was 0.24 m/s. The 
depth of the exponential decay of the bubbles concentration was fitted so that the 
computed spectrum match the shape of the measured spectrum, and this depth appeared to 
be 0.5 m. The scattering force of the particles is not used due to the lack of the 
normalization of the received signals. 

There are other features, noted in the experiment. First, scattering has an almost 
isotropic pattern. Fig. 3 shows spectra, which were averaged in a same way (averaging 
over the pulse number, at one delay), as a function of bearing. Second, the scattering 
spectra fluctuate quite strongly from pulse to pulse. Fig. 4 shows a series of spectra as a 
function of the pulse number. The dispersion of the spectral components, considered as a 
function of the pulse number, is represented in the form of error bars on Fig. 2. 

 
Fig. 3. Spectrum of the echo signal gated 
with a delay of j* = 2.6 s, averaged over a 
series of pulses and plotted as a function of 
bearing. Frequency 2 kHz, pulse width 2s. 

 
Fig. 4. Spectrum of the echo signal gated 
with a delay of j* = 6.2 s, plotted as a 
function of the pulse number. Frequency 
2 kHz, the pulse width 4 s. 

4. ANALYSIS OF PREVIOUSLY PUBLISHED RESULTS OF EXPERIMENTS 
IN THE PACIFIC OCEAN 

Authors of [9] published an example of an echo signal spectrum, where one can 
simultaneously observe Bragg and "anomalous" scattering effects. That experiment was 
carried out in the Pacific Ocean, in the region near Kamchatka. A rather powerful acoustic 
source was used. The carrier frequency was 250 Hz, and the pulse width was 100 s. Fig. 5 
reproduces a curve, taken point by point from the figure in [9]. A theoretical function, 
calculated according to the recently developed theory [8, 10], is plotted on the same graph. 
The theoretical function includes scattering by moving near-surface particles (with 
matched parameters) and Brag scattering on the resonance component of the wind waves. 
The first term forms a wide distribution around the zero Doppler frequency, the second - a 
narrower peak in the vicinity of the frequency of 0.66 Hz. The authors of [9] did pay 
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attention on the Bragg peak, but the wide spectrum near zero Doppler frequency was not 
interpreted by them in any way. The explanation of the wide spectrum was obtained 
already in the recent series of papers, including [8, 10] and this one. 

 

 
Fig. 5. Spectrum of the echo signal, the experimental curve is reproduced from [9]. 

5. SUMMARY 

At calm sea state the sound backscattering signal comer right from wind waves with the 
corresponding lengths due to the Bragg resonance. This and leads to the appearance of a 
Doppler peak in the scattered signal spectrum. At strong wind the reflection from local 
scatterers, which are moving in the near-surface layer, appears to be the dominant 
scattering mechanism. These scatterers oscillate in the field of wind waves, thus the 
spectrum of the scattered signal also contains Doppler frequencies, but these frequencies 
are much lower than in the case of Brag scattering on surface waves. 
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Abstract: Operation WIGWAM was a test of a 30 kt nuclear depth charge conducted in 
deep water 500 miles southwest of San Diego on 14 May 1955. Its primary purpose was to 
determine the effectiveness of that device as an antisubmarine weapon. The acoustic pulse 
from the test, initially an intense shockwave, radiated throughout the North and South 
Pacific Oceans. Acoustic reflections from topographic features were recorded for several 
hours after the explosion by SOund Fixing And Ranging (SOFAR) hydrophones at Point 
Sur, California, and Kaneohe, Hawaii. Sheehy and Halley (1957) identified peaks of the 
recorded coda with reflections from specific topographic features at great distances (e.g., 
the Hawaiian Islands, French Polynesia, or Fiji). With modern data for seafloor 
topography and ocean sound speed, these coda were computed with surprising accuracy 
using simple geodesic rays reflected from islands and seamounts. The intensity variations 
of the coda are mostly determined by simple ray geometry, together with modest 
attenuation. Coda peaks are often obtained from rays arriving simultaneously from 
multiple, but disparate, topographic features.   

Keywords: WIGWAM, atomic testing, long-range acoustic propagation, basin-scale 
acoustics 
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1. INTRODUCTION  

I first learned of the WIGWAM atomic test and its associated acoustic signals through 
Walter Munk soon after my arrival as a student at the Scripps Institution of Oceanography 
in 1987.  Munk had been involved with the test.  He was aware of the work that Sheehy 
and Halley [1] had done in 1957 on the hours-long acoustic coda of WIGWAM sound 
recorded at California and Hawaii [2].  Sheehy and Halley had identified the features in 
the coda as reflections from particular topographic features.  In the late 1980s, Munk was 
working on a new analysis of the 1960 antipodal Perth-Bermuda acoustic test [3], and he 
was contemplating antipodal-scale acoustic propagation as a possible measure of the 
large-scale ocean climate.  On seeing the Sheehy and Halley identifications, and those 
times since that I was reminded of that analysis, I had a sense of skepticism that such 
identifications were possible with any reliability.  This paper summarizes a recent 
computation of the WIGWAM coda giving an updated identification of their peaks [4].  
The reader is referred to the more complete analysis published in the Bulletin of the 
Seismological Society of America in 2015 [4] for further details; the short answer is 
Sheehy and Halley were mostly correct. 

In retrospect, the motivations for this new analysis were threefold.  First, a desire to 
resolve my long-standing skepticism regarding the Sheehy and Halley identifications.  
Second, after a decade or more of work on basin- and antipodal-scale acoustic 
thermometry [5, 6], I had at my disposal well-developed, global databases for ocean sea-
floor topography, sound speed fields, together with handy code for manipulating these 
data and extracting sections of interest.  In addition, the work on acoustic thermometry had 
highlighted the extraordinary stability of ocean sound speed:  even at basin scales the 
oceanographic contributions to variations in travel time are less than 0.5 s over decades.  
Third, on being reminded yet again of the Sheehy and Halley result in late 2014, it 
occurred to me the problem was likely tractable by simple geodesics, that is, one likely did 
not have to implement actual computations of acoustic propagation.  I could resolve my 
long-standing suspicions with only a couple of afternoon’s worth of work!  (It took 
longer.) 

 

2. THE GEODESIC HYPOTHESIS 

As noted by Munk et al. [3], for very long range acoustic propagation, to first order one 
can just consider the sound propagating along the sound channel axis.  The essential 
reason for this approximation is that the acoustic intensity is maintained for near-axis 
sound propagation.   Deep-traveling sound disperses in time, making the final crescendo 
of an acoustic arrival pattern many decibels greater than the early part of the pattern.   In 
other words, most of the acoustic energy is carried by the low order modes, which are 
confined near the sound channel axis.  In addition, the horizontal refraction of such 
propagation is of no practical consequence in most regions of the Pacific [7].  (Horizontal 
refraction is essential for understanding the propagation of sound from Perth, Australia to 
Bermuda [3, 6], but that propagation entails interactions with the powerful Circumpolar 
Current, Agulhas Rings, and so forth.)  The assumption that the acoustic propagation 
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consists of sound following geodesic paths along the sound channel axis is 
straightforward. 

The essential hypothesis on which this new analysis was based is that the recorded coda 
could be reproduced by (1) computing a dense fan of simple geodesics from the location 
of the WIGWAM shot, (2) determining where those geodesics intersect the sea floor at the 
depth of the sound channel axis (Fig.1), and (3) computing geodesics from those 
intersection points back to the location of the California or Hawaiian hydrophones (Fig.2).  
The WGS84 ellipsoid was used for the computations.  The amplitudes of the coda could 
be determined by ray density, and the travel times could be determined from the range 
along the geodesic path and the average of sound speed at the depth of the sound channel 
axis.  The required precision of the travel time computations was quite low, since only a 
digital scan of the coda reported by Sheehy and Halley [1] is available as data.   A pixel 
size of the scan corresponded to 30 s of travel time; the entire coda recorded at California 
extended 4 hours.  
 

 

 
Fig. 1: Location of the WIGWAM shot and subsequent acoustic illuimination of the 

North and South Pacific Basins.  The geodesic paths terminate at topographic features.  
From the termination points, geodesic paths are then computed to the hydrophone 
locations.  Reprinted by permission from [4] © Seismological Society of America. 

 

3. ADJUSTMENTS 

The simple geodesic model worked well at reproducing the recorded arrival coda 
(Fig.2), but two corrections were required.  First, no acoustic reflections were obtained 
around the half-hour mark.  These reflections correspond to interactions with deep 
seamounts in the Eastern North Pacific, which lie well below the sound channel axis.  To 
account for these interactions, a second set of geodesics were computed to topographic 
points at 1500 m depth.  These deep interactions generated the arrivals around the half-
hour mark of the coda.  Second, the predicted amplitudes of the later arrivals were too 
large.  The amplitudes in general were computed from ray density, with the number of 
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rays arriving in a given time interval proportional to amplitude.  This number was 
computed on a log scale, and then scaled in an ad hoc fashion to give amplitudes similar to  
the measurements.  A single scaling factor was used to account for the entire coda.  The 
amplitudes of the latter parts of the computed arrival were too large because sound 
attenuation had been omitted.  By including a nominal attenuation for low-frequency 
acoustic propagation, the computed and measured coda agreed fairly well. 

While it would be reasonable to implement a more realistic scheme such as computing 
the propagation paths of acoustic modes, accounting for horizontal refraction, etc., the 
decision was made early on to keep the analysis as simple as possible.  The essential point 
of this analysis was that the recorded coda were mainly a product of simple geometry, 
rather than a product of the details of acoustic propagation.   Indeed, the greatest unknown 
in this analysis is the precise mechanisms governing the acoustic interaction with the sea 
floor, leading to the reflected energy.  Further, as reported by Sheehy and Halley [1], the 
recorded acoustic frequencies were broadband and centered on 40 Hz (see [6] for an 
explanation).   At these frequencies mode coupling is important, so even the assumption 
that the acoustic propagation is dominated by the lowest few modes is not correct [6].  It 
made little sense to implement a complex analysis of acoustic propagation, given the 
unknown properties of the bottom interaction (what are the effects of the local slopes, 
focussing by geometry of the isobaths, specific geophysical properties of the sea floor, 
etc.?) and other complications. 

 

 
Fig. 2: The coda computed from the simple model (black line, top panel) agrees 

remarkably well with the measured coda (red line, top panel).  Features or peaks of the 
coda, such as A, often corresponded to coincident arrivals at California from disparate 

reflection points.  Near the end of the coda, peak B corresponded to a reflection from the 
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north coast of New Zealand, though Sheehy and Halley originally identified this peak as a 
reflection from Okinawa.  Reprinted by permission from [4] © Seismological Society of 

America. 
 

4. DISCUSSION  

The analysis was motivated by a long-standing skepticism concerning the original 
Sheehy and Halley analysis.  It is likely their identifications of acoustic peaks with 
topographic features relied on great circle computations of a few selected peaks.  The 
subsequent decades-long experience with basin-scale acoustics and ready access to high-
quality databases for the sea floor and ocean sound speed justified this new, simple 
computation. 

The identifications of Sheehy and Halley proved to be mostly correct.  The new 
analysis showed that some of the recorded peaks arose from coincident arrivals from 
disparate reflections.  Sheehy and Halley identified a late arrival peak as coming from a 
reflection from Okinawa, but that peak was from the north coast of New Zealand.  Indeed, 
reflections from Okinawa were not possible, being blocked by other topographic features. 

Given the success of this simple model at reproducing the observations, it is likely a 
somewhat better, perhaps more rigorous, model would be able to reproduce even the 
details of the observations.  Having access to the original data would be useful, but initial 
attempts to located the data for the coda at the Marine Physical Laboratory in San Diego 
proved unsuccessful. 
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Abstract: Continuous monitoring of deep ocean sound can be used for the identification of loud 
short term noise events occurring within the greater vicinity of monitoring locations. At the 
same time analysis of data coming from such monitoring stations has the potential to reveal 
less pronounced longer term changes in the oceans’ acoustic environment. The Comprehensive 
Nuclear-Test-Ban Treaty Organization (CTBTO) has developed a network of monitoring 
stations including a number of hydro-acoustic recorders located in all major oceans. Many of 
these recorders have been continuously capturing low frequency deep ocean sound for more 
than a decade providing ideal datasets for long term analysis. In this paper multiband 
regression analysis is performed on time series of daily sound pressure levels extracted from 
datasets coming from the three hydrophone recorders at Cape Leeuwin’s monitoring station 
in Australia. The aim is the examination of trends in the recordings that might indicate changes 
in the Indian Ocean’s acoustic environment. Bootstrap resampling of the regression residuals 
is used as a non-parametric approach to computing the uncertainties associated with the trend 
estimates. Also, time series of average sound pressure levels extracted from the original 
recordings are used to identify a number of natural seismic events occurring many kilometres 
away from the station.  
 
Keywords: CTBTO, Regression Analysis, Bootstrap Resampling 
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1. INTRODUCTION 

Noise is a form of pollution with a direct and indirect effect on the behaviour and wellbeing of 
marine life [1], [2], [3], [4]. Growing concerns about the impact of increasing off-shore human 
activity have resulted in the formation of international directives for the assessment of 
impulsive as well as continuous low frequency noise, [5], [6]. At the same time recent advances 
in sensor network technologies and data analytics make possible the collection and analysis of 
large data volumes enabling long term underwater noise monitoring. 
Continuous monitoring can help identify loud short term noise events as well as slowly 
evolving long term trends in the oceans’ ambient sound related to off-shore human activity 
involving low frequency - high energy sources, [7], [8], [9], [10], and hence quantify human 
contribution to ocean noise levels. Additionally, long term trend analysis can reveal more 
complex phenomena which might have serious implications for marine life but may not be 
directly connected to human activity.  
Modern studies indicate that as the net radiation imbalance at the top of the atmosphere 
continues large amounts of heat are being absorbed by the ocean, [11], increasing abruptly the 
mean sea surface temperature. This affects greatly marine bio-diversity, [12], especially when 
combined with other phenomena such as water contamination and human induced noise 
pollution. It is therefore reasonable to wonder what is the long term combined effect of these 
phenomena and whether their imprint can be detected in the ambient ocean sound. 
CTBTO has installed a network of eleven hydro-acoustic monitoring stations in all major 
oceans as part of an international system for monitoring nuclear explosions. Some of these 
stations have been active since the beginning of the previous decade providing an 
unprecedented abundance of low frequency (250 Hz sampling rate) continuous deep ocean 
sound recordings. Data from these stations have been the subject of interest for scientists in the 
recent past [13], [14], [15]. 
In this study we discuss the analysis of data collected by a triad of hydrophone recorders 
(referred to as H01W1, H01W2, H01W3) at a monitoring station located off the shore of Cape 
Leeuwin, Australia (Latitude: -34.892 degrees North, Longitude: 114.153 degrees South) at 
1055 m depth in a water column of 1558 m. Specifically, recordings over fourteen years 
(01/01/2003 – 03/01/2017) are used to identify significant seismic events with high acoustic 
output and to extract time series of daily statistical sound pressure levels for five frequency 
bands. Long term trend analysis is applied to these time series in order to examine possible 
trends, and bootstrap resampling is used to quantify the uncertainties associated with the trend 
estimates [16]. The trend estimates are used to compute the magnitudes of changes in acoustic 
noise levels for the examined statistical levels and frequency bands.   

2. DATA PROCESSING 

The fourteen year long data sets from the three recorders were downloaded from the CTBTO 
servers and extracted using the accompanying scaling factors provided by CTBTO to form time 
series of values of sound pressure that were used for the required data processing. An inverse 
filter of each recorder’s frequency response was applied to the signals in order to eliminate the 
effect of the recording systems on the true frequency content of the signals.  The data were then 
filtered into 5 frequency bands (5-115 Hz, hereon referred to as broadband, 10-30 Hz, 40-60 
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Hz, 56-70 Hz, 85-105 Hz) to allow multiband analysis, and the squared pressures were 
averaged over 10 minute intervals. The averaged squared pressures were then transformed into 
values of sound pressure level (SPL in dB re 1 μPa2) and used for the identification of loud 
noise events. 
Subsequently, the SPL 10 minute averages were used for the extraction of daily statistical levels 
which would form the time series on which trend analysis was applied. Specifically, the 1st, 
10th, 50th, 90th and 99th daily percentiles were computed (P1, P5, P50, P90 and P99) together 
with daily averages. Finally, observations greater than 20 dB from the arithmetic mean of each 
time series were removed. Although there were very few such outliers their removal would 
minimize the impact of extreme observations on the estimates of the underlying trends.  
Analysis of the percentile levels instead of just average levels allows for examination of parts 
of the data related to different features of the sound environment. For example, lower 
percentiles represent a part of the dataset related to ambient noise, whereas higher percentiles 
describe the dataset’s loudest observations. At the same time, the median (50th percentile) is a 
more appropriate measure than the average for examining the time series given the skewness 
of the distribution of SPL values that environmental noise measurements usually exhibit. The 
computed daily broadband average and percentile time series captured by recorder H01W3 are 
presented in Figure 1. 

 

 
Figure 1, Daily broadband average and percentile SPL time series. The percentiles were 

extracted from 10 minute SPL averages collected by recorder H01W3. 

At this point it was thought necessary to examine the data availability in order to determine 
possible effects of missing observations on the estimates. The number of missing daily 
observations was 130 out of a total of 5117 yielding a 97.5 % data availability which was 
considered adequate for the presented analysis without the requirement of further assumptions 
or corrections.  
The last step of the data processing was application of regression to the daily average and 
percentile observations for each of the five frequency bands and estimation of trends in the 
time series together with associated 95% confidence intervals. The trends were computed in 
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dB per year and multiplication by the number of years over which the regression was applied 
resulted in the magnitude of change for the examined time interval. This step was applied for 
each of the three recorders and finally the results were combined to produce a more robust 
estimate. Due to high annual oscillations in the data, which are obvious in Figure 1, regression 
models taking into account seasonal variations were considered as most appropriate. The 
models resulting from application of least-squares regression consisted of repeating sets of 365 
coefficients superimposed on underlying trend lines. An example of such a regression model 
applied to broadband daily P50 observations collected by recorder H01W1 is presented in 
Figure 2. 

 

 
Figure 2, Application of a seasonal regression model to broadband daily P50 

observations collected by recorder H01W1. The trend line has been offset by 3 dB so that it 
may be seen clearly in the plot. 

Although application of simple straight-line regression is common practice in the analysis of 
environmental data it can be shown that for datasets presenting strong seasonal characteristics 
this can lead to poor fits and as a result systematic errors and higher uncertainties associated 
with estimates of long term trends. These effects can be demonstrated by comparing the 
residual distributions obtained by application of Linear (straight-line) and Seasonal models to 
the same dataset. An example is shown in Figure 3 where such a comparison is made for the 
P10 time series for the 10-30 Hz frequency band. The subject is more comprehensively 
discussed in [17]. 
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Figure 3, Comparison of residual distributions from application of Linear (straight-

line) and Seasonal regression models to daily P10 observations for the 10-30 Hz frequency 
band collected by recorder H01W1. 

In conventional regression, the residuals are used to construct 95% confidence intervals for the 
trend estimates under the assumption that they are independent samples from a Gaussian 
distribution. However, due to high serial correlations in the time series of residuals, which 
violate the assumption of independence, it would be statistically inappropriate to follow this 
approach. Hence, bootstrap resampling of the residuals was used as a non-parametric 
alternative. Specifically, the residuals were repetitively sampled and added to the time series 
of fitted model values for the raw dataset in order to construct new datasets on which regression 
was applied and new estimates for the underlying trend were computed. After a substantial 
number of repetitions (5000 in this study) a sampling distribution was constructed for the 
estimator of the true underlying trend and the central 95 % of this distribution was used as a 
confidence interval. 

3. RESULTS AND DISCUSSION 

The first approach to examining the available data was the use of the 10 minute SPL broadband 
averages for the identification of major events that were expected to have a strong acoustic 
footprint. The time series were fed into a ‘loud event’ identification algorithm that selects one 
significant observation per year based on its relative amplitude to neighbouring observations. 
The selected observations were annotated on the SPL graphs and historic data were used to tie 
the acoustic events to actual physical processes. The results were identical for all three 
recorders and appear to be mostly related to seismic activity in the Indian and Southern Ocean. 
Figure 4 presents the outcomes of this procedure applied to data coming from recorder H01W2 
while eight of the identified events are listed in Table 1. 
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Figure 4, Time series of broadband 10 minute average SPL with identified loud noise 

events annotated. Data collected by recorder H01W2. 
 

 
Date Identified Event 

21/08/2003 South Island was struck by a magnitude 7.2 earthquake 
26/12/2004 Sumatra, Indonesia was struck by a magnitude 9.2 earthquake 
04/07/2005 Prince Edward Islands were struck by a magnitude 6.3 earthquake 
16/05/2006 A magnitude 6.8 earthquake struck Nias, Indonesia 
30/09/2009 A magnitude 7.6 earthquake struck Sumatra, Indonesia 

26/07/20012 A magnitude 6.7 earthquake struck 386 km (240 mi) NE of Rodrigues, 
976 km (606 mi) ENE of Mauritius  

15/04/2014 A magnitude 6.8 earthquake struck offshore of Bouvet Island in 
the Southern Ocean  

02/03/2016  A magnitude 7.8 earthquake struck offshore of Indonesia 659 km 
(409 mi) southwest of Muara Siberut, Mentawai Islands 

 
Table 1, List of eight major events identified in the broadband 10 minute SPL averages 

captured by recorder H01W2. 

It should be noted that Figure 4 presents two annotated events for year 2004. That is because 
although the 26/12/2004 Tsunami was not identified as the most significant event of the year, 
in terms of recorded SPL at the examined monitoring station, it was still considered worth 
annotating on the graph due to the significance of the event. Also the highest peak of the entire 
time series also occurring in 2004 is believed to be related to data transmission issues and so it 
was excluded from the event selection process. 
The acoustic environment is directly affected by processes taking place locally. However, once 
sound has entered the deep ocean channel it can travel great distances since no interaction with 
the sea bed (and little with the sea-surface) ensures minimal transmission loss. Hence, 
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recordings from stations placed at strategic locations in the ocean could capture events 
occurring thousands of kilometres away and so, depending on the application, networks of 
limited number of sensors can be adequate for covering very large areas. 
The next step of the analysis was the quantification of changes in spectral shape and statistical 
distribution of the recorded SPL when expressed in percentiles through the application of 
regression on the daily percentile and average sound pressure levels. As discussed this was 
done separately for all three recorders and the estimates obtained were finally combined to 
produce the graph presented in Figure 5. It is worth mentioning that the results for the three 
recorders were very similar, as expected, due to the relatively small distance separating them 
(approximately 2 km).  
 

 
Figure 5, Estimates for SPL change between 2003 and 2017 computed from the 

underlying trends in daily percentile and average time series for the examined five 
frequency bands. The error- bars indicate 95% confidence intervals constructed using 

bootstrap resampling and after combining the results from all three recorders. 

Figure 5 presents two main characteristics. The first one is a statistically significant reduction 
in the recorded noise across the spectrum, with frequency bands 40-60 Hz and 85-105 Hz 
presenting the highest and lowest overall reductions, respectively. The broadband noise 
reduction appears to be most similar in magnitude to the lower and middle frequency bands 
indicating that it is this region of the examined part of the spectrum where the main sound 
content exists.  The second characteristic is a common shape in the computed reductions across 
the percentile levels for all the examined frequency bands. The ratios between the reductions 
for the lower and higher percentiles seem to be remarkably similar for all bands, irrespective 
of the magnitude of change at each band, with lower percentiles presenting significantly lower 
changes than higher percentiles. This indicates that loud events appear to follow much steeper 
downward trends than ambient sound leading to an effective compression of the time series 
over the years. 
As a general observation the daily averages seem to be presenting greater reductions than the 
medians since they are heavily influenced by the loudest parts of the signals. This is the result 
of the skewness of the measurements’ distributions mentioned earlier. 
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The reasons behind the phenomena described above can be very complex. Given that the results 
come from an observational study and not an experiment in a controlled environment one can 
only speculate about what causes the observed trends. A possible and probably most optimistic 
scenario could be that the impact from human activity in the Indian Ocean is reducing with 
time. The quite pronounced dip between 2007 and 2009 that can be seen in Figure 2 coincides 
with the global financial recession which reportedly had a strong impact on global shipping 
traffic, [18]. If the assumption that this dip is associated with the recession is true then it 
becomes clear that deep ocean ambient sound is heavily influenced by shipping noise and so 
major noise reductions could be at least partially explained by reduced shipping traffic. 
Moreover, if that is the case for shipping routes particularly close to Cape Leeuwin’s 
monitoring station that could explain the observed compression of the time series as a reduction 
in the number of ships passing at close proximity to the station would lead to a reduction of the 
loudest parts of the recorded sound represented by the higher percentiles. It is worth noting that 
the examined frequency bands are traditionally considered bands related to human off-shore 
activity including shipping noise something that makes this argument even stronger. 

4. CONCLUSIONS 

In this study data over fourteen years recorded at CTBTO’s Cape Leeuwin deep ocean 
monitoring station were examined. The data processing techniques were briefly discussed and 
two approaches for data interrogation were described. A simple event identification algorithm 
was used to highlight seismic events in the broadband 10 minute average SPL data and long 
term trend analysis was applied to daily percentile levels for five frequency bands. Statistically 
significant downward trends were identified and the magnitudes of change together with the 
associated confidence intervals were computed. Finally, examination of the sound change 
revealed a compression of the recorded sound levels over the past fourteen years. 
Fully understanding the reasons causing the observed trends requires further investigation of 
the local and global deep ocean environment and should be the work of future studies. From 
where we stand at this point it seems that there is a change in the Indian Ocean’s deep ocean 
sound and whether human activity is related in any way to this is only beginning to be 
addressed. 
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Abstract: Underwater acoustic communication has been a developing field for the last 
forty years. Recent advances in embedded computing solutions have been bolstering that 
development, while advances in underwater robotics have increased the need for this 
technology. This has resulted in a variety of commercial underwater acoustic modems. 
Generally, the knowledge of the performance of these systems for the average industrial 
user is limited to what is advertised in the manufacturer brochures. However, like most 
other underwater acoustic systems, the performance of underwater acoustic modems is 
very variable and strongly depends on the environment. 
Fortunately, this has also been an issue for sonar users for the last hundred years. 
Furthermore, underwater acoustic modems and sonars are both detection and estimation 
systems, and they also operate in comparable frequency bands. 
In this paper, we examine the commonalities and differences between sonar performance 
modelling and underwater acoustic communication performance modelling. This 
comparison is done at several levels: requirements of final product, physical processes of 
interests, and statistical problems. Communication signal processing algorithms are often 
more complex than sonar algorithms. Integrating them in a performance computation 
might require actually running them through a simulation rather than representing them 
by a model. 
This paper provides some basic ingredients to design the architecture of a complete 
underwater acoustic communication performance model. 

Keywords: sonar performance modelling, underwater acoustic communication 
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1. INTRODUCTION 

In the case of many communication or measurement systems, the expected 
performance can be accurately represented by a number or a table in a commercial 
brochure. In the case of underwater acoustic systems, the environmental parameters are 
often dictating the performance of the system to a point that over-dimensioning the system 
cannot help compensate for physical effects. In the case of sonar, when the environment is 
known, computer programs are often used to give a prediction of the operational 
performance. Such operational tools are in use outside of academia, by government bodies 
or industries [1-3]. For communication systems, scientific programs can be found that 
cover a variety of aspects of performance modelling [4-11], but integrated operational 
tools are not directly available. 

In naval operations, knowing in advance how far a unit can detect or be detected, or 
remain within communication range, is a vital issue. For the offshore industry, predicting 
the communication range will contribute to the cost estimate of a given operation. 

It is not the ambition of the authors to provide a full review of all available or existing 
tools but rather to provide a high-level overview of the scientific issues. 

We propose a top-down approach starting with high level requirements for a 
sonar/communication performance model, working its way down from the higher to the 
lower level of a communication stack, identifying quantities of interest and scientific 
challenges.  

1.1. Performance modelling for underwater systems 

In Table 1, we propose applications, high level requirements, and available information 
for performance modelling software for an acoustic underwater system. Sonars and 
underwater acoustic communication systems make use of the same channel and therefore 
will make use of the same input for modelling (environmental data), and probably the 
same acoustic propagation models for a given frequency band. This table is therefore valid 
for both types of systems. 

According to these proposed requirements, a realistic but otherwise synthetic 
environment is acceptable for the initial design of a system. For this purpose, it is then 
acceptable to imitate the effect of physical processes on communications, as long as these 
simulations cover the range of expected effects. Replays of previously measured channel 
conditions can also be used. This approach, while useful to test the limits of a system, does 
not allow predicting the performance of a system in a different environment, or relating 
the performance of the system to specific environmental descriptors (water depth, wind 
speed, etc.). 

Finally, due to the nature of the systems themselves, verification of performance 
modelling with in-situ data is easier with communications than with sonar, as by 
definition, two actors in a communication scheme are sufficiently instrumented and 
cooperative, while in the case of most sonar targets this requires special arrangements (e.g 
instrumented targets such as echo-repeaters). 
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Table 1. Underwater performance modelling: high level view of phases and 
requirements. Most mature topics are shown in green, research topics are shown in red. 
 Application Requirement Information available 
System design and 
evaluation 

Design a functional 
system for the range 
of mission 
environments 

Provide a realistic 
representation of a set 
of 
communication/sonar 
environments and the 
associated performance 

Historical 
oceanographic 
measurements, 
previously collected 
channel soundings. 
Geo-acoustic 
information 

Preparing a mission  
(A priori) 

Decide mission 
parameters (number 
of units, total mission 
time and area,…) and 
initial system settings 

Provide a current 
representation of the 
performance in a 
specific environment 
 
Estimate the 
uncertainty of the 
prediction 

Oceanographic 
forecasts 

Executing a mission  
(In Situ) 

(Autonomously) 
Adapt mission 
parameters and 
system settings. 
Assess current 
performance 

Current oceanographic 
measurements and 
forecasts 
Through the system 
performance measures 
(Channel soundings, 
statistics) 

After a completion 
of a mission 
(A posteriori) 

Evaluating and 
improving the system 
performance 

Reconstruct an 
accurate representation 
of a specific 
environment 

Oceanographic 
Hindcasts, Mission 
measures of 
performance. System 
logs 

1.2. Sonar performance modelling at a glance 

Most sonars are detection systems and are designed to indicate to an operator the 
presence of a specific set of objects. The location, dynamics and nature of the detected 
object are generally estimated with various levels of accuracy. The detection process is a 
probabilistic trial characterised by the probability of detection [12]. The probability of 
detection is the probability that a target is detected given that it is present and is the 
quantity generally presented to a sonar performance model user, as a function of target 
position. This quantity is also indirectly used to provide other information to the user, such 
as detection range or volume (range, or volume within which a target is detected with a 
given probability of detection, usually 50%). In a sonar system, detection is based on the 
comparison of stochastic quantities and false alarms (the erroneous report of a target 
presence) are bound to occur. Generally, the cost and consequences of a single false alarm  
are evaluated and used to set a requirement for an acceptable fixed false alarm rate. 

We focus on active sonars, as they are most similar to communication systems 
(detection of a known pulse). The probability of detection, for a given probability of false 
alarm, is deduced from the predicted statistical distributions of both the target and 
background (noise and reverberation) signals. These statistics are often based on energies 
computed by the propagation model, coupled with standard statistical distributions. These 
predictions can be improved by computing time series [13] and more adapted statistical 
distributions[14].  

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  223



 

Each of these terms is generally computed by a computer model, taking into account 
the propagation of sound in the water with varying levels of complexity. Depending on the 
frequency of the sonar, different propagation models are used [1].  

1.3. Communication performance modelling 

In the case of communication performance modelling, the process is more involved. 
Networked communication systems are commonly represented by a layered model known 
as the Open System Interconnection (OSI) stack [15]. The OSI stack is exhaustive and 
subsets thereof are often used. We present here a very simplified version suitable to many 
underwater acoustic communication networks, such as that of the RACUN project [16].  

The application layer encompasses the protocols specific to an application. We are not 
considering any specific application in this paper, and we assume that the underwater 
network can be used for a variety of applications, chosen and parameterised by the user. 
The user specifies a number of requirements demanded from the network. 

The network and media access control layer ensures that information, grouped in units 
of data known as packets, reaches its destination. There are a variety of network protocols 
used underwater, [16]. The performance of the network layer, and its capability to fulfil 
the requirements set by the user depends, amongst other things, on the quality of the point 
to point links provided by the physical layer. 

The physical layer contains the programs and hardware that format and code raw data 
given up for transmission by the network layer and convert it in a pressure wave by means 
of a transducer. This layer is also responsible for detecting an incoming acoustic message 
and providing its contents to the network layer after demodulation and error correction, 
when possible. 

A few observations can be drawn from this enumeration: 
- The performance of the underwater communication link depends as much on the 

physics of the channel as on the individual characteristics and joint performance of a 
series of software modules and hardware. Quantifying the performance of that link is 
likely to require the running of these programs (network layer, and demodulation). 

- Fortunately, the problem can be at least decomposed between the performance of the 
physical layer and that of the network layer (which does depend on that of the physical 
layer). 

2. NETWORK LAYER 

For a given network deployment geometry and communication protocol, the end user 
may be interested in the following performance measures: 
- The probability of receiving a packet at its final destination (network-layer packet 

delivery ratio). 
- The amount of data that can be passed through the network per time unit (throughput), 

either for a single source/destination-pair or in total in the network. 
- The expected delay or latency for getting a packet from its source to its destination 

(delay statistics). 
- The amount of battery energy used by the communication network (energy usage, 

related to number of physical-layer transmissions per source packet) 
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An end-user can, in particular in the planning phase, also be interested in other 
questions such as “How many relay nodes do I need between my source and destination to 
achieve a required level of robustness (packet delivery ratio) and throughput, within 
constraints of maximum delay and energy usage”. 

Such questions can be answered using network simulations. These are typically run 
within discrete-event simulation engines incorporating, among other things, an 
implementation of the network protocol under study and a (simplified) model of the 
physical layer between different pairs of nodes. In addition to the propagation delay (given 
by geometry and sound speed), the physical layer is represented by a model of its packet 
error process.  

In network simulations, the packet error ratio has often been modelled by combining 
empirical models for noise and propagation loss with text-book formulas for bit and 
packet error ratios. This approach assumes that modem performance can be predicted from 
signal to noise ratio [12] alone, which is not realistic as performance is often limited by 
delay-Doppler spreading.  

For more realistic performance assessments, one first needs to run physical-layer 
simulations to provide the network simulator with packet error ratios for each link in the 
network. Physical-layer simulation results can for this purpose be stored in lookup tables, 
with, e.g., packet error ratio as a function of range in a given environment. 

Another option found in the literature is to replay actual packet error processes from 
sea trials. This approach can be used if considering the same modem / physical layer as in 
the sea trial, assuming the trial conditions are representative for the actual deployment. 

See [17] for further details and references related to the discussion above. 

3. PHYSICAL LAYER 

As explained in section 2, the network simulations require the following quantities to 
be computed for each node link: 
- Delay for every link: This delay consists of the propagation times between two nodes, 

which is probably the most straightforward to compute, with a simple propagation 
model, and that of the modem software and computing hardware (time necessary to 
encode and decode a given message). 

- The packet error ratio is the quantity of unsuccessfully delivered packets divided by 
the quantity of transmitted packets for a given link, at a given instant of time. For a 
packet to be delivered, assuming a packet is contained within a single modem 
transmission, it needs to be detected by the receiving modem (process quantified by 
the probability of detection of a message), and demodulated and decoded without 
error. Apart from the physics, this is impacted by the design of the modulation, the 
demodulation program (equaliser and other modules) and the error correction scheme. 

- The energy usage depends heavily on the hardware used, but also how efficiently the 
algorithms are implemented and parametrised (number of Doppler channels in a 
detector, probability of false alarm,…). Furthermore, the transmitter source level also 
affects the consumption. It should be noted that some of these parameters (for instance 
source level) can be adapted depending on the outcome of a performance prediction 
model (or actually experienced performance) to optimise energy usage. 

We will first examine how the probability of detection of a message can be computed 
and how it relates to sonar performance modelling. 
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3.1. Message detection 

Computing the probability of detection of a message is the task for which 
communication can borrow the most from existing work in sonar research. In many 
modulation schemes, the communication signal is preceded by a detection preamble, 
either a linear frequency modulated signal or a more complicated Doppler sensitive signal. 
Many naval active sonars transmit similar waveforms [18][19] and the theory and recipes 
to use an acoustic propagation model to compute probability of detection are well 
documented in literature [12]. Of course many issues remain that are also of interest for 
communication performance, but these are summarised in section 4. 

3.2. Message demodulation 

Roughly, two groups of modulation schemes can be distinguished: 
Incoherent modulation schemes such as frequency shift keying use energy detection to 

demodulate the information. The output of an acoustic propagation model, as used for 
determining the probability of detection, can be used to determine the packet error ratio. 
Most elements of this approach are described in [20]. 

The situation becomes troublesome with coherent modulation schemes. There is a 
bewildering array of such schemes, which have in common that they are sensitive to delay 
spread and Doppler spread. Performance modelling first requires modelling the delay-
Doppler spreading function (which is still an ongoing research topic [5]). At this stage, we 
are not aware of descriptors of the spreading function which could replace explicitly 
calculating this spreading function. Furthermore, forward scattered energy of the 
transmitted modem signal is not only difficult to exploit by the demodulating software, but 
interferes with the demodulation of the signal [21]. The relevant quantity is the signal to 
noise-plus-(self-) interference ratio. When the interference term is large, one can draw the 
analogy with a reverberation-limited sonar system. 

Finally, the definition of a modulation scheme is not sufficient to obtain the desired 
performance indicators, as the design of the demodulator software (equaliser) and 
hardware (transmitter and receiver spatial and frequential response, etc.) will influence the 
performance. The definition of what is (usable) signal and what is self-interference will 
also depend on both modulation scheme and receiver design. Quite often, the complexity 
of the demodulating software makes it impossible to “model” the performance of the 
software, the same way the performance of a matched filter or a beamformer can be 
modelled for sonar.  

Another approach is to use the modelled scattering function to generate a simulated 
signal fed to the modem software and thus compute packet delivery ratio [4]. This 
approach is also used for generating simulations from measured spreading functions. It is 
then very useful at the “a priori” stage of communication performance modelling to design 
and evaluate a (de)-modulation scheme. 

Another quantity related to the physical layer that is not directly useful for computing 
performance of the network layer, but important for system design, or system 
parametrisation is the channel capacity, which quantifies what is the maximum data rate 
theoretically attainable in a given channel [22]. This is especially relevant with the advent 
of more broadband and more efficient transducers (single crystal), as this additional 
bandwidth might not be supported by the channel. The phase response over this large 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  226



 

bandwidth also requires specific attention. At the time of writing of this paper, most 
suppliers do not seem to provide the phase response of their product and there does not 
seem to be an international standard for it. Furthermore, there is also a trend to use sonar 
systems for underwater communications, and interfacing would be facilitated by 
appropriate standards. 

4. DISCUSSION  

In this paper, we have brushed over the many topics that concern communication 
performance modelling and what they have in common with sonar performance 
modelling. Modelling of incoherent modulation schemes seems to offer the most overlap 
with sonar performance modelling [20]. Much research has been carried out on 
simulations based on measurements or an imitation of the real world. A challenging step is 
to move from simulations based on measurements or real world imitation to a-priori 
modelling, which requires a better understanding of the physical processes: 

The following topics would benefit both the fields of communication of sonar and 
performance modelling: 

- Computation of signal time series instead of only energy [5][6][13] 
- Use of appropriate statistical distributions and detection threshold [14] 
- Better modelling of the acoustic processes including the effect of the rough 

surface, including, bubbles and Doppler spread [5][13] and scattering [21] 
- Associating a prediction with a measure of uncertainty [23] 
- Standardisation of transducer phase response measurements. 
Finally, communication performance modelling is a federating discipline bringing 

together scientists from the field of acoustical modelling, sonar and digital 
communication. This might be facilitated by the organisation of workshops [24]. 
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Abstract: Sonar performance predictions are vital to the design of new sonar systems, the 
optimal deployment of existing systems and to the analysis of experimental data. The 
ocean environment has a strong influence on underwater acoustic propagation, scattering 
and noise-generating processes. This means that accurate prediction of sonar 
performance is usually achieved with computer codes that require high-quality input data 
describing meteorological, oceanographic and geological conditions in the environment 
of interest. Data describing environmental conditions are available from databases and 
forecasts but significant uncertainties are associated with them. These uncertainties may 
come from a fundamental lack of knowledge of, for example, the properties of seabed 
sediments. They may also stem from modelling uncertainties in forecasts that predict 
ocean and weather conditions. Further input-data uncertainties arise from the precision 
to which the problem under study is defined in terms of temporal and spatial spreads for 
which ‘representative’ sonar-performance predictions are required.  
A second source of uncertainty arises from the adversarial nature of anti-submarine-
warfare scenarios for which sonar-performance calculations are required. Submerged 
targets will modify their behaviour to minimize detectability and any prediction of sonar 
performance is subject to potentially large changes arising from choices made outside the 
control of the sonar operator. 
A methodology is described that captures uncertainties associated with input-data and 
tactical considerations and produces estimates of their impact on measures of sonar 
performance. Input-data-uncertainty impacts are quantified via a “scaled sensitivity” 
parameter that measures the importance of uncertainty, including all inter-parameter 
dependencies. Tactical uncertainties are handled using game-theoretic approaches. 

Keywords: Sonar, Uncertainty, Environmental, Game Theory. 
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1. INTRODUCTION   

Any lack of knowledge (uncertainty) associated with input data for sonar performance 
calculations causes a spread in possible values for Measures of Performance (MOPs) used 
to quantify sonars’ utility. Studies directed at relating this ‘output uncertainty’ to input-
data uncertainty are conceptually simple in that repeated calculations may be performed 
with environmental data that capture the input uncertainty. These results can be treated 
statistically and performance quantified using measures of ‘best estimate’ (e.g. mean or 
median) and ‘spread’ (e.g. standard deviation or inter-quartile range). However, concisely 
summarising the results of such studies – which may involve thousands of individual 
calculations – remains an issue. 

The situation is further complicated if the sonar application under study is Anti-
Submarine Warfare (ASW) which is adversarial in nature. In such situations, sonar MOPs 
are strongly affected by tactical choices made by the submarine target. These choices 
represent a ‘tactical uncertainty’ and, while of a fundamentally different nature from 
input-data uncertainty, they also add to the spread of possible values that might best 
describe sonar performance in a given situation. This form of uncertainty is poorly 
handled by the Monte-Carlo techniques used with environmental data because target 
choices are not well-described by random models.  

In this paper we describe an approach by which both tactical and environmental 
uncertainty are included in sonar performance modelling studies aimed at answering two 
basic questions: 

1. Which environmental parameter’s uncertainty is the most important? 
2. What are the consequences of this uncertainty? 

Answers to these questions may be provided only for specific scenarios defined in 
terms of a place and a time of year. General conclusions that are ‘portable’ across different 
parts of the world and different seasons are not possible because the size of parameter 
uncertainty varies significantly with time and location. For example, the spread of possible 
wind-speeds within a single season will be very different in Winter and Summer in a given 
location and will vary with location for a given season. Furthermore, the consequences of 
that uncertainty will depend on the values for other environmental parameters, such as 
ocean sound-speed, which will also vary with time and location. Thus, single definitive 
answers to the two questions above are not sought. Instead, answers are provided for a 
particular ocean area, within separate seasons of the year.  

2. TACTICAL UNCERTAINTY 

Submarine targets can adapt their behaviour to minimise their chances of detection. 
This may involve changing course and speed to reduce target strength (TS) and relative 
Doppler shift. Because layers in the ocean sound-speed profile (SSP) result in detectability 
changing significantly with target depth, the target may also seek an operating depth that 
minimises its chance of detection.   
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 ZTarget 
 
 
 
ZSonar 

Rdet(km) 10 20 30 50 90   
25 36 37 11 11 7 p=0.39 
35 8 26 24 32 28 p=0.61 
55 2 14 13 35 31 p=0 
95 2 7 3 30 34 p=0 
 p=0.32 p=0 p=0.68 p=0 p=0  19 km 

 
Table 1: Illustrative values for detection range for various target and sonar depths. The p-

values indicate players’ optimal ‘investments’ for each choice. The bold value in the 
bottom-right shows the ‘value’ of the game, being a sum of the p-weighted values . 

Table 1 shows illustrative values for detection range in a particular environment for 
several choices of sonar and target depth. High values result from sonar and target being at 
near-matching depths and low values from mismatches. The sonar cannot ensure a large 
detection range without knowing the target depth and the target cannot minimise detection 
range without knowing the sonar depth. The optimal (minimax) solution in this case can 
be found by each player determining the worst possible outcome for all of his choices and 
attempting to minimise this ‘worst case’. This is a standard procedure in game theory [1] 
for two-player, zero-sum games played by equally-informed, rational opponents. The 
solution gives ‘investments’ (shown by p-values in the table) that each player should place 
in each choice to yield the optimum return. The nature of the investment can be related to 
deployment of separate assets (e.g. sonobuoys) at different depths or to proportions of 
time to be spent at each depth by a variable-depth sonar. Choices which are always worse 
than an alternative receive zero weighting. The final ‘value’ of the game is p-weighted 
sum of all possible options. It represents an estimate of the likely detection range, taking 
into account each player’s likely (but unknown) behaviour. This is a better estimate than a 
mean or median value over the table that would include the effects of sonar/target choices 
that would never be made by rational players.  

In some situations, the approach above may be unnecessary and a single target depth 
may be assumed. This may be because of the role assigned to a sonar (e.g. to search for a 
deep target because another detection method will be used for shallow targets) or because 
a target will, for example, be forced to come to periscope depth at some stage and this is 
identified as being the best opportunity for detection and therefore the situation for which 
sonar depth should be optimised.  

3. ENVIRONMENTAL UNCERTAINTY 

The results shown in Table 1 are specific to one set of environmental data and the 
‘value of the game’ represents a good estimate of the likely detection range given those 
data. The detection range values are specific to meteorological data (e.g. wind speed), 
oceanographic data (e.g. sound-speed profile), geological data (seabed type and scattering 
strength) and data describing the TS. None of these data are perfectly known and their 
uncertainty equates to an uncertainty in performance predictions. 
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Capturing input-data uncertainty requires knowledge of the potential spread in data and 
this is not always included in databases. In some cases – such as wind-speed -  uncertainty 
can be quantified by a standard deviation value about the climatological value. In other 
cases – such as SSP – the uncertainty is not only rarely given but it is also impossible to 
quantify by a single number. Some types of data – such as seabed type – are subject to 
very large uncertainties because of a basic lack of human knowledge about the ocean 
environment.  

Another type of uncertainty arises because of ‘specification spread’, i.e. the range of 
conditions that could fall within the description of the problem under study. For example, 
a quantification of sonar performance may be required “In the North Sea in Winter” but 
many sets of environmental conditions fall within this broad description and this 
represents another source of uncertainty. 

Once input uncertainty is captured, its consequences can be predicted by Monte-Carlo 
methods producing statistical descriptions from repeated calculations using input data 
within the uncertainty bounds. However, concise summary of these results is a challenge 
because the consequences of uncertainty in one parameter depend on the values chosen for 
other parameters. For example, the consequences of uncertainty in seabed type are 
different for upward-refracting SSPs than for downward-refracting. Thus, the uncertainty 
in each parameter has many potential impacts on the output. 

 In the study reported here, the relative importance of uncertainty in different 
parameters was quantified by the concept of “scaled sensitivity” (Ss) which was a measure 
of “The average consequences of varying a parameter within its uncertainty, divided by 
the average consequences of keeping the parameter constant and varying all others 
within their uncertainties”. This calculation process is shown schematically in Fig. 1.  

  
 
 
 
Study 
Param. 

Case ->  
 1 2 3 … … … N=NTot/4 Spread Avg 
V1 AER11 AER12 … … … …  AER1N Δr1  

 
<Δr> 

V2 AER21 … … … … … … Δr2 
V3 AER31 … … … … … … Δr3 
V4 AER41 … … … … … … Δr4 
Spread Δc1 Δc2 … … … … ΔcN 

SS= <Δc>/< Δr> Avg <Δc> 

 
Fig.1: Calculation of scaled sensitivity Ss for a study parameter with 4 values as part of 

a study with NTot total combinations of environmental conditions.  
 
Fig. 1 shows a situation in which sonar performance has been quantified via “area-

equivalent range” (AER) which is the radius of a circle with area equal to the sonar’s 
coverage area. AER is calculated for NTot environments covering the combined 
uncertainty in all input parameters. One of these has four values, V1 to V4 and the AER 
values are sorted into a matrix such that the study parameter varies down columns while 
all other parameters remain the same. The spread of AER values down a column 
represents the consequences of uncertainty in the parameter for one combination of all 
other parameters. The average over all columns represents the average consequences of 
the parameter uncertainty. This is scaled by the average of the spread over matrix rows, 
representing the average consequences of changing all other parameters while holding the 
study parameter constant. If the resulting Ss value is higher than 1, this indicates that the 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  232



 

parameter uncertainty is, on average, as important as the uncertainty in all other 
parameters combined. Ss values approaching 2 indicate a parameter whose uncertainty is 
near-dominant. 

4. CAPTURING INPUT SPREAD 

Input spread was captured via an assessment of the uncertainties likely to be associated 
with a study of sonar performance in a broadly specified area  (the Southwest approaches - 
SWAPPS) in Spring, Summer, Autumn and Winter. For each area/season combination, 
environmental uncertainty was captured in a manner shown in Table 2. 

 Parameter Name 
Wind-speed 

(m/s) 
SSP Seabed Index TS  

(dB re m2) 
Lambert μ 

(dB) 
‘Low’ 
Value 

 
 

0 Shallowest 
point inside 
100 km square 

1 Extremely Coarse Sand 5 -27 

 2 Medium Sand (b)   

W
clim

/2 3 Fine Sand(b)   

 
 
 
 

‘High’ 
Value 

W
clim

 Central 
location 

4 Very Fine Sand  -22 

½(2Wclim+3ws)  
 
Deepest point 
inside 100 km 
square 

5 Very Fine Sand(b)   

 6 Coarse Silt   
W

clim
+3

ws
  

7 Medium Silt(b) 
15 -17 

 
Table 2: Input-data Spread. 

Wind-speed was taken from KNMI databases [2] of climatological wind-speed and 
standard deviation. These values were used to produce five values spread between zero 
and the climatological value plus three standard deviations. The middle value was equal to 
the climatological value. SSP data were taken from the World Ocean Atlas [3] at the 
centre point of the defined area and deviations from this were taken as the SSP at the 
shallowest and deepest point within 100 km of the central point. Seabed type is typically 
not well known and a wide variation over seven possible types was taken from ocean-
acoustic literature [4]. Seabed scattering strength is an important parameter for shallow-
water active sonar and this property, quantified by the Lambert-μ parameter [5], was 
varied by +/- 5 dB about a central value of -22 dB. Target strength was also included in 
the input spread, even though it is not strictly an environmental property. This was done so 
that the consequences of uncertainty in other parameters could directly be scaled against 
that of an important sonar parameter also subject to considerable uncertainty.  

5. RESULTS 

Environmental input data covering the uncertainties described in Table 2 were used as 
input to a mathematical model [6] that predicted target echo level as a function of target 
range, along with sources of interference such as ambient noise and reverberation [7]. 
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These descriptors were combined with a detection threshold (DT) representing the signal-
to-noise ratio (SNR) necessary for a 50% probability of detection, consistent with an 
acceptable level of false alarms.  The total area in which the SNR was greater than the DT 
was then calculated and converted to an AER. This process was done once for a target at 
periscope depth and once for a minimax solution to a game table similar to Table 1 with 
target and sonar depths chosen to represent sensible deployment depths (e.g. best-
detection depth, best-evasion depth, etc.) given the local SSP.   

Fig. 2 shows results for a study in the SWAPPS area in four seasons. The top panel has 
bars showing Ss for the five uncertain parameters with blue bars indicating results of the 
minimax calculation and red bars showing results for a target placed at periscope depth. In 
each season, the most important parameter is identified as being the one with the highest 
Ss. It is interesting to note that this parameter changes with season and is not always the 
same for the minimax and periscope-depth cases. The lower panel of Fig. 2 shows a 
‘reduced spread’ plot where AER values are plotted as a function of the most important 
parameter and uncertainty due to other parameters is summarised by “bar and whisker” 
plots showing 25th, 50th (median) and 75th percentiles along with outliers plotted as dots. 
One bar-and-whisker is plotted for each value of the most important parameter so that the 
results for January for the periscope-depth target have two bars (one for each TS) and five 
values (one for each wind-speed) for the minimax target. Y-axis markers have been 
removed to avoid making the data sensitive. 

Fig.2: Scaled-sensitivity and reduced-spread plots for a-
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The spreads in Fig. 2 are 
large and wind-speed is the largest source of uncertainty in more than half the cases 
plotted. Bar-and-whisker plots for cases where wind-speed was the most important 
uncertainty show an interesting feature of a maximum in AER values for small but non-
zero wind-speeds. This is a consequence of the complicated dependence of detection on 
wind-speed which affects ambient noise, target echo level, seabed reverberation (via 
surface-reflection loss) and sea-surface reverberation. The AER maximum occurs for 
wind-speeds high enough for surface reflection loss to suppress high-angle paths 
responsible for seabed reverberation while low enough for sea-surface reverberation and 
ambient noise to remain small.  

The lower panel of Fig. 2 shows dots along with the bar-and-whisker plots and these 
are ‘outliers’. They are defined to be values above (or below) the 75th (or 25th) percentile 
points by more than 1.5 times the inter-quartile range. Outliers are most commonly 
observed for cases where AERs ‘top out’ at the maximum value considered, 
corresponding to the upper limit of the y-axis. In these cases, the estimate of the 
interquartile range is corrupted by the topping-out and many points are identified as 
outliers. 

In general, the spreads on AER values can remain high even when the most uncertain 
parameter is extracted. For example, the AER values for the lowest wind-speed in the 
January and April cases have an interquartile range that is more than half the size of the 
maximum AER considered. This represents a situation where AER is highly uncertain. In 
this way, the approach outlined here does not ‘solve’ the problem of uncertainty in the 
sense of removing uncertainty from predictions. It allows those situations for which 
uncertainty is high to be identified along with those where it is more manageable, such as 
for the highest wind-speed considered in January and April for the minimax case.  

The results in Fig. 2 are representative of the situation for a-priori planning where the 
time before an operation is too large for a reliable weather forecast to be available. Fig. 3 
shows similar plots for a situation in which the uncertainty on wind-speed has been 
reduced to +/- 10% - representative of the uncertainty associated with a next-day weather 
forecast. Wind-speed is no longer the most important uncertainty and the spreads on the 
bar-and-whisker plots are now much reduced with respect to Fig. 2. 

 

 
Fig.3: Scaled-sensitivity and reduced-spread plots for next-day planning. 

 
Comparison of Fig. 2 and Fig. 3 shows how the uncertainty associated with predictions 

of sonar performance reduces as better environmental information becomes available. It 
also shows that any further reduction in wind-speed uncertainty would not strongly change 

priori planning.
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the total uncertainty in AER since this is now more strongly affected by uncertainties in 
TS and SSP.  

Knowledge of the most important sources of uncertainty allows the prioritisation of 
environmental-assessment activities so that effort can be directed at measuring the most 
important parameters. It also allows analysis of optimum tactics in terms of ‘best-case’ 
and ‘worst-case’ scenarios that might occur within the AER uncertainty. One final benefit 
of the type of uncertainty data shown in Fig. 2 and Fig. 3 is that it allows the user to ‘know 
what they do not know’, i.e. to be aware that the sonar-performance prediction made for 
best-estimate conditions is not an absolutely accurate value that can be used to plan very 
precise tactics or deployment options.  

6. CONCLUSIONS 

A method has been outlined that allows the effects of both tactical and environmental 
uncertainty to be summarised. The parameter whose uncertainty is most important can be 
identified via the concept of scaled sensitivity. The importance of this uncertainty can be 
shown by ‘reduced spread’ plots that show how detection range varies with the most 
important parameter, while uncertainty due to other parameters is summarised by bar-and-
whisker plots capturing median and interquartile spreads.  

For the area studied the most important parameter was shown to vary with season. 
Wind-speed was most frequently identified as the parameter with the most important 
uncertainty for cases representing predictions made months/weeks in advance when no 
reliable weather forecast is available. When wind-speed uncertainty was reduced to be 
representative of a situation where operations are to be planned for the next day, and a 
reliable weather forecast is consequently available, other parameters’ uncertainty was 
shown to be more important. 
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Abstract: The objective of this paper is to describe the behavior of the Bellhop Gaussian 
Beam Model when beam displacement terms and boundary reflection images are included. 
Beam displacement is a horizontal shift of the reflected ray at sub-critical angles from a 
hard bottom caused by the reflection’s phase delay. Beam displacement primarily affects 
the phase of the field. Boundary reflection images augment the central ray with surface 
and bottom image beams and primarily affect the level of the field. The goal is to 
determine if these terms will improve the low-frequency, shallow water performance of the 
Gaussian beam model. Our approach is to measure the validity of Bellhop’s Gaussian 
Beam Model predictions at water depth/wavelength (h/λ) ratios smaller than the usually 
ascribed Bellhop limitation of h/λ > 20 by comparing the resulting intensity predictions 
with a normal mode exact solution PROLOS. The conclusion of this examination shows 
that the inclusion of beam displacement and boundary image beams does greatly enhance 
the low-frequency shallow water accuracy of Bellhop. 

Keywords: beam displacement, reflection images, ray/mode comparisons 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  237



 

1. INTRODUCTION 

It is commonly accepted that ray theory is accurate in a high-frequency regime where 
the water depth/wavelength ratio h/λ ≫1. In practice, the ray model Bellhop suggests its 
validity extends down to h/λ > 20. As there is a need for a valid model in shallow water at 
low frequencies that is fast and includes range dependence, it would be advantageous to 
extend the range of Bellhop to lower frequencies where the boundaries, particularly the 
bottom interface, are intrusive. One extension to ray theory is to include the phase of the 
bottom’s reflection coefficient in the stationary phase evaluation of the Helmholtz integral. 
This extension is called “beam displacement”. Beam displacement refers to the lateral 
displacement of the ray path when it intersects the bottom at sub-critical angles. It is 
expressed mathematically as the change of the reflection phase with respect to 
wavenumber and the equation for the horizontal displacement of the ray is a complicated 
function of frequency, grazing angle, sediment sound speed and density. A second 
extension to ray theory in the immediate proximity to the boundaries is to allow the 
Gaussian beam’s spatial extent to ensonify the receiver both before and after reflection 
using ‘image beams’ that contribute coherently to the central ray. Statistical comparisons 
of the correlation and mean error between these extensions and an exact solution will be 
presented that show improvements in accuracy.  

2. MATHEMATICS 

2.1  Gaussian Beams 

Gaussian Beams are constructed using the standard ray tracing systems of equations for 
describing the path of the central ray in the beam and therefore its phase.  A second system 
of equations is defined for determining the extent of spread of the beam about the central 
ray that provides the magnitude of the pressure. This latter set of equations defines a 
beamwidth parameter q which appears in the pressure in the Gaussian Weighting function 
and an amplitude term, exp[n2/2Bq2] / √q, where B is a constant related to the ray angle 
spacing and n is the normal distance from the ray to the receiver depth. A simple 
expression for q is found in closed form for a linear SSP as:  
 

q = (sinθa - sinθ)/(gD2 )        (1) 
 
where θa is the angle at the start of a ray step within a SSP layer and θ is the angle at the 
end of the step within that same layer. The symbol g is the constant gradient of the layer 
and D is Snell’s constant D = cosθ0/c0. It can be seen that a caustic will be formed 
whenever the ray is nearly horizontal in the layer, so that q ~ 0. Additional terms must be 
added to q to satisfy continuity conditions whenever the beam traverses into a new SSP 
layer or reflects from a boundary. Details of these terms can be found in [1] where they are 
called ‘jump conditions’, but these details are not important to the study in this paper, so 
are not included here. 
    Because there can be large changes in q from step to step, the variable is interpolated 
according to the distance the ray has travelled between steps based on the location of the 
ray normal n between the ray and the receiver point (see Fig. 1). The interpolating fraction 
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is the proportional distance along the ray from the i-1th step to the normal and is used to 
interpolate the values of the intensity factor q and the ray time delay τ which determines 
the ray phase.  
 
 
 
 
 

 
Fig. 1: Drawing of the relative positions of the ray steps in range and depth with relation 

to the receiver position [rr, zr], the interpolation fraction f and the normal distance n. 

2.2  Beam Displacement 

According to [2], the reflection coefficient and phase from the sediment below the 
critical angle are: 
 = 		 ,										 = 	−2	tan ⁄ ,    (2)  

 
where the densities are ρ and the vertical wavenumbers are . The technique of stationary 
phase provides the range, Δ, traveled by this ray while being reflected, hence the term 
beam displacement. The equation for Δ is obtained from the derivative of the phase with 
respect to the wavenumber k. It may be written as: 
 =	 	 	 		√ 	 ,       (3)  
 

where the symbols are defined as  =	 ⁄ , =	 −⁄ , = 	 − , and = 	 	 . Beam displacement is included in Bellhop [3].  In this form, it is easy 
to identify the dependence on frequency, grazing angle and critical angle. The 
displacement will increase as frequency is lowered because of the wavenumber factor in 
the denominator. The displacement will also increase as the grazing angle becomes 
shallower because of the cotangent dependence in the numerator. Finally, the 
displacement will increase as the grazing angle approaches the critical angle when the 
term b under the square root in the denominator will approach zero. Thus, there is a 
minimum formed between zero grazing and the critical angle. 
    One insightful method for understanding beam displacement is the effective depth 
approximation [4], illustrated below in Fig. 2 where a depth ΔH is defined into the 
sediment to allow the ray to ‘turn’. 

 
Fig. 2: Diagram of effective depth ΔH, and beam displacement Δ. 

*  [rr, zr] 

| [ri-1, zi-1] 

|  [ri, zi] 
f 

n
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    Using this physical approach, the beam displacement from the effective depth 
approximation produces an equation very similar to Eq. 3. It has the correct low-angle 
behavior and is infinity at zero grazing angle, but it doesn't have the correct behavior near 
the critical angle because it lacks the term √  in the denominator, as shown in Fig. 3. 
Thus, the phases of rays near the critical angle will be slightly off under this 
approximation.  

 
 

Fig. 3: Beam displacement: exact (solid line), effective depth approximation (dashed line). 

    The inclusion of sloping bathymetry is discussed in [5]. A ray plot of two rays, the 2° 
and the 0.5° rays, is shown in Fig. 4 where the sound speed profile is downward refracting 
and the bathymetry is given a uniform slope from 50 m to 80 m over 10 km (a 0.17° slope 
angle). The beam displacement is large at these shallow angles and one can see the 
increase in displacement as the depth of the bottom increases which makes the grazing 
angle shallower.  

 
Fig. 4: Ray trace showing the beam displacement for two shallow rays in a downward 
refracting profile over a downward sloping bottom. The displacement is significant for 

very shallow grazing rays. 

    In ray theory, the additional time delay associated with the ray’s travel through the 
sediment is computed as: 
 = Δ .        (4)  
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This extra delay proves critically important to obtaining phase matching with normal 
mode theory. 

2.3  Image Beams 

Image beams are defined as the mirror image of the ray above and below the 
boundaries. This means the ray location is changed but all the quantities obtained from the 
ray tracing (in particular, q and τ) remain the same. For the surface-reflected image, the 
ray within the water column at step i-1 has the position , ,  and the image ray 
above the surface has the step position  , −  as shown in Fig 5. An extra reflection 
coefficient and phase are added to the amplitude and phase of the pressure of the image 
ray. In the case of the surface reflection, the reflection phase is π. This is equivalent to 
subtracting the image from the eigenray, which in turn makes the pressure zero when the 
receiver is exactly at the surface, as required by the boundary conditions for a pressure 
release surface. The remaining assembly of the ray intensity contribution proceeds just as 
it had with the water column ray, using the interpolating fraction fs to compute the 
contributions of beamwidth q and time delay τ from the stepped interval of the ray.  
  
  
 
 
 
 
 
 

 
 

 

 

Fig. 5: Ray and image ray above the surface. Ray steps differ by the sign of the ray depth. 
Interpolating fraction fs and normal ns will equal f and n whenever the receiver point is on 

the boundary. 

    For the bottom image (invert Fig. 5), the procedure is the same except the i-1 step of the 
ray position of the image below the bottom of depth H has the position  , 	2 − . 
In this case, the interpolating fraction must be adjusted to remove the factor of 2H. For the 
bottom image ray, another reflection coefficient and phase from the sediment are added to 
the amplitude and phase of the pressure, computed using the ray angle at the i-1th step. 

3. COMPARISON OF TL WITH BEAM DISPLACEMENT AND IMAGES 

The Pekeris environment chosen for these tests is that given in [2]. It consists of an 
isospeed water column with speed c1 = 1508 m/s; a water depth of 50 m; sand bottom with 
density ρ2 = 1.25, sound speed c2 = 1605 m/s, and attenuation α2 = 0.11 dB/mkHz; with 
the critical angle = ⁄ = 20.0216°. The normal mode results were trivial 
to reproduce using PROLOS, a normal mode code [6]. At frequency f = 140 Hz there are 3 

*  [rr, zr] 

| [ri-1, zi-1] 

|  [ri, zi] 
f 

n

| [ri-1, -zi-1] 

|  [ri, -zi] 
nS 

fS 
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trapped modes with phase speeds and grazing angles: v1 = 1514.9595 m/s; θ1 = 5.4940°; 
v2 = 1536.4097 m/s; θ2 = 11.0354°; v3 = 1573.6938 m/s; θ3 = 16.6135°.  

3.1  Beam displacement 

An example comparison of the exact normal mode result from PROLOS vs Bellhop’s 
Gaussian beam prediction with and without beam displacement is shown in Fig. 6. The 
beam displacement causes a shift in phase of the transmission loss and the correlation 
between PROLOS and Bellhop increases from 0.653 to 0.826 when beam displacement is 
included. However, the rms DB error is about the same for both.  

 

Fig. 6: Tindle test case at 140 Hz. Black = exact (PROLOS), red = Bellhop with beam 
displacement, blue = Bellhop without beam displacement. Nether Bellhop run included 

boundary images. 

3.2 Boundary images 

An example comparison of the exact normal mode result from PROLOS vs Bellhop’s 
Gaussian beam prediction with and without boundary images is shown in Fig. 7. The 
boundary images add energy to the field and bring the exact solution and Bellhop solution 
in much closer level agreement. While the correlation remains essentially the same, the 
rms DB error falls from 4.36 dB to 1.22 dB when the boundary images are included.  

 
Fig. 7: 140 Hz calculation. Black = exact (PROLOS), red = Bellhop with boundary 

images, blue = Bellhop without images. Both Bellhop runs included beam displacement. 
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3.3  H/λ study with beam displacement and images 

Throughout this study, it was evident that for coherent TL comparisons, both the 
position and the level of the structure of the TL need to be compared. Two separate 
statistical measures were computed to try to capture this amplitude and phase matching. 
Correlation measures the goodness-of-fit of peaks and nulls while mean coherent error 
measures level differences. In the computation of the mean error, it is important to try not 
to include the nulls because deep nulls (in dB) will probably not be well matched and can 
skew the statistic. Therefore, the data were detrended and dB level-windowed and range- 
windowed to exclude the short range < 1 km before the mean difference in dB was sought. 
This means that this statistic is not a rigorous measure of level difference and can only 
serve as a representation of level differences between various tests. 
    Fig. 8 compares the correlation coefficient between the algorithms outputs and the exact 
solution. Beam displacement is included in all solid curves and is absent in all dashed 
curves. The code with the images is shown in red, the original non-imaged code is shown 
in blue. It is clear that beam displacement produces a better phase match because the 
correlation is consistently very high. It is worth noting that data points (not plotted here) 
for h/λ = 13.3 (400 Hz) and 19.9 (600 Hz) were both 0.98. In addition, the code with the 
images is equal to or better correlated than the original as the frequency falls. Correlation 
remains very high, (0.94) down to h/λ = 5 after which it begins to decrease. 
 

 
 

Fig. 8: Comparison of correlation coefficients. 

 Fig. 9 displays the comparisons of the mean absolute coherent error beyond 1 km. To 
obtain these errors, the TL was detrended in range, then windowed to exclude the deeper 
nulls. The errors are computed as dB differences and are intended only to provide a 
comparison between methods. The figure shows that the algorithm with images is 
consistently better, having less error than the original code. In addition, the figure shows 
that including beam displacement lowers the coherent errors. It appears that the most 
noticeable departure in all these figures occurs below 140 Hz, where h/λ = 4.6. 
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Fig. 9: Comparison of mean absolute coherent error from 1 km as a function of h/λ. 

    It appears that beam displacement provides the proper phase delay to cause the 
Gaussian Beam algorithm to correlate well with the exact solution in the placement of 
peaks and nulls, whereas the image beams provide the missing energy to raise the level to 
be commensurate with the exact solution. Either addition alone is not sufficient to make a 
good match to the exact solution, but taken together the result is a significant improvement 
to lower frequencies than conventional ray theory. 
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Abstract: During the 2013 Target and Reverberation Experiment (TREX13) reverberation and
echo data were collected using a fixed source and fixed horizontal array deployed in shallow water
in the Gulf of Mexico. Various pulses in the 1.8 to 3.6 kHz band were sent, day and night over
a 4-week period, and an extensive analysis of the reverberation data made (J. Yang et al., IEEE
J. Oceanic Engineering, TREX13 Special Issue, 2017). Modelling efforts (Ellis et al., IEEE J.
Oceanic Engineering, TREX13 Special Issue, 2017) concentrated on analysis of reverberation and
estimation of scattering strengths using a range-dependent adiabatic-mode reverberation model.
For that work, the bottom scattering assumed a Lambert scattering coefficient. Here, that work is
extended to investigate other scattering functions. There is some indication that the reverberation
drops off as range (or time) to the −3.5 power, intermediate between Lambert’s rule and small
roughness scattering. In addition, initial estimates are made for the strength of echoes from fixed
scattering objects, a towed echo repeater, and the tow ship itself. [Work supported by the US Office
of Naval Research, Code 322 Ocean Acoustics]

Keywords: TREX Experiment, reverberation, target echo, range-dependent modelling, normal
modes, energy flux, scattering functions, Gulf of Mexico, towed array
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1. INTRODUCTION

TREX was a series of Target and Reverberation Experiments sponsored by the US Office of
Naval Research (ONR) in the Gulf of Mexico off Panama City, Florida, USA. Their unique feature
was a fixed source and fixed receivers deployed in about 20 m of water, with the acoustic exper-
iments being complemented by an extensive set of environmental measurements to facilitate the
understanding of the underlying reverberation and clutter mechanisms, and to support quantitative
modelling. The reverberation experiments were primarily organized by the Applied Physics Lab-
oratory at the University of Washington (APL/UW). A preliminary test was conducted in April
2012, with the main experiments conducted 22 April to 16 May 2013. During part of that period
Defence Research & Development Canada — Atlantic Research Centre participated along with
their Research Vessel CFAV Quest and conducted target echo experiments. Extensive environ-
mental measurements were made before, during, and after the main experiment. Results are being
collected in special issue of the IEEE Journal of Oceanic Engineering [1].

The main focus was the reverberation experiments, where various pulses in the 1.8 to 3.6
kHz frequency band were sent, day and night for several weeks, and received on a horizontal
line array. An extensive analysis of the reverberation data has been made by Yang et al. [2].
Modelling efforts by Ellis et al. [3] concentrated on interpretation of the data, calibration of the
matched filter output, and estimation of scattering strengths using a range-dependent adiabatic-
mode reverberation model. For that work, the bottom scattering was assumed to be Lambert
scattering. Here, that work is extended to handle other scattering functions. In addition, an initial
attempt is made to model the strength of echoes of LFM pulses from a towed echo repeater, the
tow ship itself, and fixed scattering objects.

2. TREX OVERVIEW

Figure 1 shows the TREX site, and 2013 deployments. The source and FORA triplet array [4]
were fixed near the bottom in about 20 m water, moored to research vessel R/V Sharp. The data
were received on a 48-element array deployed horizontally in a fixed position about 2.1 m from the
bottom. Each of the elements were triplets, so the “left-right” ambiguity was resolved, and beams
could be formed in the full 360◦ azimuth [5]. The 0.2-m spacing between the elements made
the aliasing frequency about 3.8 kHz for a sound speed of 1525 m/s. At half-wavelength spacing

[Figure from Hefner & Tang, UACE 2014]

Fig. 1: TREX site showing bathymetry and deployments. The ITC-2015 source and FORA
horizontal array are fixed near the bottom in about 20 m water. Water depths range from 12 m

(red) to 21 m (dark blue). The Main Track is about 7 km and of nearly constant depth; sand
dunes are 1–2 m in height, and several hundred meters apart.
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Fig. 2: Polar plot of array beam time series – uncalibrated differences between measured data
and Clutter Model prediction, adjusted to be 0 near the array. The circle is at 5 s (3.8 km). A

number of scattering objects are evident.

the 48 elements correspond to roughly 96 independent beams, though generally more were used
(often 157 beams equally spaced in cosine of the steering angle). The omnidirectional ITC-2015
source, also fixed, was deployed nearby 1.2 m from the bottom. Typical pulses were CWs at 1.9,
2.7, and 3.6 kHz, and LFMs in the bands 1.8–2.7, 2.7–3.6, 1.8–2.0, 2.6–2.8, and 3.4–3.6 kHz. The
source levels varied slightly over the band, but were roughly 200 dB re 1µPa at 1 m, and produced
reverberation which dropped into the noise after 5 to 10 s depending on conditions.

Figure 2 shows a polar plot of the array beam time series, averaged over ∼90 pings, and
superimposed on the bathymetry. The data are from a 1.8–2.7 kHz LFM, and differences between
the measured reverberation and prediction from the Clutter Model [3] are displayed. The data-
model differences have been adjusted to be near 0 dB bear the array. A number of scattering
objects show up —some co-incident with known objects— and there are peaks in the reverberation
along the Main Track that are correlated with high-resolution bathymetry.

The correlation between the sand waves and reverberation is shown in Fig. 3 which illustrates
an implied Lambert scattering strength vs water depth, with the higher scattering coming from
the troughs rather than the crests, as models would predict [3] from a uniform scattering strength.
This implies some material properties in the troughs, which other researchers are investigating.
Here we just concentrate on the lower envelope of the scattering.

2.1. Modelling
For comparisons with data, several models were used. The primary model for the data inter-

pretation was the Clutter Model, which has based on the adiabatic normal modes and can handle
bistatic geometry and towed array beam patterns [3]. For more detailed comparisons along a single
radial, a simpler monostatic version, R2D3, with omnidirectional source was used. For the latter,
the effects of the towed array beam pattern can be approximated by an effective vertical beam pat-
tern [6], which at low angles can be reduced to an effective beam width (EBW) [3]. These models
can handle a sound speed profile and layered bottom, but are currently restricted to Lambert’s rule
for the bottom scattering function. The calculations from Ref. [3] used a bottom half-space with
properties obtained from previous experiments in the area: sound speed cb = 1680 m/s, density
ρb = 2040 kg/m3, and attenuation δb = 0.84 dB/wavelength, or 0.5 dB/(m·kHz). There was a
slight gradient in the water, but a constant sound speed of 1525 m/s was often used.

To test other bottom scattering functions, some analytical methods [7] were used for a Pekeris
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Fig. 3: Implied Lambert scattering strength for 3.4–3.5 kHz LFM along the TREX Main Track
compared with bathymetry.

environment, which was quite close to the TREX environment. For scattering functions of the
form S(θ, θ′) = µb(sin θ)

n(sin θ′)n, where the θ are grazing angles and µb the strength, Ainslie has
developed expressions for range-dependent reverberation [7]. Here, we use the range-independent
expressions

Rb

SE
=

cbµb
8rn+2

γ(n
2
+ 1

2
, χ2)

H2(η/H)n+1
, (1)

whereH is the water depth, r the range, b = 2n, χ = (ηr/H)1/2θc, η = δb
20π log10 e

ρb
ρb

(
cw
cb

)2
(sin θc)

3,
and γ is the incomplete Gamma function. For the case of Lambert scattering n = 1, the expression
simplifies to

Rb

SE
=

cbµ2

8r3η2
[1− e−χ

2

]. (2)

From a TREX13 Workshop (B.T. Hefner, Private communication, Sept. 2016), a strawman en-
vironment isH = 19.6 m, cw = 1525 m/s, cb = 1660 m/s, ρb/ρw = 1.9, δb = 0.5cb dB/wavelength
from which we get η = 0.791 and θc = 23.7◦.

Figure 4 shows reverberation calculated using flux methods for the strawman environment,
with different power law scattering functions, compared to measured data from 2.7–3.6 kHz LFMs
along the Main Track. The trend of the data seems best fit with S(θ, θ′) = µ3(sin θ)

3/2(sin θ′)3/2

scattering; i.e., a sin3 backscattering rule. Note the data begin to drop into the noise at ∼7 km
(10 s).

3. RESULTS

Previous work concentrated on the reverberation data. Here we wanted to look more at the
target echo. Run 82 (JD130 1700–1730Z) seemed a good data set, since it had a low wind speed
and significant wave height (Fig. 4 of [8]). The pulses were 1.8–2.7 kHz LFMs with source level
of 197.6 dB re 1µPa at 1 m (1µPa2m2) for duration 0.5 s, and 5% Tukey shading at each end.
Accounting for the 0.3 dB reduction due to Tukey shading, that gives a source energy level SE
of 194.3 dB (re 1µPa2m2s). The data were beamformed using Hann windowing and cardioid
beamforming of the triplet array [5], and the correlation output was calibrated using the matched
filter procedure from the Appendix of Ref. [3].
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3.1. Reverberation
The time resolution of a 900 Hz bandwidth pulse is roughly 0.0011 s, but there will be time

spreading due to multipath propagation and other effects. The matched filter output was sampled
at 3125 Hz, but smoothed over 0.0125 s using a 39-point Hann window. It is assumed that this
will capture the time spreading, so for the model calculation the pulse is assumed to be of dura-
tion 0.0125 s, and have the same energy as the transmitted pulse. The array was pointed in the
direction 355◦, so the effective reverberation response (compared to an omnidirectional receiver)
is −16.19 dB for the beam along the Main Track (bearing 129◦), and −17.31 dB along the Clutter
Track (bearing 240◦).

Figure 5 shows reverberation data along the Clutter Track compared with predictions from a
range-independent model and various scattering functions. Though not as clear as for the Main
Track the sin3 backscatter seems to provide a better fit than Lambert scattering, though sin4 may
be better at short times.
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Fig. 5: Some fits to reverberation along the Clutter Track using various scattering functions.

3.2. Target echo
A number of data sets were taken with Quest towing an echo repeater along the Main and

Clutter Tracks. The echo repeater consisted of a source towed immediately behind Quest at a
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depth of approximately 9 m, and a 16-channel array towed about 70 m behind Quest at depths
of 5–10 m to receive the direct transmissions from ITC source. The received signal from one
hydrophone was used as a replica for the echo repeater. Figure 6 illustrates the received signal on
FORA Beam 101 (244◦ clockwise from forward endfire) during the first half hour of Run 82 with
Quest towing the echo repeater outward on the Clutter Track. The echo repeater was in “ping-
pong” mode; that is, each signal was transmitted twice. On the first transmission the echo repeater
recorded and saved the received signal; the second transmission was preceded by a trigger pulse,
which then caused the echo-repeater to transmit the signal stored from the previous pulse. For this
run the echo strength was set to 0 dB. To avoid interference with the echo from the hull of Quest
a delay of 0.3 s was incorporated. The start times of each ping are aligned, so the track of Quest
and the echo repeater can be seen on the plot. The echo from Quest can be seen on every ping,
and the echo repeater response (delayed 0.3 s) on every second ping. The vertical lines in the plot
represent static clutter objects in the beam. Moving scattering objects can be seen in the beam,
generally drifting toward FORA.

Fig. 6: Echo-repeater run on Clutter Track.

Figure 7 shows a line plot of the echos on the Clutter Track for the odd pings – no echo repeats.
The echos will be from the stern of Quest. The model calculation used a slightly downward re-
fracting profile corresponding to a CTD at the end of the Clutter Track [8, Fig. 2]. The calculation
used the strawman bottom halfspace, the range-dependent reverberation model, bathymetry along
the Clutter Track, Lambert rule for bottom scattering with µ2 = −29 dB, and a 0 dB point target
at depth of 5 m. The downward refracting profile reduces the target echo about 2 dB compared to
an isospeed profile, which was used for the Main Track; the profile causes minimal effect on the
bottom reverberation.

Figure 8 shows an enlarged portion of 6 pings near range 3.5 km arriving 4.5–4.9 s, with echo
repeats from the even pings delayed 0.3 s. There is some indication of a pre-arrival before the
echos from the hull. The echo repeats are close to the predicted value for a 0 dB target. The echos
from the Quest hull are slightly higher; together with the more complete set of echos in Fig. 7 a
Quest target strength of ∼5 dB or less is implied.

Figure 9 shows the received signal from 89 pings from Run 82 on a vertical line array (VLA1)
at range 2.4 km and the 15-m vertical air hose (PAT) at range 2.75 km. The PAT echo is stronger
and more compressed. The VLA echo is spread out more in time, and more variable. Estimates
for average received level are: 112 dB for the PAT and 105 dB for the VLA. Using the upper
echo curve from Fig. 7, their estimated target strengths are 10 dB and 0 dB respectively. A
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Fig. 7: Received signal for odd pings on Clutter Track for Run 82. The dashed black line is a
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Fig. 8: Six pings, near range 3.6 km, showing echo repeat delayed 0.3 s on the even pings.

similar vertical array VLA2 (at range 4.2 km) has received levels roughly 98 dB, and estimated
target strength of 2 dB. These target strengths are of course approximate, being dependent on the
estimated transmission loss.

4. SUMMARY

Initial estimates of the bottom Lambert scattering strength were made in Ref. [3]. Here, ad-
ditional model-data comparisons have been made for TREX reverberation and target echo data.
There seems to be some indication that the reverberation fits a sin3 θ backscattering law which
gives a r−3.5 range dependence. This is midway between the commonly used sin2 θ of Lambert’s
rule, and the low-angle sin4 θ given by perturbation theory. It is possible that volume scattering
from the subbottom is making a contribution.

The reverberation predictions are relatively independent of the sound speed profile, but the
near-surface target echo is somewhat affected by it. Thus, the target echo is less well determined.
Initial estimates are that the echo from the hull of Quest is ∼5 dB or less, the 15 m vertical hose
(PAT) is about 10 dB, and the Scripps vertical array is about 0 dB. Other runs, additional analysis,
and better transmission loss estimates are required to refine these estimates.
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Abstract: Traditionally sonar performance prediction is done by calculating the 

transmission loss in the frequency domain by means of a wave propagation model. For 

active sonar the reverberation level is also calculated. Then the sonar equation is used to 

obtain detection distances. This works well for passive sonar, where typical integration 

times are 10 s or more. However, for modern broad band active sonar which may have a 

bandwidth of 3 kHz or more, corresponding to a time resolution of 0.3 ms, the frequency 

domain approach may not work so well, especially in shallow waters. The reason is that the 

transmitted pulse is usually split by multi-pathing, so that the acoustic energy is spread over 

time. In order to calculate this time spread the wave propagation modelling must be 

performed in the time domain. The output (time series) from such calculations can then be 

processed in a similar way as in a real sonar, resulting in a more realistic performance 

prediction. 

Examples are given both from experiment and modelling, demonstrating broad band active 

sonar performance. 

Keywords: Active sonar, sonar equation, sonar performance prediction 
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1. INTRODUCTION 

The performance for any sonar is very dependent on environmental factors such as sound 

speed profile, bottom topography, bottom sediments and sea state. Particularly in shallow 

waters these factors may vary with position and time. This puts large demands on the skills 

of the sonar operator, and often a tactical decision aid (TDA) is used to find the best sonar 

settings.  

Most often the TDA uses a sonar performance prediction tool to evaluate the optimum 

settings. This is usually done by calculating the transmission loss in the frequency domain 

by means of a wave propagation model. For active sonar the reverberation level is also 

calculated. Then the sonar equation is used to obtain detection distances. This works well 

for passive sonar, with typical integration times of 10 s or more, but for active sonar, in 

particular when using broad band pulses, detection ranges are often over-estimated. 

Experiences from field experiments indicate that the actual received echo levels are 

typically 12 dB below the calculated levels. 

We have investigated some of the reasons for this, and we present an alternative way of 

calculating sonar performance by using time domain calculations coupled to a fast target 

strength model.  

In chapter 2 we discuss the differences between time and frequency domain calculations. 

Some examples of performance degradation are discussed in chapter 3. Conclusions are 

given in chapter 4. 

2. THE SONAR EQUATION 

Let us consider the active sonar equation in a reverberation limited environment: 

 

SER = EL – RL – DTR + TS.      (1) 

 

And in the noise limited case: 

 

SEN = EL – NL – DTN + TS + DI,      (2) 

 

where the target echo level EL is defined as: 

 

EL = SL – 2TL + TS.       (3) 

  

SER and SEN are the signal excesses respectively, SL the source level, TL the 

transmission loss, RL the reverberation noise level, NL the ambient noise level, TS the target 

strength, DI the directivity index, DTR and DTN the detection thresholds. 

In its simplest form the terms in the sonar equation are considered to be time invariant 

scalar values, depending on the sonar and the environment. In the frequency domain, the 

TL term will be calculated including all multipath arrivals. This may work well for passive 

sonar but for active sonar using broad band pulses, i.e. very short pulses after matched 

filtering, the TL may be much higher due to time spreads. In order to estimate this time 

spread the TL calculations must be performed in the time domain. 

In Fig. 1 we show an example of time spread from an experiment in the Baltic compared 

to time domain ray trace calculations [1]. The effective pulse length is 1 ms. It can be 
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observed in Fig. 1 that the amplitude of the signal energy is smeared over a larger time 

interval. 

A study of the impact of target echo time spreads is given in [2], where the author discuss 

the impact of short pulses on the signal-to-noise ratio. 

 

Fig. 1: Experimental (left panel) and modelled (right panel) time series for match 

filtered 1-2 kHz pulses. The traces are compensated for transmission loss. 

 

We also note that some of the other terms in the sonar equation may be overestimated. 

For instance, the DT and DI terms are usually calculated assuming a perfect sonar, that noise 

is uncorrelated across the array, and that the signal is fully correlated. This is very seldom 

the case in real life. For instance there may be variations in the responses of the hydrophones 

in the array, they might be slightly misaligned, amplifiers and filters in the electronics may 

have small variations in gain and phase response, and so on. The result is that the DI for the 

sonar is lower than theoretically calculated.  

An exact calculation of the DT term may be much elaborated. An in depth investigation 

of the various terms which can affect the DT is given in [3], where the author gives 

recommendations for various loss factors that affect the DT.   

3. EXAMPLES OF PERFORMANCE DEGRADATION 

The problem of finding correct values for the terms in the sonar equation has led to the 

development of an alternative solution where the received signals from the sonar is 

simulated by coupling a time domain ray trace model with a target echo simulator. The 

program is called ROSES (Robust Operational Submarine Echo Simulator), and it is 

described in another session at this conference [4].  

With ROSES it is possible to calculate simulated beam signals, similar to those coming 

from the beam former in the sonar. Thus the simulated signals can undergo the same signal 

processing as in the real sonar. In this way a direct comparison is possible, and the 

uncertainties in using the sonar equation is avoided. The impact of using different pulse 

shapes and other sonar settings can be easily studied.  
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3.1. Method 

In order to illustrate the difference between frequency and time domain calculations we 

have studied the performance of a sonar operating at 15 kHz, using an FM-pulse with 3 kHz 

band-width and a source level of 200 dB. For the frequency domain calculations the target 

echo levels (EL) are calculated as in (3). 

For the time domain case the EL is calculated by matched filtering of the echo signal. 

Then the maximum of this signal defines the EL. 

3.2. Environmental effects 

Our first example demonstrates the time spread caused by environmental effects. The 

example is taken from the Kanholm bay in the Stockholm archipelago (Fig. 2). The sonar 

depth is 23.3 m and the target depth 30 m. The left picture shows rays contributing to the 

target echo signal. As can be seen, all rays that hit the bottom are truncated. The reason for 

this is that the coherence of a broad-band signal is lost after a bottom bounce, and hence the 

signal will be attenuated by the matched filter. However, for the calculation of reverberation 

levels, all rays are traced also after bottom bounces (Fig.3, right). 

Please note that rays are kept after surface reflections. This is based on field experiments, 

(classified target strength measurement on submarines) where we have found that surface 

reflected echoes are quite coherent, at least at moderate sea states. 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 2: Left: Ray traces used for the calculation of transmission loss where rays are 

truncated after a bottom bounce. Right: Ray traces used for the calculation of reverberation 

levels where rays are kept after a bottom bounce. 

 

As can be seen in Fig. 3, left, the echo levels from the time-domain calculations fall well 

below the sonar equation levels (the mean difference is 10 dB). The main reason for this is 

the time smearing (fig. 3, right) which will be important when time series from different 

rays are coherently summed in the time domain calculations, but not in the frequency 

domain, where time is not considered. 
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Fig. 3: Left: Target echo levels as a function of distance from a 0 dB target using time 

and frequency domain calculations. Right: Calculated matched filtered echo signals as a 

function of distance. 

3.3. Target effects 

The target effects are studied in an idealized environment with constant sound speed and 

no reflections from bottom or surface. The target is a model of a typical diesel submarine, 

length 65 m and dead weight 1500 tons. As can be seen in Fig. 4, left, there is a typical 

broad-side highlight, but also high levels in 45 and 130 degrees aspect angles, in this case 

due to internal structures in the modeled submarine. The mean difference between the two 

calculations is ≈ 10 dB. Note that the difference between the time domain and frequency 

domain calculations varies with the aspect angle in Fig. 4, left panel. This is due to that the 

target echo has a varying time spread. The echo energy is confined to a shorter time slot at 

beam aspect (90°) than is the case for e.g. bow (0°) and stern (180°) aspects, as illustrated 

in Fig. 4, right panel. 

 

 

 

 

 

 

 

 

 

Fig. 4: Left: Target echo levels as a function of aspect angle from a submarine using 

time domain (blue) and frequency domain (red) calculations. Right: Calculated matched 

filtered echo signal as a function of aspect angle.  
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3.4. Combined effects 

Fig. 5 demonstrates the combined effects of target and environment time smearing. The 

example is taken from the Baltic Sea, with a submarine at 5 km distance and at an aspect 

angle of 132 degrees. The mean difference between the two calculations is 15.5 dB. 

 

 

Fig. 5: Left: Target echo levels as a function 

of distance from a submarine using time and frequency domain calculations. Right: 

Calculated matched filtered echo signals as a function of distance. 

4. CONCLUSIONS 

We have investigated some of the possible causes for the difference, typically -12 dB, 

experienced between actual measurements and sonar equation calculations in Baltic waters.  

In a multi-path environment, time domain calculations with the presented method, give 

target echo levels which are 10 – 15 dB below those obtained with conventional frequency 

domain sonar equation methods. This study indicates that this effect might be explained by 

time smearing effects, both due to the multi-path nature of the environment and to the 

extension and nature of the target.  

Further work should be directed to more thorough analysis through modeling of 

situations where good field experimental data is available.  There are also other causes of 

degradation to investigate, such as loss of coherence and non-optimal hardware.  
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Abstract: Underwater ultrasonic devices using Doppler effects assume that the speed of 
sound in the water is constant and model it as the average speed around the transducer. 
However, because the speed of sound in the sea varies with depth, this assumption has the 
potential to result in measurement errors. Accordingly, the present authors have 
previously investigated the influence of the speed of sound and the sea current on the 
Doppler effects and derived an improved Doppler shift equation by considering those 
speed and current that are dependent on the propagation path. In this study, the 
measurement errors caused by the assumption of a constant speed of sound used in the 
conventional Doppler shift equation were obtained in reference to the improved Doppler 
shift equation. By comparing the Doppler shifts calculated from the conventional and 
improved equations, the sources of measurement error arising in the conventional case 
were quantitatively described. The measurement error of the target speed, which is the 
value ultimately being measured, were evaluated using a parameter defined as the ratio of 
the speed of sound near the source to that near the target. It was found that the relative 
error of the target speed is approximately inversely proportional to this ratio. It was also 
demonstrated that this error is a systematic error in ultrasonic Doppler devices. 

Keywords: Doppler effects, speed of sound, improved Doppler shift equation, Doppler 
devices, measurement errors. 
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1. INTRODUCTION 

Generally, underwater ultrasonic devices using Doppler effects, such as Doppler sonar 
devices and acoustic Doppler current profilers (ADCPs), model the speed of sound in 
water as the average speed around the transducer [1], [2]. However, because the speed of 
sound in the sea varies with the water depth, assuming a constant speed of sound may 
produce measurement errors. Therefore, an improved Doppler shift equation has been 
previously derived by the present authors by considering the dependence of the speed of 
sound and the sea current on the propagation path [3]. Based on the derived improved 
Doppler shift equation, the influence of the position dependence of the speed of sound and 
the sea current on Doppler effects has been investigated. In addition, the validity of the 
improved Doppler shift equation has been experimentally verified [3].  

In the present study, measurement errors arising in the conventional equation were 
examined by comparing the conventional and improved Doppler shift equations. 

2. IMPROVED DOPPLER SHIFT EQUATION 

This section outlines the improved Doppler shift equation derived in a previous study 
[3]. As shown in Fig. 1, a one-dimensional model was considered such that sound source S 
and target T are located along a straight line. Fig. 1 also presents the variable definitions 
used here. Note that both the current speeds us and ut, and the sound speeds cs and ct are 
considered to be functions of position only.  

 

 
Fig. 1: One-dimensional model of sound source S and target T. 

 
The Doppler shift Δfold obtained from the conventional equation used in present 

ultrasonic Doppler devices is given as [1], [2] 

Δfold = 2
vs − vt( )

c
f , (1)

where c is the speed of sound and f is the transmitted frequency. The speed of sound c is 
usually considered to be the average speed of sound around the sound source: 

c = cs. (2)

It was then assumed that (cs, ct) ≫ (vs, vt, us, ut), and a first-order approximation was 
derived. When the speed of sound and the sea current vary with the position along the 
propagation path, the improved equation for the Doppler shift Δfnew is given as [3] 

Sound source S Target T 

Speed of sound cs Speed of sound ct 

Target speed vt Source speed vs 

Current speed us Current speed ut 
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Δfnew = 2 vs

cs

− vt

ct

f
. 

(3)

The following conclusions were drawn from (3). 

(i) Only the speeds of sound cs and ct affect the Doppler shift. 
(ii) The speeds of the sea currents us and ut do not generally affect the Doppler shift. 
(iii) The speeds vs and vt of the source and target are coupled to the corresponding 

speeds of sound cs and ct in the surrounding water. Therefore, when vs is zero, the 
Doppler shift is independent of cs. Similarly, when vt is zero, the Doppler shift is 
independent of ct. 

(iv) When the speed of sound is constant (c = cs = ct), (3) is consistent with (1). 

When the one-dimensional model is not satisfied (i.e. the direction of vs is not 
coincident with that of the propagating wave), the right-hand sides of (1) and (3) must be 
multiplied by cosθ to correct for the direction θ of motion of the sound source relative to 
that of the wave propagation. 

3. EVALUATION OF ERRORS 

    The conventional Doppler shift equation (1) was evaluated by comparing it with the 
improved equation (3). When vs, vt, cs, and ct are given, Δfnew in (3) is considered to 
represent the true Doppler shift. The speed vs of the sound source is also considered to be 
known. Therefore, the value to be measured is the speed of the target. The measured target 
speed vtm was calculated using (1), and the difference between vtm and the true value vt was 
obtained as the measurement error. 

The parameter A was defined as the ratio of ct to cs: 

A ct

cs . 
(4)

    First, the error of the Doppler shift was evaluated. The difference between the Doppler 
shifts obtained using (1) and (3) is given by 

Δfdif = Δfold − Δfnew = 2 f vt

cs

−1+ 1
A . 

(5)

Then, the relative error of Δfold is obtained as 

RE(Δfdif ) =
Δfdif

Δfnew

= −vt A+ vt

vs A− vt . 
(6)

    Next, the error of the speed of the target was evaluated. Under the assumption that the 
measured Doppler shift is Δfnew, the target speed vtm is given based on (1) as

 
Δfnew = 2

vs − vtm( )
cs

f
. 

(7)

From (7) and (3), vtm was obtained as 
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vtm = vt

A . 
(8)

Therefore, the error of the moving speed of the target vtdif was obtained as 

vtdif = vtm − vt = 1
A

−1 vt
. 

(9)

From this, the relative error of the moving speed of the target is given as  

RE(vtdif ) =
vtdif

vt

= 1
A

−1
. 

(10)

Eqs. (9) and (10) indicate that the error of the target speed arises when the magnitudes of 
cs and ct differ (A ≠ 1). This error is considered to be a systematic error. 

4. NUMERICAL RESULTS OF ERRORS 

In this section, the numerical results of the errors obtained in several cases are shown. It 
was assumed that A ≠ 1 as a premise. First, the relative error of the Doppler shift given by 
(6) was evaluated. The following conclusions were drawn from (6). 

(i) When vs = 0 and vt ≠ 0, RE(Δfdif ) = A−1. In this case, the relative error of the 
Doppler shift changes in proportion to the value of the ratio A. 

(ii) When vs ≠ 0 and vt = 0, RE(Δfdif ) = 0. In this case, no error in the Doppler shift 
occurs, regardless of the value of the ratio A. 

(iii) When vs = vt ≠ 0, RE(Δfdif ) = −1. In this case, the error of the Doppler shift is 
constant (1) regardless of the value of the ratio A. 

(iv) In the case where the denominator of (6) is zero, RE(Δfdif) diverges to ±∞. 

Next, the relative error of the moving speed of the target given by (10) was evaluated. 
Fig. 2 shows RE(vtdif) calculated from (10) plotted against A. It was found from Fig. 2 that 
RE(vtdif) decreases approximately in inverse proportion to A. That is, when the speed of 
sound ct around the target is different from that cs around the sound source, the relative 
error RE(vtdif) of the target speed is of the same order of magnitude as the ratio A. 

 

 
Fig. 2: Relative measurement error of target speed RE(vtdif) plotted against the ratio A. 
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5. MEASUREMENT ERRORS OF DOPPLER DEVICES 

Normally, as the depth from the sea surface increases, the speed of sound decreases, 
mainly because of the decrease in the water temperature. Although this decrease varies 
from position to position in the sea, the difference between the speed of sound near the sea 
surface and that at some depth below the surface may differ by only 1% to 2%. Thus, the 
measurement error of the flow velocity at the relevant water depth can be expected to be 
approximately 1% to 2%. 

Furthermore, when transmitting a sound beam at a depression angle θ, as with an 
ADCP, and measuring the horizontal component of the current velocity, the influence of 
the bending of sound waves is also superimposed. The measurement error in this case can 
be obtained as described below. 

Generally, the distribution of the speed of sound in the sea is considered to have a 
stratified structure in the depth or vertical direction. Fig. 3 shows the geometry of the 
bending of sound waves when the structure of the sea is multiple layers and the variable 
definitions, where cs (the speed of sound in the surface layer in contact with the sound 
source) > c2 > ... > ct (the speed of sound in the layer containing the target). The angle of 
incidence of the sound with respect to the surface layer is denoted θs and the angle at 
which it strikes the target is θt. The relationships between the angles of refraction at each 
layer boundary are given in accordance with Snell’s law as 

. 
(11)

If only the Doppler shift component in the horizontal plane with respect to the direction of 
the sound beam is considered, the horizontal components vs and vt of the speeds of the 
sound source and target are given respectively as

 
vs = vs cosθs, (12)

vt = vt cosθt . (13)

Therefore, the equation for the Doppler shift Δf, which describes the case of a sound 
beam transmitted at a depression angle of θ and the horizontal component of the current 
velocity is measured, is given as 

Δf = 2 vs

cs

− vt

ct

f = 2 vs cosθs

cs

− vt cosθt

ct

f = 2 vs − vt

cs

cosθs f
. 

(14)

Eq. (14) has exactly the same form as the conventional Doppler shift equation using only 
the speed of sound cs near the sound source as the average sound speed. Based on (14), 
when an ADCP is used to measure the current velocity in the horizontal direction with 
respect to the water depth, the measurements do not include any measurement errors 
resulting from the speed of sound varying with the water depth. In this profile, the speed 
of sound changes with depth and the bending of the sound waves caused by this variability 
cancel each other out. 

In the above discussion, it was assumed that the forward and backward trajectories of 
the sound waves are the same.  
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On the other hand, when measuring the vertical component of the current velocity such 
as an upwelling current by using a vertical beam, the measurement errors based on (3) 
occur. 

 

 
Fig. 3: Refraction of sound waves in a stratified structure. 

6. CONCLUSION 

The measurement errors caused by the assumption in the conventional Doppler shift 
equation that the speed of sound is constant in the sea were derived using the previously 
derived improved Doppler shift equation, which considers changes in the speed of sound 
along the path of propagation. When the speed of sound near the target differs from that 
near the sound source, the relative error of the target moving speed is expected to be of the 
same order of magnitude as the ratio of the speed of sound near the target to that near the 
sound source. 

The improved Doppler shift equation indicates that the measured Doppler shift includes 
information about the speed of sound near the target. It is expected that the results of the 
present study may enable the remote measurement of the speed of sound near the target. 
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Abstract:  
 
 The capability to simulate sonar data is a major asset when investigating new sonar 
designs. It is advantageous to perform simulations of the sonar setup due to the high cost 
in development, prototyping and testing new sonar design and concepts.  
In this work, we present a sonar data simulator built on Field II, a robust and flexible 
modelling environment, highly recognized and widespread in the ultrasound community. 
Field II models the wave-field emitted by all kind of element design with arbitrary pulse 
shape. Then it computes the signal recorded by the transducer from the backscattered field 
using the concept of spatial impulse response. We model the seafloor topography with a 
distribution of point scatterers associated to reflectivity values. The user can define a 
navigation map to position in space and time the acquisition platform relative to the 
bathymetric model. The output of the simulator are unprocessed channel data. 
We use UltraSound ToolBox, an open access package for the processing. The workflow is 
fully modular and flexible. It includes pulse compression, beamforming, all processing steps 
are configurable. Eventually it leads to bottom detection then to a bathymetric map and the 
estimation of its quality.  
We simulate a realistic multi-beam echo sounder setup, corresponding to a shallow-water 
mapping scenario. We produce synthetic data at different processing stages, from raw data 
to depth soundings. We illustrate the simulator’s capabilities by showing the impact of the 
pulse form on hydrographic performance.

 Keywords: Simulation, Sonar, UltraSound, Multi-beam echo sounder. 
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1. INTRODUCTION  

A powerful and efficient sonar simulator is a useful asset when developing a new sonar 
system. Feasibility studies provide the possibility to compare setup performance in order to 
select the best design. It can help to isolate and understand single phenomena.  Ultimately, 
it allows to minimize the cost of the on sea testing stages and to reduce development time. 

 
Modelling is a major field in the underwater acoustics community, [1], [2] and [3], where 
the main emphasis is on acoustic propagation in the underwater environment. In this study, 
we intend to model a high frequency sonar system including element angular response, 
propagation and signal processing. We present a simulator that can generate raw sonar data 
from various sensor geometries and pulse forms, allowing flexibility in signal processing 
approaches. 

The solution proposed here builds on Field II, [4] and [5]. This modelling environment has 
been widely used in the ultrasound community [6] and it is considered powerful and reliable. 
We simulate a multi-beam echo sounder (MBES), a sonar used for seafloor mapping. We 
generate data with Field II, process them with the open access “UltraSound Toolbox” 
(USTB) [7], then we evaluate and quantify mapping performance for two different pulse 
shapes.  
 
2. SIMULATOR  
 
The simulation key steps are presented in Fig. 1. Inputs to the Field II simulation engine are 
the number of transducers, their dimensions and positions in space, allowing advanced array 
design possibilities. Any type of pulse shape can be generated and associated with individual 
transducers. The seafloor consists of a collection of points scatterers with the possibility to 
define their respective backscatter level. Points can be distributed to model realistic 
seafloors. Finally, it is possible to customize the survey geometry by defining the array 
position for each pings, relative to the bathymetric model. The signal processing part is 
performed thanks to USTB, this package can process either real or synthetic data with a 
broad choice of tested beamforming algorithms. 
 

 
 

 
Fig. 1:  Main steps of the simulation and signal processing. 
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3. MBES SIMULATION 
 
In this example, we want to show the simulator’s capabilities for multi-beam echo sounder 
synthetic data generation with two different pulse shapes: a linear frequency modulated 
pulse (LFM) and a gated continuous wave pulse (CW). The choice of the simulation setup 
parameters has been made to fit this purpose. 
 
We simulated 50 pings along a line with 0.5 m spacing. The scene geometry consists of a 
flat seafloor located at a depth of 40 m with three artificial targets separated from each other 
in the along-track direction. The scene 3D model is given in Fig. 2a). The first target is 
located broadside and consists in a staircase composed of squared blocks (2x2 m), with three 
different heights: 10, 20 and 60 cm above the seafloor. The second target is a single point 
located at 10 m off broadside and 1 m above the seafloor. The last target is composed of 
four square boxes (1x1x1 m) arranged at the edges of a 3x3 m square, on the seafloor and 
located at 8 m off the along-track axis. 
 
The seafloor and the target are discretized in a dense set of points scatterers, randomly 
distributed among the across-track and along-track dimensions and normally distributed in 
depth around 40 m with a standard deviation of λ/2 (2.5 mm). This ensure a proper statistics 
of the seabed and a good evaluation of the backscatter level. The water column is 
homogeneous with a sound speed of 1500 m/s and an attenuation of 60 dB/km. 
The sonar array consists in two identical linear array orthogonally oriented according to the 
Mill’s Cross geometry [8] commonly used for MBES. Transmitter and receiver arrays are 
composed of 128 elements equally spaced, leading to an aperture length of 32 cm and a 
width of 12.5 mm.  
We simulated two datasets, differing only by the choice of the pulse used. Both signals have 
the same length of 0.5ms and center frequency of 300 kHz. One is a CW pulse, the other is 
a LFM pulse with a 10 kHz bandwidth. We applied to each pulses a tapered cosine window 
(Tukey: r=0.5) leading to a theoretical range resolution of 40 cm for the CW and 14 cm for 
the LFM. Field II computes the echo response of the emitted wave-field, reflected back from 
each points scatterers in the scene, into each receiver.  

We processed the two datasets with the same procedure; we conditioned raw channel data 
by adding white Gaussian noise, to achieve a SNR of -20 dB before processing. Then we 
applied matched filtering and delay and sum beamforming to the simulated data using 
USTB. Bottom detection has been performed from maximal amplitude, with the center of 
gravity method presented by Lurton [9] and [10]. 

4. RESULTS 
 
The bathymetry 3D map for the LFM case is given in Fig. 2b). We observe that the 
computed bathymetry provides a reasonable estimation of the real seafloor topography. We 
can clearly distinguish the three targets (staircase, four boxes and single point) and identify 
their respective characteristics. We deliberately omit to show the CW case, since differences 
are hardly noticeable on a large-scale map. 
A representation for one ping of the simulated backscattered signal after beamforming and 
pulse compression is shown in Fig. 3. The ping is located at a position of 10.5 m along track 
and corresponds to the LFM case. We observe two events corresponding to the top of the 
target at 39.4 m and the flat seafloor at 40 m. 
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Since we expect to see a difference in mapping performance between CW and LFM, we can 
compare the vertical traces on the along track profile.  
The received vertical beams on the along track profile are given in Fig. 4 a). First, we notice 
a superior range resolution with the LFM pulse, thanks to its larger bandwidth.  This 
consequent impact performance when trying to map a more complex seafloor like the 
staircase situated between 5 m and 12.5 m along track. We observe interferences in the 
signal response induced by closely spaced reflectors. 

             
 Fig. 2: a) 3D depth model. b) Bathymetry 3D map after bottom detection, LFM case. 
Dashed lines indicate the location of profiles presented in Fig. 3 and Fig. 4. 

Fig. 3: Sector-scan image, for ping 22, LFM simulation. The green arrow points the 
highest step of the staircase (39.4 m). The event located below corresponds to the seabed 

(40 m).  
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Fig. 4:  a) Normalized traces of the vertical beam on the along track profile. 
b): Along-track depth profile after bottom detection. It illustrates the performance of 

larger bandwidth. The depth at the edges of the staircase is not perfectly estimated when 
the depth difference is smaller than the range resolution. (The RMSD values are 0.51 mm 

for the CW case and 0.39 mm for the LFM). 
 
 

A layover effect appears since the size of the beam footprint is not negligible compared to 
the target dimension. A beam illuminating the edge of the staircase will stack traces reflected 
back from both depths. When the separation between two events is shorter than the vertical 
resolution, it will be difficult to detect accurately the true bottom depth. This is particularly 
visible for two traces situated at 8 m and 10 m along track. 
 In the CW case, the signals shape are deteriorated by interferences from the sea bottom 
reflection. Fig. 4 b) shows the depth estimated on the along track profile broadside, using 
center of gravity detection. We observe that the LFM pulse is able to estimate accurately 
the depth profile, except the first transition located at 5.5 m along track where de depth 
difference is 10 cm. The CW pulse produce only a correct estimation at the ultimate edge, 
located around 12 m along track, when the depth difference is larger than its vertical 
resolution. We computed the Root Mean Square Error (RMSE) of the estimated depth. We 
find 0.51 mm for the CW case and 0.39 mm for the LFM. Thanks to this simple example, 
we can evaluate the ability of our modelling environment to simulate properly various pulse 
shape in an MBES scenario. We used in this example an elementary seafloor model in order 
to test mapping performance in a simple case. The results being satisfactory the next step 
will be to generate data from more complex and realistic seabed models. 
 
5. DISCUSSION  
 
 We believe that Field II and USTB can be useful tools for exploring with sonar design and 
pulse shapes. However, to benefit from its full potential, additional physical effects will be 
necessary. One relevant factor to simulate is the motion of the ship. Displacements between 
receiving and transmitting locations can introduce Doppler shift. This can potentially affect 
performance, depending on the pulse shape and sensor geometry. Furthermore, in the 
current state it is not possible to model multi-path reflection. This last point is probably the 
hardest limit imposed by a point scatterers simulator, and prevent modelling the full 
waveform response of a complex seafloor. 
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6. CONCLUSION 
 
We showed that the joint contribution of open access packages can be used to generate sonar 
synthetic data satisfactorily. The solution that we propose here has the advantage of being 
modular simple and reliable. It offers the possibility to simulate raw sonar data from diverse 
choices of sensor geometry and pulse shape. This will allow testing various sonar systems 
setup and comparing their performance. The next step will be to implement additional 
physical effects such as Doppler. 
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Abstract: Fram Strait is the main deep passage through which the major ocean mass and 
heat exchange between the Atlantic and Arctic Ocean takes place. To understand the on 
going climate change it is important to estimate the transports through the strait. The 
ultimate approach is to combine data from satellites, acoustic systems, moorings, and high-
resolution ice-ocean models through data assimilation. An acoustic system for acoustic 
thermometry was developed under the ACOBAR project. Results from this experiment showed 
that it was important to monitor the heat content in the north going current and the south 
going current separately. Furthermore, the acoustic propagation conditions in this region 
make it difficult to separate the arrivals in time domain. 

In September 2014 a continuation and extension of the acoustic system was 
implemented within the UNDER-ICE project funded by the Research council of Norway. The 
acoustic system was designed to provide accurately measured travel times along 7 sections in 
the deep part of the Fram Strait every three hours for two years. In this upgraded system the 
goal was to separate the north going current with warm water, from the south going current 
with cold water. To improve resolution of arrivals the receiver arrays were extended with 
additional receivers. To support the oceanographic interpretation of the acoustic results the 
moorings were augmented with a significant number of oceanographic instruments, e.g. 
thermistors and Acoustic Doppler Current Profilers. This system was recovered in July 2016.  

In this paper, preliminary results are shown from the processing and analysis of the 
acoustic data, oceanographic measurements, and comparison between acoustic observations 
and modeling results. A technical assessment of the experiment will also be given.  
 
Keywords: Tomography, seismic, airgun, temperature  
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1 INTRODUCTION 
The only deep-water passage between the Arctic Ocean (AO) and the North Atlantic Ocean is 
through the Fram Strait, between Svalbard and Greenland. Warm saline Atlantic water is 
transported into the AO by the West Spitsbergen Current (WSC), while cold fresh water is 
transported out from the AO by the East Greenland Current (EGC) [1]. Ocean acoustic 
tomography [2] is an efficient method to obtain the range-averaged temperature along a 
source-receiver transect, that can span several hundred kilometers. Although the Fram Strait 
is a challenging acoustic environment due to strong recirculation of water masses, and high 
mesoscale variability [3], use of tomography in this region has been successfully 
demonstrated in the ACOBAR and DAMOCLES projects [3-7]. In the UNDER-ICE 
experiment [8], the sources and receivers are set up in a configuration that allows for 
monitoring of both the northbound WSC, and the southbound EGC, in addition to 
propagation through the marginal ice zone (MIZ), and under the sea ice. The number of 
moorings has been increased compared to the previous experiments, and also the number of 
receiving hydrophones to improve the vertical resolution. 
 The objective of the present work is to give a brief overview of the main experiment 
carried out under the UNDER-ICE project, and to illustrate some of the differences compared 
to ACOBAR. Some preliminary results from the processing of the recovered data will also be 
presented. The focus in this paper is on some of the oceanographic data that are available, not 
the acoustic tomographic data. 
 The experimental configuration and details are presented in Section 2. Some 
preliminary results are presented in Section 3, before a brief summary of the processing so far 
is given in Section 4. 

2 OVERVIEW OF THE EXPERIMENT 
The UNDER-ICE experiment consists of five moorings, denoted UI1 to UI5, deployed in 
September 2014 in the Fram Strait. Fig. 1 shows the placement of the UNDER-ICE moorings, 
compared to the locations of the ACOBAR moorings. The contour plot illustrates the 
bathymetry obtained from the International Bathymetric Chart of the Arctic Ocean (IBCAO) 
[9]. Two of the moorings, UI2 and UI5, are equipped with Teledyne Webb Research sweeper 
sources that transmit 90 s linear FM sweeps from approximately 200-300 Hz. UI2 transmits 
every 3rd hour (0000, 0300, …, UTC) on odd year days, while UI5 transmits every 3rd hour 
of every day, six minutes after UI2. Mooring UI4 is located in a region that is covered by ice 
in the winter, for transmissions through the marginal ice zone (MIZ). 
 Each mooring is equipped with 10 hydrophone modules (HM), recording a total of 130 
seconds at a sampling frequency of 1953.125 kHz. The HM’s are equidistantly spaced by 9 m, 
creating an array with an aperture of 81 m. The sources and receivers are synchronized by the 
DSTAR controllers. Four transponders are placed on the ocean floor in a square shape around 
the moorings. These are used to position the DSTAR’s, sources, and HM’s before and after 
each transmission, in three dimensions. With this mooring configuration, a total of 7 different 
source-receiver paths are available, ranging from 130 km (UI2-UI1) to 278 km (UI2-UI4).  
 The HM’s are equipped with thermistors that measure the temperature at regular 
intervals, and the DSTAR’s are equipped with calibrated pressure sensors. Moorings UI4 and 
UI5 are also augmented with oceanographic instruments (Sea-Bird SBE37 and SBE39) that 
measure the temperature, salinity, and pressure at 5 or 10 min intervals, and in total three 
Acoustic Doppler Current Meters (ADCP). This additional information supports the 
oceanographic interpretation of the acoustic results. 
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Fig. 1. Geometry of the moorings in the UNDER-ICE project (red circles, denoted UI1-

UI5), compared to the ACOBAR project (yellow squares, denoted A-D). The contour plot 
indicates the bathymetry obtained from IBCAO. 

3 RESULTS 

3.A MOORING MOTION 
Fig. 2 shows the nominal pressure obtained from the DSTAR pressure sensors over the 
course of the experiment. The same vertical scale is used to illustrate the differences between 
the moorings. Although the data shown is not calibrated, it still provides a good indication of 
the relative variation in the depth of the DSTAR’s. Calibration data for the sensors is 
however available and will be included in the further work. 
 UI1 and UI4 have relatively little movement compared to the other three moorings, 
with a total span (i.e. the difference between max/min depths) of 28 m and 8 m, respectively. 
A similar stable behavior is also seen at UI3, but there are some pulldowns in early October 
2014, May 2015, etc. The span for this mooring is 115 m, with a mean depth of 326 m. 
 The most significant mooring movement is at UI2, located in the central part of the 
Fram Strait, from January 2015 to September 2015, and the span is 411 m, while the mean 
depth is 461 m. The mooring depth is fairly stable until January 2015, and after September 
2015, except for a dip in October 2014 and in November 2015.  
 At UI5 there is also some significant movement, but the depth is seen to be somewhat 
more constant during periods, e.g. in January or June to July in 2015, compared to UI2. The 
span of this mooring is 253 m, and the mean depth is 653 m. 
 The pressure sensor onboard the DSTAR units only provide information about the 
depth of the unit, not the orientation of the mooring. For example at UI1, where the depth is 
fairly constant, the results does not distinguish if the mooring is moving in a circular pattern 
along a constant depth, or if it’s stationary in a certain direction. However, there is also a 
compass and a tilt sensor onboard the DSTAR’s, which in addition to the 3D positioning by 
acoustic methods, can be used to qualitatively analyze the oceanographic conditions at the 
mooring location, e.g. currents, eddies, etc. 
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Fig. 2. Plot of the nominal pressure recorded by the DSTAR controllers on the five different 
moorings. Note that the same vertical range is used on all plots to illustrate the difference. 

The horizontal red dashed line indicates the design depth of the given DSTAR. 

3.B TEMPERATURE 
Fig. 3 shows the temperature recorded by the HM’s and the oceanographic instruments on 
UI4, as a function of time and depth (a), and the average temperature from the HM 
measurements.  
 From September 2014 to January 2015 there are alternating periods of warm and cold 
water. Between January and July the water is fairly cold, between 0.5ºC and 1.0ºC. The 
warmest water is present from July to October in 2015, where the temperature is 
approximately 3ºC. The water in September 2015 is warmer than 2014. 
 The average temperature for the ten HM’s as a function of depth, is calculated to better 
illustrate the variability in this period. The average value is seen to vary between 0.5ºC and 
3ºC. The mean value of the average HM temperature is approximately 1.1ºC. There are five 
distinct heat spikes between July and October 2015, where the temperature exceeds 2.0ºC, 
and cooler water comes in between these spikes. 
 Although the distribution of the oceanographic instruments is sparse compared to the 
length of the array, these measurements still provide very important information about the 
water masses at these locations. In addition, one of the SBE37 sensors is located 5 m above 
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the upper HM. The same behavior as measured by the HM’s is also observed for these 
measurements, which supports the results. 

(a) 

    
(b) 

Fig. 3. Temperature measured by the thermistors and the oceanographic instruments on UI4 
from deployment in September 2014, to February 2016 (a), and the average temperature 
measured over the ten HM’s. The red dashed line is the mean temperature of the average 

HM temperature. 

3.C SPECTROGRAMS OF ACOUSTIC RECORDINGS 
Fig. 4 shows the spectrograms of the recorded signals at the upper hydrophone on each 
mooring, made on September 12th for the transmission from UI2 at 0900 hours UTC. Note 
that UI2 does not record upon transmission, so the spectrogram shown in (b) corresponds to 
the transmission by UI5 6 minutes later. The source signal, which is seen as the straight line 
from 200-300 Hz is clearly present at UI1, UI3, and UI5. Although not very visible in the 
spectrogram due to the low signal to noise ratio, the signal can also be seen at UI4. In this 
case the sound is attenuated by scattering from the rough under side of sea ice along the 
section. 
 The overall noise level is fairly similar at UI1-UI3, and UI4-UI5, respectively. One 
important component identified in the spectra is the periodic broadband sound events 
observed below 200 Hz. This is seismic airgun noise, with characteristic 8-12 s interval 
between shots. Seismic airgun noise is one of the key components in the soundscape in the 
Arctic Ocean [10, 11]. Airgun noise originating from the Norwegian Sea, 1600 km away 
from the receiver, has been identified in ACOBAR data [12], and in a similar experiment [13]. 
It is seen to have the highest magnitude and largest bandwidth at UI1, where it extends to 
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approximately 200 Hz. At the remaining moorings the airgun signals are limited to 
approximately 100 Hz. 
 

(a) (b)

(c) (d) 

(e) (f)

Fig. 4. Spectrograms (a)-(e) of recordings made by the upper HM on each of the five 
moorings, on September 12th 2014 corresponding to the transmission by UI2 at 0900 hours 

UTC. Overview of active seismic surveys on September 12th (f). Red circles are the 
UNDER-ICE moorings, while the green diamonds represents approximate positions of 

seismic surveys. The red dashed circles are 200 km range increments from UI1. 
 
Based on information from the Norwegian Petroleum Directorate (NPD) [14], 14 different 
seismic surveys where operational at the time of the recordings shown in the above figure. 
The surveys were located in the Barents Sea, the Norwegian Sea, and the North Sea. The 
information available from NPD does however not specify when the airguns are in operation, 
only the start and stop dates of the surveys. Information about whether the different ships are 
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using the airguns may nevertheless be inferred from e.g. Automatic Information System (AIS) 
data that shows the ship tracks. A similar study was shown in [12], where seismic airgun 
noise from both the Barents Sea and the Norwegian Sea was observed in data from the 
ACOBAR experiment, during both summer (July) and winter (February). 
 The closest survey to UI1, i.e. the mooring where the most significant airgun noise is 
observed, is approximately 600 km away in the Barents Sea. The surveys in the Norwegian 
Sea are more than 1400 km away, and the North Sea surveys close to 2000 km. Such long-
range propagation is supported by the deep bathymetry, and in the wintertime, the surface 
duct of cold water. For the present case the noise most likely originates from the Barents Sea, 
since the attenuation of the noise differs at the five moorings. 

4 SUMMARY 
Some preliminary results have been presented in this paper to showcase some of the other 
data that are obtained from the UNDER-ICE experiment. In addition to the results from the 
acoustic tomography, these moorings provide valuable information about the oceanographic 
conditions and the acoustic soundscape in the region. 
 As shown by the pressure data from the DSTAR controllers, there is significant 
movement on UI2 and UI5, compared to the other three moorings. This affects measurements 
of the temperature, since the same depth is not being sampled during the experiment, and also 
the acoustic signals as the mooring may move away from the path where the sound 
propagates. Adding more HM’s is not only beneficial to increase the aperture of the receiving 
array, thereby increasing the angular resolution of the array, but also to increase the 
possibility of recording the signal when the mooring motion is large, and measure the same 
water masses over time. 
 The acoustic recordings also provide valuable information about the soundscape in the 
Arctic Ocean, in addition to its primary function of recording the signals used in the 
tomography. This is important in terms of monitoring anthropogenic sound, in particular as 
shipping activity and oil and gas exploration in the Arctic regions are expected to increase. 
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Abstract: This paper aims to study the characteristics of underwater acoustic channel 
beneath ice-snow layer using acoustic reflection model of fluctuation ice layer. The 
Air-snow-ice-water model is established by simplifying the single ice layer into 
homogeneous elastic body. The influence of plane snow-ice layer on sound wave is 
analyzed. The typical ice rough surface under given statistical parameters is established, 
which is obtained with a Monte Carlo technique. Snow and ice thickness and frequency 
effects on reflection coefficient are analyzed. Compared with different thickness of snow 
and ice and different frequencies, the characteristics of underwater acoustic channel are 
analyzed. The results show that the reflection coefficient of plane ice-snow layer is only 
related to incidence angle in high frequency and thick ice area. The reflection coefficient 
is about 0.38 when the incidence angle is less than specific angle, which is only related to 
the critical angle of longitudinal wave in ice layer. Under typical sound speed gradient, 
with the scattering influence, the multipath interference of rough ice appears significantly 
at closer distance, while the arrival sound rays are less and the energy intensity is less. 

Keywords: ice-snow layer, reflection coefficient, propagation loss, underwater acoustic 
channel 
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1. INTRODUCTION  

The long term floating ice has great impact on the characteristics of underwater sound 
field and channels beneath ice in polar seas. These effects are reflected in the propagation 
loss of the sound field and the impulse response of channel, which is affected by 
absorption, reflection and scattering of sound wave in ice-snow layer. A number of ice 
reverberation models have been developed: J.E.Burke and V.I.Twersky[1], 1966; Bishop 
and Eillson[2], 1987; T.C.Yang[3], 1992. The reflection loss has been measured, e.g., see 
Wolf and Diachock (1993) for a view, the ice surface is considered as an infinite large 
semi-circular cylinder. The reflection coefficient has been calculated which is obtained 
under the Kirchhoff approximation method and the propagation loss has been estimated, 
e.g., see Guoliang and Lynch (1994) for a view. An acoustic propagation model of ice has 
been established using the ray theory and the coefficients of ice reflection and transmission 
have been calculated (Shengxing.Liu et al.[4], 2016).  

Most of the researches mainly focus on scattering models of ice ridge and tests rather 
than the ice layer effects of underwater sound field. And the research on the characteristics 
of underwater acoustic channel beneath ice is less. In this paper, a reflection model of 
fluctuation ice-snow layer is established, and the characteristics of underwater sound field 
and channels in ice-snow covered layer are analyzed. The effects of ice-snow layer on 
sound field and channels are given in the following parts.  

2. REFLECTION ON ICE-SNOW LAYER 

The reflection characteristics between ice layer and sea surface are different. Supposing 
the sea surface as a plane, the reflection coefficient of sound wave from water to sea 
surface can be approximately -1. However, when the sea surface is covered with ice, the 
reflection coefficient of sound wave will be related to ice absorption coefficient, ice 
thickness, acoustic frequency, acoustic incident angle and other factors.  

Ignore the scattering effects caused by random fluctuations ice layer and assume the 
upper and lower surface of ice layer as smooth surfaces, we can convert the sound 
reflection problem of ice layer to the sound reflection problem of plane [5]. Then a physical 
model with "air-snow-ice-water" structure of ice reflection is established. The geometry 
structure of ice layer is shown in Figure 1(a). The plane acoustic wave is incident from the 
semi-infinite water medium to the lower surface of ice, where i  is incident angle, d is 
thickness of ice layer and the upper surface of the ice is semi-infinite air medium. Due to 
the different acoustic impedance between seawater and ice, the incident sound wave is 
reflected by the interface, while at the same time some of the sound waves can penetrate 
into ice. Similarly, the sound waves are reflected by the interface between ice and air, and 
some of the sound waves can be dissipated into air.  

,Air Airc

,Wat Watc

1 1, 1,, ,l tc c

,Air Airc

1 1, 1,, ,l tc c
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（a）Ice layer                  （b）Ice-snow layer 
Fig.1:Geometry structure of ice layer and ice-snow layer 
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The geometry structure of ice-snow layer is shown in Figure 1(b), when the ice is 
covered with a certain thickness snow. Then equation (1) is obtained as: 
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The reflection coefficient of ice layer is obtained with the continuous boundary 
condition of stress and displacement:                                in Wat
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The acoustic absorption coefficient of transverse wave in snow[6]can be expressed as: 
m/fdB'b'  . When 'b is in the range of 3.6 to 36, the acoustic absorption coefficient of 

longitudinal wave can be approximated as: '.'a 630 . 
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(a)                                (b)  

Fig.2: Reflection coefficient; (a) reflection coefficients in different frequency (the 
thickness of snow is 2m and the thickness of ice is 0.2m); (b) reflection coefficients in 

different thickness of ice (the frequency is 5kHz). 

The reflection coefficients in different frequency areas are shown in Figure 2(a) and the 
reflection coefficients in different thickness of ice are shown in Figure 2(b). In snow 
layer, 2, 437 /lc m s , 2,t 300 /c m s and 3

2 300 /kg m  . In ice layer, 1, 3500 /lc m s , 

1,t 1600 /c m s  and 3
1 910 /kg m  . In air, 340 /Airc m s and 31.29 /Air kg m  . 

The results in Figure 2 show that the reflection coefficient of small incident angle (less 
than 24.7°) is about 0.38 when the frequency increases, while the reflection coefficients 
of high frequency tend to be consistent when the incident angle increases.  

When the longitudinal wave speed in ice layer is 3593.4m/s, the critical angle of 
complete reflection can be obtained by the following equation:  

1

0

sin 90
sin wat

c
c




 
 And the calculation result is α0 = 24.67 , which is same as the simulation result. Thus 

α0  is related to the critical angle of longitudinal wave in ice layer.  
The regular change of reflection coefficient in different thickness of ice is similar, as 

shown in Figure 2. The results show that the reflection coefficient is almost the same in 
thick ice and high frequency area. Therefore, a series of reflection coefficients, which 
follow the change of incident angle, are able to replace the reflection coefficients of sound 
wave in different thickness and frequency area, as shown in Figure 3. 
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Fig. 3: Reflection coefficient of ice-snow layer. 

3. SIMULATION OF ICE PROFILES 

The structure of ice-snow layer is complicated which is layered and not flat. Due to the 
factors of climate, hydrological conditions, ice freezing and melting in years and crushing 
and generation, etc., the inside of sea ice becomes uneven and produces uplift, which 
affects the sound field beneath ice. 

Before simulating the sea ice draft profile based on probability distribution of 
GAMMA, we definite five parameters to describe the distribution of sea ice[7], which 
include mean ice draft ( 0t ), normalized skewness ( 3

n ), characteristic length (  ), RMS 
variation ( H ), fractal dimension ( D ), as shown in Table 1. 

0t [m] 3
n   [m] H [m] D  

2.76 1.81 40.5 1.38 1.37 
Table 1: Typical Polar Ice Statistical Parameters [7]. 

    Define the lower surface of ice layer as ( )t x ，which corresponds to the depth of 
draft at different distances. ( )t x  can be divided into the large-scale surface 0 ( )t x  and 
the small-scale fluctuation surface ( )h x . 

                        0( ) ( ) ( )t x t x h x                               (4) 

0 ( )t x  can be considered as a constant mean, and ( )h x  is a 2D random process which 
obeys the 2D joint probability density distribution 1 2( ( ), ( ), )p h x h x … . 

A simple model of the keel structure can be established by assuming that the probability 
distribution of sea ice drafts satisfies the GAMMA distribution [7].  

The 1D Gauss random rough surface can be simulated using power spectral function in 
a Monte Carlo method [8]. The mapping from Gaussian distribution ( )Gh x  to GAMMA 
distribution ( )h x  is defined by [ ( )] [ ( )]G GP h x P h x [7], where GP  represents Gaussian 
distribution and P  represents GAMMA distribution (which is obtained by the integral of 
the probability density function from -  to h ).  
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(a)                                      (b) 
Fig.4: Random rough lower surface of ice; (a) random ice draft profile; (b) frequency 

distribution histogram. 
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This method provides an approximate value of the depth of the ice draft as the 
probability density function for the GAMMA distribution. A good ice fluctuation model is 
obtained with a GAMMA PDF, which results in an asymmetric thickness PDF with a long 
positive tail [9]. Though this model has a weak robust to different kind of ice area, it’s easy 
to achieve. 

4. CHANNEL SIMULATIONS 

A Typical polar sound speed is shown in Figure 5, which appears a positive gradient 
distribution. Compared with deep sea, the sound speed changes faster in shallow sea. 
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Fig.5: Typical polar sound speed 

Under the condition that is mentioned above, a plane ice-snow layer sound field and a 
fluctuation ice-snow layer sound field are established using Bellhop ray model. And the 
comparisons of channel impulse response in different depths are shown in Figure 6 and 7. 
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Fig.6: Channel impulse response (200m depth); (a) plane ice; (b) fluctuation ice. 
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Fig.7: Channel impulse response (20km depth); (a) plane ice; (b) fluctuation ice. 

The channel impulse responses in 200m and 20km depth are shown in Figure 6 and 7, 
respectively, where the frequency is 5kHz, the depth of source is 30m and the depth of 
receiver is 30m. Figure 6 and 7 represent the delay and amplitude of different paths to the 
receiving point. As is shown in Figure 6, the time delay and amplitude of the strongest 
energy path are consistent at long distance, but the multipath interference is more obvious 
due to the local scattering effect of rough surface. Compared with Figure 6, the arrival 
sound rays are less and weaker at long distance due to the incoherent scattering sound 
wave of fluctuation ice, as shown in Figure 7. 
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5. CONCLUSIONS 

A random fluctuation ice-snow covered layer with GAMMA distribution is established 
which is obtained with a Monte Carlo technique. A series of data that only follow the 
changes of incident angles are gained at thick ice area and high frequency ranges, which 
represent the reflection of sound waves by fluctuation ice-snow layer. Compared with 
plane ice layer, a sound field model of fluctuation ice-snow covered layer is set up in this 
paper. The results show that the scattering effects of fluctuation ice are not the same at 
different distance of receiver. The multipath interference at long distance is more obvious 
when the distance of receiver is closer, while the arrival sound waves have weaker 
strength at farther distance, and part of sound waves fail to arrive.  
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Abstract: Two SailBuoys, long endurance unmanned ocean surface vehicles, were deployed in 

the Fram Strait in June-July 2016. One of the SailBuoys was equipped with a single beam 

echosounder, and the other with a sensor suite designed to measure ocean acidification. 

Recordings by the echosounder were converted to echograms. We have developed a system to 

identify objects by removing noise in the echograms and categorized them by their shape 

descriptors. Although interpretation of the categorized objects is limited by the lack of ground-

truth information, each category is assumed to be an organism type in this study.  

Physical and chemical data from the other SailBuoy, XBT profiles taken during the 2016 

research cruise, and satellite remote sensing data are available as independent variables. In 

this study, the relationship between the behaviour of the categorized “organism” data and the 

independent environmental variables is investigated. 

 

Keywords: SailBuoy, Echosounder data categorization, Ocean acidification, XBT and CTD 

profiles 

1. INTRODUCTION  

  

The Arctic marine ecosystem is sensitive to human-induced changes, such as acidification 

caused by CO2 emissions. More knowledge is needed of the physical and chemical processes 

in the region, and their effects on biological production. Two SailBuoys, small autonomous 

sailing platforms, were deployed in the Fram Strait for three weeks in June-July 2016 to collect 

in-situ data at high spatial and temporal resolutions. One of the SailBuoys (“SB Nexos”) was 

equipped with a 200 kHz echosounder for the purpose of detecting marine organisms, and the 
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other (“SB IceEdge”) with a new sensor suite designed to measure parameters relevant to ocean 

acidification.  

A total of 79 echosounder recordings are available for the study. Echosounder data from the 

upper 100 m are converted to echograms and objects in the images are identified. In this study, 

all the identified objects are assumed to be organisms and categorized.  

Other in situ data (XBT profiles) obtained during the 2016 research cruise, and satellite 

remote sensing data - chlorophyll and wind speed - are also available as independent variables. 

Each categorized object data is corresponded to the independent variables with the smallest 

position or time difference. The relationship between the behaviour of the categorized 

organisms and the physical and chemical independent variables are then analysed and 

discussed.    

  

2. DATA ACQUISITION AND PROCESSING 

  

2.1 SailBuoys 

  

The SailBuoy is a remotely controlled surface vehicle that uses wind power to sail towards 

dynamically defined waypoints [1]. The SailBuoy weighs 60 kg, is 2 m long and has a payload 

capacity of 15 kg. Waypoints are set using a web interface, and communicated to the SailBuoy 

via Iridium satellite link. Since the SailBuoy is wind-powered, the acoustic noise generated by 

the measurement platform is minimal, which is an advantage for the echosounder 

measurements. In addition, by mounting the transducer in the keel of the SailBuoy (depth about 

0.5 m), the blind zone in the surface is significantly reduced compared to conventional vessels. 

Two SailBuoys were deployed in the Fram Strait from 30 June to 18 July 2016 (see Fig.1). Both 

SailBuoys were piloted from shore and sailed 106 - 231 km away from the nearest ice edge 

during their 18 day mission. They followed largely the same track, except for the westernmost 

part of the journey where SB Nexos did a larger excursion before turning back towards the east. 

  

2.1.1 Echosounder SailBuoy 

The SB Nexos SailBuoy was equipped with an Simrad EK15 echosounder, with a single 

beam 200 kHz transducer, Simrad 200-28CM (28° beamwidth) [2]. The pulse repetition rate 

was 1 s, and pulse length was 320 µs. To preserve battery, data were recorded on the 5th and 

12 - 15th of July. During periods of the operation, data with 15 minutes long were recorded 

every 30 minutes. A total of 79 such recordings (4.4 GB of data) were available for this study. 

The volume backscattering coefficient (SV) are calculated from the raw echosounder data, 

using a range of 1 to 100 m, which is the range we expect biologically significant signals to be 

present. The SVechograms are then used for the further analysis. The mean speed of the 

SailBuoy in the echosounder measurements was 24.3 m/min. 

It is important to remove various types of noise included in the recordings to characterize 

the objects seen in the echograms for  analyses of biological activities. A semiautomatic system 

to remove noise from the echograms and then convert to the binary images was developed. The 

procedure is shown in Fig.2.  

 The regionprops function in the MATLAB Image Processing Toolbox identified 1770 

objects in the 79 binary images (see the last panel in Fig.2) and quantified properties of each 

object such as central position, area and major and minor axis length. Wide objects in shallow 

depth likely indicate phytoplankton. Objects in middle depth might represent fishes or swarms 

of zooplankton, e.g. krill and Themisto gaudichaudii. However, interpretation of the 

echosounder data is limited because of lack of higher dimensional / ground-truth data [3]. For 

this analysis we suppose all the identified objects in the echograms are organisms. The 1770 

objects are then categorized into 7 types by their depth and shape descriptors using the criteria 
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in Table1. The total numbers of objects for each type in the 79 echograms are also shown in 

Table1. 

 

 

Fig.1: Overview map of the study area showing the surface water temperature (°C) 

distribution on 18th July 2016 from the operational TOPAZ4 Arctic Ocean system (E.U. 

Copernicus Marine Service Information). The tracks of SB IceEdge and SB Nexos during 

the 18 days mission are shown in black and white respectively and the pink line shows the 

positions from which echosounder data were collected. Stars mark the final positions on 

18th July. 

 

 
Fig.2: 1st from the left: Raw echogram, 2nd: Remove depth (horizontal) noise, 3rd: Delete 

mechanical noise near the sea surface, 4th: Remove vertical noise and emphasize objects, 

5th: Banalize the 4th panel. If two or more objects overlap as shown by the arrow in the 4th 

panel, they are assimilated during the conversion to a binary image. The objects are then 

segmented manually as shown in the 5th panel , 6th: Identify objects in the binary image 

(objects  recognition )   

 

2.1.2 Ocean acidification SailBuoy 

A new sensor package developed by Aanderaa Data Instruments comprises sensors for 

temperature, conductivity, pH, partial pressure of carbon dioxide (pCO2), and dissolved oxygen 

(O2). Most of the sensors are housed in a bulb on the keel of the SailBuoy together with a UV-

antifouling device. An O2 and temperature sensor for measurements in air is placed on top of 

the vessel. Data were recorded every 10 minutes. All sensors functioned well throughout the 

deployment, giving a total series of ca. 2500 values for each parameter. GPS position and time 

was logged for each sample. All water measurements are from the near-surface layer, from 

sensors placed in the keel at about 50 cm depth. 
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2.2 XBT and CTD profiles 

During the research cruise, expendable bathythermographs (XBTs) were deployed from the 

ship. A total of 153 profiles were done, out of which 20 on a 130 km long line from west to east 

parallel to the SailBuoy tracks (see Fig. 3, inset). The surface mixed layer depth (MLD), here 

defined as the depth of the strongest vertical temperature gradient in the upper 100 m, was 

computed for each XBT profile. 

 

Type ss sl ms ml ds dl wide 

Depth < 20m < 20m < 50m < 50m >= 50m >= 50m < 30m 

Pixel Size < 5000 >= 5000 < 5000 >= 5000 < 50000 >= 50000 
width > 

10000 

# of objects 205 220 671 534 47 5 88 

Table1: Objects in each echogram are classified into 7 types by the depth (shallow, middle and deep) 

and area (small and large) / width. For instance, data type “ds” represents deep-small object. The 

“# of objects” represents a total number of the objects in the 79 echograms for each type. 

2.3 Satellite data  

 

Two products from satellite remote sensing are available.  

 Chlorophyll data (chl) are provided as Level-2 product, generated from either a Level-1A 

or Level-1B product of MODIS Aqua or Terra, by OceanColor 

(https://oceancolor.gsfc.nasa.gov/ ). The spatial and temporal resolutions are 1 x 1 km and 

10-12 times/day respectively. 

 Wind speed data (ws) are given by Copernicus marine environment monitoring service 

(http://marine.copernicus.eu/ ). Level-4 products provided as 6 hourly mean data with 25 x 

25 km spatial resolution are used for this study. The provided data are blended mean wind 

field based on daily ASCAT (Metop-A and Metop-B) and QuikSCAT (OceanSat2) gridded 

wind fields with ECMWF analysis. 

 

3. ANALYSIS 

3.1 Phytoplankton layer and Mixed Layer Depth (MLD) 

  

The wide type objects were extracted from the categorical data. If there were two or more 

wide objects in an echogram, they were removed from the analysis to prevent ambiguity. 

Based on advice from biologists, we presume the extracted objects represent phytoplankton. 

The MLDs computed from XBT profiles taken on the 14th of July were compared with the 

phytoplankton data from the 14th and 15th of July. The MLD data were interpolated in space to 

match the phytoplankton data from the same line (see Fig.3). The depth of the plankton layer 

varied between 3 and 20 m, with an average of 9 m and a standard deviation of 4 m. The 

depth of the phytoplankton layer identified in the echosounder data thus roughly agrees with 

the MLDs, which ranged from 7 to 20 m, with a mean of 13 m and a standard deviation of 4 

m. Shallow MLDs of 5 - 30 m are common in the Arctic in summer [4]. 
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Fig.3: Longitude-depth plot of temperature measured with XBTs along transect from west to 

east, shown in the inset. Positions and numbers of the XBT profiles are marked along the top. 

The dotted black line shows the Mixed Layer Depth. SailBuoy tracks are shown in the inset 

map (black: SB IceEdge, pink: SB Nexos; dark pink: parts of the track with echosounder data, 

cf. Fig. 1) 

  

3.2 Organisms and ocean environment    

  

Canonical Correlation Analysis (CCA) is the analysis of correlation between two sets with 

multiple variables, X and Y [5]. The canonical correlation coefficient measures the strength of 

the relationship between two Canonical Variates (CV). CV is the weighted sum of the variables 

in each set X and Y. CCA determines the canonical weights (coefficients of CV) so as to 

maximize the correlation between CVx and CVy  for each set. 

923 samples out of 1770 objects, categorized as small objects (ss, ms, ds), were extracted. 

These small objects likely indicate organisms such as zooplankton and fishes. The organism 

data were related to 8 physical and environmental variables shown in data set X in Table2 to 

make a correspondence table with (8 + 3) columns. The categorical data were paired with the 5 

ocean acidification variables based on time. The satellite record closest in time to each 

categorical data was used, and since the two variables from the satellite data have lower spatial 

resolution they were interpolated in space to the positions of the echosounder data. A solar 

elevation angle was calculated for each categorical data based on the time and position of the 

underlying echosounder recordings. 

CCA was applied to the 923 samples to clarify the relationship between the 8 independent 

variables and 3 depth types of the organisms. Table2 represents the canonical weights for 1st 

and 2nd CVs. Wind speed is the most significant variable in CVx1 owing to the largest absolute 

weight in CVx1. The negative value means decreasing wind speed increases the CVx1 value. pH 

and pCO2 are the second and third significant variables. Increase of pH and decrease of pCO2 

raise the CVx1 value. In the same manner, ss and ms are the first and second significant variables 

in the CVy1. Increase of ss and decrease of ms raise the CVy1 value. The correlation coefficient 

between CVx1 and CVy1 is 0.673, i.e. a positive correlation. In brief, it is found out that increased 

number of organisms near the sea surface coincided with calmer winds, weaker acidity of the 

surface layer, and lower sea surface pCO2. 

Significant variables in CVx2 are temperature in water, pH, and solar elevation angle. 

Increases of temperature, solar elevation angle and acidification of sea surface raises the CVx2 

value. Increase of CVy2 is proportional to increase of ds (organisms below 50 m). Correlation 
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coefficient between CVx2 and CVy2 is 0.511. The number of organisms in the deeper water thus 

increased with increasing water temperature, solar elevation angle, and sea surface acidity. 

 

 X Y 

 ws 1) Chl2) O2 temp Sal3) pH pCO2 SE4) ss ms ds 

1st -1.57 -0.46 -0.24 0.15 0.54 0.70 -0.64 -0.48 0.21 -0.15 0.10 

2nd -0.70 -0.68 0.68 1.39 0.42 -0.95 -0.28 0.94 0.20 0.08 0.49 
Table2:  The first and second canonical weights for the two sets. Bold indicate which values are 

mentioned in the discussion above.  1)wind speed, 2)chlorophyll, 3)salinity, 4)solar  elevation angle 

4. CONCLUSIONS  

  

Two SailBuoys were deployed to record echosounder and ocean acidification data in the 

Fram Strait in June-July 2016. XBT profiles obtained during the 2016 research cruise, wind 

speed and chlorophyll data from satellite, and sun elevation angles calculated based on the 

echosounder recordings, were also available as independent variables. 

1770 objects were extracted from the echogram data, and categorized into 7 object types. 

Each object was related to the other independent variables based on time and position. In the 

study, the 7 categories of the objects were assumed to be organism types, and relationships 

between behaviour of the organisms and independent physical and environmental variables 

were investigated. 
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Abstract:   

The soundscape in Fram Strait is composed of sounds from natural physical processes, 

marine mammal vocalizations, and anthropogenic sources, e.g., seismic airgun noise. In 

this paper we present analysis of time series acoustic recordings from two different 

locations in the central part of Fram Strait. Seismic airgun and mechanical noises were 

filtered out of the datasets prior to the analysis to understand variability of the natural 

soundscape. Time series of 18 independent natural physical variables were obtained as 

explanatory variables of the soundscape variability. Based on statistical analysis of the 

yearlong data, four out of 18 physical factors were found to be the major contributors to 

the natural soundscape variability [1]. In this paper, we quantify how the four physical 

factors influence the soundscape in summer and winter.  

 

 Keywords: Soundscape, Fram Strait, Passive acoustic, Environmental factors 

1. INTRODUCTION 

In a previous study [1], 18 natural physical factors obtained from satellite remote sensing 

data, in-situ data, and modelled data were used to statistically explain the soundscape 

variability in the Fram Strait. It was found that the wind speed, mean sea level pressure, 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  293



 

wind sea wave height and swell wave height are the major contributors to variability in the 

natural component of the soundscape.  

In this paper, two seasonal datasets of passive acoustic recordings for winter (January 

and February 2012) and summer (May to July 2012) are created. Impacts of the major 

factors on the natural sound variability are explained in 25 Hz frequency bands by a 

statistical approach. This is then used to establish baseline frequency spectra for the two 

seasons. The summer and winter results at the two locations are compared and discussed. 

2. DATA ACQUISITION 

2.1 Passive acoustic data 

A multipurpose acoustic system was deployed and operated as part of the ACOBAR 

project in 2010 and recovered in 2012. The system consisted of three transceiver moorings 

(A, B and C) and one acoustic receiver mooring (D). The configuration of the moorings is 

shown in Fig. 1. In 2011 moorings D and A were recovered and redeployed with a modified 

mooring design to reduce the mechanical noise induced by the strong mooring motion. 

Correspondingly, passive acoustic recordings from the receiver arrays on moorings A and 

D are used for the soundscape analysis. Further details of the ACOBAR experiment are 

given in Sagen et al. 2017 [2].  

 

Fig.1: Positions of 

three transceivers, A, 

B and C, and one 

receiver mooring, D, 

in the ACOBAR 

experiment. The 

moorings A and D, 

discussed in this study, 

were located at 

77°53.60’N, 

008°44.49’E and 

78°53.42’N, 

002°19.42’E, 

respectively. 

The acoustic recordings in the ACOBAR system were made using the Simple 

Tomographic Acoustic Receiver (STAR) technology [2]. Each STAR had a four-element 

receiving array and recordings from the closest hydrophone to the controller unit in a STAR 

are discussed in this study. The STAR systems were programmed to record 100 s every 3 

hours from 24 September 2011 to 31 July 2012.  

For the analysis of mooring A, the recordings from the shallowest of the four 

hydrophones (reference depth 373.0 m) are used. The water depth at location A was 1431 

m. Mooring D included two vertical arrays of 4 hydrophones each controlled by a STAR 

instrument. The upper STAR, discussed in this paper, is labeled Da and the reference depth 

was 263.9 m. The water depth at mooring D was 2439 m.  
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The hydrophone signals were amplified, bandpass filtered, and sampled using 16-bit 

delta-sigma converters at a 1000 Hz rate. Power spectral density (PSD) of each signal is 

calculated using 50 % overlapping Hanning window with a window length of 1024 

samples. 

2.2. External variables 

To interpret the variability observed in the acoustic recordings, the following time-series 

of environmental data were obtained: 

 

Distance from the mooring to the ice edge is an important factor in the marginal ice zone. 

Acoustic energy in the MIZ is produced by interaction between individual floes this is 

primarily driven by ocean swell propagating into the ice pack [3]. Mooring A was always 

located in the open-ocean. Satellite images from ENVISAT ASAR and ice charts produced 

by Norwegian Metrological Institute (MET Norway) were used to measure the distance 

between location D and the nearest ice edge (Fig.2). It was found that mooring D was located 

into the ice pack for 7.1 % of the experiment period. 

 

Sea state, resulting from waves generated by local and distant wind systems, is important 

for estimating acoustic noise levels in open water. However, there are no in-situ 

measurements of sea state, wind or waves in this region, and therefore we use reanalysis of 

wind and waves from the NORA10 [4] in our analysis. NORA10 is a downscaling with the 

atmospheric High Resolution Limited Area Model (HIRLAM) of ERA40 and analyses 

(after 2002) from the European Center for Medium Range Weather Forecasts (ECMWF), 

forcing the Wave Model (WAM) on a 10-11 km grid. The model analyses provide a large 

number of parameters such as wind speed, wind north-southerly and east-westerly 

directions, mean sea level pressure (MSLP), air temperature, relative humidity, 

precipitation, significant heights of wind sea wave and swell, peak periods of wind sea wave 

and swell, and north-southerly and east-westerly directions of peak wind sea wave and 

swell. For this study, NORA10 provides time series modelled meteorological data at 

77.87°N, 08.70°E and 78.86°N, 02.72°E as the external factors corresponding to moorings 

A and D respectively (Fig.2).  

 

Ocean temperature is important for bio-production and therefore also for marine life in 

the area. Average ocean temperatures between moorings A and D have been estimated using 

ACOBAR acoustic tomography data to an accuracy of about 70 mC (Personal 

communication with Brian Dushaw, 2017) 

  

Seismic airgun noise has a periodic signature for frequencies between 25 and 400 Hz, 

especially below 200 Hz. Strong seismic signals were observed from the middle of April to 

the middle of November at both locations, while weak seismic signals were detected from 

December to March (see Fig.2 in Yamakawa et al. 2016 [1]). During the winter time, seismic 

airgun noise was more frequently observed at mooring A than at D. Most of seismic surveys 

during the experiment were carried out off the west coast of central Norway and the border 

between the Norwegian and Barents Seas. The distances between mooring A and the 

locations of the seismic surveys were shorter than the distances to mooring D. This and 

differences in propagation conditions might cause the difference between the two moorings 

on seismic airgun detection during the winter. 
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Fig.2: Spectrogram of the acoustic recordings from the Da overlain from top to bottom by 

the nearest distance from the ice edge (positive is out in the open ocean), temperature 

from the ACOBAR tomographic data, wind speed from the NORA model, and mean sea 

level pressure (MSLP). Yellow colour is 100 and dark blue is 50 dB re 1µPa2 Hz-1 

 

Mechanical noise associated with the vertical displacement of the hydrophone due to flow 

past the moorings contaminates the recordings below 60 Hz [1]. Strong effects of 

mechanical noise were observed when the vertical displacements of the hydrophones were 

larger than 5.0 and 2.5meters for A and Da, respectively. Numbers of the recordings with 

the displacements lower than the thresholds are 1730 (A) and 1233 (Da).  

3. STATISTICAL APPROACH 

Multivariate analysis is used to analyze the relationships between more than one 

statistical variable at a time. Multiple linear regression analysis (MLR) [5], which is one of 

the multivariate analysis approaches, is applied in this study to explain the acoustic 

variability with environmental factors as predictors. Linear statistical models such as MLR 

are relatively easily interpreted, because they provide results for a simple linear combination 

of the explanatory variables.  

Suppose there are p explanatory and one response variables, (xi1, xi2,⋯,xip, yi), i=1,⋯, 

n, are given. Here n represents a number of samples. A linear model of MLR is defined by 

 , (1) 

where b0 and b1,⋯, bp are a constant term and partial regression coefficients, respectively. 

The objective of MLR is to compute a combination of b0, b1,⋯, bp so as to minimize the 

sum of the square errors between observations ( yi ) and expected values( ŷi ) as: 

. (2) 

ippi11i110i  xb + … + xb + xb + b = y

 


n

1i

2)ˆ(Min. ii yy

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  296



 

4. RESULTS 

The method described above is applied on acoustic recordings from A and Da made 

during the winter (January and February 2012) and summer (May to July 2012). Seismic 

airgun noise and mechanical noise are excluded from the four datasets by manual detection 

of seismic airgun noise and by setting a threshold for the vertical displacement of the 

hydrophones. The numbers of the recordings included for A and Da are 260 and 281 for the 

winter and 97 and 52 for the summer, respectively. The acoustic recordings are analysed in 

successive 25 Hz frequency bands using MLR with the four major factors identified in [1] 

as the explanatory variables (wind speed, MSLP, wind sea wave height and swell wave 

height). The impacts of the each explanatory variable on the variability of the acoustic 

energy in each frequency band are computed. The baseline frequency spectrum is defined 

by subtracting the sum of the variability of each of the four major factors from the mean 

noise level. In other words, the mean frequency spectrum corresponds to the baseline and 

the impact of the four physical variables. 

In Fig.3, the resulting baseline frequency spectrum and contribution from each variable 

are shown for Da and A for winter and summer. The blue part corresponds to the baseline 

frequency spectrum, the green corresponds to the effect of swell, the yellow indicates the 

impact of wind sea wave height, the orange represents the effect of MSLP, and the red 

corresponds to wind speed. After adding all the effects, the top line in each figure represents 

the mean noise level at each frequency.  

Comparing summer and winter for mooring D (Figs.3a, 3b), the mean noise levels at 25 

Hz are around 80 dB in both cases. In the winter, the four major environmental factors 

contribute to increase the noise level by up to 10 dB. The mean frequency spectrum in the 

winter is generally higher (up to 5 dB at the highest frequency) than in the summer, while 

the baseline frequency spectra are more similar at the frequencies above 150 Hz. The figures 

show that the impact of wind speed is higher in winter than summer at all frequencies.  The 

impact of wind speed increases with frequency for both seasons.  

Fig.3c and 3d represent the results in summer and winter for mooring A. The mean 

frequency spectrum in the winter is up to 8 dB higher than for the summer. The two figures 

show that wind speed impacts on soundscape variability in the winter more than the summer 

at all frequencies. The effects of the major factors except for wind speed were not observed 

in the summer. Comparing the two locations, the impacts of the four physical factors at 

location D is stronger than location A.  

5. CONCLUSIONS 

Acoustic recordings from two different locations in Fram Strait have been analysed using 

multiple linear regression analysis. Seismic airgun noise and mechanical noise were 

removed from the analysis. The impacts of the four major environmental factors on the 

variability of the natural noise components were quantified. From the mean frequency 

spectrum, the baseline frequency spectrum was established by subtracting the contributions 

from the four major explanatory variables. The analysis has been carried out for summer 

and winter data, showing much stronger wind speed dependency in the winter. 
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(a) 

 
(b) 

(c) 
 

(d) 

Fig.3: Impacts of the major environmental factors on noise variability and the noise 

baseline. (a) Winter for Da, (b) Summer for Da, (c) Winter for A, (d) Summer for A 
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Christoph Zimmer, Christoph.Zimmer@uni-wuppertal.com 

Abstract: To achieve a desired steering direction or beamwidths transmit antennas in so-
nar applications usually apply an optimized amplitude and time-delay or phase shading to 
the individual transducers. Modern active sonar Systems usually operate at larger band-
widths using frequency modulated signals and subsequent matched filtering to maximize 
the signal to noise ratio. Nevertheless the shading parameters are usually estimated based 
on monochromatic evaluations e.g. for center- and edge frequencies due to computational 
reasons. Hence to ensure the performance including the undistortedness of the signal a 
broadband optimization criterion should be applied. 
In this paper the shading parameters for a sonar transducer array are optimized to achieve 
a desired transmission pattern at the matched filter output of the consecutive processing 
chain. Each transceiver of the antenna is modelled by a single source with an inherent 
characteristic to calculate the superposition of the delayed signals at a given range or in the 
far field. The shading parameters are obtained by exploiting numerical optimization tech-
niques. Finally, the transmit characteristics obtained by the broadband and the narrowband 
optimization are compared by their angular dependent matched filter response. 
   
Keywords: Beamforming, Numerical Optimization, Numerical Acoustics 
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1. INTRODUCTION 

For sonar transmitters it is often desirable to provide a constant source level over a 
wide angular width while transmitting no power elsewhere [1]. The realization is only 
possible approximately due to limited antenna lengths and a limited amount of transmit-
ters. Similar to electronic filters this results in degradations like passband ripples, a transi-
tion band with limited steepness and a stopband with finite attenuation. 

To achieve a desired steering direction or beam widths optimized amplitude and time-
delay or phase shading are applied to the individual transducers [2] which are mostly cal-
culated by numerical optimization methods.  

In the conventional beampattern calculation monochromatic waves are assumed to de-
termine the resulting superposition in a distinct point or in the far field. This simplification 
allows a fast computation of the beampattern and therefore a faster optimization which is 
one reason for its common use. However, most acoustical active antennas apply frequency 
modulated (FM) pulses with broader bandwidths.  In order to determine the beampattern 
for those pulses a time-signal-based beampattern calculation based on the matched filter 
output is introduced.  

In this paper the conventional beampattern calculation – based on an infinite continu-
ous wave – and the introduced matched filter beamforming – based on pulses of finite 
duration– are investigated and the results are compared. Finally these are used to optimize 
the shading coefficients of a linear transmit antenna and the effect of different signal types 
and pulse lengths are displayed. 

2. CONVENTIONAL BEAMPATTERN CALCULATION 

In the conventional beampattern calculation each transducer is modelled as a single 
sound source. The superposition of the monochromatic signals emitted by  transducer 
elements and observed in point  ( , , ) can be represented by the complex beampatter 

( , ) = 1 ( , ) ( , ) ( ) (1)

with the normalization constant , the complex shading  parameters ( , ) = , (2)

depending on the amplitude and time-delay parameters  and ̂ , the inherent n-th ele-
ment characteristic ( , ), the wave number = 2 ⁄   and the distance to the obser-
vation point  

( ) = − . 
(3)

The logarithm of the squared magnitude of the narrowband complex beampattern given by 
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( , ) = 20 lg(| ( , )|) (4a)

is denoted as beampattern. For broadband signals the beampattern is integrated over the 
bandwidth , which can be approximated by the Riemann sum 

( , ) = 20 lg 1 ( , ) ≈ 20 lg 1 ( , ) . (4b)

3. BEAMPATTERN CALCULATION IN THE TIME DOMAIN 

In contrast to the conventional beampattern determination a beampattern calculation 
based on the matched filter correlation between the transmitted signal ( ) and the re-
ceived signal ( ) on an observation point  is developed, which is the superposition of 

 signals shifted by the delay ( ) in the time domain. This allows the use of finite 
pulse lengths and different signal types like frequency modulated (FM) signals with arbi-
trary bandwidths. The delay ( ) is defined by ( ) = ̂ + ̂ , ( ) − = ( )/ + ̂ −  (5)

where ̂ , ( ) is the travel time from the -th transmitter to the observation point  and 
 the minimum mutual time delay which is subtracted to minimize the computational 

effort. The -th delayed transmitted discrete signal with the length of  is given by 

( , ) = 1 , − ( ) ( )( ) ( )  ,  (6)

where  is the pulse length,  

1 , ( ) = 1 ∈ 0,0 ℎ  

denotes the rectangular function of duration  and ( ) is the phase argument defined by 
the chosen signal type. The received signal at  is now given by the superposition 

( , ) = ( , ). (7)

The beampattern is then given by the maximum of the cross correlation between the re-
ceived signal ( , ) and the transmitted signal ( )  ( ) = 20 ∙ lg max ( | ) . 

(8)
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4. EXEMPLARY INVESTIGATIONS 

In the following section the introduced matched filter based beampattern calculation 
 and the conventional beampattern calculation  or  with four different pulse 

types – CW (continuous waveform), LFM (linear frequency modulated pulse), HFM (hy-
perbolic frequency modulated pulse), and DFM (Doppler sensitive frequency modulated 
pulse) [3] are compared. All calculations are based on a linear transmit antenna with =36 equispaced elements inherent stave characteristic at pitch of 0.4 .  

 
 
Figure 1 shows the beampattern  and  for the aforementioned antenna without 

amplitude and phase shading applied for different pulse lengths. 
 

 
Figure 1: Comparison between the conventional beampattern calculation  or  and 
the matched filter base beampattern calculation  for different pulse types and dura-

tions T. The bandwidth for the FM pulses is set to B = 0.3 . The black  graph is 
masked by the light green  5 ms graph. 
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In Figure 1a) for a pulse length of  = 5 ms the  matches almost perfectly with 
the  . For lower pulse durations the notches are less distinct and the sidelobe level is 
decreasing. At the lowest investigated pulse length the  matches the shape of the  
broadband signals displayed in Figure 1b), c) and d) which results from the signal length 
induces bandwidth. The  for FM signals is significantly smoothed and also shows 
reduced ripples for decreasing pulse lengths. Here the  has an equivalent shape but 
overestimates the sensitivity for higher incidence angles up to 3 dB for = 90°. 

 
In Figure 2 the degradations due to pulse length or type mismatch are investigated. The 

shading parameters  and ̂  are optimized by numerical nonlinear optimization tech-
niques [4] using a 5 ms LFM signal to provide a 60° beamwitdh with minimum ripple and 
a sidelobe suppression of 20 dB after a transition region of 10°. 

 

 
Figure 2: Beampattern obtained by one set of shading parameters for different calculation 

methods, signal types and pulse durations. The parameters result from an optimization 
with a 5 ms LFM signal. The graphs are normalized to satisfy the stopband restrictions. 
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For all pulse durations considered the  calculated with an LFM signal provides 

the desired characteristic with a slightly increased passband ripple as indicated in Figure 
2a). The  also provides a result with low ripple but with 3 dB less sidelobe suppres-
sion for large incidence angles. In addition to an increased ripple of 3 dB in the passband, 
the  calculated with a CW provides similarly reduced sidelobe suppression as the 

. The  calculated with an HFM and the DFM are comparable and provide the 
largest ripple and the lowest sidelobe suppression. Overall the investigated pulse lengths 
have minor influence on the calculated beampattern. Hence optimizing the beampattern 
requires separate shading parameter sets for all system pulse types but not necessarily for 
different pulse lengths. 

5. CONCLUSION 

In this paper we introduced a beampattern calculation technique based on the output of 
the matched filter of the consecutive signal processing chain and compared this to the 
conventional beampattern calculation for narrow and broad band signals. The introduced 
technique calculates the response of the antenna for a signal transmitted towards an arbi-
trary point. Nevertheless the computational effort is proportional to the pulse length of the 
applied signal being disadvantageous for numerical optimization methods. 

The shading parameter optimization of an exemplary antenna using the matched filter 
based beampattern calculation technique provided the desired behaviour almost independ-
ent from the signal length. Nevertheless the same set of parameters proved to be unsatis-
factory with other pulse types applied resulting in increased ripples and significantly lower 
sidelobe suppression. The conventional beampattern calculation provided a comparable 
result only degraded by the overestimated sensitivity at high incidence angles.  

Future research should focus on a further adaption of the conventional beampattern cal-
culation to better match with beampattern obtained by the matched filter based calculation 
for broadband application to combine processing speed and a better performance estima-
tion. 
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Abstract: Bottom-mounted array shapes are often uncertain during the deployment, which 
greatly degrades the estimation performance of the target directional-of-arrival and 
localization algorithms. Recent research interests in solving inversion problems with ship 
noise are increasing due to its several advantages, including reduced environmental 
impact, low cost and easy implementation of trials. By utilizing the broadband nature of 
ship noise, the auto/cross correlations between sensors reveal the multipath structures in 
ocean waveguide. The paper presented an array shape estimation method by matching 
multipath cross-correlation peaks between the candidate sensors and the reference sensor 
from a cooperative ship. The validation was performed using two sets of horizontal array 
data collected during event S5 of SWellEx-96 Experiment. It is shown that the results are 
in good agreement with those by the matched field inversion method (W. S. Hodgkiss, et 
al. Array Shape Estimation from Sources of Opportunity. Oceans 2003 Proceedings, vol. 
1, 582-585). The applicability of the proposed method was analysed using 50-min data 
when the ship-to-array range spanned from around 600m to 4000m. It’s found that when 
the ship passes the array at the Closest Point of Approach (CPA), peaks in multipath 
cross-correlations between further spaced receivers are smeared at a given integration 
time. Consequently, the method in the paper is effective to estimate the bottom array 
shapes using radiated noise of ships at a distance of tens of water depth. 

Keywords: Bottom-mounted array, array shape estimation, ship noise, multipath cross-
correlation. 
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1. INTRODUCTION  

The accurate knowledge of the locations of each receiver in an array is often a 
prerequisite for the target directional-of-arrival (DOA) estimation and localization 
algorithms [1]-[3]. However, for a bottom-mounted array, there are several uncontrolled 
and uncertain factors during its deployment, which results in a different array shape from 
the expected one. Most of array shape estimation techniques demand one or more known 
active sources, which are costly and complex in the sea trials.  

Recent research interests in solving this problem with passive sources, especially ship 
noise, are increasing due to its several advantages, including reduced environmental 
impact, low cost and easy implementation in sea trials [2]-[4].  Morley et al. applied the 
relative arrival times of a passing-by ship noise between pairs of hydrophones to invert 
both the hydrophone and ship locations based on iterated linearization of the acoustic ray 
equations [2]. Sabra et al. extracted the travel times between the elements of a bottom 
hydrophone array from the time-averaged ambient noise cross-correlation function (NCF), 
and conducted the array element self-localization (AESL) and array element self-
synchronization (AESS) [3]. Both methods utilize the coherent part of the broadband 
passive sources at any two receivers of the array.  

The paper introduces a practical array shape estimation method by matching multipath 
cross-correlation peak and a passing-by ship of known GPS. Section 2 presents the theory 
of the array shape estimation method. To validate the algorithm, Section 3 provides the 
analyses of the data in SWellEX-96 during which two horizontal linear array (HLA) 
collected the radiated noise of the R/V Sproul [5]. Section 4 concludes the study. 

2. THEORIES OF THE ARRAY SHAPE ESTIMATION 

Assume all the receivers of the bottom mounted array are the same depth as the water 
depth, and the number of the receivers is N. Without loss of generality, let the first 
receiver be the reference sensor with the position 1r , and the range between the nth 

receiver and the first one be 1 1n nR  r r , where  = , , T
n n nx y Hr and H is the water depth.  

The ship radiated signal is characterized as broadband noise, and the cross correlation 
is helpful to extract the coherent ship noise between the nth receiver and the first one, that 
is [4] 

                                      1 1( ) ( , ) ,n nc E p t p t     r r     
(1)

Where 1( , )p t r  and , np t   r  are the pressure signals for the first and nth receivers, 
respectively;  E  is the expectation operator.  
     From the source-receiver geometry shown in Fig. 1, the source and every receiver are a 
vertical plane. The waveguide is assumed to be isotropic so that the environment for each 
slice of the vertical plane is the same. Due to the multipath effect in the shallow water, 
each receiver measures the multipath arrivals from the source. If the ship noise is 
broadband enough, the cross-correlation between a pair of receivers in a limited aperture 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  308



 

array will show several peaks due to coherent arrivals from the source to two receivers, 
which are called multipath cross-correlations in the paper.   

Source

1
nth

surface

bottom
 

               
Fig.1: Reflection coefficient at the water-sediment interface for the sediment types 

listed in table 1. 

   The process of the array shape estimation is provided in Fig. 2. Firstly, the time delays 
extracted from the multipath cross-correlations are used as a template. Secondly, to match 
these correlation time delays, an acoustic propagation model Bellhop is used here to 
simulate them under the known environment and potential candidate receiver positions 
[6]. If the relative position of the ship and the reference receiver is a prior, a brute-force 
search is applied for estimation of positions of all the other receivers. Note that the array 
length between the neighbour sensors is always known once the array is fabricated. This 
information is used as a constraint for the sensor positions in order to reduce the 
computation load. Finally, the simulated correlation peaks are selected and matched with 
the template.  

 
  

Fig.2: Diagram of the process of the array shape estimation. 

3. ANALYSIS OF EXPERIMENTAL DATA 

The SWellEx-96 Experiment was conducted between May 10 and 18, 1996 near San 
Diego, California and the data during Event S5 and Event S59 is available on the Internet 
[5]. Two horizontal line arrays (HLAs) were deployed on the seafloor and distinguished as 
northern and southern HLA's. Acoustic sources, towed from the R/V Sproul, transmitted 
various broadband and multitone signals at frequencies between 50 and 400 Hz. It’s found 
during Event S5, the radiated noise of the ship R/V Sproul was collected by both HLA 
arrays.  
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To keep away from the transmitted signals, the noise in the frequency band between 
400Hz and 700Hz was used for cross-correlation. Using the data at 35min of S5 track, the 
cross correlations between the 1st and the other receivers are shown in Fig. 3(a). By 
extracting the multipath time delays and matching them, the estimated sensor spacing Rn1 
between the nth and 1st receivers is given in Fig. 3(b), and compared with the result using 
the MFP method by Hodgkiss et al. [1]. Here the MCC represents the multipath cross-
correlation method in the paper. It can be seen that both results are consistent with each 
other.  

      
 

(a)                                                                                (b) 

Fig. 3 (a) Cross correlations between the sensors and the reference sensor using the 
data at 35min of S5 track; (b) Comparison of the estimated sensor spacing Rn1 between 
the nth and 1st receivers between the MCC method (the method in the paper)  and the 

MFP method. 

 
 

Fig.4: Event S5: (a) Cross-correlation between the 7th and 1st receivers; (b) Cross-
correlation between the 27th and 1st receivers; (c) Range Rs from the ship Sproul to the 

center of the HLA North.  

The effectiveness of the MCC method depends on whether the peaks in the cross-
correlations are smeared in the noise or not. The multipath cross-correlations between 
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sensors are examined by 50 min data collected by the HLAN in S5 track, as shown in 
Fig.4 (a) and (b). It is found that cross-correlations between the 7th and 1st receivers have 
clear multipath peaks from 7min to 38min, which correspond to Rs of less than 2km, 
where Rs is the range from the ship Sproul to the centre of the HLA North. By contrast, 
multipath peaks of cross-correlations between the 27th and 1st receivers are ambiguous 
during 10 min to 25 min. According to the source-receiver range in Fig. 4(c), the source 
passed the range at the Closest Point of Approach (CPA) at that time. Moreover, as shown 
in Fig. 5, when the source passes the CPA, the range differences between the 27th and 1st 
receivers change faster than that between the 7th and 1st receivers. Consequently, with a 
given integration time, the signal-to-noise ratio (SNR) in the cross-correlation between the 
27th and 1st receivers is too low to show the correlation peaks.  

 
Fig.5: The range differences versus time (min), where R71 is the range difference 

between the 7th and 1st receivers, and R27,1 is that between the 27th and 1st receivers. 

4. CONCLUSIONS 

The paper inverts the bottom-mounted array shape by extracting the multipath time 
delays from the cross-correlations between two receivers in the array. The data in 
SWellEX-96 validated the method and the results are consistent with the MFP result by 
Hodgkiss et al. Furthermore, it’s found that the coherent part from a passing-by ship noise 
is emerged to show clear multipath peaks, and the peaks are clear even when the source-
receiver range is more than 4km. Besides, when the ship passes the CPA, the cross 
correlation peaks between receivers of further spacing are smeared at a given integration 
time, which may result in the performance degradation of the method in the paper.  
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Abstract: Time synchronization of the nodes of an underwater acoustic network, 
particularly when the nodes are autonomous underwater vehicles (AUVs) operating in 
formation, is a necessary prerequisite for the effective use of collected sensor 
measurements in diverse marine application scenarios. One of the methods adopted to 
operate AUVs synchronously is to synchronize their clocks at the surface (typically by 
means of GPS) and then use a low-drift clock for maintaining the desired precision while 
submerged. This paper presents experimental results on the integration of a chip-scale 
atomic clock (CSAC) into the processing electronics of an underwater acoustic modem on 
board the AUVs Medusa and Folaga. Since one of media access modes of the acoustic 
modem, built upon S2C technology, is based on transmission/reception of Synchronous 
Instant Messages, the modem with integrated atomic clock becomes capable of precise 
measurements of one-way signal propagation delay (between signal source and signal 
recipient), and thus of precise estimation of the propagation distance. The paper describes 
and discusses experimental results on the CSAC accuracy achieved during multiple field 
tests, includes practical recommendations for CSAC disciplining and phase 
synchronization with the source of common time reference (GPS time), and provides 
experimental results on positioning accuracy of AUVs using S2C acoustic modems for 
communication and positioning purposes. 

Keywords: AUV, CSAC, underwater acoustic communication, underwater positioning. 
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1.  INTRODUCTION 

Positioning of AUVs can be based on estimation of one-way propagation time of 
acoustic signals from AUVs (nodes) [1],[2]. In comparison to two-way ranging algorithms 
such solution does not require any response from the signal recipient, and thus avoids 
overloading the acoustic channel with activity of many interrogating devices. Given the 
scarce available bandwidth, on the order of a few tens of kHz, these savings may have a 
major practical impact. For example, they may enable larger formations of vehicles, or 
higher update rates in estimated vehicle positions. 

Only two sources, transmitting their positions acoustically can be already enough for 
silent positioning of all AUVs of a formation (implies availability of pressures sensors in 
the AUVs and some a priory information on geometry of the formation [3]. 

Such implementation of silent positioning method helps to minimize the time 
needed for positioning of all AUVs and provides an opportunity to scale the formation to 
any necessary number of AUVs. Energy efficiency and minimization of acoustic impact 
onto marine environment (i.e. minimized “acoustic contamination”) are an additional 
important feature of the solution. This, however, may come at the cost of coarser 
positioning accuracy and higher sensitivity to perturbations when compared with denser 
message exchanges between vehicles. 

2. SELECTION AND PHYSICAL INTEGRATION OF ATOMIC CLOCK 

The development has been done in the scope of the WiMUST (Widely scalable Mobile 
Underwater Sonar Technology) project, whose specification contains a strict requirement 
on the accuracy of AUVs’ synchronisation (allowing no more than 50 us time deviation 
during an autonomous mission of at least 8 hours), as well as a requirement to develop a 
small size and lightweight solution, having low power consumption, low cost and being 
commercially available. 

Silent positioning of AUVs in the project is based on application of acoustic modems 
built upon S2C technology [4]. In order to keep the hardware small and compact, the 
decision was to integrate an atomic clock into the modem electronics and providing also a 
technical possibility for distribution of time stamps of the atomic clock to other hardware 
recipients situated in the same vehicle. 

Currently only one model of atomic clock is available on the market that meets the 
equirements mentioned above. The model is Microsemi SA.45s Chip Scale Atomic Clock 
(CSAC) [5]. According to manufacturer specification, this has two orders of magnitude 
better accuracy than OCXOs or TCXOs oscillators [6],[7],[8]. It has a power consumption 
of less than 120 mW, its weight is 35 g, and it requires a volume of only 16.5 cm3 (4.06 x 
3.53 x 1.14 cm). The SA.45s provides 10 MHz and 1PPS outputs at standard CMOS 
levels, with short-term stability (Allan deviation) of 3E–10 s within a time slot of 1 s. Its 
typical long-term aging is less than 9E–10 s per month, and maximum frequency change is 
±5E–10 over an operating temperature range of 10°C to 70°C. The SA.45s CSAC accepts 
a 1PPS input that may be used to synchronize the unit’s 1PPS output to an external 
reference clock with ±10 ns accuracy. 

To make sure that the atomic clock in our application provides accuracy required in the 
project, a series of tests were carried out during and after redesign of the modem 
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electronics, as well as after integration of the modems into AUVs during at-sea tests on 
AUVs ranging (and thus time synchronisation) accuracy. 

3. INVESTIGATION OF THE ATOMIC CLOCK (DISCIPLINING AND 
SYNCHRONISATION) 

Each atomic clock has an individual drift of its oscillator frequency mainly determined by two 
factors: aging and retracing [9]. Therefore, even if 1PPS signal phases of several atomic 
clocks are synchronous at a given instant, their individual drifts can cause increasing 
deviations of the clock’s 1PPS signals over time. In CSAC frequency differences between 
devices may be around 10-7-10-8 %. The problem can be solved by means of adjustment of 
each oscillator frequency using an external 1PPS signal source, for example, the 1PPS output 
of a GPS receiver. The process of conducting such adjustments is called "disciplining". 

In general, GPS receivers are able to accurately maintain their internal clocks in order to 
accurately calculate their geographic coordinates (internal clocks of GPS receivers are 
permanently synchronized with GPS time to satisfy high accuracy requirements). Even if they 
can be relatively noisy in short-term, their averaged 1PPS output is stable [10]. 

Because of short-term noise in the GPS 1PPS output, we had to experimentally estimate 
and specify (at least for GPS receiver models used in our tests) a sufficiently large disciplining 
time constant to average out the noise. Another parameter we had to estimate and specify was 
an acceptable level of phase error threshold, which can be used for deciding if the disciplining 
procedure has been successfully finalised. According to the documentation on the CSAC, if 
the phase difference between the 1PPS outputs of the GPS receiver and the atomic clock 
during a specific time interval is less than the given threshold, the disciplining procedure is 
considered as successful [9]. The specific time interval is understood as the disciplining time 
constant. This constant can be different for diverse sources of the reference 1PPS signals. 
Therefore, depending on the GPS receiver mode l installed in the AUV, the disciplining time 
constant has to be estimated and specified in documentation for a customised equipment setup 
and used for correct mission preparation later by the user. The default threshold is usually set 
to 20 ns, though the atomic clock interface allows for adjusting the threshold to different 
values. 

The experimental material of this subsection contains information on disciplining atomic 
clocks. Atomic clock investigation has been carried out in a series of tests with estimations 
of the clocks offsets and skews in different scenarios. The setup consisted of: 
- two atomic clocks, type CSAC SA.45s, 
- two types of GPS receivers, Sparkfun Venus with JavaD GrAnt antenna, and Ashtech 

MB100 with Hemisphere A21 antenna, 
- individual 12VDC batteries, Panasonic CF31 computer running Debian Linux, USB hub, 

cables. 
The schematic of the equipment setup and corresponding hardware are given in Fig. 1. 
Each GPS receiver can operate independently from any other providing phase-

synchronized 1PPS outputs, which can be used to attain approximately equal disciplining and 
phase synchronization results on separate AUVs. This supports the idea of carrying out the 
disciplining procedure independently on each AUV, which has its own GPS receiver, shortly 
before the mission (when AUVs remain on the surface). This idea was simulated and tested. 

In the tests we used an Arduino-based board to measure the phase difference between 
CSAC and GPS 1PPS outputs during and after disciplining. This setup was built for all 
necessary tasks with atomic clocks: for disciplining the atomic clocks using different GPS 
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1PPS outputs, for synchronizing CSAC 1PPS phase with GPS 1PPS, as well as for 
simulating a several-hour mission of two vehicles after disciplining. 

 

 
Fig. 1. Schematic of the equipment for disciplining/investigations of atomic clocks 

 
All the data from CSAC, GPS and Arduino-based measurement units have been logged in 
each test and used for subsequent analysis. Fig. 2 and Fig. 3 demonstrate the process of 
SCAC disciplining: when using Sparkfun Venus GPS (Fig. 2) and Ashtech MB100 GPS 
(Fig. 3). In general, Sparkfun Venus GPS turned out to be noisier than Ashtech MB100 GPS 
(note the difference in vertical scales). Nonetheless, in both cases after approximately 15-
20 minutes, the disciplining and synchronization results were already sufficiently accurate 
as required by a WiMUST system. 

 

Fig. 2. Disciplining of CSAC by means of 
Sparkum GPS. 

 
Fig. 3. Disciplining of CSAC by means of 

Ashtech GPS 
 

Due to noise jitter of some GPS receivers that can lead to phase mismatch (between GPS 
1PPS and CSAC 1PPS) of higher than 20 ns, the decision about disciplining of the atomic 
clock can be negative (20 ns was defined by manufacturers as a default parameter for 
automatic decision about successful disciplining). Since the project goal can aslo be achieved 
with initial phase synchronisation accuracy coarser than 20 ns, during development the SCAC 
firmware has been updated to provide an opportunity to adjust the phase threshold parameter 
by the user (a corresponding utility has been developed and tested). The values that there were 
practically observed during different tests with different GPS receivers were about 30 ns. The 
threshold of 30 ns has been finally set up as a recommended value and used later during 
testing at sea. 

The outcome of the CSAC disciplining procedure – determination of the parameter called 
“steer value” – can be saved to non-volatile memory of the clock. Immediately after 
disciplining, the CSAC can be used for accurate time referencing of the AUVs. The accuracy 
of the time referencing is within tens of nanoseconds in the beginning of the mission, and was 
observed in the simulation of an autonomous mission to have an order of several 
microseconds after 8 hours of autonomous operation. 
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However, after some days/months so-called aging effect leads to degradation of the clock 
accuracy. E.g. in a month after disciplining, the usage of the atomic clock can already be too 
inaccurate for WiMUST missions: tens of microseconds per hour can be an approximate value 
of atomic clock deviation during an autonomous mission. 

Moreover, because of switching the CSAC unit off and on, the so called retrace error 
introduces an additional shift in the reference frequency resulting in further performance 
degradation of the clock. Moreover, if power-cycled repeatedly the retrace error can even 
accumulate. The retrace parameter specifies the change of frequency of an oscillator after 
off/on-switching the clock (e.g. ±5e-10 s after 48 hours off). According to the information 
of the manufacturer, the atomic clock can move outside its retrace specification during 
continuous or discontinuous operation for 2*5e-10*(3600 * 8) = 28.8 us (worst case). In 
fact, in our internal CSAC tests, after disciplining and off/on-switching the power (for 
several minutes) we observed about 6 us time drift (between 1PPS from GPS and CSAC 
1PPS) after an 8-hour operation. 

Anyway, even ignoring the retrace parameter, the aging can strongly affect the accuracy of 
the atomic clock. This means that atomic clocks have to be re-disciplined fairly often and if 
possible remain switched on. Of course, an effort for maintaining a swarm of AUVs in 
permanent readiness for deployment can be large and maintaining the clocks in powered state 
can be unpractical. Therefore, one of the alternatives can consist in performing only phase 
synchronization of the clock (after switching it off and on) with an external 1PPS source, i.e. 
without time consuming steer calibration. In this case, the accuracy of the atomic clock 
immediately after deployment can be high (tens/hundreds of nanoseconds), but will 
noticeably degrade during a long mission. 

Another alternative can consist in performing the phase synchronization and a short 
disciplining of the clocks with GPS 1PPS. (A relatively short disciplining procedure can be 
performed before each mission, while the vehicles are still on the surface and able to receive 
GPS signals.)  

During the tests we experimented with various short disciplining periods (time constants), 
with available GPS receivers and figured out that the time constants between 300 s and 900 s 
are good enough for CSAC disciplining and can be recommended for WiMUST practical 
applications. Such short disciplining results into sufficiently accurate steer parameter and 
accurate phase synchronisation estimates. 

4. INTEGRATION OF THE ATOMIC CLOCK INTO THE MODEM 
ELECTRONICS  

Fig. 4a shows the electronics of the conventional modem S2CM18/34 OEM. 
Integration of the atomic clock accounted for strong geometrical limitations of AUV 
sections: the modems had to be placed inside Medusa and Folaga AUVs, namely, two 
modems of different types in each of the AUVs. An installation model of these two 
modems inside a Medusa AUV is shown in Fig. 4b. Fig. 5 depicts the solution with atomic 
clock integrated into the S2CM18/34 OEM modem electronics. 

The accuracy of the atomic clock’s 1PPS output was measured during several all-day 
tests in laboratory conditions and sea trials. After disciplining and phase synchronisation 
of the clocks with accuracy of 30 ns, the deviation of the clock’s 1PPS output from the 
1PPS output of a GPS receiver stayed always under 20 us. This accuracy would only 
slightly influence the range measurements during WiMUST AUV missions. Particularly, 
ranging errors attributed to the atomic clock deviations would remain under 3 cm. 
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a)  

b) 
Fig. 4. Electronics of the modem S2CM18/34OEM: a) the modem photo, b) installation of 

two modems (S2CM18/34, S2CM42/65 OEM) inside an AUV housing 

a) 
 

b) 
Fig. 5. Modem electronics S2CM18/34OEM: a) modem photo with all components, 

including atomic clock SCAC SA.45, b) detailed view of the atomic clock placed on the 
modem electronics 

 
To estimate the ranging error in practice, range measurements were carried out during 

sea trials with multiple AUVs operating together and simulating a cooperative mission. 
Results of the sea trials are presented in the subsection below. 

5. AT SEA TESTS WITH AUVS (WITH MODEMS EQUIPPED WITH ATOMIC 
CLOCK) 

Since one of the main reasons of atomic clock integration was to achieve the possibility 
of accurate range-only based positioning/navigation of the AUVs, several directed tests 
have been carried out with multiple AUVs executing relatively long missions.  

In the scope of WiMUST, the tests were conducted in November 2016 at Sines, 
Portugal. All the vehicles operated at the surface, but the acoustic modems were 
submerged, which made it possible to have the acoustic positioning/navigation scheme 
working and, at the same time, to have high precision RTK GPS fixes for ground-truthing. 
This strategy was helpful to evaluate the ranging performance obtained acoustically by the 
AUV. 
Fig. 6 shows a series of AUV poses, representing the navigation architecture. For the sake 
of simplicity, successive time instants are represented by integer numbers without 
dimensions. In the description ASV1 and ASV2 denote the vehicles shown in the top and 
bottom paths in the figure (these AUVs can play the role of surface vehicles when 
necessary). The AUV estimated ranging information from one-way-travel-time of the 
acoustic signals coming from ASV1 and ASV2, and combined it with available depth data 
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and GPS coordinates (embedded in the acoustic messages from ASV1 and ASV2) to 
estimate of its own geographical position. 

At time t=1, the AUV received a range measurement from ASV1, r1, and data with 
ASV1 position, p'1,1. Some time later, t=2, the AUV has moved to another location and 
received a range measurement from ASV2, r2 , and data with ASV2 position, p'2,2. After a 
while the AUV has obtained a collection of n distance measurements r1 to rn , acquired at 
times t1 to tn , and a set of n GPS coordinates that include its own fixes, denoted as 
p1,1 to p1,n as well as those of the two ASVs. In this test the goal was to estimate ranges, 
r[1:n] and compare them with ranges obtained from GPS positions of the ASVs and the 
AUV, p'1,[1:n], p'2,[1:n] and p1,[1:n]. 
 

 
Fig. 6. Timeline of poses of the AUV and the USVs. 

 
Precise time was available onboard in all the nodes equipped with acoustic modems 

directly from the atomic clocks: the modems output precise PPS time to other systems, in 
particular the AUV/ASV computer and the GEO acquisition system. 

Nodes at the surface obtained GPS fixes at a high enough rate to allow them to estimate 
their positions very accurately, so that the position estimates that they send to the AUV 
can be considered unaffected by errors. 

For this specific test, three MEDUSA vehicles, provided by IST-ID, were used. Fig. 7 
shows the race-track trajectory of the AUV obtained over the entire mission. 

Fig. 7. Race-track trajectory of the AUV. Fig. 8. Residuals in range measurements.  
Fig. 8 shows the residuals in range measurements during the mission, i.e. the difference 

between measured acoustic ranges and the calculated distances using GPS positions 
(ground-truth). As one can see, the residuals are slightly biased, with a mean of -4cm and 
standard deviation of 9 cm. There is no significant skew between atomic clocks of the 
vehicles (less than 3 us per hour). Still, these results are preliminary and a number of 
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factors remain to be compensated in the current implementation, such as lag in the GPS 
positions of the surface agents when they are broadcast to the AUV, sound speed 
variations during the day (especially close to water surface). Compensation of such factors 
should help to further reduce e.g. the slight measurement bias, doing 
positioning/navigation results even more accurate.  

Anyway, the current status already speaks emphatically in favour of using atomic 
clocks for supporting acoustic range-only based positioning – very accurate even during 
long autonomous missions – as selected for implementation in the scope of the WiMUST 
project. 

6. CONCLUSIONS 

A small-size atomic clock has been successfully integrated into the electronics of an 
Evologics S2C acoustic modem to replace commonly used quartz clocks, and provide 
additional important capabilities: 1) to perform one-way-travel-time ranging of the 
interrogating devices, thus supporting silent positioning/navigation of underwater vehicles 
with high accuracy, as well as 2) to distribute 1PPS timestamps to other devices installed 
in the same vehicle. 
The paper validates practical recommendations for atomic clock disciplining and phase 
synchronization with the source of common time reference (GPS time). It also provides 
experimental results on positioning accuracy of AUVs using S2C acoustic modems with 
integrated atomic clock (CSAC) for communication and positioning purposes. In practice, 
the range measurements, based on one-way-travel-time estimation, demonstrated 
centimeter-level rms accuracy during a half-hour mission, with rough estimation of atomic 
clock skews less than 3 us per hour. This result fully meets the requirements the WiMUST 
project, , and the approach can also be recommended for various practical applications of 
AUV formations requiring high positioning/navigation accuracy during extended 
autonomous missions. 
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Abstract: Paper describes work done in the scope of the WiMUST (Widely scalable 
Mobile Underwater Sonar Technology) project towards the development of a combined 
positioning and data communication system for a group of AUVs towing streamers 
together and a companion support vessel carrying an acoustic sparker, with a view to 
geotechnical surveying applications. In particular, the paper summarizes modelling and 
experimental results of short range acoustic communications (under 1000 m) using 
simultaneously a middle frequency modem (18-34 kHz) for the delivery of payload data 
from the AUVs to the surface vessel and a high frequency modem (42-65 kHz) for the 
exchange of service and positioning data among the AUVs undergoing formation control. 
The particular characteristics of these tests consisted in the presence of strong 
background impulsive noise generated by means of a powerful sparker, typically used for 
seismic surveys. During experimental tests, each of the two selected modems types 
(S2CR18/34 and S2CR42/65) showed similar performance when operating either 
separately or simultaneously with the other and in presence of the impulsive noise. 

Keywords: underwater acoustic communication, underwater positioning, AUV 
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1. INTRODUCTION 

According to WiMUST [[1]] system specifications there are the three major data sets 
needed to be communicated via hydro-acoustic channel: 1) fragments of seismic data, 2) 
AUV navigation, guidance and control data, 3) service data (e.g. synchronisation date) for 
distribution among vehicles. 

Fragments of seismic data must be transmitted in real time from each AUV to the 
vessel (to the terminal). These fragments serve for in-situ quality estimation of collected 
seismic data sets. AUV navigation, guidance and control data must be communicated to 
all the vehicles in real time for adaptation of the vehicles’ formation (during seismic 
shooting) to meet survey coverage requirements. Service data communicated among 
AUVs must be distributed in real time and e.g. serve for synchronization, 
starting/finishing changing the mission set up during operation of AUVs underwater. 

The underwater communication architecture implies the possibility to scale the 
approach toward a large number of vehicles. Therefore, communication of the positioning 
information from the terminal (or from any reference device containing global or local 
coordinates) must occur in the course of parallel unidirectional data delivery (otherwise 
any bidirectional data exchange will lead to large time gaps between successive position 
estimations of every AUV). Time synchronisation of the AUVs must be provided due to 
synchronisation algorithms based on parallel unidirectional delivery of synchronisation 
data from a reference clock distributing global or local time among AUVs through hydro-
acoustic channel (as a back-up solution instead of atomic clock based AUVs 
synchronisation). Seismic data transfer from each AUV to the terminal must happen so 
fast that the operator on the vessel (at the terminal) would have data updates each 30-60 
seconds from all the AUVs for supervising the process of seismic data collection. Since 
seismic data are relatively large data sequences (at least 10 kbit each), this problem has to 
be solved by means of hydro-acoustic modems providing relatively high data rates. 

Provision of a communication link simultaneously to all three major data sets implies 
intensive exploitation of the hydro-acoustic medium. The data sets were sorted out in two 
groups: 1) not requiring high bitrate and 2) requiring high bitrate. Correspondingly two 
hydro-acoustic modems operating in different frequency bands were selected for 
simultaneous communication of different data sets. An application of two hydro-acoustic 
modems simultaneously represents a non-trivial task (already because of a narrow 
frequency bands available in hydro-acoustic communications). But, since geo-acoustic 
survey supposes permanent emission of strong (exciding 200 dB re 1 uPa) and wideband 
sparker pulses (less than 250 ms) into hydro-acoustic environment, underwater 
communication in WiMUST represents even more challenging task. 

Next subsections contain experimental material 1) evaluating compatibility of different 
modems operating simultaneously in different frequency bands, and 2) evaluating 
compatibility of the hydro-acoustic communication with the sparker background activity 
(strong impulsive noise). 

2. EXPERIMENTS ON COMPATIBILITY OF ACOUSTIC MODEMS 
OPERATING IN NEIGHBOURING FREQUENCY RANGES 

Conditions. Two middle frequency (MF) modems operating in frequency band 18-34 
kHz and two modems with higher operation frequencies (HF), 42-65 kHz, were used in 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  326



 

experiments. Both modems are built upon S2C Technology [[2]] and manufactured by 
Evologics GmbH. 

MF modems S2C18/34 contained an acoustic transducer with a smooth transmitting 
voltage response between 18 and 34 kHz, varying by up to 6 dB at the frequency band 
edges. The transducer had a weak resonance at 26 kHz. Its directivity pattern was 
omnidirectional in horizontal plane and had a weakly expressed directivity in vertical 
plane (an opening angle of about 120 degrees). During experiments, acoustic signals were 
transmitted at 178 dB re 1 uPa/m.  

HF modem S2C42/65 contained an acoustic transducer with a smooth transmitting 
voltage response in the operation frequency range between 42 and 65 kHz, varying by up 
to 6 dB at band edges. The transducer had a weak resonance at 54 kHz. Its directivity 
pattern was conical with an opening angle of about 90 degrees (by -6 dB), However, in 
beyond this cone (up to ±90 degrees) the transmitting phase response was almost linear 
over entire frequency band, and the transmission voltage response was slowly weakening: 
e.g. at angles ±90 degrees from the acoustic axis of the transducer, the source level was 
about -13..-14 dB in relation to nominal one (at its acoustic axis). This circumstance 
allowed to involve this modem into tasks (yet in smaller operation ranges) requiring a 
hemispherical beam pattern. During the experiments, acoustic signals were transmitted at 
the source level 176 dB re 1 uPa/m. 

Each pair of the modems transmitted seismic data as so called Burst Data (Burst Data – 
a DMAC protocol’s special message type [[3]]) exploiting ARQ protocol for 
retransmission of damaged data packets (acknowledged as NACK). In this mode data 
were transmitted as a train of packets (user specified parameter, set up in this test to 10 
packets per burst). Each packet contained synchronisation pulses and a header. Each burst 
contained a short service packet in the end of the packets train.  

The modems were deployed at the same depth (1 m) from a jetty in Werbellinsee 
(water depth under the jetty was about 5 m).  The modems were arranged in a line: HF 
modems in a distance of 25 m from each other, and MF modems 1 m behind HF modems, 
i.e. in a distance of 27 m from each other. The arrangement of the modems is shown in 
Fig. 1. 
 

MF <--1m--> HF <-----------25m----------> HF <--1m--> MF 
 

Fig. 1. Arrangement of the modems in compatibility experiments 

The weather was windy: the wind reached 21 km/h (about 4 Bft), wave height about 
0.4 m. Due to “rough sea” conditions (wave height was comparable to the modem depth), 
signal propagation conditions varied. However, averaging over time the results of different 
modem pairs were valid for comparison. The whole set of experiments was conducted 
over 2.5 hours. 

Each pair of the modems was used both for data transmission and data reception. 
Transmission by one modem pair was executed simultaneously with the other modem 
pair.  

In one scenario, one modem of each pair acted as source, another as recipient. The 
source always sent a file of the size 10 kbytes, and the recipient sent service data with 
acknowledgements back to the source. Data transmission was executed cyclically during 
30 minutes. In this scenario, data packets in each frequency band (belonging to different 
modem pairs) were delivered to their corresponding recipients 
asynchronously/simultaneously, thus imitating real conditions of data delivery 
(positioning, synchronisation, seismic data) during future WiMUST missions. 

In second scenario, the conditions were even more complicated. Both sides of each 
modem pair acted as data sources asynchronously transmitting into hydro-acoustic 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  327



 

medium data streams each 10 kBytes in size (so performing full-duplex with time 
separation, executed automatically by the modems providing transparent full-duplex mode 
to their host computers). The other side of each modem pair inserted among their own 
payload transmissions also service packets containing acknowledgements to the opposite 
side. In this scenario, the occupation of the acoustic medium was notably larger providing 
an opportunity to carry out the compatibility tests in most complicated conditions. 

Results. Following figures (Fig. 2a,b) illustrate spectrograms of two modems acoustic 
activity, particularly a spectrogram for the MF modem (Fig. 2a), and a spectrogram for 
two modems, MF and HF, operating simultaneously (Fig. 2b). The measurements were 
done by means of the hydrophone type TS-1. Spectrogram in Fig. 2a represents an FFT 
analysis of 5s section of signal recorded during MF communication (snapshot length of 
0.02 s Hanning window 50 % overlap and a factor 2 zero padding). Spectrogram in Fig. 2b 
shows an example of FFT analysis of 5s recording during simultaneous MF and HF 
communication (snapshot length of 0.02 s Hanning window 50 % overlap and a factor 2 
zero padding). 

 
a) 

 
b) 

Fig. 2. Spectrograms of the modems acoustic activity: a) modem S2CR18/34 only, b) two 
modems, S2CR18/34 and S2CR42/65, operating simultaneously 

As follows from Fig. 2 the out-of-band energy of both modems is rather minor. For 
instance, measuring the power spectral density at 5 kHz beyond left and right edges of the 
nominal frequency band, the power spectral density falls down to more than 40 dB. Fig. 
2b illustrates the separation of frequency bands occupied by the modems operating 
simultaneously. The difference between the central frequencies of these modems is 16.5 
kHz, the mutual (inter-channel) interference of these modems at their central frequencies 
remained under –20 dB. 

One of the most important characteristics of the underwater acoustic channel – intensity 
of multipaths vs excess propagation delay, registered during compatibility tests at 
Werbellinsee, is given in Fig. 3. As follows, the channel was characterised with two 
groups of multipath arrivals. The first one consisted of a dominating arrival and a delayed 
one (delay about 45 us). The second one consisted of three arrivals delayed (in relation to 
the dominating one) on 340 us, 385 us, and 420 us, correspondingly. The presence of the 
dominating arrival related this channel to the Racian ones. However, the presence of 
numerous multipath arrivals causes a relatively large complexity of the channel for high 
data rate communications (typical for underwater communication in shallow water 
channels). 
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a) 
 

b)  
c) 

Fig. 3. Intensity of multipaths vs excess propagation delay, registered during modems 
compatibility tests at Werbellinsee 

 

Comparison of the communication performance of the HF modems (S2CR42/65) with 
and without simultaneous operation of the MF modems (S2CR18/34) in these conditions 
of underwater acoustic channel is given below. 

In general, nominal bitrate of the HF modem without simultaneous operation of the MF 
modem mostly remained in the range 16-25 kbps. The effective bitrate (on the user 
interface) stayed between 4.2 and 8.1 kbps. However, data rates reduced after the MF 
modems started to operate in parallel. The effect of the operating MF modem onto the HF 
modems is presented in Fig. 4a,b,c. The sections of rms-curve, which contain well 
noticeable fluctuations, correspond to time intervals, in which signals from HF and MF 
modems interfered. 

 
a) 

 
b) 

 
c) 

Fig. 4. RMS of data symbols received by HF modem during parallel operation of the MF 
modem 

The effect of simultaneous activity of the MF modem onto HF modem S2CR42/65 
depends on the data rate (and, correspondingly, on the length of each data symbol, or on 
the amount of energy that each data symbol contains). This is illustrated in Fig. 4a,b,c.  

In Fig. 4a the bitrate of the HF modem is 11904 bps, in Fig. 4b – 9259 bps, in Fig. 4c –
976 bps. The fluctuation of the RMS curve becomes less with decrease of the data rate, 
and correspondingly with increase of the energy contained in each data symbol (increase 
of data symbol energy). 

Fig. 5 contains representation of phase spread of data symbols received by HF modem 
during parallel operation of the MF modem. In Fig. 5a – phase spread corresponds to data 
rate 11904 bps (corresponding RMS is in Fig. 4a), in Fig. 5b – to data rate 9256 bps 
(corresponding RMS is in Fig. 4b), in Fig. 5c – to the data rate 976 bps (corresponding 
RMS is in Fig. 4c). As follows from the comparison of Fig. 5a,b,c symbol estimations 
(phase and amplitude) were spread larger for high data rates. At the smallest data rate, 976 
bps, the influence of the MF modem operating in parallel is nearly negligible. The 
standard deviation of phase measurements in Fig. 5s is only 1.06°. In Fig. 5s is higher and 
equal to 3.30°, in Fig. 5a is 5.42°. 
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a) 

 
b) 

 
c) 

Fig. 5. Estimations of data symbols (phase and amplitude) received by HF modem during 
parallel operation of MF modem 

 

When comparing results in tests, carried out with parallel operation of the MF modem, 
the achievable nominal data rates were approximately 1.8 times smaller (8-14 kbps) than 
in case of individual (no parallel) operation of the modems. Effective data rates (registered 
on the user interface) ranged typical between 2.3 and 5.2 kbps. This test validated the 
intention to achieve the payload data delivery time of about 3 s per single packet 
transmission (seismic data) with roughly 2 transmission cycles per minute, i.e. delivery of 
all seismic payload data from all ten AUVs of the demonstrator system can be completed 
less than in 30 s.  

The performance of MF modem operating simultaneously with the HF modem was 
estimated in terms of the probability to deliver data packets (Instant Messages) from the 
first attempt. Almost in all conditions the success rate (in reception of instant messages) 
by the MF modem was between 90 and 100%. Only in one case the success rate dropped 
down to 70%. This happened in conditions when the MF modem was transmitting with the 
lowest source level, but the HF modem was transmitting with much larger source level, 
+12 dB. 

3. PERFORMANCE ANALYSIS OF ACOUSTIC MODEMS DURING SPARKER 
EMISSIONS 

Since geo-acoistic surveys foresee emission of strong broadband pulses during the 
mission, acoustic one of important steps during the project development was investigation 
of an influence of the sparker activity (impulsive noise) onto performance of acoustic 
modems. 

The investigation has been carried out in close cooperation between Evologics and 
Geomarine. The acoustic activity of a sparker has been not only simulated, but also 
produced using industrial hardware manufactured by Geomarine.  

A series of compatibility tests has been performed in a laboratory pool and 
Werbellinsee lake in Evologics premises. 

The sparker equipment consisted of a sparker emitter, generator of sparker pulses with 
up to 2 kW and power source (Fig. 6a). For technical support at the Lake, e.g. deployment 
of the equipment in Werbellinsee, one of Evologics’ boat has been used. The sparker 
emitter (Fig. 6b) was placed in a close vicinity to the modems (around 1 m). During 
acoustic communication between the modems, the sparker generated strong acoustic 
pulses, between 500 and 2000 W, with different emission periods, from 0.25 s to 1 s. The 
frequency range occupied with the sparker pulses was between 0.5 and 5 kHz. 
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a) b) 
Fig. 6. Sparker equipment used in compatibility tests: a) power line from generator of 

sparker pulses and power source, b) sparker emitter 

The sequence of sparker pulses, emitted with the period 1 s, is presented in Fig. 7. The 
record was made by means of calibration hydrophone Reson TC-4014 with voltage 
preamplifier VP1000. (Other records below have been done by means of this hydrophone, 
too.) The hydrophone was placed 1 m away from each transmitting modem (inside of its 
beam diagram, on its acoustic axis), and about 2 m away from the sparker.  

The frequency spectrum of sparker pulses, recorded with no background activity of the 
acoustic modems, is presented in Fig. 8.  

 
Fig. 7. Sequence of sparker pulses, no modem 

activity (time domain) 
 

Fig. 8. Spectrum of sparker pulses, 
no modem activity 

A sequence of MF modem signals, transmitted with no background activity of the 
sparker, is presented in Fig. 9. A sequence of MF modem signals, transmitted in parallel 
with background activity of the sparker (two pulses per second), is presented in Fig. 10.  
 

 
Fig. 9. MF modem signals (18-34 kHz), no 

sparker activity 

 
Fig. 10. MF modem signal (18-34 kHz), 

overlap with sparker pulse 

As one can see in Fig. 10 the amplitude of the sparker pulses is significantly larger than 
the amplitude of the modem signal, what was necessary for imitating practically 
interesting acoustic conditions for the WiMUST system. Spectrum analysis of an overlap 
of the MF modem signals and the sparker pulses is shown in Fig. 11. As follows from the 
figure, the mutual influence of the modem activity and the sparker activity is rather 
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moderate. An amount of sparker pulses energy penetrating into the frequency range of the 
MF modem is about 21-22 dB less than energies of the MF modem signals themselves. 
Also, an amount of modem signal energy penetrating into the frequency range of the 
sparker frequencies is 40-50 dB less than energies of the sparker pulses. 

 
Fig. 11. Spectrum analysis of the MF modem signals (18-34 kHz) transmitted in time of 

the sparker activity (4 pulses per second): black line – sparker pulses spectrum, blue line – 
modem signals spectrum, green line – spectrum of a mixture of modem signals and 

sparker pulses 
 

Regarding HF modem a spectrum analysis of its signals received in parallel of the 
sparker pulses (4 emissions per second) has shown even better relation: power spectral 
density of the modem signals was higher than power spectral density of the sparker pulses 
(in the modem’s frequency range). Particularly, an amount of sparker pulses energy 
penetrating into frequency range of the HF modem was at least 25 dB less than energies of 
the HF modem signals themselves (and so the influence of the sparker activity to the HF 
modem performance was also less than to the MF modem). 

The scope of the most important results, which were obtained during simultaneous 
testing of the modem performances S2CR18/34 and HF modems (pairwise) with a 
background activity of the sparker, is listed below: 

- nominal bitrate of the MF modem S2CR18/34 was usually in the range 3.10-3.85 
kbps. The effective bitrate (on the user interface) stayed between 1060 and 1180 bps; 

- nominal bitrate of the HF modem S2CR42/65 stayed in the range between 12.1-22 
kbps. The effective bitrate was between 3.6 and 6.2 kbps. 

Comparison of the performances of MF and HF modems with and without background 
activity of the sparker demonstrated moderate decrease of the bitrate due to the disturbing 
acoustic pulses of the sparker. Data rate decrease was estimated as less than 20%. 

4. CONCLUSIONS  

The series of laboratory and at sea tests demonstrated a selection of hydro-acoustic 
modems capable for simultaneous operation: first one for the task of underwater acoustic 
positioning, and a second one for the task of payload data exchange with the surface 
vessel. The tests validated also the concept of simultaneous operation of two different 
acoustic modems during activity (in close vicinity) of a sparker at the surface emitting 
strong and broadband electric and acoustic pulses. No significant electromagnetic 
interference was observed on the electronics of the acoustic modems; and only a moderate 
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decrease of the communication performance due to the disturbing acoustic pulses of the 
sparker was detected (the data rate decrease was less than 20%). 

Demonstrated estimations of the effective bitrate (i.e. the bitrate at the user interface) 
for payload data delivery are approximately 3.5-5 kbit/s. This bitrate meets the 
specification requirements for development of the WiMUST project being enough for 
transmission of one seismic data block (1.25 kbyte) within a time of about 3 s. With this 
effective bitrate the expected time for data transmission from all the WiMUST vehicles 
(up to 10 AUVs) is less than 30 s – acceptable according to WiMUST system 
requirements. 

The performance of MF modem operating simultaneously with the HF modem was 
estimated in terms of the probability to deliver data packets (Instant Messages) from the 
first attempt. Almost in all conditions the success rate (in reception of instant messages) 
by the MF modem was between 90 and 100%. Only in one case the success rate dropped 
down to 70%. This happened in conditions when the MF modem was transmitting with the 
lowest source level, but the HF modem was transmitting with much larger source level, 
+12 dB. This result motivates in future steps a development of a measure allowing to 
optimize in the AUV formation the source levels of different (simultaneously operating) 
modems so that the their signals (being received on the side of data recipient) would have 
comparable energies, and thus the reception success rate of data both by MF and HF 
modem would be good balanced. 
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Abstract: In this paper, we are interested in finding whether a statistical relationship exists 

between underwater acoustics and optics, despite the different physics that govern these 

technologies. Besides the theoretical interest of such a relationship, predicting the quality 

of the optical links through acoustics is relevant for multimodal communications. 

Our study is based on a large dataset acquired during the NATO ALOMEX 2015 expedition. 

The dataset consists of several acoustic and optical link characteristics measured at multi-

ple locations, reflecting a diversity of sea environments. Our results, based on a systematic 

machine learning analysis, show a strong correlation between the properties of acoustic 

links and the reliability of optical communications. Potentially, this can be leveraged to 

predict the state of underwater optical links. 

Keywords: Underwater acoustic communications; Underwater optical communications; 

Multimodal systems; Machine learning; Sea Experiment. 

INTRODUCTION 

Currently, the two top technologies for underwater wireless transmission are underwater 
acoustic communications (AC) and underwater optical communications (OC). AC is  
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characterized by long-range (in the order of tens of km) but low-data-rate transmissions (up 
to a few kbps), and is considered highly unreliable due to the limited bandwidth, long delay 
spread, short channel coherence time, and dispersiveness that characterize the acoustic chan-
nel [1]. OC features high data rates (in the order of Mbps), but is only suitable over much 
shorter transmission ranges (practically up to tens of meters).  

AC and OC are driven by different physics. The former involves the propagation of a 
pressure wave and is modelled, e.g., via the so-called normal modes or empirical equa-
tions [2], whereas the latter is performed via electromagnetic waves whose propagation is 
driven by the radiative transfer equations [3]. The sources of noise in the underwater acous-
tic channel are also much different than those that affect the optical channel. For example, 
the irradiance and scattering of sunlight in the water are the main factors that affect OC. 
Although AC and OC are seemingly unrelated, it is of theoretical interest to show if there 
exists a combination of underwater acoustic properties that can be exploited to predict the 
state of underwater optical links at a given range and depth. 

While finding a relation between the AC and OC is of theoretical interest per se, such 
relation also has several practical applications. Predicting the characteristics of OC through 
AC, would help, e.g., guide a mobile node which holds both communication systems to a 
location where OC can be efficiently used. This application is specifically important for 
multi-modal underwater communication systems, where both OC and AC are utilized [4]. 
Moreover, exploiting a relationship between OC and AC would enable more effective 
switching mechanisms. 

In this work, we study the relationship between AC and OC from a statistical point of 
view in environments such as the open sea, where it can be assumed that the properties of 
optical links change slowly over time and space. Our work does not include a theoretical 
explanation of the mutual relation between AC and OC, but rather is limited to showing that 
such a relation exists, with the hope to stimulate further theoretical investigations. 

Our study is based on a large dataset of acoustic and optical link properties simultane-
ously measured over a prolonged time span and over different frequency bands. The dataset 
was obtained during the ALOMEX 2015 experiment led by the NATO STO CMRE, La 
Spezia, Italy. Using this dataset, we trained different learning models using support vector 
machines (SVMs) [5], with the goal of classifying the corresponding quality of the optical 
link at various distances and depths. The system was designed to maximize accuracy, while 
avoiding overfitting. 

Our results show a strong correlation between the properties of ACs and the overall qual-
ity of the OC, with a sufficient degree of accuracy to enable mechanisms that intelligently 
switch between acoustic and optical underwater communication technologies, as well as to 
evaluate the radiance properties of the water.  

BACKGROUND 

Acoustic communications basics ― Substantial differences exist between long-range deep 
water AC and short-range shallow water AC. Since multimodal systems are used for rela-
tively short ranges of a few km, we focus on the latter. The shallow water underwater chan-
nel is a time-varying frequency-selective channel, characterized by a long delay spread and 
a coherence time on the order of tens of ms [6]. Since the sea surface is continuously in 
motion, individual channel taps are affected by a Doppler shift that may vary up to tens of 
Hz. For typical sound speed values around 1500 m/s, this Doppler shift affects the duration 
of the received signal. The key parameters to predict the integrity of AC are the number of 
channel taps, their power and propagation delay, and the variation thereof over time. 
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AC is also highly affected by the channel ambient noise, usually modelled as an isotropic 
coloured Gaussian process whose power spectral density reduces by 10 dB per octave [6]. 
However, the acoustic ambient noise may also include location-dependent, non-isotropic 
noise, whose time-varying characteristics also affect the performance of AC. The SNR 
(in dB) of a transmission performed at a frequency 𝑓𝑎 over a distance 𝑑 between the trans-
mitter and the receiver is empirically modelled as: 

 𝑆𝑁𝑅(𝑑, 𝑓𝑎) = 10 log10 (
𝑃𝑎

𝑁(𝑓𝑎) 𝛿𝑓𝑎
) − 𝐴(𝑑, 𝑓𝑎) (1) 

where 𝑃𝑎 is the source level (usually expressed in dB relative to 1 𝜇Pa @ 1 m from the 
source), 𝑁(𝑓𝑎) is the noise level, 𝐴(𝑑, 𝑓𝑎) is the power attenuation in dB, and 𝛿𝑓𝑎 is a narrow 
band around 𝑓𝑎 where we can assume 𝐴(𝑑, 𝑓) = 𝐴(𝑑, 𝑓𝑎) and 𝑁(𝑓) = 𝑁(𝑓𝑎). 
 
Optical communications basics ― Light traveling in the water interacts with the particu-
lates and dissolved materials within the water as well as the water molecules themselves. 
These interactions produce light attenuation (modelled via an attenuation rate per unit length 
travelled by the wave, termed 𝑐) that will determine the underwater light field, or radiance, 
denoted as 𝐿, and defined as the measure of light energy leaving an extended source in a 
particular direction. 

The parameters 𝐿 and 𝑐 are related through the radiative transfer equation (RTE), which 
relates the apparent and inherent optical properties of the medium [3]. The light attenuation 
rate 𝑐, the optical absorption rate 𝑎, and the loss rate due to scattering processes 𝑏 are related 
as 𝑐 = 𝑎 + 𝑏. If the inherent optical properties of the medium depend only on depth, inelas-
tic processes are ignored, and there are no internal sources, the time-dependent RTE is de-
scribed as [7] 

 cos 𝜃
𝑑𝐿(𝑧,𝜆,𝜃,𝜑)

𝑑𝑧
= −𝑐(𝑧, 𝜆)𝐿(𝑧, 𝜆, 𝜃, 𝜑) + ∫ 𝛽(𝑧, 𝜆, 𝜃′, 𝜑′ → 𝜃,𝜑)𝐿(𝑧, 𝜆, 𝜃′, 𝜑′)𝑑𝛺′

4𝜋
,(2) 

where 𝛽(∙) is the volume scattering function, which describes how the medium scatters light 
per unit length and solid angle. The polar angle 𝜃 and the azimuthal angle 𝜑 of a spherical 
coordinate system specify the scattered light direction, whereas the coordinates (𝜃′, 𝜑′) 
convey the direction of the incident light. The integration is performed over the unit sphere 
surface, and we recall that 𝑑𝛺′ = sin 𝜃′𝑑𝜃′𝑑𝜑′. At a given depth and wavelength, 𝐿 is 
usually referred to as the radiance distribution. The first term on the right hand side of (2) 
represents the loss of radiance along (𝜃, 𝜑), while the second term provides the gain in 
radiance from all other directions. Analytical solutions of the RTE (2) are possible only if 
scattering is negligible. Otherwise, as in the present work, (2) must be solved numerically, 
e.g., see [7]. 

For this study, we are interested in the scalar irradiance 𝐸0, measured over all directions, 
obtained by integrating radiance over the whole sphere as 

 𝐸0(𝑧, 𝜆) = ∫ 𝐿(𝑧, 𝜆, 𝜃, 𝜑)𝑑𝛺
4𝜋

. (3) 
In the case of light transmission for underwater optical communications, this will be affected 
by the ambient light, considered as noise and computed as 𝑁𝐴 = (𝑆 ∙ 𝐸0 ∙ 𝐴𝑟)

2, where 𝑆 and 
𝐴𝑟 are the receiver’s sensitivity and area, respectively. 
 
Overview of the machine learning approaches used for data analysis ― In this paper, 
we focus on a particular class of supervised statistical learning methods. Statistical learning 
approaches aim to infer the function that maps input data to output data, such that the learned 
function can be used to predict the output from future input. 
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In particular, we use an efficient class of learning algorithms called support vector ma-
chines (SVMs) [5]. An SVM tries to achieve the best separation between patterns belonging 
to different classes by finding the maximum-separation hyperplane that has the largest dis-
tance to the nearest training data point of any class. As a result, this learning framework is 
particularly indicated when the available data is limited. A similar framework can be applied 
in the case of real-valued outputs (regression tasks) using a variant called Support Vector 
Regression (SVR) [8]. 

We consider both linear and non-linear SVMs. In linear SVMs, we assume that the pat-
terns are linearly separable. The equation of a linear SVM is expressed in the form 
 𝑓(𝑥) = ⟨�⃗⃗� , 𝑥 ⟩ + 𝑏 , (4) 
where ⟨∙,∙⟩ denotes the inner product in ℝ𝑛, and the vector �⃗⃗�  and scalar 𝑏 are used to define 
the position of the maximum-margin separating hyperplane. Geometrically, the distance be-
tween the two external hyperplanes is 2/|�⃗⃗� |, so we want to minimize |�⃗⃗� | such that each 
data point lies on the correct side of the margin. The SVM training procedure amounts to 
solving a convex quadratic problem. The solution is a unique globally optimum result, for 
which 
 �⃗⃗� = ∑ 𝛼𝑖𝑦𝑖𝑥 𝑖

𝑁
𝑖=1  . (5) 

The terms 𝑥 𝑖 are called support vectors. Once an SVM has been trained, the decision func-
tion can simply be written as 
 𝑓(𝑥 ) = sign(∑ 𝛼𝑖𝑦𝑖(⟨𝑥 , 𝑥 𝑖⟩) + 𝑏𝑁

𝑖=1 ) . (6) 
The non-linear SVM uses the so-called kernel trick, implicitly mapping the inputs into 
higher-dimensional feature spaces. The resulting algorithm is formally similar to that of a 
linear SVM, except that every dot product is replaced by a non-linear kernel function 
𝐾(𝑥 , 𝑥 𝑖). This allows the algorithm to fit the maximum-margin hyperplane in a transformed 
feature space. In this work we use the popular Gaussian Radial Basis Function (RBF) kernel: 
 𝐾(𝑥 , 𝑥 𝑖) = exp(−|𝑥 − 𝑥 𝑖|

2/(2𝜎2))  . (7) 

DESCRIPTION OF THE ACQUIRED DATASET 

To validate our system we used a data set collected during the NATO ALOMEX 2015 
mission. The experiment spanned 13 days across 2800 km from Southern Spain to West 
Africa. During this expedition, we measured both acoustic and optical link properties in the 
nine different stations marked in Fig. 1. Some stations were sampled in the same locations 
but at different times. In each station, a data collection lasting over an hour took place. The 
locations noted in Fig. 1 were chosen to represent different channel conditions. Stations 1-
4 were located in the Mediterranean Sea, while Stations 5-9 were sampled in the Atlantic 
Ocean. 

The measurement equipment was hosted on board the 93 m-long R/V Alliance. The op-
tical properties were evaluated by probing the water column from the bow of the Alliance, 
while the acoustic transmissions took place from the stern. Acoustic measurements were 
obtained by transmitting and receiving acoustic signals over two different frequency bands: 
8-16 kHz (named LF in the following), and 18-34 kHz (HF). The receiver and transmitter 
were deployed horizontally. The LF data set was obtained by transmitting full-band linear 
chirps at regular intervals, whereas the HF data set was obtained thanks to the functions 
 

 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  338



 

 

 

# LF band HF band 

1 Noise level 
2 RSSI 
3 Delay spread 
4 RMS channel tap amplitude 
5 Number of channel taps 
6 SNR Integrity 
7 Channel length  
8 Noise coherence time  
9 Channel coherence time  
 

Table I: List of measured acoustic channel prop-

erties in the LF band and HF bands. Blue prop-

erties are common to both bands. 

 
Fig. 1.  Location of the measurement sites during 

the ALOMEX 2015 cruise. 
 

 

provided by EvoLogics modems. This allowed us to estimate 9 different properties for LF 
channels and 6 for HF channels, as listed in Table I. Since the optical data was used as 
labeling for training and testing only, no pre-processing was performed. In the context of 
multimodal systems, we focused only on classifying and predicting the optical SNR during 
both nighttime and daytime. However, the same procedure can be carried out for other op-
tical properties, such as the scattering or the total attenuation coefficients. 

The OC dataset was used to train the SVM for classification purposes. For classification, 
the training procedure involved a threshold to label the trained OC dataset as “good” or 
“bad,” where the threshold (15 dB and 10 dB for daytime and nighttime measurements, 
respectively) is chosen so that “good” and “bad” training links occur more or less the same 
number of times, to avoid overfitting. In Fig. 2a, we show the SNR of the measured OC 
links during daytime and nighttime. The values shown lead to a variation of roughly 70 dB 
in the range of SNR. Naturally, this produces a large change in the number of “good” and 
“bad” OC channels. More specifically, the choice of these threshold levels yielded a “good” 
to “bad” channel ratio of about 60%.  

Training was performed separately for the acoustic LF recordings at 5 m, the acoustic LF 
recordings at 10 m, and the acoustic HF recordings (10 m). The aim of training was to 
discriminate the corresponding quality of the optical signal (binary-valued classification 
task). To that end, the dataset was first divided into training sets (75% of the patterns) and 
test sets (25% of the patterns), and the latter were used to test the generalization capability 
of the models. We considered two kernel functions: the simple linear SVMs, and the non-
linear RBF kernel. To set the learning hyper-parameters, we adopted a k-fold cross-valida-
tion procedure, where one fold was randomly selected and left out to test the current settings 
of the hyperparameters. Based on the amount of data available, we used 3 folds for LF at 
5 meters, 4 folds for LF at 10 meters, and 5 folds for HF. To evaluate the robustness of our 
approach and to reduce the risk of overfitting, each SVM was trained 10 times. 
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Fig. 2.  (a) Average values for the optical and acoustic SNR at different sites. Results show a range of 

roughly 70~dB during nighttime, and 40~dB during daytime for optical SNR. (b) Classification accu-

racy for daytime OC, obtained using linear SVM and RBF SVM. Results suggest a clear non-linear 

relationship between acoustic properties (mostly LF5) and OC. 

RESULTS 

The classification accuracy for the test sets is reported in Fig. 2b for both the linear SVM 
and the non-linear SVM with the RBF kernel. We explore classification using all three types 
of acoustic measurements. In all cases, the marked difference between the linear SVM and 
the RBF kernel suggests that the relation between the acoustic properties and the optical 
link quality is non-linear. In order to better assess the robustness of the findings, as a control 
simulation we also performed the same classification task using a Naïve Bayes classifier [9]. 
The average accuracy obtained using this algorithm was closely aligned with that obtained 
with the linear SVM. For this reason, in the following discussion we drop the comparison 
with the Naïve Bayes classifier and only consider the SVM models.  

The results indicate that the LF measurements provide a more accurate prediction of the 
quality of the optical link, approaching 100% of classification accuracy for the non-linear 
SVM. The LF measurements yield a much higher accuracy also for the linear SVM, except 
for the 35-m depth, 10-m range condition, where the performance of LF10 is similar to that 
obtained using HF.  

The classification accuracy for the test sets to predict the optical SNR during nighttime 
is reported in Fig. 3. Also in this case, the non-linear kernel clearly outperforms the linear 
SVM, achieving about 100% classification accuracy in all conditions. In fact, for many dis-
tance-depth pairs considered in Fig. 3, the performance of the linear SVM in is close to 
chance level (50%).  

Similar to the case of daytime optical transmission, in the nighttime scenario the LF 
measurements (LF5 in particular) are better predictors for the quality of the optical link. 
However, when using the linear SVM, HF sometimes still outperforms LF10, especially for 
the conditions corresponding to long distances (20-m range). This suggests that, in  
nighttime conditions, the HF signal can be more reliable than in daytime conditions, ap-
proaching a prediction accuracy of 100% for the non-linear SVM and of 80% for the linear 
SVM at long ranges. 

The high classification accuracy obtained for both the daytime and the nighttime predic-
tion of the quality of the optical link suggests a strong relationship between the acoustic 
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Fig. 3.  Nighttime optical SNR classification accuracy results, suggesting a clear non-linear relation 

between AC and OC properties. 

properties and the OC quality. This relation seems to be non-linear, as the greatest accuracy 
is achieved by the SVM using the RBF kernel. 

In order to better evaluate the classifier performance across different conditions, three 
additional performance measures were also computed from confusion matrices [45]: preci-
sion (i.e., class agreement of the data labels with the positive labels given by the classifier), 
recall (i.e., effectiveness of the classifier to identify positive labels), and specificity (i.e., 
effectiveness of the classifier to identify negative labels). The complete results are reported 
in Table II. We observe that the obtained values for precision, recall and specificity are 
consistent across different acoustic datasets and environmental conditions, and are fully 
aligned with the accuracy results reported in Fig. 2 and Fig. 3. In particular, results show 
that indeed the non-linear classifier achieves much better performance on all metrics, and 
has no biases for any particular class.  

Interestingly, the data seem to suggest that linear classification using LF measurements 
improves close to the surface. This needs to be investigated further, as not all collected data 
show this same trend, and we have no further evidence to prove it. However, we still con-
jecture that linear classification might be in fact more precise near the surface. A possible 
explanation can be a high concentration of biological particles such as plankton in the upper 
water layer, which would scatter the acoustic wave and, during daytime, also sunlight. The 
collection of additional data in this specific scenario would be a necessary step to verify this 
conjecture. 

 

CONCLUSIONS 

In this work, we explored the statistical relationship between the properties of underwater 
acoustic and optical links for the purpose of classifying the quality of the latter and predict 
their SNR. We based our analysis on a large database including both optical and acoustic 
measurements. Our results indicate a clear relation between acoustic link properties and the 
quality of optical links. Using the RBF SVM classifier, we were able to predict the quality 
of optical links with an accuracy close to 100%. Our classification and algorithms can read-
ily serve as a switching mechanism for multimodal systems that combine underwater acous-
tic and optical communications. 
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Table II.  Precision, recall and specificity values for all classification tasks. 
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Abstract: In this paper, we propose and investigate a model for signal transmission in 
fast-varying underwater acoustic (UWA) channels. In particular, this model can be used 
for numerical investigation of UWA communication systems with moving transmitter 
and/or receiver. Known modelling techniques suffer from high computational complexity 
for signal transmission sessions of high duration and are only applicable to single-input 
single-output communication systems. The known Waymark simulator can efficiently deal 
with long-duration transmission sessions. However, its running speed is limited by the ray 
tracing used for computing the waymark impulse responses. We propose to pre-compute 
ray parameters on a space (depth-range) grid, similarly to how it is done in the known 
VirTEX simulator, and use the ray parameters for the waymark impulse response 
computation, thus speeding up the simulation. Numerical examples show that this 
approach can reduce the simulator running time by 10-20 times compared to the 
baseband Waymark simulator, and, for some scenarios, make the simulation time close to 
the real time. 

Keywords: Underwater acoustic communications, VirTEX, Waymark 

1. INTRODUCTION 

The underwater channel is considered as one of the most difficult channels for 
communications [1]. The performance of underwater acoustic communication systems is 
heavily dependent on the propagation environment. Sea experiments are often used to 
assess the communication performance, but they are expensive and difficult to conduct. To 
reduce the cost, a simulation of the signal transmission can be used. It can guarantee 
similar conditions when comparing different systems and provide reliable monitoring of 
the environment and thus give a valuable interpretation of experimental results. Therefore, 
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it is highly desirable to have an efficient simulator for underwater acoustic signal 
transmission [2], [3]. There have been a number of approaches to deal with this problem, 
for example using a static channel impulse response [4] obtained from acoustic field 
computation [5], [6], or a model based on random fluctuations of complex amplitudes of 
eigenpaths. Some models introduce frequency shifts in eigenpaths and a statistical model 
for multipath amplitudes [7]. Some approaches use a measured time-varying channel 
response and random local displacements based on direct replay [8], [2]. 

The VirTEX (Virtual Timeseries Experiment) simulator [9] operates by post processing 
the outputs produced by the Bellhop ray tracing program [10]. This simulator performs the 
ray tracing on a grid within a depth-range frame of interest. The ray parameters on the grid 
points are then used for approximation of the acoustic field in the frame. The VirTEX can 
simulate the transmission of relatively short signals between moving transmitter and 
receiver, and it requires computation of the channel impulse response from the acoustic 
field computations at every signal sample, which is complicated when dealing with signals 
at a high carrier frequency. 

Another promising approach in the virtual signal transmission [9], [11] is the Waymark 
simulator [12], also allowing modelling the signal transmission for moving transmitter and 
receivers. The motion-induced channel time variations are modelled by sampling the 
transmitter/receiver trajectory at a rate much lower than the signal sampling rate and 
calculating, for each waymark position, the channel impulse response from the acoustic-
field computation. The Waymark impulse responses are then used for interpolation of the 
time-varying channel impulse response at a sampling rate chosen with respect to the 
highest frequency in the spectrum of the transmitted signal. The high sampling frequency 
may result in a high running time for the original Waymark simulator. 

A further development of the Waymark model [12] with the aim to significantly reduce 
the simulation time is based on baseband processing [13]. However, the efficiency of the 
baseband Waymark model is now limited by the ray tracing (the Bellhop program [10] in 
our case) used for computing the impulse responses at waymarks. In this paper, we 
propose to pre-compute the ray parameters on a space (depth-range) grid, similarly to how 
it is done in the VirTEX simulator [9], then save this grid map with arrival information at 
every grid point in memory. When in simulation, the ray parameters at every waymark are 
approximately computed by combining the pre-computed arrivals at four grid points 
around the waymark location rather than running Bellhop, thus speeding-up the 
computations. 

2. UNDERWATER ACOUSTIC CHANNEL SIMULATOR 

Waymark Model: In a time-varying channel, the noise-free signal at a receiver is 
described as a convolution [14]:  

  ,,0,d)(),()(
- sigTttsthty  



 ⑴ 

where ),( th  is the passband channel impulse response at time t , )(ts  is the transmitted 
signal and sigT  is the signal duration. At time t  the channel impulse response can be 
represented as the sum of multipath components [15]: 
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where L  is the number of arrivals, )(tAp  is the time-varying amplitude of the p th path 
and )(tp  represents the corresponding delay. The time-varying delay )(tp  is defined by 
the path geometry, which encompass any movement in the system ultimately representing 
the Doppler effect. 

In the Waymark model [12], a sequence of points (waymarks) is set along the 
receiver/transmitter trajectory, and the impulse response at every waymark is calculated 
using the arrivals computed by the Bellhop ray-tracing program [10]. The time interval in 
the trajectory between waymarks is typically much longer than the signal sampling 
interval due to the slow variation of the channel impulse response from one signal sample 
to another. This long waymark interval reduces the simulation time greatly when 
compared to ray-tracing for every signal sample interval. 

To reduce the simulation time further, an extension to the Waymark model in [12] 
creates a time-varying channel model using the baseband equivalent representation of the 
signals and channel, which allows the processing on the signal propagating through the 
channel also to be at baseband frequencies [13]. The processing therefore is performed at a 
lower sampling rate depending on the signal bandwidth. In addition, this model has the 
ability to model longer channel impulse responses with the same resources, which helps to 
deal with more extreme underwater environments. 

As described in [13], in the baseband Waymark model, the original signal spectrum is 
shifted to centre around zero and a low pass filter applied. The low pass filter chosen is the 
raised cosine filter [16]. The baseband equivalent transmitted signal )( se nTs  can be 
approximated by: 
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where the raised cosine impulse response [16] is given by: 
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where sT  is the original sampling period of the passband signal, ssig TTN  , K  is the 
raised cosine filter length,   represents the roll-off factor, and 0f  is the upper bound of 
the baseband frequencies. 

Once the transmitted signal has been transformed into the baseband equivalent )( se nTs , 
the sampling interval sT  then can be increased to a longer sampling period dT . The 
baseband signal at the receiver is then obtained via the baseband filtering: 

,1,...,0),(),()(
1

0
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where ),( ddde iTTnh  is the baseband channel impulse response at time ddTnt  , 

dsigd TTN  , I  is the number of channel taps and i  is the index of channel tap. The 
baseband channel impulse response ),( ddde iTTnh  at every sample ddTn  is then computed 
by a spline approximation [12] using the baseband channel impulse responses )(, dme iTh  
calculated at waymark points. Once passed through the channel the output baseband signal 

)( dde Tny  is upsampled back to the original sampling frequency as )( se nTy , and upshifted 
back to passband. Due to the relatively slow speed of sound, the channel delay variations 
are very important in the restoration of the signal to the passband. Therefore, the upshift of 
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the signal needs to take into account the delay that was applied to the input signal at each 
sample point. The upshifted post channel signal is then calculated as: 

},)({)( )(2 nsc nTfj
ses enTynTy   ⑹ 

where )( snTy  is the output signal sample, )( se nTy  is upsampled baseband output signal 
and n  represents the estimated additional delay at each output sample instant. The delay 

n  is computed using the spline interpolation between the waymark delays. 
Grid Waymark Model: To speed up the computations in the Waymark model further, 

the Grid Waymark model is proposed. Similar to the VirTEX model in [9], we are using a 
regularly spaced grid to describe the volume of water that the signal propagates through. 
The model interpolation is performed on the amplitude and delay of arrivals of the 
multipath components. An interpolated point (waymark) between the grid points is 
gathering the weighted arrivals at the four surrounding grid points as shown in Fig. 1 and 
Fig. 2. 

  

Fig.1: Receiver trajectory with waymarks 
(black, blue) in a grid field (green). The 
acoustic field at a waymark point is 
combined with the weighted arrivals at four 
grid points around it. 

Fig.2: Four points of the grid for a ray 
tracing computation at a waymark. The 
arrivals are pre-computed at the four 
corners and any point in the interior is 
computed through interpolation of the 
weighted amplitudes and adjusted delays at 
grid points. A sample arrival is shown 
traveling at angle θ. 

The attenuations from the four grid points are weighted and gathered to obtain complex 
amplitudes GA  at the waymark (trajectory) point ),( yx , and the corresponding delays Gτ  
are adjusted by the ray path travel time differences between the corners of the 
computational grid and the interpolated point (see [9] for more details). The arrival 
amplitudes at each of the grid points are weighted and combined as: 

  .)1()1()1)(1( 4321
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T
gyx

T
gyx
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Here we assume that the maximum number of arrivals at each grid point is L , then 
1gA , 2gA , 3gA , and 4gA  are column vectors of length L ; they represent the arrival 

amplitudes at each of four grid points around the waymark point ),( yx . The weights xw  
and yw  are given by [9]: )()( 121 xxxxwx  and .)()( 121 yyyywy   Thus, xw  
represents a proportional distance in the x  direction and yw  represents a proportional 
distance in the y  direction. 

As shown in Fig. 2, the dashed line represents an arrival traveling at angle   at the 
lower left grid point. The delay time for that arrival is adjusted from position ),( 11 yx  to 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  346



 

position ),( yx  by the distance divided by the sound speed [9]. The adjusted delay is given 
by ,)sincos( cyxdelay    where 1xxx  , 1yyy   for the grid point 

),( 11 yx  in this example, and c  is the sound speed at ),( 11 yx . The corresponding delays of 
arrival at ),( yx  then are given by 

  ,44332211
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where 1gτ , 2gτ , 3gτ  and 4gτ  are 1L column vectors; they represent the delays of arrival 
at grid points corresponding to 1gA , 2gA , 3gA , and 4gA . Vectors 1τ , 2τ , 3τ  and 4τ  
contain adjusted delays delay  of all arrivals at ),( 11 yx , ),( 21 yx , ),( 22 yx , ),( 12 yx . 

With the complex amplitudes of arrivals GA  and corresponding delays Gτ , which 
characterize the acoustic field, we can find the channel frequency response )(eH  at that 
waymark ),( yx . The baseband channel impulse response )( de iTh  is obtained from )(eH  
by the inverse Fourier transform. 

At waymark m , the channel frequency response )(, qmeH   at a frequency q  is 
computed as: 
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where M  is the number of eigenpaths gathered for the waymark point, min  is the 
minimum delay (the common propagation delay) for all the paths, which is removed from 
all arrivals to reduce the size of the impulse response at waymark point as described in 
[12]. lC  is the baseband complex amplitude of the l th arrival and lG ,  is the 
corresponding delay. The complex amplitude of the multipath arrival at the baseband is 
given by [15]: ,,2

,
lGcfj

lGl eC  A  where lG ,A  is the complex amplitude of the l th arrival 
gathered at waymark m , and cf  is the carrier frequency. 

Assuming Q  frequencies of interest q , the impulse response )(, sme iTh  is then 
obtained by the inverse Fourier transform: 
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The structure of the proposed simulator is shown in Fig. 3, as a development from the 
original system in [13]. In this development, the acoustic field at waymark m  is computed 
by gathering the weighted arrivals at four grid points around the waymark point, rather 
than calling the Bellhop program. The channel frequency response )(, qmeH   at waymark 
m  and the impulse response )(, dme iTh  are then computed from the frequency response. 
With the baseband equivalent representation, the processing is allowed to be at baseband 
frequencies and performed at a lower sampling rate, thus reducing the simulation time. 
The splitting of the channel into two components, the composite delay and impulse 
response, allows more accurate interpolation of the channel impulse response between 
waymarks. Since the variation of the channel impulse response from one signal sample to 
another is considered slow, the sampling interval is increased from sT  to 

)1(,   sd TT , to give a lower sampling rate, and consequently reduces the 
computation. The local spline interpolation is then used for recovering the impulse 
response for all signal sampling instants. The local interpolation between waymarks 
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allows removing any constrains on the duration of the signal transmission simulation 
session. 

 
Fig. 3: A block diagram of the underwater acoustic channel simulator as a 

development on the system presented in [13]. 

3. SHALLOW WATER EXPERIMENTS 

In this section, some examples are given to illustrate the proposed simulator and 
compare it with the original baseband Waymark and VirTEX models. 
1) Simplified Environment Test: The simulation environment is as follows. 

A 10 kHz tone signal is transmitted. It is sampled at a 40 kHz sample frequency. The 
signal duration is 100 seconds. The underwater environment is described by a flat Sound 
Speed Profile (SSP); the speed of sound is constant 1500 m/s from the bottom to surface. 
The sea bottom is flat at 200 meters depth and the surface is flat calm. Both the receiver 
and transmitter are at a depth of 100 meters. The range between them varies as 1000 m + 

tvc  m, ( cv  = 5 m/s). The decimation factor is 64, giving the signal sample interval dT  = 64 
× sT  = 1.6 ms. 

With a 10 kHz tone the motion was expected to result in a Doppler shift of around -
33.3 Hz. The waymark interval was set to 0.0512 seconds. Fig. 4 shows the spectrum of 
the channel output from the original baseband Waymark, VirTEX and proposed Grid 
Waymark models. The peaks in the figure are due to multipath components with slightly 
different Doppler spreads.  

The simulation was running in Matlab (version R2013a) under Windows 7 operating 
system with a 3.4 GHz Intel Core i7 CPU and 8 GB of RAM. For the original baseband 
Waymark model, simulating 120 seconds of transmission time requires 4662 seconds, this 
number is mostly due to the Bellhop ray-tracing called at every waymark. For the 
proposed Grid Waymark model with grid step of 0.25 m, the same as the waymark step in 
the original baseband Waymark model, this simulation only takes 226 seconds, which is 
almost a real time simulation. This is a significant reduction in computation compared to 
the original baseband Waymark model, it is about 20 times faster with the proposed Grid 
Waymark model. 
2) Complex Environment Test: To compare these three models with a more complex 

environment, the 10 kHz tone is transmitted in the SWellEx-96 [17] SSP and a section 
of the trajectory from Event S5. The simulation environment is as follows. 
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A 10 kHz tone of 100s duration is transmitted, sampled at 40 kHz sampling frequency. 
The sea bottom is flat and the surface is flat calm. Locations of the transmitter and the 
receiver are from the SWellEx-96 event S5 localized data [18]. The transmitter was 
moving towards the receiver at 2.5 m/s. The decimation factor is 64. 

Fig. 5 shows the spectrum of the channel output from the original baseband Waymark, 
VirTEX and the proposed Grid Waymark models. The waymark interval for the Waymark 
model [13] and the Grid Waymark model was 0.0512 seconds. The Doppler spreads 
around the main peaks are again generally agreed. For the Waymark model, 14009 
seconds is required in this simulation, while the proposed Grid Waymark requires 1476 
seconds, which shows about 10 times faster computation. 

    

Fig. 4: The received signal spectrum 
from the Waymark, VirTEX and Grid 
Waymrk models with a flat SSP sound 
environment. 

Fig. 5. The received signal spectrum from 
the Waymark, VirTEX and Grid Waymrk 
models with the SWellEx environment and 
trajectory. 

 

4. CONCLUSION 

In this paper, a further extension to the Waymark model proposed in [12] and [13] is 
described as the Grid Waymark model. This model combines the Waymark model with 
the VirTEX pre-computing the acoustic field on a space grid. It computes the waymark 
impulse responses by gathering weighted ray parameters from the grid points around the 
waymark. The Grid Waymark model has a significant advantage in computation speed 
compared to the original baseband Waymark model.  

The original baseband Waymark, VirTEX and Grid Waymark have been compared. 
The results show similarity with the major features such as the Doppler shifts. The 
computation time taken with Grid Waymark model is significantly less than that with the 
original Waymark model. 
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 Abstract: The performance of orthogonal frequency division multiplexing (OFDM) is 
gravely affected by the Doppler induced symbol dilation. Thus, it is important to 
compensate for this effect before detection. In this paper, we propose a combined Doppler 
Effect estimation scheme for coded OFDM underwater acoustic communication systems. 
This scheme contains two steps; the first step is using the Fractional Fourier Transform to 
estimate the chirp rate change of the linear frequency modulation (LFM) signal, which is 
used as synchronisation probe to obtain an initial Doppler Effect estimate using the chirp 
rate change. In the second step, cyclic prefix (CP) correlation is used to estimate the fine 
Doppler factor. We compare the proposed approach with state-of-the-art, time and 
frequency based resampling methods. The presented numerical results show that the 
proposed scheme can estimate the Doppler factor precisely after the two steps and match 
the performance of the resampling-based approaches. However, the advantage of the two-
step approach does not require the whole packet to be received, which in turn reduces the 
storage requirements and hardware resources, and thus, it is more suitable for the real-
time implementation. 

Keywords: Orthogonal Frequency Division Multiplexing (OFDM); underwater acoustic 
(UWA) communication; Doppler effects estimation; Fractional Fourier Transform 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  351



 

1. INTRODUCTION 

Due to the severe multipath and Doppler spread present in the underwater acoustic 
(UWA) environment, transmitted communication signals suffer from intersymbol 
interference and symbol dilation. Orthogonal frequency division multiplexing (OFDM) is 
a multicarrier system where all the subcarriers are orthogonal to each other. Its 
performance is gravely affected by inter-carrier interference (ICI) caused by the Doppler 
induced frequency offsets [1]. There is a high demand of accurate estimation and 
compensation of the Doppler frequency offset to ensure the reliability of the UWA OFDM 
waveforms. Thus, several techniques [2]-[6] have recently been introduced in order to 
estimate and compensate it. The most widely adopted method is using two synchronisation 
probes in form of linear frequency modulation (LFM) signals in adjacent OFDM frames to 
estimate the sampling point number change to obtain the Doppler factor. This method is 
easily applied but requires the whole received packet, which in turn increase the signal 
storage demands. 

2. PRINCIPLE OF THE TWO-STEP SCHEME 

In this paper, we propose a combined Doppler effect estimation scheme for coded 
OFDM underwater acoustic communication systems. This scheme contains two steps; the 
first step is using the Fractional Fourier Transform (FRFT) to estimate the chirp rate 
change of the LFM signal, which is utilized as synchronisation probe to obtain an initial 
Doppler effect estimate using the chirp-rate change. In the second step, cyclic prefix (CP) 
correlation is used to estimate the fine Doppler factor to track the Doppler changes on 
symbol by symbol basis. The advantage of the two-step approach is that it does not require 
the whole packet to be received, which in turn reduces the storage requirements and 
hardware resources, and thus, it is more suitable for the real-time implementation. The 
frame structure suitable for this two-step scheme is shown in Fig.1. 

gT OFDMT

 
Fig.1: Frame structure of the UWA OFDM system 

The chirp signal is always used in radar and sonar communication systems as a 
synchronisation probe, and the expression can be determined by the following equation. 

2
0( ) exp[ (2 )]rect( / )s t A j f t kt t T   , (1)

where 0f is the centre frequency, /k B T is the chirp rate, B is the bandwidth, and 
rect( / )t T represents a rectangular pulse which pulse width is T . The instantaneous 
frequency can be given as  

0( )f t f kt  . (2)

The instantaneous frequency affected by Doppler can be written as 
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2
0( ) ( )Df t f t f k t     , (3)

where 1 /r tf f      indicates the frequency ratio between the received and transmitted 
signal, and the Doppler Factor is defined as ( / ) cosv C    and C is the sound speed in 
the water. 

The FRFT has a characteristic of energy concentration on LFM signal. There exists an 
optimal order of FRFT, which focuses the energy of the chirp signal [7]. The optimal 
order p̂ resulting in maximum energy can be obtained by searching a certain set of orders. 

Furthermore, the estimated chirp rate can be represented as 

2ˆˆ ˆcot( ) (1 )
2

pk k
     , (4)

where k  is the original chirp rate, and p̂ is the optimal order of FRFT.  is usually less 

than 1 because of the low speeds, so that ̂ can be estimated as 

ˆcot( )
2ˆ ˆ1

p

k






    . (5)

After the first step using FRFT to estimate the chirp rate, we got an initial estimation ̂ . 
In the second step, fine estimation is performed using the cyclic prefix correlation to track 
the Doppler factor of each OFDM symbol. 

As for the received data y , the autocorrelation can be given as 

*( ) { ( ) (( ) )}y s sR E y mT y m T   . (6)

The magnitude of ( )yR   is maximum at 0  and at the lag 

0
/ (1 )peak s sNT T      , 

where
0sT  is the sampling interval at the transmitter, and sT is the sampling interval at the 

receiver.  

Assuming that
0s sT T , then ˆ

(1 )peak
N N


 

 
, and ˆ( )y peakR  should have the 

maximum magnitude except for ( 0)yR   . So that the fine estimation of  can be 
obtained by the following steps: 

1. First of all, define ˆ
initial  , which is obtained by the estimating the chirp rate 

change of the chirp signal.  

_peak initial
initial

N


 . (7)
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2. Then set a search range around _peak initial , let  

. _ _ _ _ _( , )peak search peak initial search range peak initial search rangeN N     . (8)

Calculating the autocorrelation _( )y peak searchR  of all the _peak search  , the ˆ
peak  

corresponding to the maximum magnitude _( )y peak searchR  is the result we are looking 
for. 

Finally, the fine estimation of  can be got by formula (9). 

ˆ
peak

N


 .
 

(9)

3. SIMULATION STUDY 

In this section, a simulation is conducted to evaluate the feasibility and the performance 
of the proposed two-step scheme. Multipath channels using for simulation are generated 
by Bellhop, with the depth of transmitter and receiver are 40 and 10 m under the sea 
surface, respectively. The sound velocity gradient is illustrated in Fig.2 (a). Fig.2 (b) and 
(c) display the channel impulse response where the distances between the transmitter and 
the receiver are 500 m and 2 km, respectively. The RMS delay spread of the channel with 
the range of 500m is 6.3ms and the coherent bandwidth is 159.05Hz. Those of the channel 
with the range of 2km are 6.5ms and 154.87Hz. The main simulation parameters of the 
coded underwater acoustic OFDM system are given in Table 1. 

 
Fig.2: (a) Sound Velocity gradient, (b) channel impulse response of the distance 500 m, 

(c) channel impulse response of the distance 2 km. 
Parameters  Value Parameters Value 
Transmission 
Frequency Band 6000-12000 Hz Guard Interval of 

cyclic prefix 43 ms 

Bandwidth 6000 Hz Symbol Duration  171 ms 
Sampling Frequency 48 kHz Pilot Spacing 4 
Number of 1024 Coding method Convolutional Code or 
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Subcarriers Turbo Code or LDPC 

Subcarrier Bandwidth 5.859375 Code Rate 1/2 
Number of Bits per 
Subcarrier 2(QPSK modulation) Resampling method Time or Frequency 

Based method 
Table 1: Simulation parameters of the underwater acoustic OFDM system. 

The FRFT of a chirp signal can focus the energy in an optimal order. Chirp signals with 
different lengths have a different performance on focusing this energy, which results in the 
accuracy of optimal order estimation. This in turn affects the Doppler factor estimation. 
The MSE of the estimation of Doppler factor   with different chirp signal lengths is 
compared in Fig.3 (a).  

 
Fig.3: (a) The MSE of Doppler factor estimated by the FRFT of LFM signal, (b) The 

MSE of Doppler factor estimated by the proposed two-step scheme. 
From Fig.3 (a), it can be seen that the MSE of Doppler Factor estimation decreased 

with the increase of the LFM signal length. The MSE of the signals with the length of 160 
and 320 ms appears the same, but the MSE of the chirp signal with the length of 32 ms is 
6~10dB larger than that of the other two signals.  

Fig.3 (b) illustrates the MSE of Doppler factor estimation after the two-step approach. 
The chirp length has less influence than when using the FRFT approach on its own. 
Although the MSE of -5dB is worse than the FRFT approach, it performs better at the 
other conditions. 

 
Fig.4: The comparison between the two resampling method, time based and frequency 

based resampling method. 
After estimating the fine Doppler factor, the compensation of Doppler is performed by 

state-of-the-art, time and frequency based resampling methods. From Fig. 4, we can now 
come to a conclusion that the frequency based resampling method performs a little bit 
better than the time-based one.  
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4. CONCLUSION  

In this paper, a two-step Doppler estimation method is proposed. After using the FRFT 
to obtain the chirp rate change of the LFM synchronisation probe, the initial Doppler is 
computed from the chirp-rate change estimate. Subsequently, cyclic-prefix correlation is 
used to estimate the fine Doppler factor of each OFDM symbol. We analyse the MSE of 
the estimated Doppler factor and compare the proposed approach with state-of-the-art, 
time and frequency-based resampling methods. The simulation results demonstrate that 
the proposed scheme can estimate the Doppler factor precisely using the proposed two-
step method and match the performance of the resampling based approaches. The 
advantage of the two-step approach does not require the whole packet to be received, 
which in turn reduces the storage requirements and hardware resources, and thus, it is 
more suitable for the real-time implementation. 
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Abstract: Generalized frequency division multiplexing (GFDM) is a new candidate 
technique for the wireless fifth generation (5G) standard based on multi-branch multi-
carrier filter bank. Unlike OFDM, it enables the frequency and time domain multi-user 
scheduling and can be implemented digital. It is the generalization of traditional OFDM 
with several added advantages like the low PAPR (Peak to Average Power Ratio). 
Taking advantage of the high degree of flexibility in frequency band selection, GFDM 
apparently seems more suitable for the bandwidth limited UWA systems. The multi 
carrier scheme has both the advantage of making full use of the fragment spectrum and 
the merit of low PAPR, which will reduce the power consumption and save the 
hardware cost. Therefore, the influence of the pulse shaping filter on PAPR 
performance of the GFDM system and the comparison of PAPR in OFDM and GFDM 
will be demonstrated in this paper. 

Keywords: GFDM, Underwater Acoustic Communication, 5G, Multicarrier 
Communication 
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1. INTRODUCTION  

The bandwidth limitation of underwater acoustic (UWA) channel makes OFDM one 
of the most significant and widely used modulation technique for UWA 
communication. Although OFDM has many considerable advantages, it does not suit 
well to the future requirements because of the need for precise synchronization and the 
large PAPR. The requirement for cyclic prefix (CP) in every OFDM symbol also limits 
its spectral efficiency. Consequently, new multicarrier transmission schemes are 
needed to address these problems. Among them, filter bank multicarrier(FBMC)[1] and 
generalized frequency division multiplexing(GFDM)[2] are new promising techniques 
for 5G applications. GFDM is a multicarrier transmission scheme derived from the filter 
bank approach[3] with a two-dimensional (time and frequency) block-based data 
structure.It divides the transmitting data into subblocks and subcarriers and each 
subcarrier is pulse shaped with prototype filter. This process reduces the OOB 
emissions and PAPR, making fragmented spectrum and dynamic spectrum allocation 
feasible without severe interference in incumbent services or other users[4]. In 2014, 
Gerhard Fettweis and N.Michailow carried out a preliminary study of GFDM including 
the system structure and the influence of different filter banks on the BER performance 
and so on[5-9]. Compared with OFDM, GFDM has the flexibility in selecting the number 
of subcarriers[5] and the CP (Cyclic Prefix) is added in each data block instead of in 
each symbol, which will significantly increase the efficiency.  

Due to the advantages of GFDM, it is more suitable for the future underwater 
acoustic communication. But till now, there is no relevant research and the study of 
GFDM can accelerate the popularization of multi-carrier underwater acoustic 
communication. GFDM technology is based on the filter banks theory, which will cause 
difficult in channel estimation. Therefore, how to solve the problem of channel 
estimation will be the focus of future research. In this paper, we will focus on the PAPR 
of GFDM system and its preliminary application in underwater acoustic field. 

2. SYSTEM MODEL 

The block diagram of GFDM communication system is shown in Fig. 1. Vector 


cb  

is the decoded data of the original binary data 

b , while after modulation we obtain 

vector 

d . The dimension of 


d  is 1N  and it can be decomposed into K subcarriers 

with M subsymbols, which satisfies the equation  N K M . 

   , mod exp 2         
k m

kg n g n mK N j n
K

                                (1) 

Where n denotes the sampling index. From equation (1), we can see that each 

 ,k mg n  is the different time and frequency transformation of prototype filter  g n . And 
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there are several kinds of filters that can be selected. In this paper, we concern on the 
performance of four commonly used filters: RC, RRC, Xia1 and Xia4[8]. 

Doing GFDM modulation to ,k md , then the transmitting data   
 T
x x n  can be 

expressed as: 

   
1 1

, ,
0 0

, 0, , 1
 

 

    
K M

k m k m
k m

x n g n d n N                                     (2) 

In which, ,k md  represents the data that transmitted on the k-th subcarrier of the m-th 

subblock. Equation (2) can simplified as: 


x Ad                                                           (3) 
Where A  is the GFDM modulation matrix with the dimension KM KM  and can 

be expressed as: 

 0,0 1,0 0,1 1, 1=   
   

 K K MA g g g g                                           (4) 

,


k mg is the time and frequency shifted version of 0,0
g . The  1,0 ,2


n

g A  and 

 0,1 , 1


n K
g A  are circularly frequency and time shifted versions of  0,0 ,1


n

g A . Finally, 

after adding CP, the sending signal can be expressed as 

x . The structure of the GFDM 

signal is shown in Fig. 2. Compared with OFDM, it utilizes fewer CP and in 
consequence having a higher spectral efficiency. 

 
Fig.1. Block diagram of GFDM communication system 

K

CP GFDM symbol dk[m] Subcarrier dk Data block x[n]

CP0CP0

CP1

CPK-1

d0,0 d0,1

d1,0 d1,1

dk-1,0 dk-1,1

d0,M-1

d1,M-1

dK-1,M-1

...

GFDM symbol with CP

M

 
Fig.2 The structure of GFDM signal 

3. PAPR OF GFDM COMMUNICATION SYSTEM 
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Fig.3. CCDF of OFDM and GFDM communication system with different number of 

sub carriers. 

Fig. 3 shows the comparison of the CCDF of OFDM and GFDM communication 
system with the same transmitting data bits. The complementary cumulative 
distribution function (CCDF) is one of the most frequently used parameters for 
analysing PAPR reduction by measuring its distribution. 

As GFDM is a block structure with the dimensions M K , where M is the subblocks 
number and K is the subcarriers number. Simulations of different number of sub carriers 
in GFDM including 516, 258, 129 and 8 are given in Fig.4. It can be seen from the 
figure that GFDM has lower PAPR than OFDM. When the CCDF is less than 0.2, the 
PAPR of OFDM is larger than GFDM by 17.5 dB when the subcarrier number is 8. The 
comparison is based on the condition that the data transmitting bits are the same in 
GFDM and OFDM, which means when the number of subcarriers is given, the number 
of subblocks is fixed accordingly. The detailed influence of different filters and 
different rolling off factors on the PAPR performance of GFDM are given in reference 
[10]. 

4. THE COMBINATION OF GFDM AND SPREAD SPECTRUM 
TECHNOLOGY 

Because of the difficult in channel estimation of GFDM, multi-carrier spectrum 
spread technology can be used to avoid the procedure of channel estimation. 
Considering the symbol structure of GFDM, time domain spread spectrum is more 
suitable and the spread procedure should be arranged before GFDM modulation to 
ensure every symbol modulated. The structures of GFDM spread spectrum and 
despread spectrum are shown in Fig. 5 (a) and (b) respectively. 

 

Spread
spectrum
sequence
generator

cb~

c~

GFDM
modulator

x~d~

 

Local
despread
 sequence
generator

 bT
0 Decision       0

)(tcr


GFDM

demodulator
 z t  m t  cb t ˆ


d t

 
(a)                                    (b)       

Fig.5. The structure of GFDM spread spectrum and despread spectrum 
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The transmitted data is represented by ( )cb t  and the spread spectrum sequence is 

represented by ( )c t . 
( ) ( ) ( )c b

n
b t b n g t nT                                            (5) 

( ) ( ) ( )c
n

c t c n p t nT                                             (6) 

The value of discrete data ( )b n  and pseudo-random sequence ( )c n  is 1 or -1. 
( )g t  and ( )p t  are rectangular pulse with unit amplitude and the duration time of 

them are respectively bT  and cT . In general, bT  and cT  has the relation =b cT NT . 

The sequence after spreading is 

( ) ( ) ( )cd t b t c t                                                   (7) 

And then after the GFDM modulation, the data will be send into the underwater 
channel. In the receiving terminal, after the GFDM demodulation, the dispreading 
procedure should be added to recover the transmitted data. The structure is shown in 

Fig. 6.  d̂ t  is the data after GFDM demodulator. And then despreading by the locally 

generated spread spectrum sequence which is the same as the spread sequence in the 
transmitting terminal. The detailed performance and its application of GFDM-SS 
system in underwater acoustic field will be the future work. 

 

5. CONCLUSION 

Taking advantage of the high degree of flexibility in frequency band selection, 
GFDM technology apparently seems more suitable for the bandwidth limited UWA 
systems. The multi carrier scheme has both the advantage of making full use of the 
fragment spectrum and the merit of low PAPR, which will reduce the power 
consumption and save the hardware cost. The purpose of this paper is to propose the 
application of GFDM multi-carrier technology in the field of underwater acoustic. The 
research of the combination of GFDM and other technologies, as well as channel 
estimation methods will be the focus of the future research. 
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Abstract: Two-way relay networks typically require three time slots to complete an end-to-
end packet exchange. In contrast, utilizing physical layer network coding (PLNC) in such 
systems results in a capacity improvement since only two time slots are required for the 
same information exchange. However, using PLNC in underwater acoustic networks poses 
a challenge due to the frequency-selective nature of the underlying channels. In this paper 
we propose a denoise-and-forward (DNF) approach at the relay in conjunction with a linear 
antenna array and a pair of optimum decision-feedback equalizers to compensate for the 
channel dispersion. Simulation results show that for a relatively small number of antennas, 
the bit error rate performance is almost identical to that of a point-to-point frequency-
selective channel system with one DFE equalizer and outperforms orthogonal frequency 
division multiplexing (OFDM) PLNC based systems under the same channel conditions. 

 

Keywords: Underwater communications, Physical layer network coding, Frequency 
selective multipath channels, Optimum combining. 
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1.  INTRODUCTION  

In underwater communication systems, the introduction of physical layer network coding 
(PLNC) results in not only a simpler design but also doubles the amount of packets 
transmitted. In PLNC, we aim at exchanging data packets between two end nodes through 
the aid of a relay. For this to happen in two time slots, the two signals need to be physically 
added and processed at the relay. In the second time slot or downlink phase, the sum is 
broadcasted back to the end nodes. Each end node can extract the desired message by 
subtracting its own stored data packet. Underwater channels are known to be frequency 
selective. In practice, there are two types of PLNC systems, amplify-and-forward (AF) and 
denoise-and-forward (DNF). In AF systems, the collected message at the relay is amplified 
and broadcasted back to the end nodes. In DNF systems on the other hand, the received 
signal is decoded and mapped to give an estimate of the exclusive OR (XOR) summation 
of the transmitted bits from both end nodes. By doing this, we are avoiding noise 
amplification that happens in AF-based system, and therefore, improved performance is 
obtained. However, the direct implementation of the DNF system is not possible in a 
frequency-selective environment. In this paper, we propose using a linear antenna array at 
the relay using optimum combining (OC). Using a multiple antenna relay for PLNC was 
proposed in [1] but for flat fading channels. OC uses space diversity to reduce interference 
by multiplying the signals from the antenna array by a set of coefficients. These are 
optimized to give the maximum signal-to-interference-plus-noise ratio (SINR). For 
equalization, the decision feedback equalizer (DFE) is used both in the end nodes and the 
relay, since it outperforms linear equalizers such as the minimum mean square error 
(MMSE) equalizer. Another implication of frequency-selective channels is the need for 
channel estimation. This requires the transmission of additional symbols or pilots. Perfect 
channel estimation is assumed for simplicity in this paper. After combining, equalizing and 
proper mapping, the signal at the relay is broadcasted back to the end nodes. At the end 
nodes, equalization is once again required due to frequency selectivity of the downlink 
channels. This is accomplished with one DFE at each end node. 

2.  SYSTEM MODEL 

Consider a PLNC network consisting of a relay and two end nodes. End nodes are 
equipped with a single antenna, while the relay has a linear antenna array. The packet 
exchange cycle requires two phases, the uplink phase and the downlink phase. For both OC 
and null steering techniques, the antenna array consists of N elements with a constant 
distance d between them. The received signals at the antenna array will arrive at different 
time instants depending on the angle of arrival θ, which is measured between the direction 
of arrival and the broadside. If the signal is modulated with quadrature phase shift keying 
(QPSK), then these delays can be represented as phase shifts.  

A. UPLINK PHASE 

Let U1 and U2 be the signal propagation vectors from nodes 1 and 2, respectively, and let 
W(k) be the additive white Gaussian noise (AWGN) vector representing the random 
uncorrelated noise at each antenna. For simplicity, the signals are assumed to have equal 
power. Then the received signal vector at the relay Y(k) at time k will be 
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( ) = ( ) + ( ) + ( ), ( 1 ) 

where a(k) and b(k) are the received symbols from nodes 1 and 2 respectively. Let A(k) and 
B(k) represent the data symbol vectors received at time k from nodes 1 and 2, respectively. 
Then A(k) = U1a(k) and B(k) = U2b(k).  

For flat fading channels, the received signal at antenna i will be yi(k) = ai(k)+bi(k)+wi(k). 
This can be written in matrix form as Y(k) = A(k)+B(k)+W(k). Let h1 and h2 represent the 
two tapped delay-line channel vectors of length L1 and L2 respectively. These channels that 
arise from a multipath environment are assumed to be frequency selective. Then the 
received signal at antenna i will be 

 

y ( )  = ℎ ( ) ( − ) + h ( )b ( − ) + ( ).  
( 2 ) 

This can also be written in matrix form as Yi(k) = A′(k) + B′(k) +Wi(k), where A′(k) is a 
vector collected from the first term of equation 2 for all values of i in a similar fashion to 
A(k). Similarly for B′(k), which is the collection of samples from the second term in equation 
2. At the relay, OC is applied using vectors V1 and V2 as shown in figure 1. 

 

 
Fig. 1: OC PLNC system with DFE equalizers 

B. RELAY OPERATION 

Here we discuss the processing at the relay when either OC or null steering is used. OC 
is the method of choice in this paper and is used to design both V1 and V2. These vectors 
depend on the two direction of arrival angles θ1 and θ2 as explained in the following 
subsection. The next step is to remove the effect of multipath from each individual channel. 
One of the most efficient ways to do that is by using the optimum DFE equalizer. A separate 
DFE is placed for each channel. Although perfect channel estimation is assumed, the 
estimation error is small and can be neglected. A separate time overhead is required for each 
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channel estimation and this is unavoidable. The input to DFE1 at time k will be the dot 
product between Y(k) and V1. The two estimated signals are then added. The whole uplink 
side is depicted in the upper side of figure 1. 

 
B.1 Optimum Combining: OC uses space diversity to reduce multipath fading of the original 
signal and lower the power of interfering signals. This is done with the help of a linear 
antenna array. The received interference plus noise correlation matrix for the signal from 
the first node is 

 = ( + )∗( + ) , ( 3 ) 

where ( .)* denotes complex conjugate and ( .)T denotes transpose. The normalized 
weighting vector for maximum SINR is then found to be [2] 

 
 = ∗ . ( 4 ) 

 
The weighting vector for the second user V2 can be calculated similarly. 

 
B.2 Null Steering: For the sake of comparison, the performance of null steering as a way of 
suppressing interference is investigated. In this technique, the weighting vector is designed 
so that the null is steered in the direction of the interference. The four most important 
techniques to achieve this are: null steering by real weight control (NSWC), null steering 
by controlling the element positions (NSEP), the CLEAN technique and null steering based 
on direction of arrival estimation (NSDOA) [3]. The most suitable of these for PLNC is the 
(NSWC) for many reasons including low computational complexity and the small number 
of required antennas amongst other things. It is also the method of choice in [3] where 
detailed comparisons are made. The NSWC method assumes all the weights to be real 
valued. For the purposes of comparison, we choose the number of elements to be N = 3 
because we only need to steer one null. It is worth mentioning that N = 7 elements will be 
required to steer 3 nulls and it is clear that this is of no use in the case of PLNC under 
consideration. For 3 elements, the array factor Fa will be 

 
 = ( − )( − ∗) = 1 + + , ( 5 ) 

where β is the real weight that steers the null in the desired direction θr. β can be calculated 
as follows [3] 

 =  −( + ∗) = − cos + 2 cos( ) ,  
( 6 ) 

where λ is the wavelength and α is the progressive phase shift [3]. 
 
B.3 DFE Equalization: In this section we will only consider the design of DFE1 as DFE2 

can be designed in a similar way by replacing h2 instead of h1. Moreover, if the channels 
change in the downlink phase, then the DFE at each end node can be redesigned using the 
new estimated channel vector instead of h1. The DFE for each end node consists of a 
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feedback FIR filter f, of length NFF whose taps are [f(0), f(1), . . . , f(NFF − 1)] and a feedback 
filter, q of length NFB whose taps are [q(1), q(2), . . . , q(NFB)]. Let y and v be the output 
observation vector and noise vector respectively. The observation covariance matrix Ry will 
be 

 = + , ( 7 ) 

where σs2 and σv2 are the signal and noise variances respectively and Lp is the length of the 
data packet. The toeplitz matrix H can be written as 

 

=  ℎ (1) ℎ (2) ⋯ ℎ ( ) ⋯ 0 00 ℎ (1) ℎ (2) ⋯ ℎ ( ) ⋯ 0⋮ ⋮ ⋮ ⋮ ⋮ ⋯ 00 0 … ℎ (1) ℎ (2) … ℎ ( ) .  
 
( 8 ) 

The desired feedback and feedforward filter coefficients will be 
 

= , ( 9 ) 

= , ( 10 ) 

 
The full design equations can be found in [4]. It is worth noting that the uplink and downlink 
DFEs are both designed using (7)-(10). 

 
C. DOWNLINK PHASE 

One antenna at the relay is enough to broadcast the signal from the relay back to end 
nodes. This signal will once again suffer from the effect of the frequency-selective channels 
h1 and h2. For simplicity and without loss of generality, the channels are assumed to be fixed 
and have the same values from the uplink phase but this is not a necessary condition for the 
system to work. The lower part of figure 1 depicts the downlink phase. QPSK modulation 
and demodulation are used but they are omitted from the figure for simplicity. We will show 
in the coming section that a small number of elements N is required. This makes the 
computational cost of OC negligible and the overall complexity is approximately twice that 
of a single DFE at the relay.  

 
3. SIMULATION RESULTS 
 

 Two underwater channels measured in the North Sea are used in the simulations. With 
the selection of these channels, the parameter values for the DFE design can be set starting 
with L1 = 29 and L2 = 49. In this case NFF > L, where L = max(L1, L2) and NFF = 256 taps 
was selected. For selecting NFB and Δ, the following inequality must be satisfied [4] 
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+ < + . ( 11 ) 

Then NFB is chosen to be 22 taps and Δ = 170. Extensive simulations using many different 
channels show that 4 antennas give a BER performance curve which is asymptotic to a 
single-hop channel with one DFE for the proposed OC-PLNC system.  

Figure 2 shows the BER performances of OC-PLNC and NSWC-PLNC methods at the 
relay. For this, the following values were used, θ1= 45, θ2 = 135 and N = 3. The resulting 
BER curves in figure 3 show that OC at a BER of 10-3 has a better performance of 
approximately 2.2 dB over NSWC. 

 
Fig. 2: Performances of OC-PLNC and NSWC-PLNC methods at the relay

4. CONCLUSIONS 
 

In this paper, we propose a DNF PLNC to work in underwater environments. The design 
employs an antenna array containing a low number of elements with OC at the relay. The 
overall design is simple with low computational complexity as it uses FIR filters with a 
straight forward and non iterative design. Simulation results show that the OC PLNC clearly 
outperforms the null steering SNWC PLNC by at least 2 dB. The proposed DF PLNC has 
better performance than AF PLNC because it doesn’t suffer from noise amplification. 
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Abstract: Rapid time fluctuation of shallow-water high-frequency acoustic channels can be
a major obstacle for reliable and persistent high-speed acoustic communication. Coherence
times below 30 ms and channel lengths exceeding 8 ms may occur for a 250 kHz carrier. To
allow for high-speed communication and real-time processing of such a channel, the coherence
time must be increased in a cost efficient way. This paper presents a method for slowing down
the rapid time fluctuation of the channel. The method utilizes several antennas and can in some
situations successfully increase the channel coherence time by several hundred percent. The
method, which builds upon traditional beam-forming, has been evaluated on real data from
two different high-frequency shallow-water experiments suffering from short coherence times.
The experiments were conducted in August and November 2016 at a location in the Oslofjord
with a water depth of 18 meters over ranges of a few hundred meters. The transmitter was
located on the seabed transmitting long bursts of repetitive m-sequences (2047 symbols long in
August, respectively 1023 in November) using a 250 kHz carrier and a baudrate of 78 kBd. The
receiver, a 64-element line-array, was located on a boat slowly drifting with the wind, mimicking
a slanted seabed to surface communication channel. The results indicate that the aperture of the
array is an important design parameter, and that the number of active elements is of secondary
importance.

Keywords: High-speed communication, coherence time, channel fluctuation, beam-forming
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1. INTRODUCTION

Acoustic communication at low and medium frequency is evidently slow. Low transducer
bandwidth effectively limits the achievable data rates. In the strive for higher data rates, higher
frequency bands must be exploited. Higher frequency regimes will benefit from improved
bandwidth, a lower ambient noise level and possibly a reduction in reverberation. However it
comes with the cost of higher attenuation and an increase in Doppler-spread, and as a result a
reduction in coherence time.

In this paper, we consider a specific type of high-frequency channel, namely the slanted
shallow-water channel. For this scenario we have measured coherence times of the same order
of magnitude as the delay spread of the channel. The channel may change on a time scale shorter
than the required convergence time of equalizers, leaving little room for actual payload data. In
order to effectively communicate in these channels, the fluctuations must be reduced, and the
coherence time increased.

The problem with short coherence times arises in channels with large Doppler spread. Notable
causes are surface gravity waves acting as moving reflectors, and relative transmitter-receiver
motion. Due to the low speed of sound, and the high-frequency, even small scale motions yield
a non-negligible Doppler. A method to reduce the time varying Doppler is to reduce the amount
of scatterers. This can be achieved with narrow beams either on the transmitter or on the receiver
side.

Already in [3] it was suggested that narrow beams could increase the coherence time. More-
over [1] and [2] examined the idea for narrow-band systems in an isotropic environment, and
tested the concept on simulated data. The contribution with this paper is that we will analyze
the method in a underwater non-isotropic context, for a channel severely limited by Doppler-
spread. We will in this paper evaluate the method for a high frequency, 250 kHz, wide-band,
78 kBd, channel and present results from measured channels, sampled with a 64 elements
half-wavelength line-array. In section 2, a short description of the data collection and experi-
ment. This is followed by section 3, a presentation of some our results. Section 4 will give our
conclusions.

2. EXPERIMENT

The data presented in this paper come from two experiments conducted in the Oslofjord during
August and November 2016. The test site was Horten Inner-harbor, a natural harbor two
kilometer wide, with a typical water depth of 18 meters. The system setup was designed to
mimic a SIMO (Single-input and multiple-output) system where a slowly moving surface vessel
is communicating with a submerged sensor.

The receiver was a 64-element half-wavelength spaced line-array. It was attached to the
surface vessel pointing 45 degrees downward relative to the surface. Creating a slanted channel
towards the single element transmitter attached to a steal frame on the seabed, Fig. 1. The angle
of the transmitter relative the seabed was 30 degrees in August and 0 degrees in November. The
horizontal start distance from the transmitter was 330 meters in August, respectively 380 meters
in November. From the start location the vessel was then allowed to drift off (0.2-0.3 m/s) with
the wind, with the receiving transducer array pointing towards the transmitter, while data from
all elements were recorded.

The transmitter transmitted long bursts of repetitive m-sequences (2047 symbols long in
August and 1023 symbols long in November). The sequences were centered on a 250 kHz
carrier, and had a baud-rate of 78 kBd.
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βd

r

45◦

Fig. 1: Setup of the experiment, α is the opening angle and β the transducer orientation relative
the seabed.

(a) (b)
Fig. 2: Beam-formed impulse response, (a) November sounding, (b) August sounding.

3. RESULT AND DISCUSSION

An estimate of the channel impulse response h(t, τ) as function of time and time delay is
obtained with a channel sounder. It can be considered as the true channel impulse response
convolved with the ambiguity function of the channel probe, in this case either a 2047 or 1023
symbols long m-sequence. For details regarding channel sounding see [4].

A snapshot of the two channels, beam-formed impulse response, can be seen in Fig. 2,
representing the spread of the signal both in time and over angle. In Fig. 2a there is a narrow
direct path followed by a wide cloud of subsequent arrivals, whereas the delay and angle spread
in Fig. 2b is smaller.

In order to reduce the channel fluctuations, both the interference from out of angle arrivals
and out of time arrivals must be reduced. This leads to a two dimensional optimizing problem
where both the channel behavior over time delay and angle must be considered. Traditional
beam-forming can create narrow beams, spatially filtering out-of-angle arrivals. Selecting the
strongest beam for further processing is not necessarily a good choice since it may contain a
long tail of rapidly fluctuating reflections. Instead, a beam with a low-energy tail is a better
choice. In Fig. 2a the direct path is the best choice, whereas in Fig. 2b one of the later arrivals
arriving at −55◦ is the channel with least interference.

To quantize the channel fluctuations we have used the normalized instantaneous zero-lag
cross-correlation of the impulse response, compensated for constant Doppler, see [4] for details,
as a measure of the channel coherence. The result for the two measurements can be seen in Fig.
3, comparing the beam, utilizing the full array, channel coherence to a single-element channel
coherence. Considering the channel correlated when the coherence exceeds 0.5, one notes that
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Fig. 3: Temporal coherence for a narrow beam, using the full array, compared to temporal
coherence for a single element, (a) November sounding, (b) August sounding.

(a) (b)
Fig. 4: Temporal coherence as function of elements, keeping the aperture size constant with
lineary spaced elements, (a) November sounding, (b) August sounding.

beam-forming almost doubles the coherence time for the August measurement, and multiplied
the coherence time for the November measurement.

Using a full array to double the coherence time of the channel, can be considered a bit
wasteful. However examine Fig. 1 we can conclude that the scattered signal is fairly limited in
angular spread. Keeping the aperture size we can start to thin out the array. As long as grating
lobes do not interfere with the arrival and side-lobe level get too high, this can be done without a
loss of coherence time, Fig. 4. Indicating that we in this case can reduce the number of active
elements from 64 to 8 without significant loss in channel stability. This should have significant
impact on both the cost and the processing time.

4. CONCLUSION

The method presented in this paper can reduce the channel fluctuations of a wide-band acoustic
channel. Our measurements shows that the increase in channel coherence time is mostly due
to the aperture size of the array rather than the number of participating channels, which helps
reduce the cost of a practical system. Further work will examine the correlation between beams,
refining the beam selection rule and examining other methods to thin the arrays.
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Abstract: In September 2016, the BeTSSi IIb (Benchmarking of Target Strength 
Simulations ) workshop was held in The Hague, The Netherlands. Participants were 
offered the chance to benchmark their numerical simulation tools using a number of 
predefined structures that are relevant for understanding the target strength of 
submarines. In addition to a generic submarine model (with internal parts) and a number 
of simple structures (with and without internal components), which were simulated during 
the first and second workshop (2002 and 2014), the test cases were expanded to 
investigate the contribution of an isolated corner reflector and torpedo tubes. An overview 
of the workshop is given and a selection of the results is presented. 

Keywords: Target Strength, Numerical Modelling, Benchmarking 
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1. INTRODUCTION  

The BeTSSi workshop for Target Strength (TS) calculations has an almost 15-year 
history. The first workshop was initiated by FWG in mid-2001 as a Benchmark Target 
Strength Simulation workshop. FWG defined and delivered a generic submarine model [1] 
which was nicknamed BeTSSi and made a worldwide announcement seeking 
participation. The objective was to calculate a number of TS test cases and to meet at a 
workshop to compare results and evaluate the performance of each participant’s software. 
The workshop was held at FWG in Kiel in November 2002 with participation from six 
teams from Germany, Sweden, Canada, Australia and the Netherlands. The results were 
published in several scientific papers including the International Conference on Sound and 
Vibration (ICSV) which took place in Stockholm in 2003 [2]. The calculations provided 
interesting and valuable results. However it was obvious that there were many problems 
for realistic TS calculations that could not be solved with the algorithms and 
computational power available at the time. 

More than ten years later WTD71/FWG, TNO and DRDC believed that the scientific 
and computational advances warranted another look at the topic of TS calculation and the 
BeTSSi workshop. They organized a new workshop, called BeTSSi II, which took place in 
Kiel in 2014 and was considered a huge success with teams from ten countries taking part 
and contributing results. The workshop test cases comprised several simple structures that 
included parts/features of submarine designs and that are very well suited to test the 
performance of numerical methods when applied to problems such as double hulls and 
corner reflectors. Additionally, the original BeTSSi submarine model was repeated, with 
hard-walled and more realistic boundary conditions, as a test case and was calculated for 
monostatic and bistatic cases. The workshop results were published in several scientific 
papers (for a selection of results see for instance [3,4,5,6,7]). 

At the end of that workshop, it was agreed that a second BeTSSi II workshop (called 
BeTSSi IIb)  should be organized in 2016 to give the participants time to further develop 
their codes with the information learned at the 2014 workshop and again compare the 
results with those of other participants. As before, several geometrically simple objects 
(some similar to previous BeTSSi II test cases) and the BeTSSi submarine have been set 
up as test cases for participants.  

A document meticulously describing the different benchmark cases was distributed 
prior to the BeTSSi IIb workshop. The document described the calculation frequencies, 
the material parameters and the geometry of the problem and the test objects together with 
technical drawings and mathematical descriptions of the objects. CAD models of the 
objects in IGES and 3dm format were also made available to all participants as well as 
meshes of the objects with a standard discretization with triangle elements. In this paper, 
an overview of the benchmark cases for the BeTSSi IIb workshop is given and a selection 
of the results is presented. 

2. CONSIDERED GEOMETRIES 

The simple geometries representing the submarine features of interest that are 
considered in the BeTSSi IIb workshop are shown in Fig 1. The BeTSSi submarine is 
shown in Fig 2 with several of its individual components highlighted. 
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Fig.1: BeTSSi IIb geometries. Model 2 and 3 are identical to Model 2 and 3 as defined 
for the previous BeTSSi II workshop and have a length of 46 m and 49 m respectively. The 

quarter circle plates of Model 4 have a radius of 3 m, while the length of the tubes of 
Model 5 is 4.8 m. 

 

Fig.2: BeTSSi geometry. In the images on the left, the pressure hull and sail consisting 
of both internal parts (red) and an external part (blue) are highlighted. In the top right 

image, in addition to the internal parts of the sail, torpedo tubes (red), the bow sonar (red) 
and the supporting plates in bow and stern (green) that can be seen between the pressure 

hull and stream hull are highlighted. 
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Sail Stream hull 
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Model 3
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3. NUMERICAL METHODS 

Participants to the workshop were free to choose a numerical method for calculating the 
TS. Several participants used different numerical models depending on frequency and the 
benchmark case. Participants supplied results for all considered benchmark cases for 
which they have a suitable code available. Table 1 lists the numerical methods used by 
each participant that supplied results for the monostatic TS of the BeTSSi sub for a 360 
degrees sweep over aspect angle at 10 kHz (for which results are shown in section 4). Four 
groups of models are identified which are color coded. The colors and labels defined by 
the ‘Label/(plot color)’ column in Table 1 match with the colors and labels of the curves 
plotted in Figure 3. 

 
Institute Label  

(plot color) 
Description 
Occlusion handling 

Institute 1 Single 1 Kirchhoff (single bounce) 
Illumination/receiver occlusion methods unknown 

Institute 2 Single 2 Kirchhoff (single bounce) 
Illumination/receiver occlusion methods unknown 

Institute 2 Ray 2 Ray tracing (TS based on ray density at receiver) 
Illumination/receiver occlusion using ray tracer 

Institute 3 Iterative 3 Iterative Kirchhoff, 3 bounces (nested integral) 
Illumination/receiver occlusion determined by 
“Hidden-Surface Algorithm” 

Institute 4 Single 4 Kirchhoff (single bounce) 
Illumination based on normal 
Receiver occlusion method unknown 

Institute 5 Single 5 Kirchhoff (single bounce) 
Illumination occlusion based on normal 
Receiver occlusion methods unknown 

Institute 5 Multiple 5 Kirchhoff, multiple bounces (method unknown) 
Illumination/Receiver occlusion methods unknown 

Institute 6 Iterative 6 Iterative Kirchhoff, multiple bounces (recursive)  
Illumination/receiver occlusion determined by 
“Hidden-Surface Algorithm” 

Institute 7 Single 7 Kirchhoff (single bounce) 
Illumination occlusion based on normal 
Receiver occlusion method unknown 

Institute 8 Multiple 8 Kirchhoff, multiple bounces (Beam tracer)  
Illumination/receiver occlusion using beam tracer 

Institute 9 Single 9 Kirchhoff (single bounce) 
Illumination/receiver occlusion based on normal 

Institute 9 Multiple 9 Kirchhoff, multiple bounces (Beam tracer)  
Illumination/receiver occlusion using beam tracer 

Institute 10 Multiple 10 Kirchhoff, multiple bounces (Beam tracer)  
Illumination/receiver occlusion using beam tracer 

Table 1: Numerical methods used by each participant for the benchmark case involving a 
sweep over the azimuth angle 
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The model type ‘Kirchhoff’ implies the use of Kirchhoff diffraction theory (for a good 
introduction for the case of optic diffraction see [8]). In these models, all surfaces of the 
target are discretized into flat facets. The contribution of each facet is calculated using an 
approximate form of Kirchhoff diffraction theory and the total response is calculated by 
summing the contribution of all facets. Depending on the assumptions made for the 
boundary conditions on the virtual plane extending from the facet, the approximate 
Kirchhoff solution is called a Fresnel-Kirchhoff approximation (assuming zero velocity 
and pressure on the virtual plane extending from the facet) or a Rayleigh-Sommerfeld 
approximation (assuming either zero pressure or zero velocity on the virtual plane 
extending from the facet). The approximations are related since the Fresnel-Kirchhoff 
approximation is the average of the two Rayleigh-Sommerfeld approximations. For the 
special case of a monostatic setup (source and receiver are collocated), it can be shown 
that all approximations are identical. It is still under debate which approximation is more 
accurate for bi-static cases (especially in the near field [8]), however. Throughout this 
paper, all approximate versions of Kirchhoff diffraction theory are simply referred to as 
Kirchhoff approximations. 

Note that a distinction is made between ray tracer and beam tracer models. For the 
beam tracer models, the contribution of each sound ray/beam to the total TS is determined 
by using a Kirchhoff approximation to calculate the sound radiated by each facet of the 
mesh that is illuminated by the beam (and is visible from the receiver position). For the 
ray tracer model the TS is determined by the density of reflected rays intersecting a 
control surface at the receiver. Iterative Kirchhoff models use a Kirchhoff approximation 
multiple times, each time calculating how the object illuminates itself based on the 
pressure distribution on the surface calculated in the previous step (in the first iteration, 
the pressure distribution is given by the incident field). Finally, a Kirchhoff approximation 
is used to calculate the pressure at the receiver based on the total pressure distribution on 
the targets surface (i.e., an accumulation of the pressure distribution calculated in each 
iteration). 

4. RESULTS 

The calculated  monostatic TS for the BeTSSi submarine at 10 kHz are shown in Fig 3 
for a sweep over the aspect angle at zero degrees elevation. The trends of all models agree 
fairly well for the hard walled case with the exception for one of the models based on 
beam tracing which produces wildly different results for aspect angles between 110 and 
170 degrees (note that these results were produced using a code not previously tested at 
these frequencies) and the TNO models above 170 degrees aspect angle (the TNO mesh 
was missing the flat circular plate closing the tail cone in the BeTSSi models). 

For the case with realistic boundary conditions, different trends can be observed for the 
different color coded groups associated with different types of models. The different 
model types which yielded similar results for the hard walled case yield different results 
for realistic boundary conditions since they are not equally equipped to calculate the 
effects of transmission, occlusion, multiple reflection and acoustic properties of steel 
layers of different thickness correctly. The difference between the models that are capable 
(blue, orange and purple) and are unable (red) of taking multiple reflections into account is 
most striking and are mostly related to corner reflectors formed by flat internal plates. 
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Fig.3: Monostatic TS for the BeTSSi case at 10 kHz for hard walled boundary 
conditions on all outer surfaces (top panel) and realistic boundary conditions (bottom 
panel) 

 
While the reason for the consistent over-prediction of the TS by the ray tracer model 

was not discussed, an informed guess can be made about the difference observed within 
each color-coded group. The difference observed between results for the group of models 
using a Kirchhoff approximation with a single bounce can likely be attributed mostly to 
the fact that the approach to determining which facets are illuminated by the source, and 
which facets are occluded by others as seen from the receiver differs for almost each 
model. For the beam tracer models including multiple bounces, the number of included 
bounces varies and the details of branching a beam when interacting with a facet varies, 
which is likely the main cause of the difference observed for the results in this group.  

All models that are capable of calculating the case with realistic boundary conditions 
use an approximation of the reflection and transmission coefficient (that represent the 
acoustic properties of the submarine surfaces) which is based on the assumption of a plane 

BeTSSi, Monostatic TS, Hard wall boundary conditions, elevation 0 degrees, 10 kHz 

BeTSSi, Monostatic TS, Realistic boundary conditions, elevation 0 degrees, 10 kHz 

Aspect angle [degrees] 
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wave incident on an infinite flat plate. However, in the implementation of these acoustic 
plate models, there are different approaches used to calculate the reflection and 
transmission coefficients. For instance, for some of the models the coefficients are 
dependent on the angle of incidence, but not for all models. This contributes further to the 
difference observed in model results. 

Despite all the differences between the models, some features (such as broad side glint) 
are predicted correctly by all models (even for the case with realistic boundary 
conditions), while other features lead to wildly different predictions. The features that 
need to be modelled correctly dictates which model types are suitable. 

 
Another striking feature of all presented curves (except the curve labelled ‘Ray 2’)  is 

the highly oscillatory behavior of the TS as a function of aspect angle. The oscillations are 
interference patterns caused by the phase differences in the scattered sound from different 
parts of the target. The model corresponding to the curve labelled ‘Ray 2’ does not exhibit 
such oscillations, since it is based on ray density at the receiver which represents the 
energy in all reflected rays instead of a coherent sum of contributions from different part 
of the target. 

The oscillations observed for all other models makes comparison of TS curves difficult. 
During the workshop the question was raised to what extend the precise nature of the 
curves is most relevant, or if there is an ‘averaged quantity’ that is more informative for 
practical usage (e.g., comparing model/measurement data, setting requirements). 

Two logical ways to average TS results that are calculated as a function of angle and 
frequency is an averaging over either angle or frequency. The downside of averaging over 
angle, is that it will not only smooth out deep ridges and throughs due to interferences at a 
given frequency, but also any feature that exhibits large changes in the gradient of the TS 
(such as the broad-side glint and the contribution of the sail and tail cone as indicated in 
Fig. 4 by the white, green and cyan arrows, respectively). 

 

Fig.4: Monostatic TS for the BeTSSi case at 10 kHz for hard walled boundary 
conditions as a function of aspect and elevation angle. Yellow indicates a high TS, blue 
indicates a low TS. The white, green and cyan arrows indicate the TS features associated 
with the broadside glint, sail and tail cone, respectively. The left plot shows result at a 
single frequency (i.e., 10 kHz), while the right plot shows the TS based on the average of 
the sound pressure amplitude from 7 frequencies equally distributed over a band of 2 kHz 
(centered at 10 kHz). 
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Averaging over frequency on the other hand will smooth out the oscillations due to 
interference patterns at individual frequencies while preserving features that are 
consistently observed in the frequency range that is used for averaging. As an example the 
monostatic TS as a function of aspect and elevation angle for the TNO2 model is plotted 
for the BeTSSi case at 10 kHz in Fig. 4. The left plot shows result at a single frequency 
(i.e., 10 kHz), while the right plot shows the TS based on the average of the sound 
pressure amplitude from 7 frequencies equally distributed over a band of 2 kHz (centered 
at 10 kHz). Note that in this representation of TS, the frequency smoothing makes it easier 
to estimate which features will dominate the TS for, for instance, a sonar pulse that has 
some bandwidth or is subjected to a significant but a priori unknown Doppler shift. 
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Abstract: The acoustical properties of an object are determined by its structural admittance Ys, also called the structural Green’s function. We develop the theory for determining Ys from measurements made when the object is placed in a random noise field and then demonstrate its viability by Monte Carlo Simulation. Finally, we show the results of an experiment for a thick spherical shell that was outfitted with eight collocated microphones and accelerometers. Symmetry based interpolation was used to construct a dense surface grid of data. The structural admittance determined from the data showed excellent agreement with theory. This measurement procedure combined with the earlier formalism of Bobrovnitskii [Acoustical Physics, 52(5), 513-517, 2006] results in an extremely efficient method for determining the scattering properties of an object arbitrarily oriented in a complex, external medium.    
Keywords: Scattering, Structural Impedance 
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1. INTRODUCTION 
 
Identification of unexploded ordinance buried in the sediment in the littoral waters 
throughout the world is a problem of great concern. When illuminated by low-frequency 
sonar some of these targets exhibit an elastic response that can be used to identify them. 
This elastic behavior is embodied and identified by a quantity called the structural 
admittance matrix Ys, a relationship between the sonar-induced forces and resulting 
vibration on its surface. When it is known it can be combined with surface impedances to 
predict the 3D bistatic scattering in any fluid-like media and for any burial state (depth and 
orientation). At the heart of this is the measurement of Ys and we demonstrate in this 
paper that this can be accomplished by studying the target in a simple (acoustically 
unaltered) in-air laboratory environment. The target chosen in this study is a thick 
spherical shell that was illuminated by an nearly spatially isotropic array of remote 
loudspeakers. The theory of this paper was motivated by the results of Bobrovnitskii[1]  
and fully developed in [2] with appropriate references contained therein. A detailed 
description of the experiment and its results are presented in [3]. 

2. BACKGROUND 
According to Ref [1] the scattering properties of an object placed in an external medium  
can be determined by three quantities, its structural, internal (or incident) and radiation (or 
acoustics) impedance (or inversely, admittance denoted Y) as shown schematically in Fig 
1. Clearly,  Zi and Za can be computed by standard finite element methods whereas Zs 
requires total knowledge of the internal complexity of the object and subsequently requires 
a very elaborate computation. Alternatively, a full scattering experiment would require 
multiple source receiver configurations and then, only for a specific orientation of the 
object in the external medium. The present result avoids this alternative and is based on 
the idea that a particular type of measurement of Zs  essentially avoids all these costly and 
complex procedures.  
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Figure 1: The three impedances that completely describe the acoustic scattering of an 
object I  an external medium. 

Reference [2] derived that if an object is immersed in a random noise field, its structural 
impedance can be determined from, 

  

where p and v a vectors of pressure and velocity measurements on the surface of the 
object immersed in  random noise field and the brackets represent averaging over many 
measurements. Reference [2] derived and subsequently demonstrated this process with a 
Monte Carlo experiment where as the actually experimental results presented below are 
given in detail in Ref [3]. We actually work with the inverse of the impedance matrices, 
admittance matrices Y, that, then essentially determine the velocity at a point on the 
surface from a force applied to any point on the surface. 

3. THE EXPERIMENT 

 Ys is constructed from ensemble averages of the cross-correlations of collocated 
accelerometers and microphones placed over whole the surface of the object that is 
immersed in a random noise field. Actually, though, we take advantage of spherical 
symmetry for the purpose of the feasibility experiment. Since only 8 sensor-pairs were 
available for the experiment, the spacing chosen for the eight sensors was based on a 
modified Fibonacci series because then the differences between any two spatial points are 
all unequal, and thus provides a unique ensemble-averaged correlation set for 29 different 
arc lengths between two sensors, including the drive point and the anti-pole. This 
simulates a measurement using 29 sensor pairs on a semi-circular arc. These 29 data 
matrices are then interpolated onto a uniform grid of 250 points on the surface and he 
scattered field for a particular incident field can then be determined from the top equation 
in Fig. 1 together with the expression,  

. 

4. RESULTS 

An example of the results for the structural admittance is shown in Fig. 2. The bottom 
panel shows the theoretical results using the properties of the shell in an analytic 
calculation and the upper panel shows the results of the experiment. Figure 3 is an 
indication of the resulting accuracy of the experiment where the drive point impedance, 
zero angle in Fig.2, is compared with theory. 
 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  387



 

 
Figure 2:  Comparison of experiment and theory. 
 
 

 
Figure 3. Detailed comparison of results for the drive point admittance (the zero angle 
results of Fig 2.)., n refers to spherical modes in the theory.   
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5. SUMMARY AND CONCLUSIONS 

We have shown that the structural impedance of an object can be measured using 
ensonification by a random acoustic field. These particular experimental results relied on 
spherical symmetry. The next step will be to do the experiment on an object with a more 
complicated shape using the required additional number of sensors for the measurement. 
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            Abstract: Target  echo-strength  measurements  and  modelling are usually made in a perfect 
environment where the sound speed of the surrounding medium is constant. In addition it is 
supposed that the object under study is in a free space. These ideal conditions never happen in 
reality. Most of the time the target to be detected is submerged in a waveguide where the sound 
speed is a function of depth. In present paper we study how both these additional conditions 
modify  the acoustic scattering  of a spherical target.    To simplify the approach,  we have 
considered  a medium model where the scatterer, as well as the sound source/receiver, are 
located in a  homogeneous water layer. Below this layer the sound speed increases with depth 
and the reflection coefficient squired changes linearly. For calculation the echo-signal in the 
frequency domain we have followed the Hackman  and Sammelmann's  general approach. The 
arising scattering coefficients of the sphere were evaluated with the use of the normal mode 
method. The amount of  normal modes  forming backscattered field is determined by the given 
directivity of the source. The emitted signal is a pulse with a cosine envelope and a pulse  
duration equal to 0.01 s. Computational results are obtained in a wide frequency range 70-90 
kHz, distances between the source/receiver and a target from 500 m up to 1 km. A target is 
assumed to the acoustically rigid  with a radius of 0.3-0.5 m. The effect on a target echo-
strength of the ray paths which contribute to the scattering process as well as the surface wave 
the of the  Franz type has been studied.  

 

            Keywords:  Scattering of acoustic waves, echo-signal, spherical scatterer, normal modes of the 
waveguide, a waveguide with a positive sound speed gradient, pulse with a cosine envelope, 
surface waves of the Franz type. 
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1. INTRODUCTION 

 In this paper we will study the medium model, where the spherical scatterer of a 
radius a as well as the source/receiver are located in a water layer with a constant sound 
speed c0= 1461.45 m/s. The positive z-axis is directed vertically upwards. The 
homogeneous layer is bounded by planes z=d and z=-H. When z<-H the sound speed c(z) 
increases with depth and the reflection coefficient squared )(2 zn   changes linearly 
 

.0,),(1)(2   HzHzzn                                                      (1) 

           It is assumed that d+H=40 m. The sea depth is 200m and its bottom is acoustically 
rigid. The parameter  γ in Eq.(1) is equal to 2.4633.10-5 m-1 . This corresponds to a typical 
gradient  0.018 s-1 of the sound speed in the Barentz sea. The frequency band of the point 
source placed at the point M is 70-90 kHz. The receiver is located at the point M as well. 
The radiater is assumed to be directed with the angular width equal to 4.5o  at the frequency 
of 80 kHz. The Cartesian and spherical coordinates of the point M are (0,y,z) and (r,θ,0), 
respectively; y>0. It is assumed that 0.3≤a≤0.5m, 500≤r≤1000m, d=39m, a<z<d. In this 
case, at the considered angular width of the source, the target is not illuminated by rays 
reflected  from the upper boundary z=d. This allows to consider the upper waveguide  
boundary as pressure release, even if the presence of the homogeneous layer -H≤z≤d  
corresponds to the ice cover. 
        If z<-H, rays propagate along arcs and  at  500≤r≤1000m , these rays do not reach the 
bottom. This makes it possible, calculating the reflection coefficient  from the interface  
z=-H, the use of the medium model with an infinite water half-space, where the sound 
speed  changes in accordance with the law (1). 
 
2. THEORY 

          In the frequency domain, solving the scattering problem formulated above, we will 
follow the Hackman and Sammelmann's general approach [1], where the acoustic potential 
of the backscattered field from a target is represented in the form 
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In (2)  00 / ck   is the wave number in the water layer -H≤z≤d , lT  are elements of the 
free-field T –matrix. For the acoustically rigid sphere  
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In (3)  xhl
)1(  and  xjl  are the spherical functions. The coefficients  rAml  in (2) are 

called the scattering coefficients of a sphere. They are of the form 
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In (4) 2,10  m  for 1m , mJ   is the  m-th order Bessel function; q and 
22

0)( qkqhh    - are the horizontal and vertical components of the incident wave 

vector in a water layer -H≤z≤d , )(xm
l  are the normalized associated Legendre functions, 

U=-1 and V(q) are the  reflection coefficients from the upper interface z=d and the 
interface z=-H, respectively, 
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where )(xAi  is the Airy function, 

   .,cos 3/12
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 kkt                                  (6) 

 In (6) 0   is the incident angle of a plane wave from a   homogeneouse layer -H≤z≤d to the 
interface z=-H, .104633.2 15  m  In the single-scatter approximation which is used 
below    .rArC mlml     
      The truncation level maxl   in (2) is set by the rule suggested  by Kargl and Marston [2] 

   ,305.4max 3/1
00max  akakll                                (7) 

where [x]  is the integer part of x. For a=0.3 m  and  f=80 kHz Eq. (7) gives  maxl 139. 
Thus computing the backscattered field (2), it will be necessary to sum up more than 7500 
summands. At frequencies and distances of interest, the integrands of integrals (4) are 
rapidly oscillating and slowly decreasing, that makes the straightforward calculations of the 
scattering coefficients (4) extremely time consuming. To speed up the calculation of 
integrals (4), we will calculate them by using the normal mode method. 
      The dispersion equation for finding the eigenvalues j  can be written in the form 
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where  00
2

0 cos,,1   kq  If the radiation takes place inside a cone, having 
the angular width equal to  a  it is necessary to  take into account only the propagating 
normal modes with  j  satisfying the inequality ).2/cos( aj                                                             
 

3. COMPUTATIONAL RESULTS 

   To study the dependence of the backscattered field  on frequency, let us consider 
the form function 

       ,8/2 2
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where the acoustical potential   is given by Eq.(2),  rrikInc 4/)exp( 0  is  the potential 
of an incident wave at the origin of the coordinate when there is no scatterer.  

          We will compare the backscattered field of a spherical target in a waveguide and in a 
free water space, where   
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Figure 1 shows the dependence of the form function )( fF  on  ak0  at r=500m (see (10)). In 
the case of a free water space, the echo-signal consists of two interfering components: the 
geometrical-optical reflection and the circumferential surface wave of the Franz type.  

 

 

 

 

 

 

 

       

         Fig.1: Backscattered form function from a scatterer in a free water at r=500m. 

Difference in propagation times of these two waves at the observation point M is equal to 

     .//2/22 00
22 craacaraar    

This gives the period of oscillations, expressed via ak0 , equal  ./2 00
  cafak 

 

For 

r=500m and  a=0.3m  the last formula gives

 

1.2217.  In Fig.1 the period of oscillations is

 equal to 1.2084.  

     Figure 2 shows the dependence of the form function (9) on ak0 . Its shape demonstrates 
the interference of the geometrical-optical reflection  with the wave reflected from the 
interface z=-H and with the circumferential surface waves of the Franz type. 
 

 

 

 

 
 
 

Fig. 2: Backscattered form function  for a scatterer in a waveguide 
with the sound speed increasing with depth; r=500m,a=0.3m. 
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            Let the source radiates a signal with a cosine envelope  and duration  t2 10 ms: 
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In the time domain we  will compare signals, received  at the  point M in the free water   
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s-, , )( f   is given by Eq.(10), and in the case when the scatterer  is 

located in the waveguide with the sound speed increasing with depth
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In a free water space the arrival time of the geometro0opnical echo is equal to 

0.6849 s and the arrival time of the first Franz wave  is   .6849.0/2 0
22 scaar  

Thus, the  Franz wave arrives  at  the observation  point  M  in 1ms after the geometrical-
optical echo interfering with

 
.it
   

The ratio of amplitudes of these two waves is more than 
40. As a result, the pulse scattered in a free water space differs from the radiated pulse 
negligibly (see Fig.3).

 

 
                          

  

Fig.3.  The normalized echo signal
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reflected from the acoustically 

rigid
 
sphere of a radius a = 0.3 m in a free water space.
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In the case of a waveguide, the scattering geometry is supplemented with a ray reflected 
from the interface z=-H and with a ray   propagating  partly in  the inhomogeneous water 
layer Z<-H. The propagation  times  of three signals corresponding to a ray reflected from 
the interface z=-H  differ from the propagation time of the geometrical-optical echo  for 
less than 1ms. As a result, a strong interference is observed. The considered angular  width 
of the source is 4.5o. In this case the ray, partly propagating in the inhomogeneous layer, 
reflecting from the sphere and going back to the point M along the same way exists only if 
r>6 km. Thus, the corresponding rays will not illuminate the target (see Fig.4). 

 

Fig.4: The normalized echo signal
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reflected from the acoustically rigid 

sphere of a radius a = 0.3 m submerged in a waveguide.
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Abstract: The acoustic scattering properties of underwater objects are of great interest 
since they characterize their detectable signature, which is also known as Target Echo 
Strength (TES).  
Depending on the angle of an impinged wave, the scattered response will propagate in all 
directions with different intensities and thus will result in a varying TES. The Boundary 
Element Method (BEM) is well suited for TES simulations due to the fact that the solution 
on domain Ω is determined once the Cauchy Data on the boundary Γ are known. Compared 
to the Finite Element Method (FEM) the standard BEM has the drawback of fully populated 
system matrices. Fast Boundary Element Methods like the Fast Multipole Method (FMM) 
or the Hierarchical Matrix (H-Matrix) approach reduce this drawback effectively. In 
contrast to the FMM, the H-Matrix procedure generates an approximation of the whole 
system matrix and provides a low rank arithmetic. The latter enables the generation of a 
LU-Factorization at costs of ( ) and provides a direct solution scheme in addition 
to the iterative GMRES-Method. Since an angular resolution of 0.1° for the monostatic TES 
leads to 1800 right-hand sides for symmetric objects, the application of the direct solver 
can be more advantageous than of the iterative one.  
In this contribution, different solution strategies for the mono- and bistatic TES calculation 
by means of the H-Matrix approach will be presented. The differences will be outlined by 
numerical experiments based on the Benchmark Target Strength Simulation (BeTSSi) 
submarine model provided by the Forschungsanstalt der Bundeswehr fur Wasserschall und 
Geophysik (FWG) in Kiel. 
Keywords: BEM, H-Matrix, Target Echo Strength 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  397



 

1. INTRODUCTION  
In the frequency domain the wave propagation is described by the Helmholtz equation  
 ∆ ( ) + ( ) = 0     ∈    = ⁄ .  (1)
 
The wave number is given by = ⁄  with the speed of sound  and the angular 

frequency = 2 . Applying integration by parts at the weak formulation of (1) together 
with the property of the fundamental solution:  ( , ) = 14 | − | | |, ∆ ( , ) + ( , ) = − ( , ) 

(2)

 
leads to the Boundary Integral Equation (BIE): 

( ) ( ) + ( , )( ) ( ) Ω( ) = ( , ) ( ) ( ), (3)

 
where ρ denotes the density of the fluid,  the acoustic pressure and  the velocity in 

normal direction . According to the procedure of the collocation method, equation (3) 
results in the linear system of equations for the discretised Helmholtz equation, cp. [1] and 
[2], 12 + = . (4)

For the conventional BEM the matrices  and  are dense and thus have quadratic 
memory requirements. Due to the fully populated system matrices solving eq. (4) has a 
complexity of ( ) to ( ) with < . As a result the problem size of the 
conventional BEM is limited by memory requirements and solution time. 

2. HIERARCHICAL MATRIX COMPRESSION  
The application of fast compression techniques push the computational limits of the 

BEM such that larger problems can be solved. An approach to reduce memory 
requirements and solution time is the concept of hierarchical matrices (H-Matrix), as 
described in [3] and [4]. The idea of the H-matrix approach is based on the compression 
of the system matrix. Due to the properties of the fundamental solution (2) and a 
suitable partitioning of the system matrix, submatrices exist with exponentially 
decreasing singular values [3], which can efficiently be approximated by a low-rank 
representation in outer-product form = . (5) 

In order to generate a suitable matrix partition the set of degrees of freedom (dofs) ={1, … , } will geometrically be subdivided into a cluster tree ( ). Starting to subdivide 
the root =  of the cluster tree ( ) into 2 geometrical separated son clusters ( ) ={ , } will generate the next level of the cluster tree ( ). The cluster tree ( ) will 
be generated recursively by applying (∙) to all clusters until a specified minimal 
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cluster size is reached. Every level of ( ) corresponds to a subdivision of  where the 
lowest level represents the leaves ℒ( ) of the cluster tree. For the subdivision of the 
clusters, the corresponding indices will be sorted according to the principal component 
analysis in order to establish a balanced cluster tree. Based on the cluster trees for the 
row and column index sets ( ) and ( ) the block cluster tree ( × ) is constructed. 
The admissibility condition min{ ( ), ( )} ≤ ( , ) (6) 

with the admissibility factor 0 ≤ ≤ 1 states whether a matrix block corresponding to 
the cluster pairs ⊂ ( ) and ⊂ ( ) is appropriate for a low-rank approximation or 
not. Here  and  denote the minimal bounding boxes which include the supports of 
the test and trial functions of the index sets  and . With eq. (6) the son operation for 
the block cluster tree ( × ) is defined by 
 

× ( × ) =       ∅,                 × (6) ( ) =  ∅    ( ) = ∅( ) ×  ( ),    .                                (7) 

 
The block cluster tree ( × ) is constructed recursively by applying eq. (7) to the 
roots = ⊂ ( ) and = ⊂ ( ) of the corresponding cluster trees. According to 
eq. (7) for non-admissible blocks 4 sons are generated on every level of the block 
cluster tree. In order to generate almost quadratic matrix blocks only clusters  and  
on the same level are considered. The leaves of the block cluster tree define an 
admissible matrix partition P ≔ ℒ( × ) (8) 
of the system matrix which ensures the efficiency of the H-Matrix approximation. The 
non-admissible blocks of P will be treated the usual way and stored as dense matrix 
blocks whereas the admissible blocks will be approximated by a low-rank 
representation (5). In order to efficiently determine low-rank representations of 
admissible blocks the adaptive cross approximation (ACA) is used. The ACA 
algorithm finds the rank  of the low-rank representation  for a given accuracy  
such that ‖ − ‖ < ‖ ‖  (9) 

is fulfilled. Since the stopping criterion is given by the condition   
 ‖ ‖ ‖ ‖ ≤ (1 − )1 + ‖ ‖ , (10) 

the rank of the approximation can be find adaptively. Compared to the FMM, the 
H-Matrix approach builds approximations of the system matrices  and  of equation 
(4) and not only of their matrix-vector products. Furthermore, based on the H-Matrix 
approach an arithmetic can be defined that facilitates operations such as the matrix-
vector product, matrix-matrix product and matrix-inversion to be performed with quasi 
linear complexity. Especially, the hierarchical LU-Decomposition (HLU) of low 
accuracy can be used as a very efficient preconditioner, which reduces the spectral 
radius of the system matrix and accelerates the iterative solution process, see [3].  
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3. REGULARIZATION AND PRECONDITIONING OF THE BIE 
The exterior Neumann problem is defined by  ∆ ( ) + = 0     ∈( )( ) = ( )      ∈− = 0  → ∞. (11)

The corresponding discrete system derived from the boundary integral equation is 
given by equation (4). It is known that the unique solvability suffers from the 
occurrence of irregular frequencies at which the system matrix becomes singular, see 
[5]. In this paper the Burton-Miller (BM) approach is applied in order to ensure a 
regular system matrix for all real wave numbers k. In this respect the exterior Neumann 
trace of BIE (3) is taken which leads to the hypersingular BIE  

( ) ( )( ) + ( , )( ) ( ) ( ) Ω( ) = ( , )( ) ( ) ( ) (12)

and to its discrete form − = − .. (13)

The combination of BIEs (3) and (12) by a complex coupling parameter  leads to the 
system of equations 12 + − = − 12 − . (14)

which is uniquely solvable for all real wavenumbers k, if ℑ( ) ≠ 0. According to Kress 
[6], a good choice of  with respect to a minimal condition number is given by =⁄ .  

However, derived from the Calderón identities an optimal choice for  is the 
Neumann-to-Dirichlet (NtD) map, since the system matrix 12 + − = . (15)

becomes identity. Choosing the  operator for  rather than a complex scalar 
improves the eigenvalue clustering of the system matrix and regularizes the problem 
at the same time. Hence, the  coupling operator is a good preconditioner of eq. 
(14). In that respect, the complex valued coupling parameter = ⁄  can be 
understood as the local application of the Sommerfield radiation condition on the 
surface   and thus as simple approximation of the  operator. More accurate 
approximations of the  map are given by the On-Surface Radiation Condition 
(OSRC) method [7]. The idea of OSRC is based on finding a local surface 
approximation of the  operator. A good choice for NtD is given by the non-local 
square root operator ≈ 1 1 + ∆ ,  (16)
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where ∆  denotes the surface Laplace-Beltrami operator [7]. The localization of (16) is 
achieved with a Pade expansion of size Np, such that the application of the  
approximation can be reduced to solving a set of (Np+1) sparse linear systems of equations.  
In addition to the analytic OSRC preconditioning, the H-Matrix compression provides an 
algebraic approach in order to reduce the number of iteration steps. Performing a LU 
factorization of the system matrix (14) with approximated low-rank Matrix-Matrix 
operations leads to  ≈ . (17)
By defining the rounding precision delta for these operations, hierarchical LU factorizations 
of arbitrary accuracy can be achieved. For preconditioning of the regular BM matrix (14) 
with = ⁄ , a low accuracy of = 10  is sufficient to effectively reduce the number of 
GMRES steps. 

4. TARGET ECHO STRENGTH SIMULATION 

The TES is defined by the ratio of the pressure amplitudes between incident wave ( ) and 
the scattered pressure ( ) at the receiver location ( ) = 20 ∙ | − || || |  (18)

scaled by the distance between the object ( ) and ( ). For the monostatic TES source and 
receiver locations coincide such that every sample point in the far field yields an additional 
right-hand side for the system of equations (14). A fine elevation-angle resolution of 0.1° 
between 0° and 180° requires 1800 system solutions of (14) and thus leads to a high 
computational effort. In contrast, different locations for source and receiver points are 
considered for the bistatic TES. For every impinging wave multiple far field evaluations are 
performed according to sampling resolution. In general, less sources are considered for the 
bistatic TES such that, the number of required system solutions and thus the computational 
effort is smaller compared to the monostatic case. 
In order to assess the efficiency of the aforementioned preconditioning strategies with 
respect to the different TES calculations, we consider the hard-walled scattering problem of 
the submarine model from the BeTSSi workshop [8]. Due to the symmetric surface of the 
submarine the regularised system matrix (14) is block symmetric according to = . (19)

In addition to the standard ( = ⁄ ) BM approach, its H-LU preconditioned variant and 
the OSRC regularization, a block Jacobi accelerated version of the standard BM is also 
considered. Exploiting the symmetric structure (19), the Jacobi block preconditioner  

. = 00  (20)

is determined by a low accuracy ( = 10 ) H-LU of the diagonal block = .  
The numerical experiments are performed with = 1500 ⁄  and = 1000 ⁄  at 
1kHz, 3kHz and 5kHz. The corresponding surface discretizations with 10 elements per wave 
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length and constant shape functions for the field values lead to linear systems with 115.738, 
893.140 and 1.980.562 unknowns. Since only the BM-HLU approach requires the assembly 
of the full H-matrix, its set up costs are higher than for the other preconditioning strategies, 
as illustrated in figure 1.  

  
Fig.1: Memory requirements (left) and assembly times (right) 

The lowest memory and time consumption is observed for the standard BM approach, which 
exploits the block symmetric structure of the system matrix. In order to efficiently apply the 
OSRC regularization operator, the K and D matrices have to be kept separate which leads 
to twice the assembly costs of the BM approach. In contrast, the additional costs to set up 
the block Jacobi preconditioner are only slightly higher than for the BM variant. The 
efficiency of the preconditioning strategies for the different frequencies is shown in figure 
2. Without improving the eigenvalue clustering of the system matrix the standard BM 
variant requires the largest number of GMRES iterations in order to determine a solution 
for a relative error of = 10 . Even though the OSRC method requires only half of the 
iteration steps its solution time is about the same as without preconditioning. Due to the 
separate handling of K and D the reduced number of iteration steps is compensated by twice 
as high matrix-vector-product costs. A more effective reduction of the solution costs is 
observed for the block Jacobi variant. Compared to standard BM method approximating the 
inverse of the block diagonal reduces the number of GMRES steps by a factor of 3 while 
the solution time is halved. However, the smallest number of steps and the fastest solution 
time are achieved by the low accuracy ( = 10 ) H-LU preconditioning of the full H-
Matrix. 

 
Fig.2: No. of iteration steps (left) and required solution time for 1 rhs (right) 

A comparison of the total computational (assembly and solution) times for determining the 
bistatic and monostatic TES is given in figure 3. Due to the much lower solution effort the 
overall times for assessing the bistatic TES reflect the assembly costs of the H-matrices. 
For the monostatic TES calculation the opposite is the case. The number of 1800 right-hand 
sides increases the influence of the solution costs such that the impact of the matrix assembly 
effort is lowered. 
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Fig.3: Total time for determining the bistatic TES (left) and the monostatic TES (right) 

5. CONCLUSIONS 

The presented preconditioning strategies can effectively reduce the computational costs for 
the TES simulation. For the H-LU based preconditioners already a low accuracy of  =10  is sufficient to significantly minimize the number of GMRES steps. By exploiting the 
block symmetric structure of the system matrix both the assembly time and the memory 
requirements can be reduced by 50%. Furthermore, it enables an efficient set up of H-LU 
based block Jacobi preconditioners of low accuracy which is shown to effectively reduce 
the number of iteration steps. Although choosing the  OSRC approximation as BM 
regularization operator improves the convergence rate of the GMRES method, the solution 
time suffers from doubled MVP costs, and hence its efficient application as a preconditioner 
is limited to the bistatic TES simulation. In order to reduce the overall time for TES 
simulations the preconditioner should be chosen with respect to the number of rhs. The more 
system solutions are needed the less the solution time per rhs should be. 
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 A FAST TARGET STRENGTH MODEL AND ITS APPLICATION 
WITH A MULTIPATH PROPAGATION MODEL 
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Abstract: Full-scale target strength measurements of submarines indicate that major 
contributions arise from parts between the pressure hull and the casing. Even tanks inside 
the pressure hull itself can give large contributions to the target strength under some 
circumstances. The design of the submarine generally incorporates structures of plates in 
the form of straight angle corners or cat´s-eye shapes which are excellent acoustic 
reflectors. Prudent application of transmission-loss and/or reflection-loss coatings to 
parts of the submarine can yield significant reduction of the target strength. Essential 
requirements on any target strength modelling method are therefore the abilities to model 
sound transmission through outer structures, double- and triple-bounce sound reflection, 
and the effect of coating materials in conjunction with a backing steel plate. The 
monostatic target strength model SubSig-TS was presented at UACE 2015. Two 
significant features of the model are: a) It is very fast and thus suitable for real-time or 
near real-time applications, b) It can be used as a target model in simulations, e.g. in 
conjunction with wave propagation models, due to its stream IO-interface. ROSES 
(Robust Operational Submarine Echo Simulator) is an application where SubSig-TS is 
combined with the REV3D ray trace model to predict the echo from a submarine including 
environmental effects such as multipath propagation and reverberation. ROSES is fully 
integrated in COMBIS (Combined Maritime Background Information System) which 
provides a uniform and comprehensive interface to a wide range of prediction models 
using existing hydrographical and meteorological data. This paper will present a brief 
overview of the SubSig-TS model and the ROSES application. 

Keywords: Submarine design, Target strength, Underwater acoustic modelling, Multipath 
propagation, Reverberation 
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1. INTRODUCTION  

FOI has a long tradition of research in hydroacoustics applied to the shallow waters and 
varying bottom conditions in the Baltic Sea. The ROSES application presented in this paper 
is the result of the successful integration of models from several different research projects 
at FOI.   

REV3D [1] is a ray-tracing hydroacoustic propagation model based on the stochastic ray 
model MOCASSIN [2]. It is enhanced with 3-dimensional propagation and coherent ray 
summation and considers both surface and bottom reverberation as well as Doppler effects. 
One motif for developing REV3D was to produce sound fields for evaluation of active sonar 
signal processing algorithms and underwater communication performance. The ability in 
REV3D to model the time-domain effects of multipath propagation in a reverberation 
environment suggested the use together with the SubSig-TS to model the echo of a 
submarine in a realistic environment. 

 The monostatic target strength estimation model SubSig-TS [3, 4] was developed as part 
of the project SubAn (Submarine Analysis) [5], dedicated to analysis and conceptual design 
of submarines. (SubSig also contains other models for estimation of radiated noise, induced 
magnetic field and UEP/ELFE signatures.) Initially SubSig-TS only returned the integrated 
target strength but, after a suggestion from Jörgen Pihl, the model was further developed to 
deliver a time-resolved response. A stream I/O interface was also added, for integration with 
ROSES or other applications. The client program supplies pulse center frequency, range 
and aspect and elevation angles and receives a response that can be convolved with the 
actual pulse shape to create the time series of the echo. 

COMBIS (COmbined Maritime Background Information System) [6] is a tactical 
decision aid user environment which integrates several hydroacoustic and electromagnetic 
wave propagation models with an environmental database. This database contains 
bathymetric and hydrographic data, climatology forecasts and bottom sediment information. 
The sensor support function in COMBIS handles information on platform signatures and 
sensor performance and enables investigation of detection probability for user-defined 
tactical scenarios. 

ROSES combines the REV3D propagation model with the SubSig-TS target strength 
model for use in the context of the COMBIS tactical support environment. In this manner it 
is possible to simulate the echo from any submarine, in any environment, and with any 
active sonar. The returned echo is similar to what could be expected in a real world case and 
gives a realistic basis for the classification problem. To this end it is a powerful tool for 
ASW research, training and operations. 

A general problem, common to all target strength modelling methods, is the fact that it 
is impossible to include all features of a real, complex, target in a computational model. The 
cost for data preparation and the computational effort limit the level of detail that can be 
handled in practice. So which physical phenomena are essential in any such model? Which 
structural features are significant and should thus be included? What detail can be left out 
as less important? These questions should be asked in the context of the complicated 
hydroacoustic environment encountered in real-life situations. The ROSES integration of 
environmental modeling with target strength modeling gives a path to advance the 
understanding of this subject.  
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2. SUBSIG-TS 

2.1. General Principles 

The SubSig-TS model is based on the assumption that, from any given direction and 
frequency, the major contributions to the target strength emanates from a few dominating 
features e.g., for broadside aspect the pressure hull dominates over all other parts of the 
submarine. Experience so far gives support for this assumption.  

There exist well known analytical solutions for the backscattering cross-section of rigid 
objects of simple shape, e.g., spheres, ellipsoids, cones, and circular or rectangular plates 
under certain conditions of distance and wavelength compared to object size, see e.g., [7]. 
Most of the major features of a submarine can be approximated with such simple shapes, 
hereafter called reflectors, at typical detection distances and sonar frequencies.  

One important aspect is that for any given direction of the incoming sound only some 
parts of the submarine are insonified. This is modelled with the help of an aperture function 
associated to each reflector which describes the directions where it is active, i.e. can be 
insonified and also back scatter sound. This aperture is set considering all the other parts of 
the submarine which might be hiding this reflector. 

In some circumstances, e.g., for the air-backed parts of the pressure hull at medium to 
high frequencies, the rigid-body assumption is a good approximation. For most of the other 
parts of the submarine the transmission of sound through the structure has to be considered. 
In some situations, especially when using anechoic coatings, the energy loss in the material 
is also an important factor. These cases are handled by adjusting the rigid body solution 
with local transmission and reflection coefficients calculated with regard to the frequency, 
angle of incidence, material properties and shell thickness of the object.  

Currently 14 different reflector types are treated in the model. There are basic shapes 
such as sphere, cylinder, cone, rectangular plate and circular disc, and also composite 
objects such as corner reflectors, cat’s-eye reflectors, fins and propellers. Some special 
objects such as an air-bubble cloud and a wing tank are also handled. Some of the reflectors 
are illustrated in Fig. 1. 

A reflector can be hidden behind another reflector. In such a case the transmission loss 
of the outer reflector is applied to the incoming sound as well as the reflected sound, see 
Fig. 2.  

The target strength of the complete submarine is obtained by summing the backscattering 
cross-sections of all insonified reflectors [8, 9], compensated for reflection coefficient and 
transmission losses as outlined above. There are options for how to perform this summation, 
where the basic mode is the incoherent summation 

 









i

i

r
TS 2

ref
10log10  ,  (1) 

where σi is the effective backscattering cross-section of reflector i and rref  = 1m is a reference 
distance. 

Since the position of each reflector’s acoustic centre, the position of the sonar and the 
speed of sound are known, it is also possible to generate an approximate time-domain 
response composed from the target strength of individual reflectors and the corresponding 
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arrival times of the echoes. This mode is used when generating a response to the ROSES 
application. The response consists of a series of time-stamped reflector target strength 
values sorted by arrival times. 

SubSig-TS models are automatically generated from submarine concepts, designed with 
the SubAn design tool, at the click of a button. 

 

 

Fig. 1: Some simple and composite reflector objects. From left to right: sphere, cylinder, 
truncated cone, rectangular plate, cylinder on plane, corner reflector, fin, and propulsor. 

Fig. 2: Reflection by objects hidden behind a shell. Of the incoming intensity (i), a part (r) 
is reflected by the shell and a part (t) is transmitted. When the transmitted sound hits an 
interior object surface, a part (r1) is reflected and a part (t1) is transmitted through the 

surface. For the outgoing intensity (r1), a part (r2) is reflected by the outer shell and a part 
(t2) is transmitted through the shell. The effect of multiple reflections between shell and 
inner objects are neglected, and t2 is identified as the contribution from the hidden part.  

2.2. Comparison with other results 

The BeTTSi II Workshop[10] gave an opportunity to compare the results from SubSig-
TS with the results from several other codes using Kirchhoff, BIE, FEM, and ray tracing 
methods. An example is shown in Figs. 3 and 4.  Full details of the models, the methods 
used, and the results can be found in the BeTTSi II proceedings. Good agreement with other 
codes was found for several target models, among them the one illustrated in Figs 3 and 4.  

 

 

Fig. 3: The BeTTSi model 32, with length 49m, outer shell of 8mm thick steel, small radius 
3m, and big radius 5m. The inner body is 46m long with all radii 3m and made of 20mm 
thick steel. The inner body is air-filled and the volume between the bodies is water-filled. 
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Fig. 4: Far field target echo strength for the BeTTSi model 32 in horizontal elevation for 4 
different frequencies as calculated by 5 different models. The results from SubSig-TS are 
presented with red dots (legend FOI-2). The too high SubSig-TS predictions at 1 kHz and 
3 kHz at 135° and 225° aspect are probably due to different transmission properties for 

the cat’s-eye reflectors. It can be noted that the green curve is plotted with 0.1° resolution 
(whereas the other curves uses 1° resolution) and thus catches the top of sharp peaks near 

87.5° and 272.5° degrees. 

In a cooperative work involving Netherlands, Canada and Sweden, during spring 2017, 
there was an opportunity to compare the SubSig-TS predictions to measurements of 
integrated target strength on a Zwaardvis class submarine. There was good agreement with 
measurements for frequencies up to 5 kHz in near horizontal elevation and for all aspect 
angles measured in 2 degrees spacing. Unfortunately, the details from this comparison 
cannot be published. 

The results from SubSig-TS was also, in 2016, compared to time-domain data from 
measurements on a Swedish submarine. The model shows ability to predict the major 
aspects of the time-domain echo structure with good agreement in magnitudes and arrival 
times. Further analysis is in progress to quantify the prediction accuracy. 

3. ROSES  

The input to ROSES is a COMBIS scenario file, containing all relevant parameters for 
the bathymetric and hydrographic environment, the sonar position and pulse type and the 
target position, orientation and its active signature, in this case the name of a SubSig-TS 
reflector file.  

SubSig-TS is invoked to predict the monostatic impulse response using the pulse center 
frequency, the current aspect angle of the target and a selected elevation angle. Each 
response is consolidated by power summation for time slots and stored in a table. This is 
repeated for all elevation angles with one degree resolution. REV3D now calculates the 
intensities, elevation angles and arrival times for all rays reaching the target. The above 
table and the bistatic theorem[11] are used to calculate the intensity and time delay for a 
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large number of reflected rays. These are back propagated by REV3D to the sonar position. 
Convolving with the emitted sonar signal produces the time-domain echo for all returned 
rays which can be processed by REV3D to generate lobe, stave or element signals[12]. 

The default output from ROSES is two sound files in .wav format. One file for the target 
echo and one for the environmental reverberation. Both files represent the signals received 
in the sonar lobe aimed at the target. The lobe signal as function of time (or distance) can 
be plotted, see Fig. 5. It is also possible to compare the target echo to the reverberation in 
the lobe, see Fig. 6.  

Due to the integration in the COMBIS user interface it is possible to interactively explore 
the impact of different hydroacoustic environments and the consequences of changing sonar 
parameters and target position/orientation. 

 

 

Fig. 5: The impact of the environment on the received echo. The left column shows the 
situation for a near-broadside aspect and the right column shows the echo at near-ahead 
aspect. The upper pair of graphs illustrates the echo in an isotropic environment. Vertical 
axis is peak target strength and horizontal axis is distance relative the centre of the target. 

The lower pair of graphs depicts the results in a multipath propagation environment, 
where different travel times will stretch and distort the echo. Vertical axis here is the 

replica correlated signal strength in dB and the horizontal axis is distance from the sonar.  
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Fig. 6: Target echo (red) and reverberation (blue) time series (after replica correlation) 
calculated by ROSES for four different target aspect angles. Upper left = 0 degrees, upper 

right = 45 degrees, lower left = 90 degrees (broadside) and lower right = 135 degrees. 

4. CONCLUSIONS 

ROSES was developed by merging the competent REV3D propagation model with the 
target strength prediction model SubSig-TS. This has produced a powerful tool for ASW 
research, training and operations.  

The integration with the COMBIS toolbox yields an environment where target detection 
can be explored interactively for different environments. Any sonar, target and environment 
can easily be combined in operative scenarios for near-realtime evaluation. ROSES thus has 
the potential to be the base for a future computer-aided classification tool (CAC). 

SubSig-TS is a small and fast software and it is a quick and easy process to generate 
target strength analysis models from conceptual submarine design models. These submarine 
designs can be interactively analysed and compared in SubSig-TS, e.g. to evaluate the effect 
of different hull geometries and anechoic coating strategies. The ability to study such 
models in a simulated environment, with ROSES, gives a deeper understanding of the 
implication of different design choices in a realistic ASW situation.  
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 EXPERIMENTAL VALIDATION OF CIRCULAR NEAR-FIELD TO 
FAR-FIELD TRANSFORMATION IN ACOUSTIC TANK 

EXPERIMENT 

Anatoli Tsinovoya, Adva Bar-Ama, Matan Kahanova 
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Anatoli Tsinovoy, Rafael Advanced Defense Systems Ltd., POB 2250(19), Haifa, 
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Abstract: The mono-static target echo strength of a system of two Tungsten-Carbide 
spheres is measured as a function of azimuth aspect angle. To obtain an estimate of the 
far-field scattering we apply the Circular Near-Field to Far-Field Transformation 
(CNFFFT) on near-field measurements. A direct measurement of the far-field scattering 
was also performed, and used to validate the CNFFFT estimate. At first only partial 
agreement was achieved. The discrepancy was found to be due to the echoes from the 
apparatus used to hold and rotate the two spheres. A Fourier-imaging technique allowed 
us to filter out the unwanted echoes from both the direct and the transformed 
measurements. The imaging was implemented purely in the r-φ domain, thus avoiding the 
Cartesian interpolation artefacts common to such processing. Excellent agreement 
between the two measurements was achieved following removal of the unwanted echoes. A 
comparison with the theory of scattering from two interacting hard spheres was made and 
adequate agreement was observed. 

Keywords: Target echo strength; near-field-to-far-field transformation; sonar imaging 
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1. INTRODUCTION 

Knowledge of the acoustic target echo strength (TES) of underwater bodies is essential 
for many underwater applications. TES measurements in a controlled laboratory setting 
are very rarely possible as direct measurements of the far-field scattering require distances 
attainable only with at-sea measurements. Measurements of the far-field scattering at-sea 
involve large distances, and correspondingly large experimental uncertainties.  

Thus, a solution is required to enable determination of the far-field TES from acoustic 
near-field scattering measurements, be they at-sea, or at an acoustic tank facility. In this 
work we demonstrate the Circular Near-Field to Far-Field Transformation (CNFFFT), also 
known as Wavenumber Migration [1]. This approach is applicable for planar monostatic 
measurements. Due to the essentially planar propagation of acoustic energy in the ocean 
even at moderate distances, the TES is of most interest as a function of the azimuth aspect 
angle, φ, at elevation θ=π/2. 

The aim of this study is to demonstrate the inference of monostatic TES of a system of 
two Tungsten-Carbide (TC) spheres as a function of φ  at θ=π/2  from near-field scattering 
measurements over that same angular range performed at Rafael's Underwater Test 
Facility. Results are validated by comparison to far-field measurements and theory. 

2. EXPERIMENTAL SETUP 

The monostatic TES of a system of two TC spheres was measured. The two spheres 
were of diameter D=38 mm, and were held a distance d=18 cm apart using a custom-made 
3D-printed plastic apparatus. The system and transducer were both lowered to a depth of 
about 5 m  (See Fig. 1). Alignment of the system under test and transducer was performed 
by finding the orientation and depth at which the measured echo was at a maximum. The 
transducer employed had a resonance frequency of 85 kHz, and was used both as 
transmitter and as hydrophone, with the aid of a T/R switch. At the measurement distances 
employed, the target spanned at most 10o  of the beam-pattern, over which there is no 
more than 0.5 dB variation. The waveform used in the actual measurements was a 20 
cycle pulse at fc=80 kHz windowed by a Tukey window function (r=0.5). 

 
Fig.1: (left) The two TC spheres (In 3D-printed holder). (right) The two spheres 

immersed in the pool, connected to a special rod made of polyurethane, with the 
measurement transducer positioned facing the system. 
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The quantity of interest in the measurement is the ratio of the received echo pressure to 
the transmitted pressure amplitude. Extraction of this information from the received echo 
voltage requires knowledge of the transmitted waveform and the product of the 
transducer's transmit response and receive response. A calibration procedure was carried 
out where the echo from a calibration target of known TES (A single small hard sphere) 
was measured. The waveform used for calibration was a chirp spanning the frequency 
range 40 kHz-120 kHz. The calibration followed the procedure presented in [2]. 

3. CIRCULAR NEAR-FIELD TO FAR-FIELD TRANSFORMATION 

In this chapter we give a brief overview of the circular near-field to far-field 
transformation algorithm based on [1]. The measurement plane is xy, utilizing cylindrical 
coordinates,  zr  sincos

 ,   sincos
 . We denote the acoustic 

wavelength by   and the acoustic wavenumber by 
2k . 

We assume the target can be adequately described by a single-scattering model, and 
that we measure at R0, in the far-field with respect to the z axis: 12

'
0
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z
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the monostatic scattering using the target's surface reflectivity function,  
  , that is 

related to the more familiar volume reflectivity function,  r , by   )','(')( zdz 
 . 

In addition we assume that our transducer is isotropic over the extent of the target. 
Then the following model applies to the monostatic echo for a transducer positioned at R
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The sum and integral in this formula can be implemented using 1D (I)FFT operations. 
For targets large enough so that the beam-pattern can no longer be considered constant, a 
beam-pattern correction is applicable [3]. 

In contrast with previous work, we worked with a single finite rather than many CW 
measurements. This required the application of the fractional order derivative using the 
Grunwald-Letnikov integral formulation in order to receive a result that is both band-
limited and reasonably localized in time. 

The Fourier-relationship in Eq. 2 can be inverted for the surface reflectivity 
function  

 . This is usually done by interpolating  kS ,  to a Cartesian grid  yx kkS ,  
and performing a 2D DFT. This process creates artefacts in the resulting space-domain 
function unless a very fine interpolation grid is used. We implemented a Bessel-Fourier 
transformation from  kS ,  directly to   ,  using the angular DFT and a Bessel 
integral transform for the radial coordinate. Interpolation to ),( yx  was used only for 
display purposes. This avoids the artefacts, and allows for exact processing of   , . 

4. RESULTS 

The measurements were carried out at intervals of 1o. This is fine enough as 
oo

kd 2102
360

min   is the Nyquist sample rate for our system. The near-field 
distance for our system is 108 cm. The near-field measurements were carried out at R0=96 
cm, and the far-field measurements were carried out at R0=242 cm. 

Comparison to theory was carried out using a model for the TES of a system of two 
hard spheres [4]. The TC spheres used do not show any prominent resonances over the 
frequency range measured, and so the assumption of rigidity is well-fulfilled. The 
calibration target used was a TC sphere of diameter D=24 mm. It shows one weak 
resonance over the measured frequencies, and so we are assured that our calibration is not 
sensitive to small variations in its material parameters [2]. 

 
Fig. 2: (left)  yx,   corresponding to  yx kkS ,  as found by Bessel-Fourier transform. 

(right)  yx kkS ,  according to CNFFFT. The two spheres are clearly visible, as is a third 
scattering centre associated with the holding apparatus. 

 
In Fig. 2 the results of the CNFFFT algorithm are presented in both frequency-domain 

and space-domain. The holder apparatus (Identifiable as the scattering centre near the 

Holding apparatus 

Two spheres 
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origin in the space-domain display) is then removed with a spatial mask, and the result is 
Fourier-Bessel transformed back to frequency-domain. This is done for both the results of 
the CNFFFT and the direct far-field measurement of the TES. Comparison between the 
two results is shown in Fig. 3. 

 
Fig.3: (left)  yx kkS ,  according to CNFFFT with the holding apparatus masked in 

space-domain.  (right)  yx kkS ,  measured in the far-field with the holding apparatus 
masked in space-domain. 

 
Excellent agreement is observed between the CNFFFT results and the direct far-field 

measurement, after removal of the reflections associated with the holding apparatus. It is 
of interest that comparison prior to this masking process is much less favourable.  This is 
due to the holding apparatus' (Long cylinder) length along the z axis, which breaks the 
planarity assumption of the CNFFFT. 

A comparison with theory can also be made, shown in Fig. 4. 

 
Fig.4: (left)  yx kkS ,  according to CNFFFT with the holding apparatus masked in 

space-domain. (right)  yx kkS ,  according to theory. 
 

Good agreement between theory and experiment can be observed, both in terms of 
amplitude and in terms of the structure along ky, although there is clear disagreement both 
in the peak TES observed (On the order of 5 dB) and in the structure evident in the 
measured data but absent from our theoretical model. 
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5. SUMMARY AND CONCLUSIONS 

The CNFFFT has been briefly introduced, and demonstrated for a system of two TC 
spheres. The measured echo from 1D near-field measurements of the system was used to 
infer the TES as a function of azimuth angle   and elevation 2

  . The CNFFFT 
involves a fractional order derivative that has been implemented in a novel way. 

A Fourier-Bessel transformation was implemented for acoustic imaging of the system. 
This allowed the unwanted scattering centre associated with the holding apparatus to be 
resolved from the system under test and masked out in space-domain. 

After spatial masking of the unwanted scattering centre, excellent agreement was 
observed between the CNFFFT TES estimate and direct far-field measurement of the TES. 
Satisfactory agreement between both experimental results and theory was observed. 
Taking into account the excellent agreement between CNFFFT and true far-field results 
seen in Fig. 3, we conclude that the discrepancy between theory and experiment is due to 
the 3D-printed plastic holder used, whose echo could not be separated from the actual TC 
spheres. 

We have thus shown that the CNFFFT with Fourier-Bessel imaging for removal of 
unwanted scattering centres provides a good method for evaluating the monostatic TES of 
a thin system. 
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Abstract: During the last decades, considerable effort was made to successfully minimize 
the radiated acoustic noise of submarines – especially of the diesel-electric types. Such 
ultra-quiet submarines are difficult to detect by passive sonars; therefore, new active 
sonar techniques were developed which dramatically increased the acoustic detection 
ranges of the nowadays submarines. This technological development motivates the 
reduction of the target echo strength (TES) of a new concept study. 
A basic analysis of sound propagation at several oceanographic locations was used to 
determine the azimuthal threat sector. The stealth technique known from previous efforts 
in radar cross-section reduction was adopted for underwater sound impinging onto a 
submarine hull. The exposed hull areas ware shaped accordingly to refract the impinging 
sound out of the vertical threat sector. The shaping concept requires that the outer hull 
form be sufficiently opaque, so as not to allow the objects behind it (with potentially high 
TES levels) to determine the total TES. Therefore, a transmission-loss coating is applied 
over the outer hull casing of the submarine. The required transmission-loss properties of 
the acoustic coating were attained through sound reflection; hence the coating is also 
sometimes referred to as a reflective coating. 
The stealth-shape reflects the incoming sound in a sharp beam away from the azimuthal 
threat sector. To ensure that the shape is properly formed, a concept of acoustic eigenray 
interaction was derived to verify that sound propagating along one acoustic path is not 
reflected onto another acoustic path. 
After deriving the azimuthal threat sector from sound propagation-analysis and 
presenting the ray interaction concept, the results of a stealth-optimized shaped 
submarine will be compared to a classical shaped submarine with and without an acoustic 
coating. This will be demonstrated on the model submarine denoted as “BeTTSi”. 

Keywords: Target Echo Strength, Sonar, Sound Propagation 
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1. INTRODUCTION 

One of the main advantages of a submarine for military application is to enable its user 
to operate undercover. In the early days of submarine development, the driving factor was 
the enormous reduction of the visible (optical) signature. However, soon other signatures 
were found pertinent to submarine detection. Due to the efficient sound transmission in 
water, sound is predetermined for detection of submarines during nominal diving 
condition. During the last decades, passive sonars were the preferred detection method. 
They identified and pinpointed the radiated acoustic noise source(s) of a submarine. 
Consequently, considerable effort was made to successfully minimize the radiated 
acoustic noise of the submarines. Such modern submarines are difficult to detect by 
passive sonars, forcing many navies to resort to active detection sonars. In the active sonar 
detection field, minimizing the submarine’s propensity to reflect the incoming acoustic 
energy (the TES) is of the utmost importance. 

Not only were submarine techniques improved in a continuous process, sonar 
techniques were also improved in turn. Sonar technology benefitted especially from the 
growing computational calculation power, allowing for geometrically sharper beams and 
more sophisticated signal processing techniques. One very promising signal processing 
technique benefits from the data-synthesis of a bi- or multistatic network. Successful 
demonstrations of this technique suggest that detection ranges of a nowadays-submarine 
will dramatically increase in the future. TES reduction methods will be needed to allow 
the submarines to operate with the present-day tactical advantage also in the future. 

At distances as commonly found in submarine sonar applications, sound propagation in 
the water is characterized by refraction through the varying sound speed with depth (due 
to temperature, density and salinity variation) and reflection at the water boundaries. 
Therefore the sound impinging onto a submarine may have an elevation angle different 
from the horizontal plane. In order to reduce the TES of a submarine, it may not be 
sufficient to reduce the TES for the horizontal plane only, but for a range in elevation 
angle. This angular range, called the threat sector, is derived for sound propagation studies 
of several world ocean locations. Subsequently a submarine with a TES optimized shape is 
derived and compared to a classical submarine shape. 

 

2. VERTICAL TES THREAT SECTOR 

Sound propagation studies of several world ocean locations have been conducted to 
determine the threat sector. The first region of study was the Ionian Sea (part of the 
Mediterranean Sea). During the summer, a relatively shallow but very distinct sonar 
channel is formed, with its axes at about 150 m depth. Very long detection ranges can be 
achieved with this kind of sound speed profile. The sound generated by an acoustic source 
can travel only at distinct paths to the target. If the ray-tracing method is used to simulate 
the sound propagation, these paths are named eigenrays. The eigenrays between the sound 
source (sonar) and the target (submarine) - both at 150 m depth - have been computed over 
the horizontal distance of up to 120 km (e.g. Fig. 1 shows the eigenrays for a horizontal 
distance of 20 km). The distribution of vertical incident angles of all eigenrays (including 
surface-reflected but excluding bottom-reflected), was generated to highlight the threat 
sector. For this sound speed profile (as for many others), the eigenrays impinge onto the 
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submarine within a vertical angle of ±20°. Most of them impinge even within ±10° (Fig. 
2) and also within ±5° for the waters in the north-eastern Atlantic. The distributions of the 
vertical incident angles - for the winter sound speed profiles - of the Ionian Sea, Labrador 
Sea, Norwegian Sea and the Barents Sea are shown in Fig. 3. From this sound propagation 
study, a vertical threat sector of ±20° with an increased focus on ±10° is deduced (Fig. 3). 

Different sea waters have different vertical threat sectors. To encompass the most of 
existing ocean areas, thyssenkrupp Marine System assumes a threat sector of ±20°. For 
shallow waters and for waters without any distinct sound channel, the vertical threat sector 
is usually narrower than ±10°. 

 
 

 

Fig. 1: Eigenrays for the Ionian Sea summer profile. Sound source and submarine are 
both at 150 m depth and with a distance of 20 km. 

 

Fig. 2: Vertical incident angle of eigenrays vs. distance (left) and the corresponding 
distribution of all rays without any bottom reflections (right). The eigenrays are color 

coded as red: undisturbed, cyan: surface reflected, blue: bottom/bottom-surface reflected. 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  421



 

 

Fig. 3: Vertical incident angle distributions for the Ionian Sea, Labrador Sea, Norwegian 
Sea and the Barents Sea (from left to right) for their winter profiles respectively and the 

visual representation of the vertical threat sector. 

3. EIGENRAY INTERACTION 

The sound propagation in the ocean is in general a multipath propagation. Sound 
transmitted from an acoustic source can reach the submarine via multiple paths. The 
submarine does not reflect the impinging sound in one direction only, but scatters the 
sound effectively into all directions. The scattering is not uniform over the directions; 
however, a significant TES contribution may occur from sound coming from path A and 
being scattered into path B. 

As an example, we could look more closely at the two eigenrays with two turning 
points in Fig. 1/Fig. 4. The first is impinging onto the target at a vertical aspect angle of -
4.1°, the second at an angle of +4.1°. Because of the reciprocity of the eigenrays (Fermat’s 
principle), the eigenrays for the sound traveling from the sonar to the target are the same 
as for the sound travelling back from the target to the sonar. A large vertical plate as a 
target would have a small TES for the two aspect angles ±4.1°; however the specular 
reflection would bounce the energy from the -4.1°-ray into the +4.1°-ray and vice versa. 
Subsequently the plate would have an even higher TES as would be the case for (single 
ray) normal incidence. This phenomenon can be named as eigenray interaction. 

 

Fig. 4: Same as Fig. 1 but with highlighted ray interaction and added ray table. 
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To describe the eigenray interaction mathematically, we start at the sonar equation for 

the receiving level in dB: 
 
RL = SL + TL + TES + TL      (1) 
 
The received acoustic pressure (in Pascals) for the acoustic ray i (ray path reciprocity) 

is: 
 

       (2) 
 
And the received acoustic pressure for the incident acoustic ray path i and the reflected 

acoustic ray path j is: 
 

       (3) 
 
The received acoustic pressure for all combinations of acoustic rays i and j can be 

written using vectors and matrices: 
 

       (4) 
 

     (5) 
 
The tli and tesij values must be complex valued to account for travel time variations 

(between the different ray paths) and the correct phase of reflections (e.g. water-surface 
reflections reflect the phase of the signal). 

 
To deduce the levels within the ray interaction matrices , all multistatic TES 

combinations were calculated for the vertical incident and reflected angles ranging from -
20° to +20°. Results for four different geometrical shapes with identical cross section of 
30m×6m (cylinder, flat plate, corner backside and foreside) are shown in Fig. 5. The dots 
in the center of each panel mark the positions where to pick-up the  levels of the ray 
interaction matrix which correspond to the eigenrays shown in Fig. 4. The energetic 
(incoherent) mean of the  levels is indicated by a line in the color bars. The cylinder 
has a remarkably uniform scattering of the acoustic intensity over the whole vertical 
angular sector (uniform color over the whole panel). Besides the normal incidence case 
(0°, 0°), the flat plate shows high bi-static TES levels at the specular reflection axis (from 
the lower right corner to the upper left) whereas the foreside of the corner reflector show 
very high monostatic TES levels (from the lower left to the upper right corner). The 
backside of the corner reflector (roof shape) has comparably low TES levels over the 
whole angular range considered.    

The concept of eigenray interaction is used to ensure that the TES reduction efforts on a 
submarine are not limited to the horizontal plane only. It enables to combine the sound 
propagation effects with the scattering characteristic of the submarine (or more generally 
of an arbitrary acoustic target). This is especially important in oceanographic regions 
where sound propagation is characterized by a wide angular (vertical) spread. 
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Fig. 5: Multistatic TES combinations for vertical incidence angles and vertical reflected 
angles ranging from -20° to +20° respectively. Results for four different geometrical 

shapes with identical cross sections of 30m×6m are shown (cylinder, flat plate, corner 
backside and foreside). The dots mark the positions where to pick-up the  levels of the 
ray interaction matrix for the eigenrays shown in Fig. 4. The energetic (incoherent) mean 

of the  levels is indicated by a line in the color bars. Sonar signal: a sweep in 
frequency from 2.7 kHz to 3.3 kHz. 

 

4. MATERIALS FOR TES REDUCTION 

Hydro-acoustic materials can be used as coating materials to reduce the TES of a 
submarine. Most self-evident is to cover the outer hull with an echo reduction material. 
However echo reduction materials for low sonar frequencies are thick, bulky and often 
heavy. TES reduction can also be obtained with transmission loss (TL) materials. In case 
there is an object with high TES behind a semi-transparent surface with low TES, then 
coating the semi-transparent surface with a TL material lead to shadow/shield the object 
with the high TES [2]. 

The TL material is extremely thin and at the same time suitable for very low sonar 
frequencies. It achieves 10 dB transmission loss up to 150 m diving depth, while the 
thickness is less than 15 mm. The nearly neutral buoyancy for seawater may allow an 
implementation on existing submarines. 
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The echo reduction (ER) material can be used on large surfaces with high reflectivity. 
This is in general at the pressure hull, which is not semi-transparent but fully reflecting 
and also at the sail (if its sides have nearly vertical orientation). 

The already reached laboratory performance of an ER material is 10 dB reflection-loss 
while working at pressures equivalent from 150 m to 500 m diving depth. This ER 
material also has nearly neutral buoyancy for seawater but has a thickness of 200 mm. 

5. TES CALCULATION 

In general, the TES depends on the acoustic frequency, the aspect angle and the shape 
of the reflecting object [1]. Often, the TES calculations assume fully reflecting objects, i.e. 
reflection coefficients of unity. However, a submarine’s outer hull is not completely 
reflecting and therefore a submarine consists of numerous scattering objects of different 
sizes and shapes - which can all be found beneath the hydrodynamic casing. In particular, 
it is not adequate to consider solely the outer hull for the TES calculation. 

TES reduction concepts imply the application of hydro-acoustic materials over the 
submarine’s various surfaces. Therefore the TES calculating program needs to be able to 
work not only with semi-transparent surfaces, but also with absorbing surfaces. 

Various TES calculations and their differences are emphasized on a model submarine 
named BeTSSi [3] (Fig. 6). BeTSSi has features of a modern submarine without sharing 
specific similarities with a particular submarine class. That makes it an ideal neutral 
candidate to study TES behaviour and reduction. BeTSSi’s overall length is 62 meters and 
the diameter of the pressure hull is 7 meters. The casings of the bow, upper deck, sail and 
stern are constructed from 10 mm steel. These areas are flooded with sea-water. That 
means that the medium in front and behind the steel casing is seawater. In such conditions, 
a 10mm steel plate is nearly transparent for low sonar frequencies [4]. Obviously the 
objects lying within the flooded areas, such as bulkheads, torpedo tubes, masts and tanks, 
become important for the TES calculation. The arrangement of the bulkheads forms 
several corner reflectors, which in turn increase the TES over a wide angular range. 

 
Fig. 6: The fictive submarine “BeTSSi” used for exemplary TES calculations. 

 
Fig. 7 shows a contour plot of BeTSSi’s mono-static TES with respect to frequency and 

aspect angle. Several sharp peaks of high TES are present over the whole frequency range: 
the bow peak (at 0° aspect angle) and the beam peaks (at 90° and 270° aspect angle). 
Above 5 kHz, there arises another peak at ~100° and ~260° aspect angle. The 180° peak is 
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due to the bulkheads in the sail and the vertical end of the casing. Due to the vertical sail 
casing, peaks at 100° and 260° aspect angle arise. Besides these distinct peaks, an area of 
intermediate levels can be found between ±135° aspect angles. Here, multiple reflections 
between the along ships’ and athwart ships’ bulkheads are responsible for the relatively 
high TES levels found within this range. 

 

Fig. 7: Target echo strength of the fictive submarine model BeTSSi. 

 
 
These high TES levels develop only if the correct treatment of corner reflectors is 

implemented within the calculation method, whereas traditionally the TES is calculated 
assuming a fully reflecting outer submarine hull (rigid hull).  

Fig. 8 emphasizes the large difference between these calculations. In addition, a 
calculation without correct corner reflections is included for comparison. All three 
calculations can reproduce the beam aspect peak at 90° and the increased TES values 
between roughly 80° and 110°. The calculation without the correct corner reflections also 
is capable to reproduce the bow and stern peaks at 0° and 180°, however it underestimates 
the TES at the intermediate aspect angles (20° – 60° and 110° – 150°) by up to 15 dB. The 
rigid hull calculation underestimates the bow and stern peaks by 50 dB and 27 dB 
respectively and in addition the intermediate aspect angles by 20 dB to 30 dB.  
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Fig. 8: Different TES calculations for a 10 kHz sonar frequency. 

6. MATERIALS FOR TES REDUCTION 

Hydro-acoustic materials can be used as coating materials to reduce the TES of a 
submarine. Most self-evident is to cover the outer hull with an echo reduction material. 
However echo reduction materials for low sonar frequencies are thick, bulky and often 
heavy. TES reduction can also be obtained with transmission loss (TL) materials. In case 
there is an object with high TES behind a semi-transparent surface with low TES, then 
coating the semi-transparent surface with a TL material lead to shadow/shield the object 
with the high TES [2]. 

The TL material is extremely thin and at the same time suitable for very low sonar 
frequencies. It achieves 10 dB transmission loss up to 150 m diving depth, while the 
thickness is less than 15 mm. The nearly neutral buoyancy for seawater may allow an 
implementation on existing submarines. 

The echo reduction (ER) material can be used on large surfaces with high reflectivity. 
This is in general at the pressure hull, which is not semi-transparent but fully reflecting 
and also at the sail (if its sides have nearly vertical orientation). The already reached 
laboratory performance of an ER material is 10 dB reflection loss working at pressures 
found between 150 m and 500 m diving depth. This ER material also has nearly neutral 
buoyancy for seawater but has a thickness of 200 mm. 

7. COATING CONCEPT FOR TES REDUCTION 

The main influence on the TES spatial distribution is from the shape of the reflecting 
object.  A flat plate, if large compared to the acoustic wavelength, will reflect the sound in 
a narrow beam whereas a sphere will distribute the reflected sound over a wider angular 
range [1]. This matter of fact can be used, together with the hydro-acoustic materials, to 
develop a coating concept for TES reduction for the model submarine BeTSSi. 

As a starting point for the TES reduction, we assume an active sonar source with a 
transmitting frequency of 1 kHz and 3 kHz. The TES of the uncoated submarine is shown 
again, but now only for 1 kHz and 3 kHz, as the blue curve in Fig. 9. The overall TES 
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value is somewhere between 10 dB and 25 dB with the already mentioned peaks. The bow 
casing is curved and has, compared to the bulkheads, a smaller TES level. Therefore the 
first coating step is to apply the TL material onto the bow casing. The TES-calculation 
predicts a reduction of the bow peak of more than 10 dB, as shown in Fig. 9 (red curve). 
The beam aspect peak may be reduced by applying the ER material (with an assumed 
reflection loss of 10 dB) to the pressure hull and the sail. In the case of the BeTSSi model, 
the 90°/270° peaks could be reduced by 8 dB. In addition, the submarine stern was also 
coated with the TL material which reduced the peak at 180° by more than 15 dB. The 
overall TES value could also be reduced slightly at 1 kHz and significantly at 3 kHz.  

8. STEALTH-SHAPE CONCEPT FOR TES REDUCTION 

As already proposed in 1978 [5], the TES can be reduced even further, if the outer 
shape is modified according to the rules known from the radar cross section reductions [6]. 
Such a shape needs an opaque surface to work as intended. Therefore, a TL material 
would need to be applied nearly over the entire outer hull. The TES calculations with these 
types of shapes show very promising results. One such result is shown in Fig. 9 in 
comparison to the uncoated and coated BeTSSi model results. The beam aspect peak could 
be reduced by 12 dB to 25 dB at 1 kHz and 3 kHz; the bow and stern peaks could be 
reduced by 15 dB and 25 dB respectively. Notable, beside the few sharp TES peaks, the 
stealth-shape concept is able to reduce the TES over the whole horizontal plane. This 
property is not observed with this intensity for the coating concept and will be even more 
impressive for the muti-static scenario.  

 

 

Fig. 9: Monostatic TES of a stealth-shape submarine (green) compared to the coated (red) 
and uncoated (blue) model BeTSSi. Left: 1 kHz, right: 3 kHz. 

9. COMPARISON OF THE MULTISTATIC TES 

New multistatic active sonar techniques were developed which dramatically increased 
the acoustic detection ranges of the nowadays submarines. Due to the reflecting nature of 
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the stealth-shape concept, it is often believed that this concept would not perform in a 
multistatic sonar scenario, as has been sometimes observed with stealth-shaped airplanes. 
However, the stealth-shape concept proposed by thyssenkrupp Marine Systems reflects the 
acoustic energy into the vertical sector such that sound propagation over long horizontal 
distances is no longer possible. 

Fig. 10 compares the multistatic target echo strength for the three submarines: the 
stealth-shaped submarine and the coated and uncoated BeTSSi submarine. The azimuthal 
receiver aspect angle relative to the submarine is plotted on the x-axis and the transmitter 
aspect angle on the y-axis. The TES levels for all receiver/transmitter aspect angle 
combinations are color-coded. The upper panel shows the TES levels for a sonar 
frequency of 1 kHz and the lower panel for 3 kHz. On the left side, the TES levels of the 
original BeTTSi submarine and on the right side the TES levels of the stealth-shaped 
submarine are displayed. In the center the TES levels of the coated BeTSSi submarine are 
shown. 

 

Fig. 10: The multistatic target echo strength with respect to the transmitter and receiver 
aspect angle for the three submarines: uncoated BeTSSi, coated BeTTSi and the stealth- 

shaped submarine. 

10. SUMMARY 
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The degree of reflection of acoustic signals is denoted as the “target echo strength” 
(TES). Concerning the “visibility” of submarines, this backscatter phenomenon is of the 
utmost importance. A correct prediction of the TES is fundamental for an efficient TES 
reduction concept. With hydro-acoustic materials, which are applied as a cover over the 
outer hull of the submarine, two TES reduction concepts were presented. The first concept 
is a classical coating concept, where different surfaces are covered with absorptive and 
reflective material without changing the outer shape of the submarine. The second concept 
uses only a thin reflective material, but strongly changes the outer shape in accordance 
with the known stealth technique for reducing the radar cross section.     

 
Both concepts - the coating and the shaping concept - reduce significantly some very 

distinct monostatic TES peaks. However switching from the monostatic to the multistatic 
case, the ability to reduce the overall TES levels, for any combination of 
transmitter/receiver positions, is only observed from the submarine form-shaping concept. 
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Abstract: Chip-scale atomic clocks (CSACs) have emerged as an enabling technology for 
high-precision and high-accuracy timekeeping and synchronization in autonomous 
equipment, with reasonable power consumption. In this paper, we present an experiment 
which demonstrates the feasibility of coherent co-processing of data from independent 
non-wired underwater sensors. 
 
Two CSAC-equipped acoustic recording units were deployed 1 m apart on the sea floor. 
The small distance between the units is not realistic in the sense of CSAC applications, but 
results in the time delay between signals received on the units being small, hence 
challenging the time synchronization. The units were battery-powered with no cables 
between, and part of the experiment was repeated two days after the deployment. A boat 
circled the sensor units, and analysis of the recorded sensor data shows that coherent co-
processing between the two units is working well, with no observable deterioration during 
the experiment period. 

Keywords: Chip-scale atomic clock, acoustic sensors, coherent processing 
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1. INTRODUCTION 

Phase-coherent combination of data from multiple hydrophones augments detection 
and localization capability through techniques such as beamforming, correlation 
processing, time delay of arrival, or matched field processing. Phase-coherent combination 
has traditionally been possible only within hydrophone arrays where the hydrophones are 
wired to a common unit, as clocks used to sample the hydrophones have not been accurate 
enough to retain coherence in the sampling instants between independent non-wired units. 

This situation has changed in the recent years, with the advent of chip-scale atomic 
clocks (CSACs) [1]. CSACs have a relatively low power consumption which allows their 
utilization in battery-powered underwater equipment, and a stated accuracy on the order of 
0.05 ppb (510-11) that should be good enough for coherent processing. 

In this paper, we present experimental results that confirm that utilizing underwater 
acoustic sensors equipped with CSACs indeed result in data which can be coherently 
combined between independent non-wired units. 

Coherent processing between non-wired units gives new possibilities. For example, 
cross-correlation and time-difference of arrival can be performed with long base-lines 
which brings several benefits; Fischell et al [2] has tested the use of CSACs for bistatic 
sonar processing on autonomous underwater vehicles, and Tollefsen and Dosso [3] has 
investigated the potential benefits to matched-field processing when phase-coherently 
combining data from disparate sensors. We do not in this paper investigate the related 
question of how to achieve these benefits when considering limited available 
communication rate between sensors, but note that CSACs can also be used to improve 
time synchronization in communication protocols. 

2. EXPERIMENTAL SETUP 

2.1. Equipment 

For the experiment, we used two battery-powered acoustic recording units each 
equipped with a CSAC for accurate sampling, and with a GPS unit to provide the CSACs 
with an exact common time reference before going into the water. The software utilized to 
initialize the CSACs from the GPS units is described in [4], and also incorporates a real 
time clock implementation with accurate time stamping capability. 

Each recording unit was equipped with multiple hydrophones, but in this paper we only 
consider the data recorded by one hydrophone channel on each of the units. Acoustic data 
was collected with a sampling rate of 32 kHz. 

The acoustic signal source was the engine and propeller of a work boat, see Figure 1, 
providing a broadband signature. 
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Figure 1: The work boat used as acoustic source for the experiment 

2.2. Experiment geometry 

The two recording units were lowered onto the sea floor, with about 1 m distance 
between the units. Due to the height of the recording units, the hydrophones were about 1 
m above the sea floor. The water depth was about 20 m. 

The small distance between the units is not realistic for applications such as those 
discussed in [2],[3], but results in the time delay between signals received on the units 
being small, hence challenging the time synchronization. 

The work boat circumnavigated the acoustic recording units at a distance varying 
between 100 and 600 m. Sea state was low, and noise was of no significance during the 
experiment period, but there was bottom topography that could lead to multipath arrivals 
from azimuth angles different from the target. 

The equipment was left in the water for the next two days, when the experiment was 
repeated without any reconfiguration or reinitialization of the equipment. 

 

3. RESULTS 

To confirm that data from the two sensor units can be combined coherently, we 
computed their correlation and searched for the correlation peak. The time difference 

t corresponding to the correlation peak is, for a given sensor geometry, only a function 
of bearing  to the source according to 

)cos(  
c
dt  (1)

where d is the distance between the two hydrophones, c is the sound speed, and  is the 
orientation of the baseline between the hydrophones relative to North. 

The correlation was computed directly on the input signals without any filtering, hence 
utilizing frequencies up to the Nyquist limit of 16 kHz. 
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3.1. First day 

We used the data from the first day to estimate the sensor geometry to be defined by  
= 18.9 and d = 0.917 m (using the measured sound speed c = 1483 m/s). 

The resulting time difference and bearing (including left-right ambiguity) is shown in 
Figure 2, along with GPS-based ground truth. We see good agreement between bearing 
estimated from acoustic data and GPS position throughout the entire run, indicating that 
the independent recorders stayed synchronized during this time period. 

 

Figure 2: Results from first day. Left: Boat track (blue) relative to sensor position 
(magenta, in the origin). Right: Time difference t  and corresponding bearing, estimated 

from acoustic data (blue) and according to GPS recorder on board boat (red). 
  

3.2. Second and third day 

After the first experiment day the sensors were left untouched on the sea floor, and the 
experiment was repeated on the two next days by again having the boat circumnavigating 
the sensors.  

We reuse the values of d and   estimated from the first experiment day (see above), 
and do not add any time offsets between the two units. The results are shown in Figure 3, 
which on this scale (fractions of a ms) do not indicate any deterioration in time 
synchronization compared to the first day, and coherent processing between the two 
sensors still performs equally well. The outliers that can be seen are due to multipath 
propagation as mentioned in Sec. 2.2, and not a symptom of erroneous time 
synchronization.  
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Figure 3: Results from second (top) and third (bottom) experiment day. See caption of 
Figure 2 for further explanation. 

4. CONCLUSIONS 

We have presented an experiment which demonstrates that it is now possible to 
coherently combine data from independent battery-powered non-wired acoustic sensors.  
This capability can pave the way for new ways to utilize combinations of multiple acoustic 
sensors. 

We saw no deterioration in sampling coherence over the 48 hours the sensors were 
deployed, and expect coherent sampling to be maintained for a longer time: If the clock 
accuracy is 0.05 ppb and the acoustic sampling rate is 32 kHz, we will stay synchronized 
to within a sample for a week. The amount of time offset between units that can be 
tolerated will depend on the application, but for reference we note that in the experimental 
setup of this paper a time offset of one sample would lead to a bearing offset of 3 at 
broadside. Recall that this experiment was designed to be tough on synchronization 
requirements, while longer and more realistic baselines would lead to smaller sensitivity to 
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residual time offsets. Also, the inaccuracy is mostly manifested as linear drift (see Sec. 5.6 
in [4]) that can be relatively easily compensated for. 
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Abstract: This work details the combination of inertial positioning sensors, accurate timing
& clock synchronization, vehicle models, position estimation algorithms, and acoustic com-
munication for the purposes of aiding navigation. The overall theme is the novel use of the
aforementioned systems to create a coordinated network of accurately navigated autonomous
maritime vehicles (AMVs), where maritime can stand for either surface (ASV) or underwater
(AUV), that can be used for bottom survey and surveillance applications. This network can
cooperate with another group of coordinated AUVs in order to maximize vehicle coverage rate
while reducing total search time.

Keywords: cooperative AUV sensor networks, chip scale atomic clocks (CSACs), acoustic
modems, unscented Kalman filter.

1. INTRODUCTION

Recent technological advancements are making coopera-
tive AUV sensor networks able to perform efficient ocean
sampling with high navigation accuracy. Some of these
enabling technologies include low size, weight, power and
cost (SWaP-C) components like chip scale atomic clocks
(CSACs), Micro-Electro-Mechanical Systems (MEMS) In-
ertial Measurement Units (IMU), 3D printing for low cost
manufacturing, low power, high performance single-board
computers for navigation and sensor fusion algorithms. In
particular, with CSACs, multiple vehicles can have syn-
chronized clocks allowing for navigation based on range-
only one-way messaging. Furthermore, navigation algo-
rithms beyond the Extended Kalman Filter can be run
efficiently on board for improved position estimation.

AUVs have routinely been used for both commercial and
military ocean exploration missions. In particular, there is
an interest in long duration, low-cost, rapidly-deployable,
environmentally friendly autonomous systems to detect,
track and identify objects of interest. Multi-robot coordi-
nation and cooperation has the potential to significantly
improve ocean exploration missions. For multiple AUV
operations, coordination refers to AUVs keeping their for-
mation and cooperation refers to association of multiple
groups of AUVs to achieve specified mission objectives.
Precise navigation of a fleet of low cost AUVs is a key
requirement.

The methods presented in this paper use advances in
CSACs for synchronizing AUV timing and propose one-
way acoustic messaging for AUV position aiding. For

long duration missions where even the drift of CSACs
is significant or when AUVs lack CSACs, alternative
forms of clock synchronization based on, for example,
ambient field detection could be used. Traditional LBL
(long baseline), USBL (ultra-short baseline), and more
recently single underwater transponder positioning (UTP)
acoustic positioning navigation systems require at least
two if not three acoustic messages to be exchanged. The
difference among the methods is that the two-way (or
three-way) approaches do not scale as well as compared
to one-way method.

Each AUV is assumed to be equipped with a MEMS IMU
and navigation software. This software will include the
vehicle model that utilizes IMU data for velocity updates
as well as using acoustic messages to update position.
The goal is to utilize only low-power, low-cost, and small-
size sensors together with innovative software solutions to
replace power hungry, higher cost, larger size, active tra-
ditional AUV navigation sensors. Next generation AUVs
equipped with these components can then work together
with larger more advanced AUVs, ASVs, or manned sur-
face and subsurface vessels equipped with much higher
grade navigation sensors. It is this cooperation that will al-
low for fast coverage rates and reduced time in spatial and
temporal ocean sampling and explorations. In addition,
recent advances with multi-AUV navigation techniques
seem promising, these methods are discussed herein.

Since onboard sensors accumulate navigation drift with
time, state of the art AUVs, such as Hydroid’s REMUS
100 or 600 Grund and Ball (2013) or Bluefin’s 9, 12, or
21 Panish and Taylor (2011), require either periodically
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surfacing for a GPS fix (wasting useful mission time) or
a deployment of navigational (LBL or UTP) transponders
(requires operator’s involvement) for precise navigation.
When an ASV is used in conjunction with AUVs the
requirement for AUV surfacing or deployment of the
transpnders can be eliminated. In Grund and Ball (2013)
an ASV is used as a Mobile Communications Gateway for
AUV Telemetry - mission monitoring. In Miskovic et al.
(2011) and Djapic et al. (2013) an ASV and an AUV with
more advanced navigation suite, respectively, are used for
AUV navigation aiding - thus an ASV can be the source
of LBL, USBL or UTP measurements. An ASV can also
be useful when the data that AUV is collecting is desired
in close to real time and the control of geometry of sender
(AUV) and receiver (ASV) by positioning ASV to “track
and trail” the AUV can enable the usage of a higher data
link. One ASV can aid the position of multiple AUVs
when their clocks are synchronized and one-way-travel-
time range only navigation aiding is utilized.

LBL, USBL, and UTP approaches use a ping-response
protocol resulting in asynchronous measurements that
depend on the state of the vehicle at two time instants.
Such aiding measurements that depend on the state at
multiple time instants do not fit the model format of the
standard extended Kalman filter (EKF) framework and
methods presented in Miller et al. (2010) and a near-
real-time (NRT) Bayesian smoothing framework Chen
et al. (2016) are desired. The unscented Kalman filter
(UKF) Julier and Uhlmann (1997) and Allotta et al.
(2016) also offers an improved solution to state estimation
for nonlinear dynamics and measurements as well as when
the delay is present as is the case of LBL, USBL or UTP.
Employing the UKF in Section 5.1 we show the utility of
performing a stationary transponder survey (determining
its location) using ASV and range-only measurements to
aid the navigation using the movement of the surface
platform and ranging to the moving AUV.

1.1 Statement of contributions

Employing the UKF in Section 5.1 we show the utility of
performing a stationary transponder survey (determining
its location) using ASV and range-only measurements to
aid the navigation using the movement of the surface
platform and ranging to the moving AUV.

2. PRELIMINARIES

This section contains a dynamical model for both AUVs
and ASVs as well as a brief exposition of the equations for
a UKF.

2.1 AMV dynamics

Define a fixed inertia coordinate frame (I-frame) and also
define a body frame (B-frame) for each vehicle. For vehicle
j its position ηj = [xj , yj , zj ]> is described relative to the
fixed inertia frame and its orientation can be defined by a
unit quaternion Qj = [q0j , q

>
1j ]>. The linear and angular

velocity of the vehicle are denoted by vj and ωj . The
kinematics of vehicle j is

η̇j =R(Qj)vj (1)

Q̇j =
1
2

[
−q>1j

q0jI3 + S(q1j)

]
ωj (2)

where S is the skew-symmetric matrix such that S(u)v =
u× v where × denotes the vector cross product, and

R(Qj) = I3 + 2S(q1j)2 − 2q0jS(q1j).
The dynamics of the vehicle can be written as

Mj ν̇j + Cj(νj)νj +Dj(νj)νj +Gj(Qj) = Bjτj (3)

where νj = [v>j , ω
>
j ]>, Mj = M>j > 0 is a positive definite

inertia matrix (which includes the added inertia), Cj(νj) =
−Cj(νj)> is a skew-symmetrical matrix containing the
Coriolis and centripetal term, Dj(νj) > 0 is a positive
definite damping matrix containing drag and lift terms
(and possibly skin friction and viscous damping), Gj(Qj)
denotes the gravitational and buoyant forces, Bj is the
input matrix, and τj is the external input.

Equations (1)-(3) are a general model of an aerial vehicle,
surface vehicle , or an underwater vehicle. For each type
of vehicles, (1)-(3) have a special form.

• AUV: For j ∈ Va, a simplified model of the vehicle is

η̇j =R(Qj)vj

mj v̇j =mjgR
>(Qj)z −mjR

>(Qj)S(q1j)R(Qj)vj −
1
lj
S(z)τ2j − zτ1j

Q̇j =
1
2

[
−q>1j

q0jI3 + S(q1j)

]
ωj

Jjω̇j =−S(ωj)Jjωj + τ2j

where Jj is the constant body-referenced inertia ten-
sor, τ2j is the control torque input, τ1j is the vehicle
thrust, z = [0, 0, 1]>, mj is the vehicle mass, l is the
torque lever arm, and g is the gravitational accelera-
tion.

• ASV: For j ∈ Vs, we assume it moves in the horizon
plane and its roll (φj) and pitch (θj) are zero. If we
let (zj , φj , θj) = (0, 0, 0) and ignore the corresponding
equations, the kinematics and dynamics are as follows

ẋj = uj cosψj − vj sinψj

ẏj = uj sinψj + vj cosψJ

ψ̇j = rj

m1j u̇j =m2jvjrj − d1juj + FLj + FRj

m2j v̇j =−m1jujrj − d2jvj

m3j ṙj = (m1j −m2j)ujvj − d3jrj + Lj(FRj − FLj)

where (xj , yj , 0) denotes the coordinates of the center
of the vehicle in the fixed inertia frame, ψj is the
orientation of vehicle relative to the fixed inertia
frame, (uj , vj , rj) is the velocity vector in the body
fixed frame, mij(> 0) and dij(> 0) for i = 1, 2, 3
are (effective) inertia and hydrodynamic damping of
the vehicle, respectively, Lj is the moment arm of the
forces with respect to the center of geometry and mass
of the vehicle, and (FLj , FRj) are the force generated
by the propellers.
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2.2 Unscented Kalman filter

To perform the simulations as described in Section 5.1
both ASV and AUV are represented by a nonlinear system
of the form:

xk+1 = F (xk, uk, vk),

yk+1 = H(xk, nk).
(4)

where xk ∈ Rn is the state at time k, uk is the control,
yk ∈ Rm is the measurement, and vk, nk are additive zero-
mean noise terms on the dynamics and the measurement,
respectively. The extended Kalman filter applies the well-
known Kalman filter to a nonlinear system by linearizing
the dynamics and meaurement about the estimate of the
current state.

The unscented Kalman filter (UKF) also offers a solution
to state estimation given a dynamical model of a sys-
tem and noisy measurements. Instead of linearizing the
dynamics and measurement equation and obtaining a 1st
order approximation like in the EKF, the UKF calculates
a carefully chosen set of sample points to represent the
state distribution. These points are propogated through
the nonlinear system, resulting in a posterior mean and
covariance accurate to the 3rd order for any nonlinear-
ity Wan and Merwe (2000).

Let x be a random variable with mean x and covariance
Pxx. Define X as a matrix of 2L + 1 sigma vectors Xi

with corresponding weights Wi and κ ∈ R is a scaling
factor. The sample points are chosen using an unscented
transformation, given by

X0 = x,

Xi = x+
(√

(L+ λ)Pxx

)
i
, i ∈ {1, . . . , L},

Xi = x+
(√

(L+ λ)Pxx

)
i−L

, i ∈ {L+ 1, . . . , 2L},

W0 = κ/(n− κ),
Wi = 1/(2n+ 2κ), i ∈ {1, . . . , 2L}.

These points are used in the unscented Kalman filter is
the following way. Define Rv as the covariance of dynamic
noise and Rn as the covariance of measurement noise.

Prediction:

Xk|k−1 =
[
x̂k−1, xk−1 +

√
(L+ λ)P−xk−1xk−1 ,

xk−1 −
√

(L+ λ)P−xk−1xk−1

]
,

X ∗k|k−1 = F (Xk−1, uk−1,0),

x̂−k =
2L∑
i=0

WiX ∗i,k|k−1,

P−xkxk
=

2L∑
i=0

Wi(X ∗i,k|k−1 − x̂
−
k )(X ∗i,k|k−1 − x̂

−
k )T + Rv,

Xk|k−1 =
[
x̂−k , x

−
k +

√
(L+ λ)P−xkxk , x

−
k

√
(L+ λ)P−xkxk

]
,

Yk|k−1 = H(Xk|k−1,0),

ŷ−k =
2L∑
i=0

WiYi,k|k−1.

Update:

Pykyk
=

2L∑
i=0

Wi(Yi,k|k−1 − ŷ−k )(Yi,k|k−1 − ŷ−k )T + Rn,

Pxkyk
=

2L∑
i=0

Wi(Xi,k|k−1 − x̂−k )(Yi,k|k−1 − ŷ−k )T ,

Kk = Pxkyk
P−1

ykyk
,

x̂k = x̂−k +Kk(yk − ŷ−k ),
Pk = P−k −KkPykyk

KT .

3. AUV TECHNOLOGY

This section contains an overview of the state-of-the-art
technology for underwater navigation of AUVs as well
as a description of the experimental testbed at SPAWAR
Systems Center Pacific.

3.1 Underwater navigation of Single and Multiple AUVs

Doppler velocity log (DVL) measures speed over ground
and is often considered as a crucial sensor for accurate
(error is 0.1% of distance traveled) underwater navigation
of robots Panish and Taylor (2011). Other low-rate (0.5
Hz) aiding sensors besides DVL include external acoustic
positioning systems (LBL or USBL) that are linked with
GPS, pressure sensors, and magnetic compasses. Integra-
tion of the vehicle’s high-rate accelerometers and gyros in
the IMU with these low-rate sensors is done with a Kalman
filter (KF) and facilitates measurement correction.

The Kongsberg Maritime AUV family (HUGIN, REMUS,
and recently MUNIN) represents, argurably, the most
mature AUVs in the world. A relatively new concept
for positional aiding that allows for improved range is
UTP (UTP transponder can have a battery capacity of
five years). Due to the tight coupling with the INS,
UTP has accuracy compared to LBL systems and with
post-processing similar to the advanced HiPAP USBL
system Hegrenaes et al. (2009). The authors in that work
show the data that confirms DVL-INS drift which is
unavoidable (slow-drift but KF uncertainties growing with
time). The UTP method also improves logistics compared
to LBL (requires two or more transponders in relatively
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small geographic area to be placed precisely) and USBL
(requires a ship or USV to trail the AUV). It still requires
that one or more UTPs are deployed and then surveyed by
the ship using the HiPAP USBL system. The UTP system
also benefits from the good position estimate of the DVL-
INS (slow drift) and the geometry conditions of when the
AUV is approaches the UTP transponder. This leads to
around 5 m of navigation error when the UTPs are about
6 km apart Hegrenaes et al. (2009).

When DVL is not used, utilizing the IMU and the vehicle
model at the same time improves the AUV navigation
significantly compared to just using the IMU. When oper-
ating for 1 h without position aiding, the maximum error
of the USBL-INS was in the order of 2200 m. For the
same mission profile the real-time USBL-Model Aided-
INS horizontal position error was within 22 m. The max-
imum error was further reduced to less than 10 m via
post-processing Hegrenaes and Hallingstad (2011). Thus,
satisfactory precision can be achieved without costly and
power-hungry DVL sensors if the MEMS IMU, navigation
updates, vehicle model, and KF are properly integrated.
In addition, to our knowledge, all DVL-aided applications
utilize an instrument frame or another derived coordinate
frame to correct the navigation filter. As in Miller et al.
(2010) we propose a tightly coupled aiding algorithm for
the DVL measurement correction that does not require
bottom lock (the condition when at least 3 out of 4 beam
measurements are available) to relate the measured beam
velocities and allows individual validation and characteri-
zation of the DVL beam measurements. Error-state navi-
gation filter methodology allows for measurements (DVL,
LBL, USBL, or UTP) to correct the filter independently
as they arrive, and as such, the filter is not dependent on
the arrival of any particular measurement.

IMU technology has benefited from economies of scale as
advances of MEMS IMUs are needed in many industries.
The IMU units are compared based on angle random walk
(ARW) and power consumption. This is because gyro bias
can be compensated by software, but ARW and long term
bias instability cannot. Also, as long endurance AUVs
are desired, power consumption is a crucial parameter.
We recently acquired STIM300 unit (1.5 W) which is a
small, tactical grade, low weight, high performance MEMS
IMU. Its ARW characteristics are comparable to the most
sophisticated ring laser gyro (RLG) and fiber optic gyro
(FOG) IMUs integrated onto the most mature commercial
off-the-shelf (COTS) AUV platforms (KI-4902S and HG
9900 units).

As shown in Hegrenaes and Hallingstad (2011), aiding INS
with a vehicle model for velocity filter updates can poten-
tially be used to keep satisfactory navigation performance
in situations that DVL bottom lock is not possible or
reliable (high depth or uneven bottom AUV applications).
Miskovic et al. (2011) demonstrated that 25 cm position
tracking can be accomplished with positioning updates
coming from another moving autonomous robot similar to
USBL-Model Aided-INS Hegrenaes and Hallingstad (2011)
navigation. The results of model-aided INS are encourag-
ing for building small, low-cost AUVs without the need of
a power hungry and costly DVL.

Cooperation of multiple vehicles has received more atten-
tion in recent years as group performances can possibly
lead to higher efficiency, robustness, and greater aperture.
Distributed localization utilizes information of vehicle’s
own states and that from its neighbors. We consider de-
layed communication for the proposed distributed con-
trollers, estimate parameter uncertainties by adaptive con-
trol methods, and design a dynamics-based controller with
the aid of kinematic-based controller and backstepping
methods Djapic et al. (2016).

3.2 SSC Pacific AUV assets

SPAWAR Systems Center Pacific (SSC PAC) has two
Bluefin 9 AUVs. The standard off-the-shelf model is a
2-man-portable vehicle weighing about 60 kg. However,
the one shown in Fig. 1 has an additional payload nose
section for added sensors and a software interface that
allows for testing of external distributed localization and
control algorithms Djapic et al. (2016). SSC PAC also has
three Riptide Autonomous Solutions Micro AUVs, shown
in Fig. 1 with Bluefin 9 “mother” AUV. The micro-UUV
features open hardware and software interfaces to provide
users a reliable and robust platform to advance technology
development. A SeaModem with CSAC Cario et al. (2015)
and a MEMS IMU will be added to the Micro AUVs for
the development of Distributed Localization and Cooper-
ative Control and underwater networking algorithms. En-
durance of these compact (4.875 inches Diameter) AUVs is
projected to be: 30 hours with alkaline, 2 days with lithium
ion (Rechargeable), 6 days with lithium primary, and over
two-weeks with aluminum seawater battery (available in
2016) batteries. Thus, at 3 knots speed they can travel:
90, 144, 432, 1200 nautical miles respectively.

Fig. 1. Bluefin 9 and Riptide Micro AUVs.

4. CLOCK SYNCHRONIZATION

One-way communication for updating position using time-
of-flight requires synchronized clocks. Synchronization re-
quirements are dictated by position accuracy needs and
the speed of sound in water: assuming that the speed of
sound in water is approximately 1500 m/s, synchronizing
to within 1 ms corresponds a position estimate accurate
to 1.5 m. For short duration missions, a lack of synchro-
nization may not be an issue. However, for long duration
missions it can be an issue as even a CSAC can drift up
to 350 µs in one month of operation.

A potential means to synchronize clocks could be based
on the detection of ambient fields. In close proximity to
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60 Hz power lines, one could sense the emitted magnetic
field Rowe et al. (2009). For subsurface environments, low
frequency signals could be used. With sensitive magne-
tometers, one could exploit the diurnal variations of the
Earth’s magnetic field Tomic and Hughes (2015). Besides
requiring a total field measurement, a noted limitation of
this method is the need for sensors with sufficiently large
sampling rates: a magnetometer with a sampling frequency
of 1 KHz can at best provide synchronization to 1 ms.

Crowell has several patents that are related to underwater
navigation, the latest being of particular interest to multi
AUV coordinated operations Crowell (2015) - a method
for periodically synchronizing clocks to an accurate master
clock to remove long term drift. A master clock device has
a light and sound source (can be transmitted at the same
time) and slaves have receivers. A time offset of a slave
clock device to a clock on the master clock device can
be determined based upon a difference between the time
that the light pulse was transmitted according to a clock
on the master clock device and the calculated light pulse
transmission time calculated at the slave clock device.

When the master robot is on the surface its CSAC time can
be synchronized to the GPS atomic time Thorod (2015).
The GPS PPS signal is accurate to a few nanoseconds.
The robot could return the surface as required to re-
synchronize/train its atomic clock to reduce the errors
with the GPS UTC atomic time. While underwater, other
AUVs can come closer to the master AUV to perform their
clock synchronization.

4.1 Acoustic synchronization and ranging estimation

Clock synchronization can also be performed acoustically
to avoid requiring the underwater vehicles to surface for a
GPS clock syncronization. In particular, a reference node,
such as an ASV, with stable GPS clock can serve as a mov-
ing beacon that broadcasts one-way messages to acousti-
cally synchronize the clocks of the underwater platforms.
At the same time, the underwater nodes can estimate their
distances to the reference node measuring the one-way
travel time with a very high accuracy. In order to perform
acoustic synchronization and one-way ranging estimation,
Cario et al. (2015) integrated a CSAC with a SeaModem
acoustic modem. The modem firmware has been improved
to provide transmission scheduling and transmission and
reception timing information to the upper layers of the
protocol stack. The SUNSET framework in Petrioli et al.
(2015) is used for networking. In particular, new protocols
have been developed to acoustically synchronize the clocks
of multiple nodes to that of a reference node while esti-
mating their distance through one-way messages. These
new solutions can be used with all acoustic modems with
the firmware features above. In Cario et al. (2016), the
authors performed at-sea trials to demonstrate that acous-
tic synchronization and one-way ranging estimation are
highly accurate, low overhead, low energy, fast and scalable
making it suitable for the cooperation and coordination of
multiple AUVs.

5. SIMULATION

This section contains simulation results for localization
using a UKF. Range and bearing measurement can be in-

Fig. 2. For the transponder localization, the initial guess of
the transponder position is off by approximately 15 m.
(a) depicts the evolution of the transponder estimate
for the two filters. (b) shows the filter error over
time. Note that the UKF significantly outperforms
the EKF.

corporated into localization to achieve reliable estimation
performance.

5.1 Simulation of localization with EKF and UKF

Here we describe two sets of experiments highlighting
the performance difference between an Extended Kalman
Filter and Unscented Kalman Filter used to localize un-
derwater objects using ranging measurements as the model
defined by Eqns. 4. In the first case, an ASV localized
a transponder and in the second it localized an AUV
performing a lawnmower pattern. In both simulations,
calculations were done and measurements received every 5
seconds for a total of 240 seconds, the range measurement
noise std. dev. is 0.02 m, and the ASV providing range
measurement does 2 full circles of radius 10 m around the
estimated transponder position in that time period.

For the transponder localization, the initial guess of the
transponder position is off by approximately 15 m. Fig-
ure 2 highlights the results. Figure 2(a) depicts the two
estimates over time, given that the transponder is located
at the origin. The UKF is able to converge faster and more
reliably than the EKF, due to the advantage in the way
it handles the nonlinear measurement model. Figure 2(b)
depicts the squared error over time of the two filters. Note
that the EKF performs significantly worse.

For the lawnmower pattern, the initial estimate of the
AUV position is correct, the standard deviation of
the state dynamics noise (x, y, theta, v, omega) was
(0.1, 0.1, 0.0001, 0.0001, 0.0001) units per second. The last
3 deviations are small in order to achieve a pattern resem-
bling a lawnmower without the AUV having a closed loop
controller. Figure 3 highlights one evolution for this sys-
tem. Figure 3(a) shows the true trajectory, EKF estimate,
and UKF estimate. Figure 3(b) compares the state error
between the two filters, again highlighting the performance
gained from using the UKF.

6. CONCLUSION AND FUTURE WORK

This paper describes several key technologies which, when
combined, can provide novel and unique way to accurately
spatially and temporally sample the ocean. Methods pre-
sented can be used to create networks of marine robots
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Fig. 3. For the lawnmower pattern, the initial estimate of
the AUV position is correct, however, there are errors
in the dynamics and measurements. (a) depicts the
evolution of the true trajectory, and the estimates
for the two filters. (b) shows the filter error over
time. Note that the UKF significantly outperforms
the EKF.

where a surface robot can aid the navigation of a group
of underwater robots. Utilizing GPS, ocean surface robots
can be constructed inexpensively and still maintain high
navigation accuracy; however, the same does not apply for
underwater robots due to the lack of absolute positioning
system. UKF and more advanced navigation algorithms
such as a near-real-time (NRT) Bayesian smoothing, to-
gether with the above mentioned hardware innovations
applied in underwater robotics, can improve AUV navi-
gation. Traditional approaches for AUV navigation such
as LBL, USBL, and UTP resulting in asynchronous mea-
surements can be employed when a small group of AUVs is
considered. One-way ranging using stable clocks has to be
done when large AUV groups require precise navigation
because two-way ranging is not scalable. Future work
includes testing with advanced navigation algorithms and
comparison of two-way vs. one-way ranging for multiple
AUVs.
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Autonomous Trajectory Design System for Mapping of Unknown
Sea-floors using a team of AUVs

Georgios Salavasidis, Athanasios Ch. Kapoutsis and Elias B. Kosmatopoulos

Abstract— This research aims to develop new on-line tra-
jectory planning algorithms for a team of Autonomous Un-
derwater Vehicles (AUVs). The mission goal is exploration
and mapping of ocean sea-floors, where the AUVs have to
cooperatively acquire environmental information in order to
construct the terrain morphology. As the morphology of the
seabed is unknown and complex, standard non- convex algo-
rithms are not sufficient. To tackle this, a new simulation-
based approach adapting the Parametrized Cognitive-based
Adaptive Optimization (PCAO) algorithm is proposed and
evaluated. This approach transforms the exploration problem
to a parametrized decision-making mechanism whose real-time
implementation is practically feasible. Upon that transforma-
tion, this scheme calculates off-line a set of decision making
mechanism’s parameters that approximate the - non-practically
feasible - optimal solution. The advantages of the algorithm
are significant computational simplicity, scalability, and the
fact that it can straightforwardly embed any type of physical
constraints and system limitations (e.g. obstacle avoidance,
nonlinear sensor noise models, etc.). The algorithm is trained
over a set of morphologically different maps. During this
learning part, the PCAO algorithm outperforms an unrealistic
optimal-one- step-ahead search algorithm. Furthermore, to
generalize the results, we apply the best learnt controller to a
new set of morphologically different sea-floors. The potential of
the PCAO is demonstrated by outperforming several gradient-
descent-like approaches.

I. INTRODUCTION

Autonomous Underwater Vehicles (AUVs) have been suc-
cessfully applied in large range of applications such as:
deep sea mining, locating and mapping new hydrothermal
vents [1], harbor security [2], mine countermeasures [3],
underwater archaeology [4], etc. A key AUV requirement
in all these applications is the ability to construct accurate
ocean terrain maps by using all the available resources.

In general terms, two are the fundamental challenges that
the underwater robotic research community faces while aims
to autonomously construct sea-floor maps. First challenge is
the widely-known problem termed Simultaneous Localiza-
tion and Mapping (SLAM). SLAM is a technique aiming
to efficiently process on-board sensor readings in order to
simultaneously estimate robot poses and create maps of
the external environment. Although approximate algorithms
there exist for concurrent localization and mapping, SLAM
still remains quite challenging problem when it comes to the

Georgios Salavasidis is with the National Oceanography Centre,
Southampton SO14 3ZH, UK, geosal@noc.ac.uk
Athanasios Ch. Kapoutsis, Elias B. Kosmatopoulos are with the Dept. of
Electrical and Computer Engineering, Democritus University of Thrace,
Xanthi 67100, Greece and the Informatics & Telematics Institute, Center
for Research and Technology–Hellas (ITI-CERTH), 57001, Thessaloniki,
Greece, {akapouts,kosmatop}@ee.duth.gr

underwater environment. Aside from the challenge related
to the data fusion performed by SLAM algorithms, it is
also of high importance to navigate the team of AUVs over
highly informative paths. Information rich trajectories affect
the SLAM performance in terms of both localization and
mapping accuracy. The second challenge to be addressed,
therefore, is related to the AUV trajectory generation that
would increase the SLAM efficiency1.

For several years, great effort has been devoted to the study
of single AUV SLAM and Cooperative SLAM (C-SLAM),
where a team of AUVs is considered. These methodologies
effectively deal with a diverge set of AUVs systems (different
sensor suit, etc.), while the their performance has been
demonstrated in field experiments (e.g. [5], [6], [7]). Despite
these advances, however, almost all underwater map-building
methods are characterized by low autonomy, since they
typically rely on a set of pre-defined trajectories and often
on human intervention. Put differently, AUVs usually follow
trajectories designed off-line, before the actual deployment,
which is a limiting factor when a totally unknown area is to
be mapped. An off-line trajectory design system may have
high impact on the map quality, since pre-defined trajectories
are quite likely to “miss” areas rich in information or,
reversely, AUVs may waste valuable time focusing on low
informative regions. In practice, a usual approach to tackle
these drawbacks is to perform the following repetitive proce-
dure. Initially, AUVs map the sea-floor following blindly pre-
defined trajectories (usually in a lawnmover pattern). Once
this first step is accomplished, new trajectories are generated,
always off-line, but now using the existing bottom knowledge
from the constructed maps. Next, the AUVs are again de-
ployed in order to acquire further sea-floor knowledge while
following the re-designed trajectories. This costly and tedious
repetitive process continuous until a required map accuracy
is reached. Some mapping missions, however, are time-
critical, which means that an immediate map is required.
Time constraints may furthermore be imposed because of
dynamically changing environments. For instance, detection
of sunken drums, leaking chemicals or search-and-rescue
missions require optimized with respect to time procedures,
which would allow a quick response. Another important
aspect is the fact that the off-line trajectory generation
system cannot exploit the advantage of being member of a
team. Although cooperative mapping (e.g. by sharing sensor

1The problem of multi-robot trajectory generation for maximizing the
SLAM efficiency is also referred in the literature as exploration or optimal
motion strategy. In the rest of this paper, these terms will be used inter-
changeably.
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measurements and mapping progress status) can be faster
and more effective, pre-defined trajectories force the AUVs
to act almost as separate identities.

This paper proposes a new approach that overcomes the
previously described shortcomings. The aim of this research
is to generate on-line trajectories for a team of AUVs in order
to construct fast and accurate sea-floor maps (i.e. maximizing
SLAM efficiency). More precisely, the proposed approach is
based on a recently introduced approximate optimal con-
trol methodology – abbreviated as Parametrized Cognitive
Adaptive Optimization (PCAO) [8], [9] – specifically tailored
to the problem of multi-AUV exploration and mapping.
Instead of relaxing the original NP-hard problem, PCAO
does the best possible to approximate the optimal solutions
by a computationally tractable decision-making mechanism.
In simple words, the PCAO approach solves the following
problem: given a parametrized decision-making mechanism
whose real-time implementation is practically feasible (for a
fixed set of parameters), find the set of the decision making
mechanism’s parameters that optimally approximate the –
non-practically feasible – optimal solution.

The proposed algorithm is first trained over a set of seabed
surfaces with variant morphologies. During the learning part,
the PCAO algorithm outperforms an unrealistic optimal-one-
step-ahead search algorithm (used as a benchmarking tool)
which takes decisions after evaluating a number of position
candidates. Next, we assess the universality of the obtained
controller. We apply the best learnt controller to a set of
new morphologically different sea-floors. The performance
of the algorithm is compared with several gradient-descent-
like approaches. The results clearly demonstrate both the
effectiveness and simplicity (in terms of implementation and
energy requirements) of the PCAO algorithm.

II. AUTONOMOUS MULTI-AUV EXPLORATION FOR
MAPPING OF UNKNOWN SEA-FLOORS

This study considers a team of NR AUVs having as
objective to collaboratively construct precise sea-floor maps.
We turn the mapping task into a problem of estimating the
position of NL landmarks (static features) in the 3D environ-
ment. In fact, the actual landmark position corresponds to a
specific point of the sea bottom, since landmarks are placed
on the top of the seabed. Estimating landmarks implies
direct estimates of sea-floor points. Two are the benefits of
formulating the mapping problem in such way: a) placing an
infinitely large number of landmarks over the sea-floor forces
the AUVs to localize every single point of the seabed, which
is an equivalent problem of constructing a high resolution
bathymetric map, b) placing landmarks only at areas of
high interest, AUVs are required to focus on these particular
regions rather that constructing a full, possible meaningless,
regional bathymetric map.

The AUV sensor suite consists of proprioceptive sensors
(e.g. IMU, GPS, etc.), primarily for self-localization via dead
reckoning, and exteroceptive sensors, such as a multi-bean
sonar that enables the mapping task. To simplify our analysis,

we assume that the AUVs are perfectly localized2.
Let xL

i denote the 3D position of the i−th landmark, xR
i

the position or pose3 of the i−th AUV, and

XL = [xL
1 , . . . ,x

L
NL
], XR = [xR

1 , . . . ,x
R
NR
]

the matrices of landmarks to be estimated and positions of
AUVs.

A. AUVs control

At each time-step, the vector of AUV positions XR is
updated according to the following equation:

XR(tk+1) = XR(tk)+u(tk+1) dt (1)

where u(tk+1) corresponds to the control action at tk+1 and
dt is the sampling time, which is assumed to be sufficiently
small. Apparently, the control vector u cannot take arbitrary
values. The values are in correlation with the maximum
allowed AUV displacement within dt interval. Therefore,
control vector elements should obey: |u(i)| ≤ umax, where
umax is an AUV-relative constant.

B. Measurement model

Thanks to their small aperture, pencil-beam echo sounders
typically feature small footprints. There is therefore an
interest in using them for achieving high-resolution seabed
mapping with low spatial uncertainty. As a consequence, this
study considers all AUVs to be equipped with narrow multi-
beam sonars. The area ensonified by the beam is assumed
isotropic, with magnitude as calculated from the first returned
echo. We assume that the landmark size is comparable to the
size of the ensonified area and the range to this landmark
(if located within this patch) is given by the first return.
Although this assumption is not strictly valid when observing
large areas (larger distance to seabed), the sensor noise model
detailed in subsequent paragraph provides an estimate of the
confidence on this measurement.

Every time-step, R sonar range-to-bottom measurements
(perpendicular direction to the AUV longitudinal axis) are
obtained. These ranges form an area called swath. Only
landmarks located within the multi-beam swath width can
be detected, measured and re-estimated4. Let Y denote
the measurement vector containing ranges from beams that
ensonify at least one landmark. In the general case, sonar
measurements are related to XL and XR through a nonlinear
function that admits the form:

Y = H(XL,XR,Ξ)

where H is the nonlinear sensor function and Ξ is the mea-
surement noise vector. Following, we provide a discussion

2In other words, we deal only with the map construction problem. It has
to be emphasized that the proposed approach can be easily extended to deal
with the localization problem too.

3For simplicity, we assume that all AUVs are of known orientation. All
the results can be easily extended to the case of variable orientation.

4Please note that the detection and data association problem is out of
scope of this research.
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on challenges that an underwater trajectory design system
needs to address.
(NL-Noise) The typical assumption made in most underwater
applications is that the sensor noise is Additive White
Gaussian. This simplified assumption is very restrictive and
usually not realistic. Range-based measurements, such the
multi-beam echo sounder provides, are typically affected by
an error proportional to the range-to-bottom. As a result, it
is more realistic to assume a multiplicative sensor noise of
the following general form:

y = h(xR,q)+hξ (x
R,q)ξ (2)

where y is a single range measurement, xR is the AUV
position, and q is the position of a landmark within the
beam’s patch. Again, h(xR,q) is the sensor model in the
noise-free case and hξ (x,q) is a nonlinear function of xR

and q [e.g. hξ (x,q) is the slant range between xR and q], and
ξ is a standard Gaussian noise.
(MaxRange) In addition to the (NL-Noise) limitation, sonar
beam models are characterised by their maximum range.
Augmenting sonar noise model with the maximum range
limitation, sonar model takes the following form:

yxR−q =

{
undefined if ‖xR−q‖ ≥ thres
h(xR,q)+hξ (xR,q)ξ otherwise

(3)
where yxR−q denotes a measurement from an AUV at xR

and a landmark at q. thres corresponds to the maximum
beam range-to-bottom beyond which the measurements are
not considered.
(ObsAvoid) As in real robot application, the navigation
system must make sure that the AUVs avoid obstacles. This
study assumes that the AUV navigation system is enhanced
with collision avoidance techniques.

C. Landmark estimation

This subsection aims to provide a mathematical formula-
tion to the discussed landmark-based mapping problem using
a team of AUVs. Let X̂L denotes the estimate of XL as
generated by an Extended Kalman Filter (EKF) based SLAM
algorithm. Apparently, different AUV trajectories result in
different estimation accuracy. The solution to the active
exploration problem is, therefore, the on-line trajectory gen-
eration for a team of AUVs so that the landmark estimation
accuracy is maximized.

To optimize the estimation accuracy, we define the Ω

matrix that contains the mapping progress as follows5:

Ω =

 ω1
...

ωNL

=

 ‖xL
1 − x̂L

1‖
...

‖xL
NL
− x̂L

NL
‖

 (4)

5Please note that ‖xL
i − x̂L

i ‖ cannot be calculated in real-life as its
calculation requires knowledge of the true landmark positions. However,
in practice the terms ‖xL

i − x̂L
i ‖ can be estimated with high accuracy from

e.g. the EKF error covariance matrix (i.e., by all three elements of the
diagonal of the EKF error covariance matrix that correspond to a particular
landmark).

This matrix is updated using both AUV position XR(t) and
corresponding sonar measurements (3). We consider that the
landmark x̂L

i is accurately-estimated, if the ωi is below a
certain threshold. Following this, we denote A to be a set of
all accurately estimated landmarks. Please note that once a
certain landmark is sufficiently estimated, it will remain esti-
mated forever (put differently, it will hereafter belong to the
A set). Therefore, the number of non accurately-estimated
landmarks, at each time-step tk, is given by:

ε (tk) = NL−|Ak| (5)

where |Ak| denotes the cardinality of the set Ak, i.e. the
number of accurately estimated landmarks until the tk time-
step.

Additionally, we define the objective function for the map
construction problem:

J =
∫ N

0
Π(x(s),u(s))ds≈

N−1

∑
k=1

Ω
T (tk)Ω(tk)dt +κε(tN) (6)

where Π is an appropriate nonlinear function that corre-
sponds to the instantaneous cost, N is the mapping duration
(in time-steps), and κ factor serves as a weight to balance
the terms in the objective function. This formulation – apart
from the general objective to minimize the number of non-
accurately estimated landmarks – aims to reward controllers
that rapidly minimize the estimation error.

By using all the preliminaries and definitions described
previously, the optimal AUV navigation/exploration problem
to map the sea-floor surface, can be cast as a dynamic
optimization problem as follows:

min
u(t1),u(t2),...,u(tN)

J

s.t. C(XR(tk))≤ 0,k = 1, . . . ,N
(7)

The nonlinear function C(·) is used to constrain the generated
waypoints XR(tk) within the operation area, and to incor-
porate obstacle avoidance and maximum speed constraints.
Standard algebraic manipulations can be employed to cast
all these constraints in the C(XR(tk)) ≤ 0 form. In general
the above formulation can embed any type of physical
constraints and system limitations that might be imposed
from the available AUV-infrastructure or/and the type of the
mission.

III. OPTIMAL P-BASED CONTROLLER

This section introduces the P-parametrized approximately
optimal controller for the dynamic optimization problem of
(7). Instead of attempting to explicitly solve, the practically
infeasible optimization problem presented in section (II-C),
this research aims to approximate the optimal controller.

Without loss of generality, it can be assumed that the
system dynamics have the following form:

ẊR = u(t)
Ω̇ = F(Ω,XR(t),Y (t))

(8)
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where F is a nonlinear morphology-dependent function, that
describes the evolution of the mapping progress. Let us
define the augmented system vector x as following

ẋ =
[

ẊR

Ω̇

]
= G(x)+Bu (9)

G(x) =
[

O
F(Ω,XR(t),Y (t))

]
and B =

[
I
O

]
, where O

denotes an appropriately sized all-zero vector and I denotes
the identity matrix.

The optimal trajectory generation problem (described in
eq. 7) can be cast as an optimal control problem as follows:

minimize
u

∫ N

0
Π(x(s),u(s))ds

subject to ẋ = G(x(t))+Bu(t)

x =
[

XR(t)
Ω
(
XR(t)

) ] (10)

A. Optimal Control Approximation

According to Hamilton-Jacobi-Bellman equation [10], the
controller that minimizes the above criterion can be obtained
solving the partial differential equation:

u∗ = argmin
u

{(
∂V ∗

∂x

)τ

(G(x)+Bu)+Π(x)
}

(11)

where V ∗ denotes the optimal cost-to-go function and u∗

the corresponding optimal control actions, which can be
transformed to:

u∗ =−Bτ

(
∂V ∗

∂x

)
(12)

As shown in [8], the optimal cost-to-go function can be
approximated, with arbitrary accuracy, using the following
positive definite PieceWise Quadratic (PWQ) approximation:

V ∗(x)≈V (x) =
L

∑
i=1

βi(x)(xτ Px) = zτ(x)Pz(x) (13)

where βi, i = 1,2, . . . ,L are a set of smooth mixing signals
[11]. The vector z and the matrix P have the following
analytical form:

z(x) =


√

β1(x)x√
β2(x)x

...√
βL(x)x

 , P =


P1 0 . . . 0
0 P2 . . . 0
...

...
. . .

...
0 0 . . . PL


The deviation from the optimal cost-to-go function is in the
order of the number of linear controllers O(1/L). Applying
the above approximation to (12), the optimal controller can
now be represented as

u∗ =−Bτ ∂V
∂x

+O(1/L) (14)

which, utilizing optimal cost-to-go function approximation,
can be written, equivalently as

u∗ =−Bτ Mz(x)Pz(x)+O(1/L) (15)

where Mz(x) is the Jacobian matrix of z(x) with respect to
the x.

Up to this point, we have approximated the optimal
controller u∗, with a P-parametrized controller. In other
words, the AUV trajectories can be designed by appropriately
translating (through the matrix P) the information vector
z(x), as follows

u =−Bτ Mz(x)Pz(x) (16)

B. Evaluation metric

The last component of the approximately optimal P-based
controller is the evaluation function. The assessment of
a single experiment is achieved by utilizing the objective
function in (6). However, the noise presence in measurements
(2) may result in different mapping outcome, although an
identical controller is used. Apparently, it is desirable to
construct a control matrix P, that is “immune” to this factor.
Thus, the same control matrix P is evaluated through Ne
Monte Carlo simulation runs over the same surface and the
summation of the achieved scores is calculated as ∑

Ne
e=1 Je.

Finally, in order to avoid the over-fitting on a single
surface, the above described criterion is applied to a number
Ns of morphologically different sea-floors, constructing the
overall mapping score as:

E (P) =
Ns

∑
s=1

∑
Ne
e=1 Je

N
(17)

where N denotes the mapping duration in time-steps.

IV. SPECIFICALLY-TAILORED PCAO APPROACH

The approximation of the afore-formulated optimal P-
based controller, could be achieved, by employing off-the-
shelf gradient descent methodologies [12],[13], i.e.

P = P−η∇PE (P), η > 0 (18)

Unfortunately, there are two crucial disadvantages that
do not allow the utilization of such techniques, without
compromising any of the real-word aspects as defined in
section II.
• An analytic expression for the gradient ∇PE (P) in (18)

is needed. Such an analytic expression is infeasible
to obtain as it involves calculations that require an
analytic expression for the unknown surface-dependent
data acquisition model and the robots motion/sensor
model. Even in cases where a standard measurements
acquisition model is considered, the calculation of the
gradient ∇PE (P) remains a practically infeasible prob-
lem, due to the high complexity.

• The second issue arises from the fact that the term
O(1/L) in (13) acts as a disturbance. Due to the
presence of this term, the performance of the gradient
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algorithm is bounded under the E (P∗)+O(1/L) (where
P∗ denotes the optimal P-based controller), which may
significantly deviate form the optimal one, especially
in cases where the effect of O(1/L) is not negligible.
Apart from the acquisition of the optimal solution,
such a disturbance term may lead the gradient descent
algorithm to divergence, even in cases where this term
is relative small, the term may destroy the convergence
properties of the gradient descent algorithm.

In order to tackle the above shortcomings, the
Parametrized Cognitive Adaptive Optimization (PCAO)
[8] - specifically tailored to the problem - is proposed.
The main steps of the modified PCAO algorithm are
outlined in Algorithm 1. Following, the main features of
PCAO algorithm, that renders its usage quite appealing, are
discussed.
• The analytic formulas of the evaluation criterion to be

optimized and the sub-modules that defines it (e.g. measure-
ment acquisition model for given robots positions) and of
their gradients are not required. PCAO algorithm, simul-
taneously with the searching for the optimal P-controller,
learns the different characteristic that govern the relationship
between the P-controller’s elements and the corresponding
evaluation cost E (P). It has been proven that employing
an appropriately defined estimator, similar to the one of the
Step 2, results in a cognitive adaptive optimization scheme,
that approximates the gradient descent performance without
carrying out any differentiation on the unknown E function
[18] [17].
• Last but not least, the utilization of random perturbations

provides the proposed algorithm with the potential to escape
from local minima. In essence, the random perturbations
inside the PCAO primary selection mechanism, could have
a behavior similar to simulated annealing, which has been
proved that under specific conditions can overcome local
minima [19].

V. SIMULATION EXPERIMENTS

This section presents simulation results using the PCAO
algorithm. A MATLAB-based simulator has been developed
where the controller is, first, trained and, later, evaluated over
various terrains. This simulation environment incorporates all
environmental constraints and sensor limitations discussed in
the section II-B. For the learning part of the algorithm, the
simulator runs the PCAO algorithm over Ns = 2 morpho-
logically different terrains, see figure 1. The first area is an
actual Digital Elevation Model (DEM), hereafter refereed as
Real Map 1, whereas the second is an artificially generated
map aiming to enclose various terrain structures (hereafter
refereed as Artificial Map 1). The choice of these maps
is primarily driven by the necessity to train the controller
both on realistic data but also over a seabed with variant
morphology.

6According to [17] it suffices to choose M to be any positive integer
larger or equal to 2 x [the number of variables being optimized by PCAO].
In our case the variables optimized are the P elements and thus it suffices
for M to satisfy M ≥ 2× (3nr(2L+1)2)2

Algorithm 1 PCAO algorithm
Initialization

1) Choose positive integer M
2) Initialize P(0) to be a matrix satisfying the con-

straints e1I � P(0)� e2I
3) Choose a positive scalar function a(k) satisfying

a(k)> 0, lim
k→∞

a(k) = 0,
∞

∑
k=0

a(k) = ∞,
∞

∑
k=0

a(k)2 < ∞

4) Set k = 0
[The reader is referred to [14] and [15] for guidelines on
the choice of a(k)]

Step 1. Calculate the robot trajectories for all the time-
steps T of the simulation period, based on the P = P(k)
controller (16) and derive the corresponding evaluation
E (P(k)) (17)

Step 2. Construct the Linear-In-the-Parameters estimator
of E (P), based on stored tuples 〈P( j),E (P( j))〉 of histor-
ical evaluations as

Ê (P) = θ
τ
bestφ(P)

θbest = argmin
θ

k

∑
i=1

(E (P(i))−θ
τ
φ(P(i)))2

where φ and θ are the regressor vector and the parameters
vector of the cost function parameter, respectively.

Step 3. Calculate Pbest(t) to be the best P obtained so far,
i.e.,

Pbest(k) = argmin
P(s),s=0,...,k

{E (P(s))}

Step 4. Generate M perpetuated candidates (random per-
turbations)6of Pbest(k):

P(i)
cand = (1−a(k))Pbest(k)+a(k)∆P(i), i = 1,2, . . . ,M

where ∆P(i) are random symmetric positive definite ma-
trices with the same structure as in [16], and satisfying
e1I � ∆P(i) � e2I

Step 5. The P-controller for the next evaluation is selected
from the M available candidates, as

P(k+1) = argmin
P(i)

cand

(
θ

τ
bestφ

(
P(i)

cand

))
where θ τ

bestφ (·) denotes the best available estimation of
the evaluation function (as calculated at Step 2.) until the
kth timestamp

Step 6. Set k = k+1 and GO TO Step 1.
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Fig. 1. Two morphologically different terrains used for PCAO training.
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Fig. 2. Learning Process: PCAO algorithm (green line) compared to
Random Search algorithm (blue line).

Table I lists the considered parameters for setting up the
simulator. These parameters remain constant throughout the
training and evaluation part of the algorithm.

TABLE I
SIMULATION PARAMETERS

tmax
p = 500 Number of iterations, P matrix updates

Ne = 100 Number of Monte Carlo runs per each map
Ns = 2 Number of sea-floors
N = 500 Duration of sea-floor mapping [time-steps]
NR = 3 Number of AUVs
NL = 1100 Number of landmarks
[−1,1]3 Area size to be mapped
umax = 0.05 Maximum longitudinal AUV speed
κ = 100 Weight factor
R = 20 Number of sonar beams
thres = 0.2 Maximum beam range
L = 1 Set of smooth mixing signals (13)

One step for evaluating our approach is to compare its
performance with the Random Search (RS) algorithm during
the training period. In contrast to the PCAO algorithm which
forms the controller in (16), according to the procedure
described in the Algorithm 1, the RS algorithm selects
randomly the P matrix (while obeying similar restrictions
applied to the PCAO algorithm). As a matter of fairness, al-
gorithms start with an identical landmark spread and control
initialization. Figure 2 demonstrates, in comparative way, the
learning progress of both algorithms. The horizontal axis of
the figure shows the learning time (P matrix updates), while
the vertical axis provides numerical measure of the sea-floor
mapping performance, according to (17), for each control
update iteration. As this figure shows, the RS is incapable

TABLE II
ε%, NON-ACCURATELY ESTIMATED LANDMARKS

Instances Real Map 1 Artificial Map 1
A - Initialization 99% 78%
B - Best RS 71% 68%
C - Best PCAO 13% 29%
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Fig. 3. Real Map 1: Instantaneous cost function evolution utilizing the
most effective controllers.

of learning the underlying information in order to improve
the controller. While the RS performance remains, in av-
erage, constant as training proceeds, the PCAO algorithm
constantly increases the effectiveness of the controller. After
tmap
p iterations, which is the allowed learning period, the most

successful controllers are obtained at points B and C, for
RS and PCAO respectively. Table II translates the numerical
values of the cost function of the three marked instances into
the ε% performance criterion (5).

Following, figure 3 demonstrates the cost function evolu-
tion over N time-steps of mapping procedure using the most
effective controllers. In this figure, vertical axis refers to the
instantaneous cost whereas the horizontal axis is the mapping
time. The PCAO performance is shown with green and red,
while blue and black are for the RS (for Real Map 1 and
Artificial Map 1 respectively). Again, the figure shows that
the PCAO outperforms the RS as it is able to rapidly and
significantly reduce the estimation error.

Table III compares the performance of the best PCAO
controller against the Semi-Exhaustive (SE) algorithm [20,
Algorithm 1] with respect to ε% criterion (average results
of 100 MC simulation runs). SE search is an approach
which approximates the optimal-one-step-ahead exhaustive
search algorithm. This algorithm attempts to provide greedy
optimal solution at each time-step by evaluating a number of
valid candidate positions. In essence, SE performs a series
of actual motions per decision iteration. All these motions
are then passed through the evaluation function (5) and
the one which achieves the best score is selected as final
action to be performed. By definition, therefore, SE is an
impractical algorithm and cannot be considered as an online-
trajectory-generation alternative. Application time constraints
and AUV power would prevent the algorithm from use.
Dealing with simulations, though, this study uses SE as a
powerful benchmarking tool for analysis/validation purposes.
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The mapping time required by the SE is parametrized by the
number of candidates, Cand., under evaluation. Considering
N discrete iterations, the SE operational time scales up to:

TSE = N(1+Cand.)

TABLE III
PCAO VS SEMI-EXHAUSTIVE

Control Real Artificial Mapping
Algorithm Map 1 Map 1 Time

PCAO 13.63% 29.54% 500
SE (Cand.=0) 86.85% 91.58% 500
SE (Cand.=5) 23.2% 40.67% 3000

SE (Cand.=50) 3.89% 13.4% 25500
SE (Cand.=500) 1.81% 11.16% 250500

The PCAO algorithm is able to outperform the SE algo-
rithm with a set of up to five candidates. This is an important
result considering that the SE algorithm needs more than
five candidates (alternatively, more than 3000 time-steps) to
become more effective.

As the training process is completed and analyzed, it is
time to assess the controller universality. By universality it
is meant the ability of the controller to perform the mapping
task over areas where it has never been optimized. To do so, a
new set of three sea-floors is introduced, see figure 4, where
the controller is evaluated against the SE and two widely
known stochastic approximation algorithms [21]: a) Si-
multaneous Perturbation Stochastic Approximation (SPSA),
b) Finite Differences Stochastic Approximation (FDSA). It
must be emphasized that these algorithms are quite standard
in serving as base cases for analyzing the performance of
stochastic approximation algorithms. Similar to the PCAO
algorithm, SPSA and FDSA are gradient free algorithms
and, moreover, they do not require an analytical form of the
objective function to be minimized. Mathematical analysis
has established that their performance is approximately the
same as that of the standard gradient descent algorithm.
However, it is worth noticing that these algorithms, similarly
to SE, are not really practical as they require AUVs to
perform a set of auxiliary motions before the actual decision
takes place.

Tables IV to VI show results (both best and average after
100 MC runs) over the new set of sea-floors. Figures 5
to 7 demonstrate the time evolution of the instantaneous
cost during the mapping procedure for all, under comparison,
algorithms.

TABLE IV
REAL MAP 2: PCAO VS SEMI-EXHAUSTIVE, FDSA AND SPSA

Control Average Result Best Performance Mapping
Algorithm ε% ε% Time

PCAO 19.84% 13.27% 500
SE (Cand.=0) 77.3% 67.9% 500
SE (Cand.=5) 13.23% 5% 3000

SPSA 33.96% 22.72% 1500
FDSA 39.54% 2.36% 9500

Fig. 4. Three additional sea-floors for evaluating the universality of the
controller.
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Fig. 5. Real Map 2: Instantaneous cost function evolution.

TABLE V
REAL MAP 3: PCAO VS SEMI-EXHAUSTIVE, FDSA AND SPSA

Control Average Result Best Performance Mapping
Algorithm ε% ε% Time

PCAO 34.6% 20.18% 500
SE (Cand.=0) 77.4% 70.18% 500
SE (Cand.=5) 15.07% 10.54% 3000

SPSA 48.59% 28.36% 1500
FDSA 62.75% 41.54% 9500
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Fig. 6. Real Map 3: Instantaneous cost function evolution.

In all cases, PCAO average results outperform the re-
spective results from FDSA, SPSA, and SE with Cand.= 0
showing, further, the algorithm’s consistency and robustness
to sensor noise and initialization values. SE with Cand.= 5
shows to outperform the PCAO effectiveness, but this comes
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TABLE VI
ARTIFICIAL MAP 2: PCAO VS SEMI-EXHAUSTIVE, FDSA AND SPSA

Control Average Result Best Performance Mapping
Algorithm ε% ε% Time

PCAO 27.25% 23.18% 500
SE (Cand.=0) 80.16% 72% 500
SE (Cand.=5) 20.4% 10.54% 3000

SPSA 52.59% 40.9% 1500
FDSA 54.14% 11.72% 9500
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Fig. 7. Artificial Map 2: Instantaneous cost function evolution.

at six times increased mapping time.

VI. CONCLUSIONS

Current multi-AUV systems are far from being capable of
fully autonomously taking over real-life complex situation-
awareness operations. As such operations require advanced
reasoning and decision-making abilities, current methods
have to heavily rely on human intervention. This research
presented a new approach, called PCAO, that is able to
efficiently and fully-autonomously navigate a team of AUVs.
This AUVs are deployed in order to explore and map
completely unknown underwater environments. Simulation
experiments demonstrated the efficiency of the PCAO again
other stochastic based approaches. Although these algorithms
might be sometimes equally or more effective, they are
naturally impractical. They require an considerable increase
in computational power and mapping time duration, factors
that forbid they applicability in real-life missions. On the
other hand, PCAO algorithm showed its superiority in terms
of computational simplicity and implementation straightfor-
wardness.
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Abstract: The Dual Accelerometer Vector Sensor (DAVS) consists of two tri-axial 
accelerometers and one hydrophone aligned in a vertical axis molded in one unit. The DAVS 
was developed within the activities of the WiMUST European project, which aims to 
improve the efficacy of actual seismic surveys by the use of Autonomous Underwater 
Vehicles (AUVs) in a distributed configuration. Taking into account their spatial filtering 
capabilities, vector sensors allow to reduce the arrays length and energy consumption of 
the AUVs, increasing the maneuverability and facilitating the operation of the WiMUST 
distributed system. This paper presents the results of the functionality tests of the DAVS 
prototype conducted in a shallow pond (~3m deep), in “Parque das Nações”, Lisbon.  The 
probe signals in the 1-2kHz band were emitted by a moored source deployed at 1.5m depth.  
The DAVS was mounted in front of a MEDUSA class AUV, which was sailing beneath the 
surface and was following a pre-programed path with a 0.26m/s nominal speed.  
Preliminary results show that the azimuth estimates are coherent with the MEDUSA 
trajectories even in curved paths where the thruster noise increases. Moreover, 
combinations of the particle velocity and the particle velocity gradient from DAVS outputs, 
show to improve the image of bottom reflection structure. 

Keywords: vector sensor, particle velocity processing, bottom inversion 
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1. INTRODUCTION  

In the framework of the WiMUST European project, which aims to simplify and to 
improve the efficacy of actual geo-acoustic surveys through the use of autonomous 
underwater vehicles (AUVs) for towing short streamers, a Dual Accelerometer Vector 
Sensor (DAVS) was developed [1]. In order to complement the streamers’ data, the DAVS 
allows for the reduction of their size and facilitates the operation of the WiMUST distributed 
configuration. The fundamental advantage of vector sensors (VS) as verified in three 
dimensional DOA estimations has been potentially applied to the estimation of other 
geometric (source range and depth) or environmental parameters [2-4] and in source signal 
detection and tracking [5,6]. Moreover, when the particle velocity is combined with pressure 
or with the particle velocity difference has the ability to cancel or significantly attenuate the 
direct and the surface reflection paths, which are undesirable for seismic image, improving 
bottom reflections [7]. 

The objective of this work is to present the results of functionality tests of the DAVS 
prototype conducted in the shallow pond “Oceanarium Marina”, in “Parque das Nações”, 
Lisbon.  The DAVS was mounted on a MEDUSA class AUV [8], provided by ISR/IST 
University of Lisbon, which was sailing beneath the surface and was following a pre-
programed path around a moored source, that emitted signals in the 1-2kHz band. The 
azimuth of the source estimated from DAVS outputs for various MEDUSA tracks, are 
coherent with those obtained by combining the AUV’s heading angle and GPS position, 
even in curved paths where the thruster’s noise increases. Moreover, combinations of the 
particle velocity with particle velocity gradient, from DAVS outputs, improve the image of 
bottom reflection structure by attenuating direct and surfaced reflection paths. 

This paper is organized as follows. Section 2 describes the DAVS system prototype. 
Section 3 describes the Lisbon experiment in terms of location and equipment used. Section 
4 presents the experimental data analysis. Finally, section 5 draws some conclusions. 

 
2. DAVS SYSTEM PROTOTYPE  

The DAVS was developed based on a previous study [7], which has shown that the 
combination of the pressure sensor with the particle velocity sensors or the combination of 
particle velocity and particle velocity gradient were proved useful for seismic imaging.  An 
additional requirement was that the system could be easily integrated in an AUV.  Fig. 1 (a) 
shows a photo of the DAVS prototype mounted on the AUV, where it can be seen two main 
parts: the acoustic active part (black nose) and the container (white tube), which has all the 
electronics for acquisition and power supply. The acoustic part is constituted by two tri-
axial accelerometers and one hydrophone, between them, arranged in a vertical alignment.  
Fig. 1 (b) shows the internal constitution of the acoustic part, where the orientation of the 
accelerometers’ components relatively to the Cartesian coordinate system was 
superimposed. The DAVS system overview, the characteristics of the sensors, the electronic 
part and the acquisition system are described in [1].  

Initially, the DAVS prototype was tested in an anechoic tank to measure the sensitivity 
and the directional response of each acceleration component [1]. Then, a test was performed 
with the DAVS mounted on an AUV in motion, to evaluate the directivity of the DAVS in 
field conditions under vehicle vibration and noise. Results of the later test are presented in 
next sections. 
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a) b) 

Fig.1: A photo of the DAVS system mounted on the AUV (a) and the acoustic part of the 
DAVS system, showing the position of the two tri-axial accelerometers (grey blocks, 

numbered as #49 and #50) and the hydrophone (yellow cylindrical) between them and 
their position relatively to the Cartesian coordinate system (b).  

3.  LISBON EXPERIMENT  
 

 
a) b) 

Fig.2: The location of the experiment test delimited by the yellow line, inside of the 
Oceanarium marina, “Parque das Nações”, Lisbon, the red dot shows the location of the 
Lubell 916C source (a) and the top view of AUV “Butterfly” trajectory relatively to the 

source position at the origin of coordinate system (marked by (*)) (b).  
 

The experiment test took place at the Oceanarium marina, “Parque das Nações”, Lisbon, 
in September, 2016. Fig. 2 a) shows a satellite view of the marina, where the yellow box 
designates the area used for the experiment and the red dot shows the source position inside 
the shallow pond. The acoustic source (Lubell 916C) was deployed at 1.5m in a water depth 
of approximately 3m and emitted a sequence of 3 minutes of linear frequency modulated 
(LFM) signal in the 1-2kHz frequency band and 3 minutes of gated signals at 2kHz tone in 
a repeated sequence, both of 10ms time duration and followed by 397ms of silence. 

The MEDUSA [8], with the DAVS attached on at approximately 0.5m (see Fig. 1 a)), 
follows a trajectory, called “Butterfly”, with a nominal speed of 0.26m/s. Fig. 2 b) shows a 
top view of the generic AUV trajectory relatively to the source position at the origin of the 
Cartesian coordinate system (marked by (*)). The AUV starts the run at (-38;-45)m, marked 
by (o) and stopped at (34;-17)m, marked by (▫). Then, the AUV follows the trajectory given 
by the blue line with the time evolution from “Track 1” to “Track 5”. The tracks that will 
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be analysed in more detail in this work are the tracks marked as 2 and 4, which include 
curved tracks (cyan lines) where the thruster’s noise increases.   

4.  EXPERIMENTAL DATA ANALYSIS 

This section presents the analysis of the DAVS experimental data acquired during 
Lisbon experiment, where the discussion of the azimuth angle estimation and the 
preliminary results for bottom characterization will be presented. 

 

 
 

a)  
b) 

 
c) 

Fig. 3: Drawing of the experiment X-Y plane (Top view of AUV trajectory) where the 
DAVS x-y sensors components are parallel to it and the accelerometers are aligned with 

the vertical z-axis, being the #50th the shallowest one a), top view of the trajectory 
relatively to the source position (origin of the Cartesian coordinate system) with the DAVS 

tri-axial system insert for Track 2 and Track 4, b) and c) respectively. 
 
During the experiment, the DAVS sensors components in the x-y plane was parallel to 

the experiment X-Y plane (Top view of AUV trajectory), as shown in Fig. 3 a). The positive 
z-axis points upwards and the positive x-axis points to the sailing direction. The DAVS was 
positioned on the AUV such that the two accelerometers and the hydrophone were aligned 
with the vertical z-axis, being the #50th the shallowest accelerometer, Fig. 3 a). Fig. 3 b) 
and c) show the top view of the AUV’s trajectory, where the source position is marked by 
(*) at the origin of the coordinate system and the start and end of this run are marked by (▫) 
and by (x), respectively. The orientation of the accelerometers’ components relative to the 
trajectory is also shown in the insert.  

 
a) 

 
b) 

Fig.4: Spectrogram of the received signal on the pressure sensor of DAVS for track 2 and 
4, a) and b) respectively. 
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    Fig. 4 presents the spectrogram of the received signal on the pressure sensor for the tracks 
2 and 4, a) and b) respectively. The received signal is a sequence of LFM signals with 130s 
and 150s time duration, respectively. It can be seen in both plots that the thrusters’ frequency 
noise of the AUV is below 500Hz, out of the signal frequency band. It is also seen that, after 
40s in plot a) and before 40s in plot b), the noise level increases, particularly in the band of 
the signal, which corresponds to the curved path represented by cyan line in Fig. 3 b) and 
c).  
     
4.1. Directional of arrival estimation 

 
     Before the directional of arrival (DOA) estimation, the pressure and all velocity 
components were filtered using a band pass filter of 1-2kHz and a matched-filter with the 
emitted signal. The estimation of the azimuth angle of the impinging wave front was 
evaluated using an Intensity-based estimator described in [9]. The pressure ( ) is cross-
correlated at lag 0 with the ( ) and with the ( ) particle velocity components, and a 
possible estimation of the azimuthal direction of the source signal, Θ  at large SNR is given 
by: 

 Θ = 2 〈 ( ) ( )〉〈 ( ) ( )〉 ,                 (1)       
                   

where 〈 〉 stands for time averaging.  

a) b) 

Fig.5: Estimation of the azimuth angle between the source and the AUV obtained using (1) 
for both accelerometers, blue dots for #49 and red dots for #50, and for combination of 

the heading angle (from the Yaw AUV’s data) and the positional information of the AUV’s 
GPS, green dots, considering the track 2 and 4, a) and b) respectively. 

 
    The azimuth angle results for total time of the LFMs (shown in Fig. 4), for both AUVs’ 
tracks (130s for Track 2 and 150s for Track 4) are presented in Fig. 5 a) and b), respectively. 
The blue and red dots were estimated from #49 and from #50 accelerometers, respectively. 
They compare with the green dots which were obtained combining the heading angle from 
the Yaw AUV’s data and position information of the GPS. In Fig. 5 a) before instant 45s, 
the source signal impinges the DAVS from the rear (around 180º, red path) giving rise to 
large variability and error of the estimates. After that, the results follow coherently the true 
azimuth, even along the curved path (cyan line in Fig. 3 b)), between 40 and 60s where the 
thruster’s noise increase. Fig. 5 b) presents the azimuth angle results for Track 4 showing 
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that the results are stable during the time, for both accelerometers. In this track the acoustic 
part of the DAVS is always in line of sight with the source. The increase of 120º after instant 
30s, corresponds to the rotation of the AUV in the curve cyan path (Fig. 3 c)). 

From the results presented in Fig. 5, can be concluded that: 1) the influence of the 
thrusters’ noise is not so significant in the estimations, as expected, since the frequency of 
them is out of the signals band and 2) when the source signal impinges the DAVS from the 
rear, the white tube of DAVS recorder housing could shadow the acoustic part of the DAVS, 
producing the variability of the estimates.  

 
4.2. Bottom inversion results 

a) b) 

 
c)  

 
d) 

Fig.6: Arrival patterns in the interval of time of the straight line of track 4, Fig. 3 c), 
considering pressure only a) and combination of particle velocity and particle velocity 
gradient b), and slices for two instants of time at 82s c) and 128s d), considering pressure 
only (blue line), combination of particle velocity and particle velocity gradient (red line) 
and the theoretical arrival pattern using the ray tracing model TRACEO (green line). 
 
      The dual accelerometer configuration on DAVS system improves bottom-reflected 
paths by the use of particle velocity gradient as suggested in [7]. Considering part of track 
4, the straight green line of Fig. 3 c), comparisons between arrivals patterns achieved from 
the pressure only and from the combination of particle velocity and particle velocity gradient 
will be obtained based on [7]: 
 
       ( ) = ( ) ( ) + ( ) ( )

,          (2) 
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where ( ) is the particle velocity average added with the particle velocity gradient, ( ) and ( ) are the z-axis particle velocity components of both accelerometers,  
is the spacing between the accelerometers (in our case 44 mm) and  the wave number. 
    The bottom of the Oceanarium marina is not characterized but it is expected that is 
covered by a thin mud layer over a hard rock bottom. Fig. 6 presents the arrival patterns 
achieved from DAVS outputs by the pressure only a) and by the combination of particle 
velocity and particle velocity gradient using (2) b). The advantage of using the combination 
of particle velocity and particle velocity gradient is presented in plot b), where is visible the 
attenuation of the direct path in contrast with the improvements obtained for the bottom-
reflected paths when compared with pressure only, which presents basically the direct path. 
Around 80s (26m range from the source), it is observed a feature that changes the arrival 
pattern’s structure, seen in both plots but it is more relevant in plot b), given by (2).  
     Fig. 6 c) and d) present the arrival patterns obtained from the pressure only (blue line), 
from the combination of particle velocity and particle velocity gradient using (2) (red line) 
and theoretical output obtained from adjustments in the ray tracing TRACEO model (green 
line) for two instants of time, respectively 82s, 26m range approximately, and 128s, 15m 
range approximately. 
 

Sediment Range 
(m) 

cp  
[m/s] 

cp  
[m/s] 

  
[g/cm3] 

p  
[dB/] 

S  
[dB/] 

Sand 15 1800 480 1.4 0.85 7.0 
Rock bottom 26 4000 1790 2.74 0.03 0.9 

 
Table 1: Geo-acoustic parameters obtained from TRACEO model with comparison with 

arrival patterns given by experimental data. 

Comparisons between the experimental and simulation data from TRACEO model 
(considering that a ray tracing model only gives the structure of one bottom layer) shows 
that the bottom is characterized by a sand sediment and the feature at 82s can be 
characterized by a hard rock bottom in a water depth of 3.8m, with the relevant bottom 
properties presented in Table 1 and based on [10]. It is also observed, mainly in Fig. 6 d), 
that the combination of particle velocity and particle velocity gradient (red line) attenuates 
the direct path improving the bottom-reflected paths, in comparison with the pressure only 
response. Future work is necessary to give a more detailed geo-acoustic model of the area. 

5.  CONCLUSIONS 
 
The objective of this work was to present experimental data of a new device called DAVS 

with a dual accelerometer’s configuration mounted on an AUV. The experiment setup was 
to evaluate the azimuth estimation capabilities of the DAVS when in motion, attached to 
the MEDUSA class AUV from ISR/IST and first results on bottom characterization were 
presented. 
     The experimental results on the estimation of azimuthal directions for the different 
AUV’s tracks showed good agreement with those obtained combining the heading angle 
with the position information of the AUV, considered the true azimuth. From those results 
it can be concluded that the thruster’s noise does not influence neither disturbs the stability 
of the estimation results when DAVS is in motion, even in curved paths, and the occurrence 
of some inconsistency on the results, in certain periods of time, appears when the signals 
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are reaching from the rear of the DAVS. Possibly, the recorder housing of the DAVS 
shadows the acoustic part (black nose), producing the variability on the azimuth results.   
     Preliminary results for bottom characterization were also presented, showing the 
advantages of using the combination of particle velocity with particle velocity gradient 
when it is compared with the pressure only. This combination is useful in the direct and 
surface-reflected path attenuation in contrast with the improvements verify on bottom-
reflected paths from the received waveforms, important for bottom image. 
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Abstract: Passive underwater acoustic sensing technologies applied to mobile autonomous
maritime systems allow for minimum environmental impact, covertness, long endurance, wide
area coverage, near real-time, continuous (’24/7’) monitoring, and the availability of several
capabilities, ranging from detection to the classification of acoustic noise sources. Gliders
– both as unmanned underwater and unmanned (sea) surface platforms – are particularly
appropriate for this kind of application, as their features include persistence, discreteness,
portability, scalability and remote control. NATO STO CMRE developed a new low-power
passive acoustic system to be hosted on persistent platforms such as underwater gliders and
wave gliders. The system is able to detect, track and classify surface vessels by using a
compact volumetric array of hydrophones and processing acoustic data in real time, directly
on board the gliders, through the application of advanced algorithms. The signal processing
chain of the passive acoustic surveillance system has been recently extended to the capability
of multitarget tracking by means of a Bayesian tracking algorithm. In this paper, we present
post-analysis results, were two fast surface vessels are successfully tracked at the same time.

Keywords: Passive acoustic monitoring, source localization, multitarget tracking, belief prop-
agation, long-endurance low-power platforms.

I. I NTRODUCTION

The detection, tracking and classification of surface vessels is of major interest for many
civilian and security applications, such as port protection, protection of marine parks, and
monitoring of illegal traffic. The presence of large ships can typically be accurately monitored
either by radar or via the Automatic Identification System (AIS). However, small vessels,
with small radar cross-sections are often missed by these conventional monitoring systems.
This motivates the use of passive underwater acoustic arrays for detection, classification,
localization and tracking (DCLT) of small and fast surface vessels. Passive hydrophone
arrays are particularly attractive as payload on silent low-power mobile autonomous maritime
platforms such as gliders since this combination enables covert and persistent wide area

F. Meyer is currently of leave from CMRE.
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coverage, and near real-time, continuous monitoring. In this paper, we address continuous
acoustic signals, such as ship-radiated noise, as a means for detection. The nature of the
noise of interest is broadband, and ranges from a few Hz to several tens of kHz. As
small motor boats are targets of major interest, their emitted noise characteristics, mainly
dominated by broadband cavitation effects from the propeller, are taken into. This results
in a signal processing approach that does not consider any specific narrow-band harmonic
component characterizing the signal of interest. In recent years, a variety of passive acoustic
monitoring systems have been proposed for ship detection and localization. Most passive
monitoring systems based on underwater acoustic measurements are static, either stand-alone
[1] or cabled to shore [2]. They can form a network of distributed stations consisting of
sensing systems and processing units able to analyse data and communicate results to a
central node or to other nodes. In its simplest case, the sensor system may consist of a
single hydrophone, see [1] and [3], whereas linear or volumetric arrays (using multiple
hydrophones) may be employed in order to be able to estimate target direction of arrival
(DOA), to distinguish multiple sources and to perform three-dimensional (3D) localisation
[4]. DCLT solutions for maritime surveillance using hydrophone arrays where previously
presented based on an underwater glider and a wave glider. Details on the hydrophone array
used as an acoustic payload and a preliminary DCLT signal processing chain was previously
presented in [5], [6]. In this paper, we introduce an extended DCLT signal processing chain for
passive acoustic surveillance system based on a wave glider. The presented extension enables
detection localisation and tracking (DLT) of multiple surface vessels simultaneously, by means
of a Bayesian tracking algorithms. This new approach to passive acoustic surveillance is
evaluated using measurements collected in the gulf of La Spezia, Italy.

II. PASSIVE ACOUSTICMONITORING SYSTEM

Our passive acoustic surveillance system is based on a wave glider developed by Liquid
Robotics Inc. that consists of a ‘float’ that stays on the surface and an underwater body
(glider), connected via an umbilical cable. This configuration can use the energy of the
waves to generate motion in horizontal direction. The float contains solar panels, antennas
for radio frequency communication, and a main payload bay that stores processing units,
batteries and electronics. A second payload bay, the ‘tow fish’ is towed underwater. The
eight-hydrophone volumetric array introduced in [6] is hosted on the rear of the tow fish
(rigidly connected), as shown in Fig. 1. The shape, aperture and number of hydrophones
of the array are conceived in a way to better exploit the wide-band nature of boat-radiated
noise and have high spatial resolution in distinguishing among closely spaced targets. Details
on the acoustic measurement system were presented in [5]. An electro-mechanical cable of
about 60 m connects the float to the tow fish.

The most important features of the wave glider featuring a acoustic array are

• detection, classification, 3D localization, and 3D tracking of target boats
• availability of results in real-time
• re-configurability of the array geometry
• adaptivity to different sound-velocity profile conditions
• low-power consumption resulting in ’24/7’ persistence.

The underwater payload in the tow fish consists of a single-board-computer (SBC) that
hosts the data analysis process, devoted to target detection and feature extraction for classifi-
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Fig. 1. The full processing chain from acoustic sensing to accurate trajectory display.

cation purposes. In particular, array processing algorithms provide time-difference-of-arrival
(TDOA) measurements of potential target. Whenever a detection is made, it is communicated
along with the orientation and depth of the tow fish to the processing unit in the main
payload bay in the float of the wave glider (at 1Hz). When the signal excess is sufficiently
high, also a set of numerical features needed for classification are computed and sent to
the processing unit in the float (where the actual classification processing takes place). The
surface payload consists of a GPS receiver, and a SBC. This SBC performs a further real-time
data processing step for (i) geo-referencing the target trajectory through GPS, (ii) launching
a classification process, and (iii) transferring output results to shore. Data communication
between underwater payload and surface payloads is through Ethernet. The surface payload
communicates the DCLT output either via a radio link or via a satellite communication to
shore lab. Each message contains a time stamp, the target position, and possibly – depending
on the target signal-to-noise ratio (SNR) – the vessel class and the level of confidence for the
classification result. The output rate depends on the communication bandwidth. A dedicated
software tool handles the arrival of email messages, parses the message content and makes the
output results available to a graphical interface in a standard format, so that target trajectories
can be displayed on a cartographic map, together with wave glider position.

III. T HE DCLT SIGNAL PROCESSING CHAIN

In order to obtain location information of non-cooperative targets with unknown wave-
forms, signals at the hydrophones of the array are compared pairwise. More specifically, for
each hydrophone pair(k, l) the signal of hydrophonek and the signal of hydrophonel are
correlated and time delays related to peaks in the resulting cross-correlation function are
extracted (see a general block diagram in Fig. 2).

These time delaysr(m)
kl , m = 1, . . . , nkl are referred to as a TDOA measurements [7].

We usednS = 6 hydrophone pairs of the passive acoustic sensor to obtained TDOA mea-
surements. For each of these hydrophone pairs, signals with a duration of one second were
used to calculate the generalised cross-correlation function following the so-called smoothed
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Fig. 2. Block diagram of the DLCT signal processing chain. The Bayesian tracking algorithmis currently applied in
post-processing; for the remaining signal processing chain a real-time implementation is available.

coherent transform (SCOT) approach [8]. Then, a simple energy detector [9] is applied to
the generalised cross-correlation function in order to extract TDOA measurements using a
threshold that is adaptive to the background noise level. These TDOA measurements are
used as input for the Bayesian multitarget tracking algorithm discussed in what follows.
Depending on the in-situ environmental conditions a machine learning algorithm based on
feature extraction and a relevance vector machine (RVM) can provide vessel class and course
information (see [10] for details)

Each TDOA measurement is related to a possible target location along a hyperboloid. For
hydrophone pair(k, l), at time t the random TDOAr(m)

t,kl that was originated by targetj is
modelled as

r
(m)
t,kl =

1

ν

(

‖p
(j)
t − q

(k)
t ‖ − ‖p

(j)
t − q

(l)
t ‖

)

+ z
(m)
t,kl , (1)

wherep(j)
t is the position of targetj, q(l)

t , is the position of hydrophonel, ν is the speed of
sound andz(m)

kl is the measurement noise which is zero-mean Gaussian with varianceσ2
z and

statistically independent acrossm and (k, l) pairs. The dependence of a measured TDOA
r
(m)
t,kl on the locationp(j)

t of the generating targetj is described by the likelihood function

f(r
(m)
t,kl |p

(j)
t ) that can be directly obtained from the Equation (1). Withr

(m)
kl observed and

thus fixed, this likelihood function describes target position information on the surface of a
hyperboloid. TDOA position information related to different hydrophone pairs is expected to
intersect in the vicinity of true target positions.

The algorithm used for multitarget was developed in a Bayesian random finite set (RFS)
setting. A random quantityX whose realizationsX = {x(1), . . . , x(n)} are finite sets ofnx-
dimensional vectorsx(1), . . . ,x(n)∈ R

nx is referred to as a RFS. Both the numbern = |X |,
n ∈ N0 of vectors in the set (the cardinality ofX ) and the vectorsx(i) are chosen randomly.
Thus,X consists of a random numbern= |X| of random vectorsx(1), . . . , x(n). In a Bayesian
RFS setting, multi-object estimation of the RFS statePt relies on the marginal posterior
PDF f(Pt|R1:t,ns

) which involves RFS measurementsR1:t,ns
, R1,1:ns

, . . . ,Rt,1:ns
. For every

time stept, f(Pt|R1:t,ns
) can be calculated fromf(Pt−1|R1:t−1,ns

) by means of a prediction
and an update step. The update step is employees the non-linear single-target, single sensor
likelihood functionsf(r(m)

t,kl |p
(j)
t ) (see [7] for details).

In the presented post-analysis, we use a variant of the RFS based localization algorithm
previously presented in [7] with the following extensions: (i) We employ a state-transition
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Fig. 3. Normalized cross-correlogram and extracted TDOA delays versus time stept for a hydrophone pair. A sequence of
extracted delays indicates a target or waveguide reflections of a target.

model to allow targets to be mobile. (ii) We consider a pseudo-3D scenario, where hy-
drophones are not on the same plane as the target. (The state of the target however consists
of the 2D position and the 2D velocity since only surface vessels are considered.)

IV. POST-ANALYSIS OF EXPERIMENTAL RESULTS

In the conducted experiment, a small fast motorboat crossing orbiting the wave glider
served as the main target. The target was equipped with a GPS receiver in order to record
its trajectory as a ground truth. In the selected data set, a second motorboat–the support boat
used for the experiment–that was drifting roughly 700 meters south-east of the wave glider
was also measured by the hydrophone array. Unfortunately, for this second target, accurate
ground truth information is not available.

For the presented results, we processed 100 seconds of data resulting in 100 time steps.
Fig. 3 shows the resulting cross-correlogram and the extracted TDOA measurementsr

(m)
t,kl .

Here, for each time step the cross-correlation function was normalized to the maximum
absolute value. In our tracking algorithm, we used a measurement noise standard deviation
of σ2

z = 10−5. Note that the measurement noise depends on the power and the bandwidth
of the received signal. Furthermore, we set the expected number of clutter measurements to
1 and the probability of detection to 0.8. The clutter pdf at hydrophone pair is uniform on
[

− 1
ν
‖q

(k)
t −q

(l)
t ‖, 1

ν
‖q

(k)
t −q

(l)
t ‖

]

. The speedof sound is set toν = 1508. We usedL = 104

particles for each potential target (see [7] for details). Furthermore, we used a constant
velocity motion model that allows for target birth and dead [11], where we set the variance
of the driving noise to42, the birth probability topb = 0.01, and the survival probability to
psu = 1− 10(−7). Note that this high survival probability is necessary to compensate for the
bursts of missed detections in the measurement data (see Fig. 3). The reference frame for
this processing of measurement data is chosen to be the initial position of the wave glider
at time t = 1 andpt,z = 0 corresponds to the water surface, i.e., zero depth. The depth of
the hydrophone array is approximately 5 meters.

Fig. 4 shows the output tracks estimated by the Bayesian tracking algorithm and RMSE
related to the track of the main target. The main target is close to the hydrophone array and
can thus be reliably tracked. The second target can only be approximately localized, since
due to its distance from the array, its uncertainty in range is very large.
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Fig. 4. Tracking output and ground truth for the main target (left), for the whole scene (middle), and RMSE localization
error vs. timet (right) for a data set acquired in La Spezia area, 3-9 April 2015. The tracker output is indicated by a red
line, ground truth information by dashed lines, respectively.

V. CONCLUSIONS ANDFUTURE ACTIVITIES

Maritime surveillance is performed using a wave glider equipped with a passive underwater
payload able to provide results for detection, localization and tracking of multiple surface
vessels at the same time. Preliminary tests at sea showed very promising results in which
accurate vessel tracks are estimated. Future activities include the real-time implementation
of the Bayesian multitarget tracking algorithm on the processing unit of the wave glider.
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Abstract: The shallow water area is characterized by concentrating a high level of human 
activity in a wide range of fields as fishing, tourism, sailing or renewable energy 
generation. This area characterizes also by a complex and variable acoustic propagation. 
All these factors make clearly recommendable to perform specific studies aimed to 
analyze the evolution of the acoustic signals during long-term time intervals. On this basis, 
this study focused to show the underwater background noise variation in the frequency 
domain using a bank of third-of-octave filters both daily and throughout the annual 
seasons.  It has been elaborated from environmental acoustic noise measurements that 
took place in the Mediterranean Sea, in a shallow water area close to the Cartagena 
Harbour. The study centers especially in the analysis of the evolution of the parameters 
defined for Descriptor 11 of the Marine Strategy Framework Directive (MSFD). The 
results of the study show a great variability of frequencies and levels mainly associated 
with the human activity in the area. 

Keywords: Underwater ambient noise, Monitoring and long-term trends. Environmental 
protection, Signal processing. 
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1. INTRODUCTION  

Traditionally the marine environment has remained little affected by external activities 
and its flora and fauna were adapted over the time to this steady environment. This 
situation changed recently in a significant way, specially from the industrial revolution. 
Nowadays, the onward increase of the anthropogenic activity in the marine field is 
entailing a growing impact on marine life. One of its consequences is the increasing 
generation of underwater acoustic noise which affects in different ways to the marine 
fauna well-being (Fig. 1.). Different studies have confirmed the effect of this kind of 
pollution on distinct marine species [1] and especially on marine mammals [2], with 
severe consequences in certain cases [3]. 

 
 

 
Fig. 1: Whale diving in the proximity of a cruise ship. 

On the other hand, the awareness on these harmful effects on the marine life has 
motivated in parallel the development of international regulations to control the acoustic 
emission in the marine area. In Europe, stands out the Marine Strategy Framework 
Directive (MSFD), aimed to the marine environment preservation based on the 
achievement of the Good Environmental Status (GES) of EU marine waters by 2020.  

 
In order to evaluate the degree of accomplishment of GES, the Directive sets out eleven 

qualitative descriptors. Among them, Descriptor 11 refers to: “Introduction of energy, 
including underwater noise, is at levels that do not adversely affect the marine 
environment”.  

 
On these basis, the present research article centers on measuring during an extended 

period of time and analyzing, following the prescriptions of the MSFD Descriptor 11, the 
levels of acoustic ambient noise in a particularly noise marine area located in the 
proximity of one of the main Spanish harbours.  

 
The article is organized in the following way: following to this introductory section, the 

second one describes the measurement area and the main characteristics of the 
measurement equipment. The third section describes the data collection, the performed 
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analysis and the obtained results. Finally, the article ends with the conclusions of the 
study. 

2. DATA COLLECTION 

The operational zone where the data set was compiled is the area of the Cartagena 
Harbour. This is an area of particularly intense human activity, with relevant maritime 
traffic in its two docks: Escombreras and Cartagena, that together configure as one of the 
ten biggest commercial and industrial harbours in Spain. Additionally, Cartagena is one of 
the most important military harbours in Spain. This intense activity makes especially 
worth to record long term underwater acoustic measurements, as a basis for further studies 
on its variation levels and potential impacts on marine fauna. 

Measurements have been collected using the SAES’ manufactured MIRS system (Fig. 
2.). This last-generation portable and light system incorporates a set of sensors to provide 
underwater acoustic, electric, magnetic, pressure and seismic measurements during long 
periods of time. MIRS incorporates among its set of sensors a calibrated omnidirectional 
hydrophone with a measurement range of acoustic data of up to 8 kHz. 

 

 
Fig. 2: MIRS system underwater unit. 

3. ANALYSIS AND RESULTS 

The analysis of the measurements includes the calculation in 1/3 octave spectra of the 
following parameters: OTO, unweighted sound pressure level (LeqT), unweighted sound 
exposure level (SEL) and unweighted zero to peak sound pressure level (Lz-p). The 
recurrence of the OTO processing is 1 second, meanwhile the recurrence of the processing 
of the other parameters is 30 seconds. For each measurement, the maximum and mean 
value for each 1/3 band is obtained. The maximum and mean values of each parameter in 
1/3 octave are used to calculate their annual and monthly variation. Also, the variations of 
the parameters in three-time intervals depending of the time of the activities in the harbour 
are estimated during day. Fig. 3 shows the monthly variation in 1/3 octave spectra of the 
maximum and mean values of each parameter. Fig. 4 shows the annual variation and 
three-time intervals. 
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Fig. 3: Monthly variation in 1/3 octave bands. 
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Fig. 4: Annual and three-time intervals variation in 1/3 octave bands. 
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Relative to the variation during the day, as it is expected, the highest mean values in 
1/3 octave bands of the parameters are for the time interval from 07:00 to 15:00. This time 
interval corresponds to the shipyard main activity. By other hand, the highest levels of the 
parameters in the monthly variation are for the summer time, when the activity of the sport 
and tourist ships increases.   

 
The mean values in 1/3 octave bands of the unweighted zero to peak sound pressure 

level (Lz-p) increase with the band, while the mean values of the rest of parameters have a 
variation of 10 dB with the frequency excepting for the lowest 1/3 bands.   

 
The maximum values in 1/3 octave bands of the unweighted zero to peak sound 

pressure level (Lz-p), also increase with the band, while the highest maximum values of the 
rest of parameters are obtained in the central bands and decrease for higher and lower 1/3 
bands.  

4. CONCLUSIONS 

In this work, the evolution of the levels of ambient noise in a particularly complex 
shallow water environment as is Cartagena harbour has been analyzed. 

The maximum and mean values in 1/3 octave spectra of the OTO, unweighted sound 
pressure level (LeqT), unweighted sound exposure level (SEL) and unweighted zero to 
peak sound pressure level (Lz-p) have been computed. The analysis of the variation of the 
underwater noise includes the annual, monthly and three-time intervals variation of each 
parameter.    

 
From the results, the highest maximum and mean values are achieved during the main 

shipyard activity time (from 07:00 to 15:00) and summer time. 
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Abstract: The paper contains the review of the practical applications of underwater   
acoustics, based on the use of matched field algorithms. Such applications include tomog-
raphy of the ocean, detection of sea objects at great distances, a joint solution of object 
classification and coordinates problems, underwater sound communication. 
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1. INTRODUCTION 
 
As it is known [1,2], one of the basic differences of hydro acoustic field from physical 

fields of another nature is the essential dependence of the signal propagation on the current 
hydro acoustic conditions (HAC). Consequently, the algorithms for solving the most prac-
tical problems of underwater acoustics, which, as a rule, are inverse problems, need to take 
in account the current HAC, i.e. they must be matched with the signal and interference 
fields. 

The aim of this work is to review practical applications of underwater acoustics, which 
are based on the matched field algorithms (MFA). 

 
2. THE TYPICAL STRUCTURE OF MATCHED FIELD ALGORITHMS 

 
The main purpose of MFA is the full extraction of the information about the class and 

coordinates of the marine object from its radiated signal. 
The typical structure of MFA is 

presented on Fig.1. MFA in addi-
tion to the parameters of input sig-
nals, measured at the hydroacous-
tic antenna output, uses a model of 
the acoustic signal propagation 
channel, formed by the special 
computer program using the pa-
rameters of the current HAC (sea 
depth, bottom relief, sound speed 
vertical distribution, the surface 
state, the thickness of the ice cov-
er, signal attenuation, reflection 
and scattering functions).  

 
 

3. MATCHED FIELD PROCESSING 
 

Matched field processing (or MFP) is subclass of MFA proposed in 1976 by 
H.P.Bucker [3]. The essence of MFP is as follows. The signal rays (or modes) detected at 
the output of a vertically developed antenna using the parameters of current HAC are fo-
cused in the arbitrary point of "distance-depth" space. All the focused signal rays (or 
modes) are coherently summed, calculating the power of the sum. After repeating this 
procedure for a large number of points in the "distance-depth" space the point with maxi-
mum power of the focused signal rays sum is considered as a true source place. 

MFP, according to H. Bucker and his followers, is supposed to solve two problems: 
 to increase the signal-to-noise ratio (SNR) due to the coherent summing of the 

signal rays (modes) and thus to increase the object detection distance; 
 to solve the problem of passive object coordinates determination. 

А large number of works were devoted to MFP over the past 40 years. However, if dur-
ing the first 20 years after the appearance of Bucker’s work the flow of work devoted to 
MFP only grew and among the authors there was an euphoria in anticipation of a quick 
solution of the problems, in the next 2 decades the picture changed to the opposite. The 
reason for this explained one of the leading specialists in underwater acoustics A.B. Bag-
geroer [4]. From consideration of different factors he concluded that MFP can work when 
the following conditions are fulfilled: 1) exploiting the low frequencies in the deep sea and 
the low and medium frequencies in the shallow water; 2) the use of antennas with large 
vertical wave size; 3) working in large SNR conditions. 

Fig.1. Typical structure of matched field algorithm
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The authors of the review [5] as a result of analyzing of a large number of works on the 
problem concluded that progress can only be achieved when using broadband signals and 
the transiting to a problem statistical decision with the use of robust procedures. 

Thus, it can be stated that the development of MFP is possible but only for certain prac-
tical applications. To wait the global breakthrough is apparently not worth. In particular, 
MFP will not bring practical effect at the small SNR (the most interesting in practical ap-
plications) and in the case of using the antennas with small vertical wave size (which are 
the mostly wide spread in practice). 

 
4. ACOUSTIC TOMOGRAPHY OF THE OCEANS 

 
The term “acoustic tomography of the oceans” 

(ATO) was proposed in work [6] by analogy to medical 
tomography, the subject of which is the disease diagno-
sis according to the results of scanning the human body 
from different sides using x-rays or another rays (the 
tomo is a part in Greek, and the tomography is record-
ing by parts). 

The essence of acoustic tomography according to [6] 
is as follows. Around the studied ocean area, the sonar 
sources and receivers are placed (Fig.2). The signals of 
each source are detected at the output of each receiver. 
The rays consisting the detected signals are separated 
and there travel times and their fluctuations are meas-
ured. The authors of [6] showed that using these data it 

is possible to solve some practical problems of studied area monitoring. 
Strictly speaking, the ATO does not fit into the scheme of generalized MFA algorithms, 

displayed in Fig. 1, since in most cases ATO does not solves the problem of removing 
information about its source from the receiving signal. ATO solves the inverse problem - 
the construction of the acoustic model of the studied area by treating signals which have 
spread through the area (Fig. 3). At the same time, missing ATO in the review of the MFA 
would be mistake, as the ATO exploits the same signal processing and the same acoustic 
channel models. 

In some cases, instead of the time of signal rays propagation it is preferable to measure 
the difference of propagation time between the different rays. To improve the accuracy the 
measurement of time difference is sometimes replaced by the measurement of the phase 
difference. 

To expand the list 
of tasks solved with 
the help of ATO, in 
addition to space-time 
spectrum the signal 
Doppler spectrum is 

measured, as well as the relationship between the coherent and diffuse components of the 
signal. 

As a development of the ATO scheme, proposed in [6], instead of special transmitters 
the natural emitters are used (dynamic and seismic ocean noises, noise of ships, signals of 
marine mammals). 

The purpose of practical tasks of ATO is, as a rule, to clarify the structure and/or pa-
rameters of some mathematical problem-oriented signal propagation space-time-frequency 
model. 

The tasks solved with the help of ATO include: 
 observation of the climate of the planet by monitoring the changes in the average 

temperature of sea water by observing changes in the average speed of sound propagation 
at large distances; 

Fig.2. The geometry of the acoustic 
tomography 

Fig.3. The typical scheme of the acoustic tomography
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 study of the influence of acoustic signals on large marine mammals (whales, sea 
lions, porpoises); 

 study of the ocean currents by measuring the time of propagation along and 
against the current using the so-called reciprocal tomography; 

 determination of sound velocity vertical distribution in a controlled area; 
 study of ocean turbulence by measuring the fluctuation of the signal propagation 

time with the periods from minutes (internal waves) to several years (climate change); 
 monitoring of sea surface state based on the analysis of the signal frequency-

vertical angular  spectrum; 
 study of the acoustic characteristics of the seabed along the route of the signal 

propagation. 
Thus, ATO is the effective method for remote study and control of the ocean character-

istics. 
 

5. THE JOINT SOLUTION OF SEA OBJECTS CLASSIFICATION AND 
COORDINATES PROBLEMS 

 
The sea objects classification as a result of there signals analyzing is one of the most 

difficult practical problems of underwater acoustics. The main reason for this complexity 
is that the decision about the class of the observed object is adopted on the base of analysis 
of parameters of a signal propagated through an ocean waveguide and substantially trans-
formed during the propagation. The content of this transform depends on the current hy-
droacoustic conditions (HAC). Thus, the algorithms of the classification of sea objects 
must take in consideration the current HAC, i.e. they must be MFA [7-9]. 

The complexity of passive determination of sea objects coordinates (range and depth) is 
in line with the com-
plexity of classification 
problem [10-12]. 

One method of solv-
ing this problem - MFP 
- has been described 
above. But, as was not-
ed, MFP imposes a 
number of specific re-
quirements, which are 
not always implement-
ed in practice. That is 
why we will consider a 
more universal ap-
proach to the problem 
solution. 

It was stated [10] 
that for determination 
the objects coordinates 
the same signal param-
eters are used that in 
the case of there classi-
fication. This is quite 

clear because if one knows the object coordinates he in many cases can determine its class 
and vice versa. Taking it in account it is advisable the both problems to decide together. 

The structure of the algorithm for the joint solution of both problems is shown in Fig.4. 
The variable environment characteristics (the vertical sound speed distribution, the sea 
surface state, the noise power) are periodically measured using special tools (block 1). 
These variable characteristics together with constant characteristics downloaded from data 
base (the bottom relief, the acoustic characteristics of the seabed and water column) are 

Fig.4. The structure of the algorithm of the classification and coordi-
nates problems joint solution 
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used to calculate the channel transfer factions (CTF) for signal propagation from different 
points of “range – depth” space (block 2). In block 3 the statistical models of primary (at 
the point of signal emission) classification features (for example, depth, speed, signal 
spectra, etc.) of different object classes are retrieved from the special data base. In block 4 
the probability models of measured at antenna output signal classification parameters are 
formed for the different object classes and different object position in the “range – depth” 
space. It is fulfilled using the statistical models of primary classification features and the 
channel transfer functions. In block 5 the signal classification parameters are periodically 
extracted from signal at antenna output. In block 6 the most probable coordinates of the 
object for each recognizable object class are determined. And then, comparing the object 
coordinates probabilities of different classes, the object class with greatest probability is 
chosen. This class and its most probable coordinates are considered as a problem decision. 

 
6. THE SOLUTION OF THE UNDERWATER COMMUNICATION PROBLEM  

 
When solving underwater communication problem, the negative influence on signal 

containing the message, produced by the signal propagation channel, have the signal at-
tenuation and distortion of its shape due to multipath propagation. In some cases, the sec-
ond factor is more significant. 

In the 80-ies of the last century it was proposed to eliminate the negative role of multi-
path propagation using MFP ideology with the only difference that the channel transfer 
function was measured instead of be calculated. The measurement of the channel transfer 
function (which is in underwater communication called channel impulse reaction - CIR) is 
fulfilled with the use of special synchrony signal, preceding the message [13-15]. 

Necessary conditions for the application of this ideology are: 1) the transmitted signal 
must be encoded in discrete digital messages (elementary parcels) and 2) the signal caring 
message and synchrony signal must be broadband (specifically noise-like) signals, allow-
ing to divide the signal rays. 

The structure of the message decoding matched field algorithm is shown in Fig. 5. In 
the simplest case, the decoding 
consists in the recognition of 
each elementary parcel by calcu-
lating its correlation with each of 
its possible discrete alternatives, 
converted using the CIR. As a 

result, the alternative with greatest correlation is chosen. In practice, however, more com-
plex algorithms are used. 

The algorithms, based on described ideology provided a manifold increase of underwa-
ter communication range, as well as solving a number of other problems, such as high-
precision relative positioning of underwater objects [16]. 

 
7. CONCLUSION 

 
Matched field algorithms are the basis for solving many applied problems of underwa-

ter acoustics. These problems include: 
 detection of objects at large distances; 
 a joint decision of object classification and coordinates problems; 
 underwater communication; 
 ocean tomography. 
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Abstract: One way to recognise an object is to study how the echo has been shaped during 
the interaction with the target. Using wideband sonar allows the study of the energy 
distribution for a large range of frequencies. The frequency distribution contains 
information about an object, including its inner structure. This information is a key for 
automatic recognition.  
The scattering by a target can be quantitatively described by its Form Function. The Form 
Function can be calculated based on the data of the initial pulse, reflected pulse and 
parameters of a medium where the pulse is propagating.  
In this work spherical objects are classified based on their filler material – water or air. 
We limit the study to spherical 2 layered targets immersed in water.  
The Form Function is used as a descriptor and fed into a Neural Network classifier, 
Multilayer Perceptron (MLP). The performance of the classifier is compared with Support 
Vector Machine (SVM) and the Form Function descriptor is examined in contrast to the 
Time and Frequency Representation of the echo.  
 
 

 

Keywords: wideband pulse, form function, signal processing, object classification, Neural 
Network. 
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1. INTRODUCTION 

The majority of sonars use narrow bandwidth pulses and measure timing of the 
returned ping. Wideband sonar brings the possibility to study the broadband echo 
structure. In this work we use wideband pulses to compute Form Function of an object.  

The Form Function describes scattering from a target. It is a signature of an object 
which depends on the object's properties including shape, size, material of the object's 
shell and material of the object's filler. Study of the scattering has a long history. 

Form Function analytical solution for simple shapes was presented by Faran [2]. 
Hickling [3] introduced a solution for a solid elastic sphere. Goodman [4] calculates 
reflection for a spherical shell with a fluid filling. Doolittle's work [5] shows a solution for 
a cylinder shell. Chinnery [6] describes acoustic scattering from a cube shape. Pailhas [7] 
presented a solution for a multi layered spheres.  

In this work we use a two layer sphere as a target. The spherical target is a simple 
geometrical shape with a spherical symmetry. This shape provides independence from the 
view angle. 

The Form Function is handled as a descriptor of the object. It has distinguishing peaks 
and notches. Positions of the peaks and notches are related to the object's properties. The 
targets are classified based on the Form Function with the MLP Neural Network 
Classifier. The approach provides object classification based on their filler material. 

There are number of approaches which provide insight for object classification based 
on the target scattering [8], [9], [10], and [11]. The novelty of this method is the 
combination of the Form Function and a Neural Network classifier for the filler material 
based classification.  

The paper compares results of the MLP classifier with the SVM classifier for the same 
dataset and object descriptors. Using the Form Function as a primary object descriptor, we 
compare it with an echo representation in Time and Frequency Domains. 

2. METHODOLOGY 

The object classification approach can be presented in three steps: scattering 
segmentation, calculation of the Form Function and classification, Figure 1.  

 
2.1 ECHO SEGMENTATION 
 
The recordings are made in a 3 x 4 x 2 m water tank. The target is fixed in the water in 

a range from 1.5 to 3 metres away from the sonar. The objects are located in a far-field of 
the sonar’s transducer.  

 
 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  484



 

           
 

Fig.1: Classification scheme.  
 

Due to the size of the water tank the recorded data contains reflection from the object, 
walls, bottom of the tank and other surfaces, Figure 2. 

 

 
 

Fig.1: Recording of a response (blue) and matched filtering output (red) of the  
first 30 ms of a recording. 

 
The echo from the object is segmented using a matched filter. Based on the 

experimental set-up only one object is located in the range from 1.5 to 3 metres, 
corresponding to time of 0.002 ms to 0.004 ms. The first peak in the matched filtering 
output in the range is detected as the object surface. Duration of the echo is fixed for all 
the recording to 2.0 ms.   

 
2.2 FORM FUNCTION CALCULATION  
 
The Form Function expresses a pressure field scattered from a target in a range of 

frequencies [1]. It describes the way an object scatters a pulse, which makes the Form 
Function a good descriptor of an object itself. 

In this work the Form Function is calculated from scattered and incident pulses with a 
knowledge about the medium where the signal is propagating. The frequency range of the 
function is limited by the bandwidth of the initial pulse. 

The Form Function is computed based on [8], where the scattered echo is calculated 
from a Form Function and initial pulse. Reformulating the task, the Form Function can be 
found by Equation 1, where r is a distance between source and the target, s(t) is a reflected 
pulse and si(t) – initial  pulse. 
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The distance to the object r is a parameter which has to be evaluated for each set of 
experimental data separately. The distance between the pulse source and the object is 
computed based on the matched filter output.  

The distance r is proportional to the distance between first peak and the peak detected 
as the scattering from the object of interest, ∆t, Equation 2, where c is the speed of sound 
in the outer medium. 

2
ctr    

(2)

In this work the Form Function is computed for a set of spherical objects. The objects 
divided into 2 classes: filled with air and filled with water. They were insonified with a 1 
ms linear down-chirp pulses in a frequency range from 30 to 160 kHz.  

Figure 2 illustrates an example of the Form Function calculated for the reflection from 
an aluminium sphere filled with water. 

 
 

Fig.2: Form Function of an aluminium sphere. 
 
The calculated Form Functions are used as descriptors for the classification. 

 
2.3 CLASSIFICATION 

 
The high performance of Neural Network classifiers was a motivation for the choice of 

a Multilayer Perceptron (MLP).  The MLP has a 5 fully connected layers (FC) 
configuration, see Figure 3.  The FC layers, except the output layer, are followed by 
Dropout layers with p=0.5 to prevent overfitting of the NN. ReLU activations are used for 
all the layers except the output layer, which uses sigmoid activation. 
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Fig.3: Multiplayer Perceptron architecture 

 
The results of the MLP classifier are compared with the Support Vector Machine 

(SVM) classifier. SVM classifier is chosen as binary classifier with a Radial Basis 
Function kernel. 

3. RESULTS 

The data is classified into 2 classes with 430 examples per class. The classification is 
performed with 3-Fold cross-validation for both classifiers to eliminate effect of data on 
the classification accuracy and provide fair evaluation of the results.  

Performance of the Form Function based classifiers is compared with performance of 
the echo in Time and Frequency Domains based classifiers.  Results for both MLP and 
SVM classifiers are summarised in Table 1.  

 
Echo representation Mean Accuracy ± Standard Deviation, % 

MLP SVM 

Form Function 98.60 ± 1.31 91.98 ± 1.78 

Frequency Domain 92.43 ± 3.41 52.67 ± 5.28 

Time Domain 97.21 ± 3.94  49.18 ± 1.96 

 
Table 1: Classification performance of MLP and SVM. 

The highest accuracy is achieved with Form Function based MLP classifier. The results 
show that MLP classifier outperforms SVM. The Form Function based classification 
results present higher accuracy for both classifiers. The performance of the SVM classifier 
demonstrates significant advance in the accuracy for the Form Function case, while MLP 
results have less critical difference. This difference in variation can be caused by the high 
performance of Neural Network classifiers in general.  

4. CONCLUSION AND FUTURE WORK 

This paper presents an approach for classification of spherical objects based on Form 
Function with a MLP Neural Network classifier. The objects are classified into 2 groups 
based on its filler material. The classifier is compared to the SVM classifier and Form 
Function descriptor is evaluated in contrast to the echo representation in Time and 
Frequency Domains. The Form Function based MLP classifier outperforms the other 
results showing 98% classification accuracy.  

The results shows advantage of using the Form Function descriptor and illustrate that 
the Form Function is a stable feature vector which doesn't depend on the initial pulse and 
suitable for classification of object's materials. 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  487



 

For future work, we would like to interpret the Neural Network classifier. It would 
provide information about components of the Form Function which are participating in the 
classification and give a possibility to connect its structure to the physical parameters of 
the object. 
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Abstract: We previously designed and produced a prototype system with an aspherical 
lens that had a 1-m aperture diameter and a 2-D receiver array with 127 elements for 
ambient noise imaging (ANI). We verified that this system could realize the directional 
resolution, which is the beam width of 1 degree at the centre frequency of 120 kHz, a 
horizontal field of view of 15 degrees, and vertical of 9 degrees. In November 2014, a 2nd 
sea trial was conducted to evaluate the performance of this ANI system. The detected 
images mapping intensities of target scatterings successfully expressed the shapes of some 
silent targets, consisting of panels and spheres under natural ocean ambient noise, 
generated mainly by snapping shrimps. In the present study, we attempted to detect 
images of silent targets with frequency-dependent echoes generated by snapping shrimp 
noises. The 3rd sea trial was conducted to detect two sphere targets in November 2016 in 
Uchiura Bay. Each target was designed to have a frequency response peak of 80 or 160 
kHz. Our ANI system successfully received the different frequency-dependent echoes from 
the two targets. In the near future, we plan to create target images from received echos to 
express target frequency dependence with RGB additive colour mixing. Here, the received 
frequency band from 50 to 200 kHz will be divided into three parts, and the received 
intensities of low-, mid-, and high-frequency bands will be assigned to Red, Green, and 
Blue colour, respectively. 

Keywords: Ambient noise imaging, Acoustic lens, Sea trial, frequency dependent echo 
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1. INTRODUCTION  

Buckingham et al. first developed the revolutionary idea of viewing ambient noise as a 
sound source rather than as a hindrance [1]. This method of sonar, that is neither passive 
nor active, is often called ambient noise imaging (ANI). Several groups have built 
experimental systems to verify the idea of ANI. Epifanio et al. developed 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 [2]. Venugopalan 
et al. built 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 [3]. These systems were able to successfully detect silent target objects under 
dominant snapping shrimp noises. Recently, the ROMANIS was rebuilt by Chitre et al., 
who were also able to create stable target images. At the same time, they successfully 
estimated the target range using noise source positions [4]. 

In our previous studies, we analysed several sound pressure fields focused by lenses 
constructed for an ANI system [5-7]. We also designed and built an aspherical lens with 
an aperture diameter of 1.0 m for our 1st prototype ANI system. On November 8-13, 
2010, the 1st sea trial of our 1st prototype ANI system was conducted by mounting a 1-D 
hydrophone array on the image surface of the lens to measure its directional resolution. 
We verified that this acoustic lens achieved directional resolution with a beam width of 1 
degree at the centre frequency of 120 kHz over a field of view from 7 to +7 degrees [8].  

Another silent target detection sea trial was also conducted under only background 
noise in Uchiura Bay, Japan. Many transient sounds were detected by hydrophones 
arranged on each image point. We classified the received transients roughly into directly 
received noises and target scatterings. A classification method was proposed to extract 
only transients classified as target scatterings. Finally, we were able to verify that the 
power spectrum density levels of the on-target directions were greater than those of the 
off-target directions in the frequency band higher than 60 kHz using the data classified as 
target scatterings. Thus, we succeeded in detecting silent targets under ocean background 
noise generated mainly by snapping shrimp [9].  

Recently, we estimated the spatial distribution of noise sources using a pair of 
tetrahedron arrays, and reported some results along with a discussion of the relationship 
between noise source positions and target scatterings [10]. To create a pictorial image of a 
target under natural ocean ambient noise, it is necessary to arrange a 2-D hydrophone 
array to provide full coverage of the image surface. We therefore built our 2nd prototype 
ANI system with a 2-D hydrophone array. To evaluate the 2nd prototype system, a 2nd 
sea trial was conducted in Uchiura Bay in November 2014. The data analysis results 
showed that the pictorial images of some targets were successfully created using ambient 
noise [11, 12]. 

In the present study, we tried to image silent targets with frequency-dependent echoes 
generated by snapping shrimp noises. The 3rd sea trial was conducted to detect two sphere 
targets in November 2016 in Uchiura Bay. Targets were designed to have a frequency 
response peak of 80 kHz or 160 kHz. In this paper, we report the preliminary results of the 
analysis. 
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2. EXPERIMENTAL SETUPS 

The 3rd sea trial was conducted in an actual ocean environment on November 28-30, 
2016. As in the 1st and 2nd sea trials, the equipment was deployed on the barge “OKI 
SEATEC II”, which is moored at Uchiura Bay. The water depth at this location is a 
nominal 30 m. The experimental arrangement is shown in Fig. 1. The 2nd prototype 
imaging system constructed with the acoustic lens and hydrophone array was suspended 
from the end of the barge. To eliminate the directly received noises, the soundproof boards 
were attached around the hydrophone array. Two sphere targets, called SonarBells® 
(SALT Ltd.), were suspended from the barge. The SonarBell is a kind of passive sonar 
reflector, and can be designed beforehand to have a frequency response for single or 
multiple peaks, or for a broadband response [13]. In this trial, we designated the frequency 
response of each target to have a single peak of 80 kHz or 160 kHz, and each diameter 
was 275 mm. Two pingers, which are spherical sound sources 22 mm in diameter, were 
also attached near the targets for verification of ANI detection and target alignment; these 
radiated burst pulses of 130 kHz. Using a spherical element made of piezoelectric 
ceramics, the pinger had nearly perfect omni-directionality in the horizontal and vertical 
directions. At the beginning of the trial, we confirmed that the targets were present in the 
field of view using the pingers’ sound. The frequency-dependent echoes were collected 
under natural ambient noise generated by snapping shrimps, after pinger radiations were 
silenced. 
 

15 m

Sea Bottom

Target (SonarBell)

Sea Surface

Barge (SEATEC II)

30 m

Pinger for 
Alignment

Imaging 
System

Ⅱ

 
Fig.1: Experimental arrangement of the 3rd sea trial. 
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3. PRELIMINARY DATA ANALYSIS RESULTS 

Figure 2 shows the preliminary data analysis results in the 3rd sea trial. The figure  
contains examples of time series of target echoes, its power spectrum, and spectrum’s 
difference between on-target and off-target. In Fig. 2(a), echoes from the 80-kHz target 
were detected by the received beam for the horizontal angle of +1 degree and the vertical 
angle of 0 degree. The SonarBell generates echoes composed of two components. We can 
see that the time series includes a 1st echo at about 600 s and a 2nd echo at about 1600 
s. The former is scattered from the front face of the target, and the latter is focused and 
back in the direction of the sound source by the inner structure of the SonarBell [13]. The 
power spectra at on-target and off-target show the different shapes around 80 kHz, and the 
difference in the spectra shows that the echoes have a frequency response peak of 80 kHz. 
In Fig. 2(b), for the 160-kHz target, similar echoes were detected by the received beam for 
the horizontal angle of +6 degrees and the vertical angle of 0 degree. It can be seen that 
the time series includes a 1st echo at about 500 s and a 2nd echo at about 1500 s. The 
power spectra at on-target and off-target show the different shapes around 160 kHz, and 
the difference in the spectra shows that the echoes have a frequency response peak of 160 
kHz. Thus, it was confirmed that our ANI system can receive different frequency-
dependent echoes from two targets. 

4. CONCLUSIONS 

In this study, we tried to image silent targets with frequency-dependent echoes 
generated by snapping shrimp noises. The 3rd sea trial was conducted to detect two sphere 
targets called SonarBells in November 2016 in Uchiura Bay. Targets were differentially 
designed to have a frequency response peak of 80 kHz or 160 kHz. Our 2nd prototype 
ANI system successfully received the different frequency-dependent echoes from the two 
targets. 

In the near future, we plan to create the target image by these received echoes to 
express target frequency dependence with RGB additive colour mixing. Here, the received 
frequency band from 50 to 200 kHz will be divided into three parts, and the received 
intensities of the low-, mid-, and high-frequency bands will be assigned to Red, Green, 
and Blue colour, respectively. Then, the each pixel of the image will provide information 
not only regarding the intensity, but also the principal frequency of the target echo. 
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(a) Target of 80 kHz 
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(b) Target of 160 kHz  

Fig. 2: Example of time series of target echo (top panel), its power spectrum (mid panel, 
solid line: on-target; broken line: off-target), and spectrum’s difference between on-target 
and off-target (lower panel) obtained in the 3rd sea trial. (a) Results of 80-kHz target; (b) 

results of 160-kHz target. 
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Abstract: In order to remove the redundant features and noise features to improve the 
accuracy of underwater acoustic target recognition, we propose a feature selection 
method based on sparse spectral regression (SSR-FS). The proposed algorithm first 
construct a graph using the original high-dimensional feature data, and then the high-
dimensional feature space is transformed into the low-dimensional feature space by 
sparse spectral regression, the low-dimensional feature space can still preserve the 
attribute of the original data. All features in this low space are then ranked and sorted by 
their classification ability. The top N features construct the optimal feature subset. The 
comparative experiment of the recognition accuracy of the support vector machine (SVM) 
on the real-world underwater acoustic target data shows that the proposed algorithm 
obtains better recognition accuracy compared with without feature selection, while the 
number of features decreasing to 21% of original features. This means that the proposed 
algorithm can effectively eliminate redundant features and noise features, and it can 
effectively improve the recognition accuracy and short the recognition time. 

Keywords: underwater acoustic target recognition, feature selection, sparse spectral 
regression 
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1. INTRODUCTION 

In order to obtain better classification results, researchers have used a variety of 
methods to extract the multi-domain features of ship radiated noise. However, the 
increased number of features is accompanied by the following problems: (1) the samples 
of the ship radiated noise is difficult to obtain, which results in the samples being too few 
but the number of features is very large, so that the high-dimensional small-sample data 
makes the classification rate decrease; (2) Because the noise features of multi-domain ship 
noise are described from different angles, there are certain features that are irrelevant or 
redundant to the recognition task, which also reduces the recognition accuracy of 
underwater acoustic targets. Therefore, feature selection before noise classification is 
necessary to remove redundant and uncorrelated features. 

Based on whether the label information is available, feature selection methods can be 
classified into supervised and unsupervised methods. Supervised feature selection methods 
usually evaluate the importance of features by the correlation between features and class 
label. Unsupervised feature selection methods often need to select the features which can 
preserve the intrinsic clustering attributes of the samples due to the absence of class labels. 
In the classification of ship radiated noise, unsupervised feature selection method[1] are 
still need to be further studied compared with the method of supervised feature 
selection[2]. The general unsupervised feature selection methods can only exclude some 
irrelevant features, but unable to eliminate the redundant features, cannot achieve the 
desired recognition results. Therefore, this paper proposed a feature selection method 
based on sparse spectral regression (SSR-FS). The algorithm first computes the relation 
matrices which can represent the geometrical structure of a given dataset by using a 
specific method; then select the appropriate eigenvectors of the matrix, and represent the 
original data set by the corresponding low-dimensional embedding; finally, the 
transformation matrix is obtained through the sparse constraint; the feature can be 
effectively selected by the transformation matrix. The algorithm performs the feature 
selection using the actual measured underwater acoustic target dataset and performs the 
SVM classification experiment. The results show that the algorithm can solve the problem 
of ship radiated noise feature redundancy, and improve the classification accuracy of ship 
radiated noise. 

2. SPECTRAL GRAPH THEORY 

The study on spectral graph theory mainly utilizes mature algebraic theory and 
techniques, meanwhile combines the graph theory and combinatorial mathematics to study 
the relationship between the structure of graphs, graph spectrum and other invariants[3]. It 
associates algebraic properties of graphs with networks topological properties closely. In 
the spectral graph theory, in order to study the properties of graph spectrum and graphs, 
variety matrices of graphs have been introduced, such as the adjacency matrix, associative 
matrix, distance matrix, and Laplacian matrix. These matrices are related closely to the 
graph structures. In this algorithm, the adjacency matrix is used. The eigenvalues of the 
adjacency matrix of the graph are invariants under the isomorphism of graphs. 

2.1 GRAPH CONSTRUCTION 
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Given a graph G(V,E), it contains two sets: V is the vertex set and E is the edge set. 
According to the given data sample set X , one-to-one correspondence between the data 
points and the vertices of the graphs is established, and the similarity of the data points is 
defined as the edge of the graph, thus making the sample set and graph have one-to-one 
correspondence. The graph is a topological mechanism whose topological properties are 
represented by the weights of edges. 

For the training sample set 1 2(x , x , ,..., x ), x m
n iX R  , 1 2, ,..., mf f f are the m eigenvectors. 

The i-th vertex iv of G corresponds to the i-th sample ix X .In this algorithm, we use the 
Gaussian kernel function to compute the weight of the edge iE , denoted as ijW ,and search 
for the k neighbor jx of each sample point ix , and ix  is also the k-nearest neighbor of jx , 
then the edge weight matrix of the graph G is  

2

22
i jx x

ijW e 




                                                     （1） 
If ix  and jx are not k-neighbor for each other, then 0ijW  . The larger the value of ijW , 

the closer the samples ix  and jx  are, and the more information they contain, and to a 
certain extent, it reflects the similarity between vertex iv  and vertex jv . Therefore, the 
weight matrix n nW R   is also called the adjacency matrix[4]. 

3. UNSUPERVISED SPECTRAL FEATURE SELECTION 

This algorithm mainly contains two parts: graph embedding[5] and sparse spectral 
regression[6]. 

3.1 GRAPH EMBEDDING 

In the unsupervised scenario, learn pseudo cluster labels (graph embedding) can guide 
the feature selection process. It has also been shown that the local structure of data is very 
important for exploring the cluster structure of data. By exploring local structure of data, 
we can get more accurate pseudo cluster labels. 

Let 1{x ,..., x } Rm n
nX    denote the data matrix, whose m is the number of features and n 

is the number of samples. Suppose these n instances belong to c classes. Denote 
1[y ,...y ] [y ] {0,1}n c

c ilY     as a partition matrix of data matrix X . To utilize the local 
structure of data, we assume the label of a data point can be predicted by its neighbors. 
The adjacency matrix is constructed by the method described in Section 2.1. 

In order to alleviate the side effect of irrelevant and noisy features, here we employ 1 -
norm, which reduces the effect of large fitting error. Thus, we have, 

1
1

min (Y)
n c

c

l l
Y R l

J y Wy
 

                                                   （2） 

Although the above objective function with respect to the partition matrix Y is 
attractive, it’s difficult to derive a quadratic form. In this paper, we employ the scaled 
partition matrix 1(Y Y)TQ Y  . Balanced clusters, which can lead to better performance in 
practice, are obtained by the scaling procedure. It can be proved that 

1
min

Q
Q WQ is 

equivalent to minimizing the following problem 
(F) Tr(F MF)TJ                                                         （3） 
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where (D )TM W W   , D is the degree matrix of (W W )T . 1[f ,..., f ]cF   is defined 

as
1
2(Y Y)TF Y


 , and T

cF F I . 

3.2 SPARSE SPECTRAL REGRESSION 

The graph embedding is discrete in natural. By relaxing and approximating it in 
continuous values, noise is inevitably introduced. Without considering the noise on the 
estimated cluster structure, the feature selection process may be misguided. Based on the 
recent development in principle component analysis, we propose a robust spectral 
regression model, which assumes the learned cluster structure may be arbitrarily 
corrupted, but the corruption is sparse. We introduce a sparse matrix n cZ R   to explicitly 
capture the sparse noise. Thus, the goal of robust spectral regression is to approximate F as 

  
2

,

1 22,1

min (F Z) X

. ,

T

FW Z
W

s t Z H 

 

 
                                                          （4） 

where 1  and 2  are very small positive numbers. iH is the spectral regression coefficients 
where 2,1 -norm is imposed to pursue row-wise sparse. Specifically, iH shrinks to zeros if 
the i-th feature is less relevant to the estimated cluster structure. 

3.3 THE OBJECTIVE FUNCTION OF SSR-FS 
In the previous subsections 3.1 and 3.2, we explore the graph embedding and sparse 

spectral regression. By combining the robust graph embedding (Eq. (3)) and robust sparse 
spectral regression (Eq. (4)) into a unified framework, we obtain the following objective 
function: 

                              

 
2

2,1 1, ,
min (F MF) (F Z) X

. . ,

T T

FF H Z

n c T
c

Tr H H Z

s t F R F F I

  


    

 
                      （5） 

Let Eq. (5) be  
2

2,1 1(H, Z,F) (F MF) (F Z) XT T

F
L Tr H H Z                   （6） 

where three variables ,H Z  and F  are involved. In this paper, we used the control variable 
method to solve the minimum value of (6) with respect to ,H Z  and F  variables 
respectively, and repeat this process until convergence. Specific solution process is as 
follows: 
1) Optimize H  for fixed F  and Z : The optimization problem for updating H  is 

equivalent to minimizing 

   
2

1 2,1(F Z) XT
F

L H H


                                           （7） 

2) Let 1 2 (X H (F Z)) 2 0TL X DH
H





    


, thus we get 

1

(F Z)TH XX D X



    
 

                                   （8）   

where D  is a diagonal matrix with 1
2ii

i

D
H

  

3）Optimize Z  for fixed H  and F : The optimization problem of updating Z  is equivalent 
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to minimizing 
2

2 1 ,  T
FE Z Z E FL X H


                                     （9） 

The optimization problem in Eq. (9) can be solved efficiently by setting the threshold 
operation, and the closed form solution is as follows: 

     

0,                   |

,  

2

1  

|

2

ij

ij

ij
ij

E

ot
Z

E
E

herwise







 
  
 
  

                                  （10） 

By substituting Eq. (10) into Eq. (9), we get 
        2min  ij

ij

E L                             （11） 
where 

     

2

2

,                

 
2

,

|
2

 

|ij ij

ij

ij

E E
E

E otherwise




 
 

  
      

                                       （12） 

The right part of Eq. (11) is denoted as Huber-estimator in statistics. 
4）Optimize F  for fixed H  and Z : By incorporating the orthogonal constraint of F  into 
the objective function via Lagrange multiplier, it is equivalent to optimizing 

    22
3     

2
s.t.  0

T T
cF F

vTr F MF F A F F

F

L I    


                         （13） 

where TA X H Z  . In practice, v is set to be large to ensure the orthogonal condition. 
Inspired by recent development in non-negative matrix factorization community[7], we 
present an iterative multiplicative updating rule to solve Eq. (13). Let n cR   be the 
Lagrange multiplier, then we have 

  22F) (
2

( )T T
cF F

TvTr F ML Tr FF F A F F I                      （14） 

   Setting (F) 0L
F





, we get 

 2 TMF F vFF F vF A       
 

   By employing the KKT condition 0ij ijF  , we get 
0T

ijij
MF F vFF F vF A F                                   （15） 

   By calculating equation (15), we get 

  
[M F F A ]

[M F F FF F A ]
ij

ij ij T
ij

F F
 

  

 

 

 


  
                               （16） 

where ( M ) / 2ij ij ijM M    , ( M ) / 2ij ij ijM M   ； A A A   . 

3.4 THE PROCESSING FLOW OF SSR-FS 

Through the detailed introduction of the principle of SSR-FS in Section 3.1, 3.2 and 
3.3, the transformation matrix H  is finally obtained, find the 2,1 -norm of H [8-9], sort in 
descending order, and choose the top-ranked features as the optimal feature subset. The 
processing flow of  SSR-FS is shown in Figure 1. 
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Figure .1: The processing flow of SSR-FS 

4. EXPERIMENTS 

4.1 Dataset Preparation 

In this paper, we use an real-world underwater acoustic target dataset to validate 
performances of the SSR-FS algorithm experimentally. 

The underwater acoustic target dataset contains 71 features extracted from radiated 
noises signals of ships obtained by passive sonar, including wavelet analysis 
features(similar measurements of wavelet signals at all levels and low frequency envelop 
features of wavelet decomposition), waveform structure features(peak to peak amplitude 
distribution features, zero-crossing distribution features and wavelength difference 
distribution features), MFCC (Mel Frequency Cepstrum Coefficient) features and auditory 
spectrum features. There are totally 1920 samples of 2 classes of underwater acoustic 
targets, each class contains 960 samples. The detailed information of the datasets is shown 
in Table 1. 

Table 1: Data Specification 

Data Number of 
features 

Number of 
class 

Number of 
samples 

Underwater acoustics 
target 71 2 (960, 960) 

Input data, setting  parameters , ,    , number 
of iterations v  and number of neighbour k  

Construct the k-nearest neighbourhood graph 
represented by adjacency matrix W

Calculate the degree matrix D

Initialize the matrix  , ,F Z H  

Solve the objective function (6),  obtained H  

Convergence?

All features are sorted in descending order 
according to the value of iH  

Yes

No
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4.2 PARAMETER SETTING 

From the flow chart of the SSR-FS algorithm in Section 3.4, it can be seen that the 
feature selection structure depends to a certain extent on the choice of the parameters ,   
and  . In this paper, the number of iterations is taken 100 times, and 5 fold cross validation 
is used to analyse the influence of three parameters ,  and  , on the accuracy of 
classification by the control variable method. The results are as follows: 
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Figure .2: The influence of parameters , ,   on the classification accuracy of actual 

measured underwater acoustic data 
As shown in Figure 2, the correct classification rate is best when   is 0.01,   is 100 

and   is 0.01. 

4.3 CLASSIFICATION EXPERIMENTS AND RESULTS 

Using the above data, the experiments of classification on SVMs were taken using the 
feature selection results of SSR-FS, and the results SVMs classification are verified by the 
5-fold cross validation. The results are shown in Figure 3. 
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Figure .3: The SVM classification accuracy before and after the feature selection 
 

Referred to the feature selection module of SSR-FS algorithm, we get variation rule of 
correct classification rate when choosing diverse dimensions of features as shown in 
Figure 3. It can be clearly seen that, after feature selection, correct classification rate has 
greatly improved. From Figure 3 we observe that the tendency of recognition rate curve is 
going up at the beginning and staying stable after it has reached a certain value. It 
indicates that for actual measured underwater acoustic dataset only a part of features are 
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needed to maximize recognition rate. Too few features cannot get ideal recognition rate 
for sure, while redundant features would also result in unsatisfactory recognition rate. 
However, the feature selection algorithm of SSR-FS can not only decrease dimension of 
features, but also increase classification accuracy. 

We also draw the samples described by the best two features (denoted as features 1 and 
2) and the worst two features (denoted as features 3 and 4) evaluated by our method in a 
two-dimensional plane respectively. As shown in Figure 4, samples are distributed in 
different areas described by the best two features, meaning the best 2 features have a good 
classification capability. Meanwhile, samples are mixed together described by the worst 2 
features, showing poor classification capability. 
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(a ) The best two features                                       (b) The worst two features 

Figure .4: Scatters of classified samples 

5. CONCLUSION 

Classification experiment results of proposed algorithm on actual measured underwater 
acoustic dataset demonstrate that: this algorithm can effectively direct the searching 
procedure of optimal sample and feature subset, which greatly decreases the number of 
samples and features. The ensemble model of classifiers after feature selection gets better 
classification performance compared to the models without feature selection. The 
algorithm can effectively eliminate redundant or irrelevant features, and thus select the 
most useful feature subset for classification and recognition. 
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Abstract: Underwater mine countermeasures aims to detect explosive devices that can be found
on the sea bottom. In a broad sense, an underwater mine countermeasure system brings to-
gether acoustic sensors and detection algorithms that operate on the data produced by the
sensors. The capabilities of a mine countermeasures system have to be ultimately assessed on
real acoustic data. The purpose of this paper is to present the wideband acoustic data that were
collected during the ONMEX and MANEX sea trials, organised by the Centre for Maritime Re-
search and Experimentation (CMRE) in September/October 2016. The data were collected with
a new multi-beam wideband sonar that was mounted on a REMUS-100 autonomous underwa-
ter vehicle (AUV). The wideband sonar programme is the result of a combined effort between
Hydrason Solutions and Heriot-Watt University. The sonar itself comprises two transmitters
and two arrays of eight receivers that jointly operate over a broad range of frequencies from
20 kHz to 180 kHz. The sonar is able to elicit the resonances of natural and man-made ob-
jects, which makes it a sensor of choice for the mine countermeasures system. Several objects
were deployed on the seabed at various locations over the course of the trials. These objects
included three Manta-type mine-like objects (MLOs), two rocks, one cylinder and one Rockan-
type MLO. The REMUS-100 AUV and wideband sonar were repeatedly flown over the objects
in lawn-mower search patterns. The vehicle and sonar also performed circular reacquisition
patterns over each object. A substantial data set containing the acoustic responses of the ob-
jects at all aspect angles was thus gathered.

Keywords: Wideband sonar systems.
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1. WIDEBAND SONAR

The wideband sonar is based on novel bio-inspired hardware and processing techniques
originated from studies on bottlenose dolphins. Having developed their sonar systems through
more than a million years of evolution, dolphins are highly proficient in the tasks we need to
address in marine environments. In attempting to mimic at least some of the capabilities of dol-
phins, the wideband sonar offers an approach fundamentally different from conventional sonar
systems. In most existing systems the wideband acoustic information used for identification
and recognition of objects is thrown away in the process of image formation. By retaining all
of the echo information, we aim to improve object recognition and diagnostic potential, see [1–
7]. During the 2016 ONMEX and MANEX sea trials, wideband acoustic data of a variety of
objects were collected with Hydrason’s UWBS (Ultra WideBand Sonar) system. The system
comprises two transmitters and two receiver arrays of eight elements each. Basic specifications
of the system are listed in Table 1.

Hydrason UWBS: system sepcifications
Operating frequency 20-180 kHz
Sampling frequency 1 MHz
Number of output channels 1
Number of input channels 8
Beamwidth (single element) 40◦

Range 1.0-75 m
Power consumption 36 W
Depth rating 300 m

Table 1: Hydrason UWBS System Specifications

The UWBS array, as pictured in figure 1, is composed of 8 individual and independent
elements. Each element has the same operating bandwidth of 1kHz to 200kHz, and the same
horizontal and vertical beamwidth of 40◦ and 80◦ respectively at 60kHz. Each element is
approximatively 5cm wide. The array is arranged in a linear configuration with all the elements

Fig. 1: 3D drawing of the UWBS receiver array.

juxtaposing each other. The echo signal arriving at each element is recorded independently
through 8 independent channels.
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2. METHODOLOGY

2.1. DATA GATHERING PURPOSE

The main objective of these trials was to collect a vast amount of acoustic data using the
UWBS array system and three sidescan sonars to study the problem of coherence. The UWBS
array system covers a very broad band of frequencies (20-180kHz exploitable). It also has a
very wide beam pattern (40deg @ 60kHz). In a way similar to SAS systems, the UWBS array
system ”sees” every particular point in the scene numerous times. It is therefore particularly
well adapted to measure spatial coherence. The multi-element aspect of the array system al-
lows us, via adaptive processing, to maximise the SRR (Signal over Reverberation Ratio), and
thereby to track a cleaner measurement of the coherence of a particular point in the scene. We
aimed to carry out repeated measurements at different grazing angles and different aspects in
a number of different types of environment to assess the limit of coherence loss and its de-
pendency on look-angle, frequency, seabed type, etc. A special emphasis has been put on any
man-made targets present in the environment and polygonal/circular target re-acquisition have
been performed to maximise information gain. The output of the trials will deliver a neces-
sary data set to answer fundamental questions about coherence as well as material to develop
recognition algorithms based on coherence processing.

2.2. MISSION PLANNING

Mission planning of the REMUS-100 vehicle played an important role during the trials.
As explained earlier, the main goal was to gather data to study acoustical coherence and more
specifically the limits of decoherence, in particular the angular limits. Two strategies were
adopted for data gathering:

• discrete acquisitions: The vehicle run in straight lines over the same area with different
angles. The advantage of these patterns is that the distortion is minimum allowing easier
registration. Figure 2(a) shown an example of such pattern: the target here is ”seen” 36
times with 10◦ angle difference between each views. Figure 2(b) pictures 18 sidescan
views of the cylinder target.

• continuous acquisitions: the UWBS array system acquired continuous echoes for all
360◦ angles. The vehicle runs co-centrical octagons around a specific area or target.
There are two advantages to this re-acquisition pattern: the target is ”seen” continuously
over all 360◦ angle, and the re-acquisition time is greatly reduced compared to discrete
acquisitions [8]. Figure 3 pictures an UWBS image of the cylinder target using such
pattern. The target is ”seen” for around 1km.

3. TARGETS

During the 2016 ONMEX and MANEX trials, targets were deployed at pre-determined lo-
cations. Seven targets were laid on the seabed in total. Figure 4(a), (b) and (c) shows pictures of
three concrete replicas of Manta mines. Two concrete rocks of about the same size as the Manta
mines were also deployed. Figures 5(a) and (b) show images of the rocks being recovered at
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Fig. 2: (a) Example of a discrete target re-acquisition pattern. (b) Views of the cylindrical
mine with a sidescan sonar.

Fig. 3: UWBS image of the cylindrical mine continuously tracked during 1km.

the end of sea trials. Finally, a concrete replica of a cylindrical mine (pictured in figure 6(a))
and a rockan mine (pictured in figure 6(b)) were also deployed.

(a) (b) (c)

Fig. 4: Pictures of the concrete replicas of Manta mines.

4. SEA TRIALS

The Remus-100 vehicle and the UWBS system were repeatdly flown over the targets during
the sea trials. More than twenty missions were conducted in total. Figure 7 shows an example
of a circular acquisition pattern over five targets. The mission lasted for 45 minutes. Figure 8
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(a) (b)

Fig. 5: Pictures of the concrete rocks.

(a) (b)

Fig. 6: Pictures of the concrete (a) cylindrical mine and (b) rockan mine.

shows an example of a discrete acquisition pattern a single target. The mission lasted for 1h
and 20 minutes.

Working area of mission #: 009
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Pattern of mission #: 009

Fig. 7: Continuous target acquisition
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Working area of mission #: 007
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Pattern of mission #: 007

Fig. 8: Discrete target acquisition

5. CONCLUSIONS

The purpose of this paper was to present the wideband acoustic data that were collected
during the 2016 ONMEX and MANEX sea trials, organised by the Centre for Maritime Re-
search and Experimentation. Several objects were deployed on the seabed at various locations
over the course of the trials. The REMUS-100 AUV and wideband sonar were repeatedly flown
over the objects. A substantial data set containing the acoustic responses of the objects at all
aspect angles was thus gathered. This will deliver a necessary data set to answer fundamen-
tal questions about coherence as well as material to develop recognition algorithms based on
coherence processing.
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Abstract: Deep convolutional neural networks (CNNs) are developed to perform 
underwater target classification in synthetic aperture sonar (SAS) imagery. The deep 
networks are trained using a huge database of sonar data collected at sea in various 
geographical locations. The value of CNN ensemble averaging is highlighted, and the 
feasibility of sonar sensor transfer learning with CNNs is also demonstrated. An analysis 
that seeks to demystify deep learning suggests tools for understanding how and why the 
trained CNNs work so well. 

Keywords: Convolutional neural network (CNN), deep learning, classification, synthetic 
aperture sonar (SAS) 
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1. INTRODUCTION 

 “Deep learning” is the generic umbrella term used to denote classification algorithms 
with architectures characterized by a nested functional structure that engenders highly 
nonlinear decision surfaces. The great capacity of deep learning algorithms, such as deep 
convolutional neural networks (CNNs) [1], when paired with vast amounts of data and 
sufficient computational resources, has translated into state-of-the-art performance in 
diverse domains from image recognition [2] to cancer screening [3].  

Despite this evidence, there remains reluctance in some communities to embrace deep 
learning because of an incomplete understanding of how or why the algorithms succeed. 
Therefore, a principal aim of this work is to help demystify the proverbial “black box” of 
deep CNNs. We address this objective in the context of underwater target classification 
using synthetic aperture sonar (SAS) imagery, a sensor modality for which the use of deep 
learning is incipient. 

Given the nascent nature of this algorithm-sensor pairing, the second goal of this work 
is to experimentally demonstrate how deep CNNs trained carefully on SAS imagery 
outperform the “shallow” classification method on which we had relied previously. (It 
should be noted that reusing popular extant CNNs trained on optical imagery for other 
applications is not feasible because the underlying phenomenology is fundamentally 
different with the sonar sensor.) 

In our previous work [4], the first to use deep CNNs with SAS imagery, the 
experiments addressed a task of limited scope that sought to distinguish between a pair of 
specific classes of objects using only a single, small CNN. We extend that work here by 
using deep CNNs for the general, more difficult, binary classification problem seeking to 
discriminate targets (i.e., mines) from all types of clutter. We also learn multiple CNNs 
(that are also more sophisticated than that used previously), which importantly grants the 
advantages of ensemble averaging.  

The remainder of this paper is organized as follows. Sec. 2 describes the CNNs 
developed and presents their target classification performance on SAS data. Sec. 3 seeks 
to elucidate how the CNNs are working, before concluding remarks are made in Sec. 4. 

2.  DEEP CONVOLUTIONAL NEURAL NETWORKS WITH SONAR DATA 

2.1. Data and Training 
 

A huge database of about 50,000 scene-level SAS images was collected by CMRE’s 
MUSCLE autonomous underwater vehicle (AUV) during nine sea expeditions conducted 
between 2007 and 2015 in various geographical locations. The center frequency of the 
SAS is 300 kHz, and the bandwidth is 60 kHz; the high-resolution sonar imagery has an 
along-track resolution of 2.5 cm and a range resolution of 1.5 cm. A detection algorithm 
[5] was applied to the images to obtain “mugshots” of objects of interest, which become 
the inputs to the CNNs. The data and novel training procedure used for the CNNs are 
described fully in [4]. 

The CNNs designed for this work each consist of alternating layers of convolution and 
pooling operations, followed by a fully-connected layer, and a final fully-connected output 
layer. The inputs to a given layer are the outputs from the preceding layer, which creates a 
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nested functional structure. The inputs to the initial layer are the SAS mugshots 
themselves (of size 167 pixels x 167 pixels). The outputs of the final layer are the 
probabilities of a mugshot belonging to each class, clutter or target. 

Each convolutional layer and fully-connected layer employs a sigmoid activation 
function before the result is passed to the subsequent layer. Each pooling layer, which 
effectively downsamples, uses pure averaging rather than the commonly used max-
pooling approach because the former is more robust when dealing with the speckle 
properties of sonar imagery. The training process of a CNN learns the parameters of the 
model, which for the convolutional layers are the filters (a.k.a. kernels) and associated bias 
terms. (There are no parameters associated with the pooling layers.) 

The details of the specific CNN architectures developed in this work are summarized 
in Table 1; the filters are square and the size (of a side) is given in pixels. Each CNN was 
designed with different filter sizes (at the initial convolutional layer) to encourage firing 
on unique physical elements of the objects, with an eye toward later ensemble fusion of 
predictions. Although the CNNs are relatively small, their capacities are still sufficiently 
large to perform well on the task; in fact, beneficially, the small networks meant “dropout” 
[6] was not needed to prevent overfitting.   
 

 
 

Table 1: Architectures of CNNs learned 

2.2 Evaluation and Results 

Training was performed using data from the first eight sea expeditions, while the 
ninth was used for test (evaluation) purposes. The performance of the CNNs on the test 
data set in terms of receiver operating characteristic (ROC) curves and area under the 
ROC curve (AUC) is shown in Fig. 1. To improve the robustness of the CNNs’ 
predictions, each test mugshot was mirrored about the range axis and the final 
prediction was taken to be the average of the predictions on the two (mirror image) 
mugshots. 

Also shown in the figure is the result from a “shallow” approach that uses a 
modified version of a relevance vector machine [7], with the classifier parameters 
directly weighting a small set of traditional features [8] that have previously been found 
to characterize various attributes of the objects well.  

Because CNNs with different architectures can learn very different representations, 
it can be advantageous to reduce the variance by averaging the predictions of multiple 
CNNs [9]. This type of ensemble “fusion” was performed, both with and without 
including the shallow approach’s predictions in the average. From Fig. 1, it can be seen 
that each of the CNNs outperforms the shallow approach, but that the fusion of CNNs 
achieves even superior performance. This insight importantly removes the burden of 
having to design a single “best” CNN architecture with optimal parameters (e.g., 
numbers of and sizes of filters). 
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Figure 1: Classification performance on the test data set. 
 
To explore the feasibility of sensor transfer learning, we also take the CNNs trained 

using full-resolution mugshots but then simulate lower-resolution test mugshot imagery 
(by downsampling by a factor in each image dimension). The performance that results 
from submitting the lower-resolution test imagery to the CNNs is shown in Table 2. 
The results suggest that sonar transfer learning is indeed possible, with gradual 
degradation in performance; this implies that the CNNs trained on MUSCLE sensor 
data are relevant for exploitation with data collected by a wide range of other lower-
resolution side-scan sonars (whose resolution is up to 8 times poorer in both along-
track and range). The results also hint at the CNN architectures that are fully exploiting 
high-resolution information, and conversely, which are more suitable for successful 
sensor transfer. 

 

 
 

Table 2: AUC as a function of test-mugshot resolution 

3. ANALYSIS 

3.1. Effects of Masking 

To better understand which elements of an object are driving a CNN’s prediction, 
one can mask small regions of the mugshot as proposed by [10]. However, using a 
mask that zeroes out regions (as done in [10]) is inappropriate for this sonar data 
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because shadows (where the normalized pixel values are approximately zero) are in 
fact informative. Therefore, we instead employ a mask that is fashioned from the 
seafloor background, which should impart minimal influence.  

 For this study, we consider CNN C that was learned and the target mugshot shown 
in Fig. 2(a). A square mask of side N pixels is created, where the mask is extracted 
beginning from the top center of the mugshot itself (which here guarantees a mask of 
background pixels). This mask is then applied to the mugshot at a specific location, 
swapping the original mugshot’s pixels there with those of the mask. This modified 
mugshot is then submitted to the CNN to produce a prediction for belonging to each 
class. This process is repeated by shifting over the original mugshot the mask centered 
in each valid location (i.e., where the mask does not exceed the bounds of the 
mugshot). The result is a “heat map” showing the CNN prediction when the mask has 
been applied at each location. By examining the change in prediction as a function of 
mask location (and size), one can better understand the key locations (and their spatial 
extents, generally) in the mugshot that are driving the prediction. Carrying out this 
procedure using masks with N={9, 17, 33, 67} pixels per side produces the results in 
Fig. 2. From the figure, it can be seen that the highlight and adjacent shadow region 
impact the predictions the most, and that a sizable mask is required to significantly alter 
the prediction; the latter fact indicates that a large region of the object is being used by 
the CNN. 

 

 
 
Figure 2: (a) A target mugshot, and the corresponding CNN C predictions of 

belonging to the target class when background masks of size (b) 9 pixels, (c) 17 pixels, 
(c) 33 pixels, and (d) 67 pixels are applied at each location in the image. (The axes in 
(b)-(e) represent the mask center locations. The range of each colorbar is [0, 1].) 

3.2. Interpreting Intermediate CNN Stages 

To illustrate the inner machinery of CNNs, we show intermediate data products as the 
mugshot in Fig. 2(a) passes through the layers of the trained CNN C. In the following, for 
a given sub-figure, each image in the set uses an identical color scale in which the color 
green corresponds to zero, warmer colors are positive, and cooler colors are negative. The 
exceptions are sub-figures showing mugshots or outputs of the (sigmoid) activation 
function, for which the range of values is [0, 1]. 

The mugshot is the input to the CNN, and it is convolved with the filters of the first 
convolutional layer, Fig. 3(a), which produces responses, Fig. 3(b), that are then (in 
conjunction with unique bias terms) passed through the sigmoid activation function to 
produce the output in Fig. 3(c). 
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Figure 3: Beginning stages of the CNN. See text for details. 
 
 
 

 
 

Figure 4: Intermediate stages of the CNN. (Three-dimensional filters are grouped 
columnwise.) See text for details. 

 
 
In a CNN, the filters are often a source of mystery and confusion. But examining the 

filters and the responses can provide insight into what the filters are actually doing. Here, 
it turns out that the first layer of filters are exploiting characteristics that are often used as 
shallow classifier features for sonar classification tasks.  For example, the second filter is 
effectively performing binary segmentation into highlight and non-highlight regions. 
Similarly, the sixth filter is doing the same for shadows. The third filter is essentially 
segmenting the mugshot into highlight, shadow, and background regions. And the first and 
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fourth filters are isolating strong, localized sonar returns. These same sorts of 
segmentations are commonly performed [11] in order to derive features, such as shadow 
length and highlight width, for shallow feature-based classifiers. An advantage of instead 
relying on CNNs is that no painstaking feature engineering is involved, and one is not 
constrained a priori by a human’s imagination and perception of what is important for 
discrimination. 

The output in Fig. 3(c) then passes through a pooling layer, producing Fig. 4(a), a third-
order tensor in which the third-dimension is referred to as depth. This result is then 
convolved with the filters of the second convolutional layer, with depth running vertically 
on the page in Fig. 4(b). By showing the intermediate result of each depth component in 
Fig. 4(c), one can better understand the function of the second layer of filters. When the 
third-dimension is collapsed via a summing operation to produce Fig. 4(d), and then 
passed through the activation function to output Fig. 4(e), it becomes more difficult to 
comprehend the result because each component (i.e., in depth) is then a combination of 
(here) six different representations. It can be observed that at the second convolutional 
layer, the filters are mainly detecting edges at different orientations. 

As one passes deeper through the CNN – moving further away from the physical object 
– the level of abstraction increases and it becomes more challenging to interpret the 
concepts on which the filters are cueing. (These deeper layers are, vitally, the source of 
CNNs’ great capacity and classification proficiency.) But at the final fully-connected 
layer, one can associate the individual contribution to the final class predictions of each 
spatial region (i.e., receptive field) in the original mugshot. This valuable insight is 
illustrated in Fig. 5 for two mugshots. These contributions would then be summed and 
passed through a sigmoid activation function to obtain the probability of belonging to each 
class.  

 
 

Figure 5: (a) Individual contributions of each spatial region to class 2 prediction for 
(b) input target mugshot. (c) Individual contributions of each spatial region to class 2 

prediction for (d) input clutter mugshot. (White grid lines are added to the mugshots to aid 
region association.) 

 
In Fig. 5(a), it can be observed that both the highlight region and the shadow region are 

strongly contributing (red colors) to the correct prediction that the mugshot belongs to 
class 2 (the target class). In Fig. 5(c), one can see that the shadow region is consistent with 
the target class, but the object highlight is not. By examining this stage of the CNN’s 
output, one can better understand which precise elements of the object are being relied on 
to make predictions.  

Space constraints prevent a more in-depth examination of other layers of the CNN and 
interpretations of other filters, but the tools proffered here can be used by other researchers 
to better understand their own data and results. Although CNNs are complex, highly 
nonlinear models, one can elucidate – through study of masking effects and intermediate 
outputs – why they may work well for a particular task. 
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4. CONCLUSION 
 

Deep CNNs were trained using SAS imagery and shown to outperform a shallow 
approach that had been relied on previously for target classification. An analysis 
highlighted the feasibility of sensor transfer learning, the benefits of ensemble averaging, 
and the reasons for the CNNs’ performance. 
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Abstract: Deep Convolutional Neural Networks (DCNN) is a promising approach for 
automatic target recognition (ATR) which effectively combines feature extraction and 
classification. DCNN can automatically learn the relevant features for the recognition 
task at hand from the training data, and thus potentially eliminate the tedious and manual 
feature design process distinctive for traditional classification systems. However, a huge 
amount of labelled data is necessary to successfully train a DCNN of typical size. Fine-
tuning is a commonly applied technique when the available amount of training data is 
insufficient. This approach has given good results, even when the associated semantics of 
the fine-tuning data and original training data are significantly different. However, it is 
uncertain whether this approach will work well for sonar images because most of the 
well-known pre-trained DCNNs such as Alexnet, VGG and ResNet have been trained on 
optical images. The fine-tuning data and original training data will then differ not only in 
semantics, but also in physics of image generation. 
In this work, we evaluated fine-tuning of two popular DCNNs, AlexNet and VGG16, 
against full training of a smaller network on Synthetic Aperture Sonar (SAS) images. The 
experiments were conducted in the context of a seafloor mine recognition task where four 
classes were considered; Cylinder, Manta, other mines and non-mine objects. 
Performance of the resultant nets were evaluated using an independent test set. 

Keywords: Deep Convolutional Neural Networks, Mine recognition, Sonar Images, 
feature extraction, classification 
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1. INTRODUCTION  
 
Automatic target recognition (ATR) of seafloor mines in sonar images is a vital 

technology to increase the efficiency of mine counter-measures (MCM) operations 
performed with autonomous underwater vehicles (AUV) [1]. Firstly, ATR can reduce the 
human workload during analysis of the large data sets generated by modern high-
resolution sonars. Secondly, on-board ATR processing allows the vehicle to adapt its 
mission plan based on analysis results, e.g. to revisit positions of recognized targets for 
close-up camera identification within the same mission [2]. Recognizing mines in sonar 
images is a challenging task, however, due to immense variations in sonar conditions, 
seafloor characteristics, sensing geometry and target properties. In spite of significant 
research efforts over the last 25 years, most existing systems for automated mine 
recognition struggle with an abundance of false alarms (detected non-mines), particularly 
in complex seafloor areas with texture or clutter [1]. Designing features that can robustly 
recognize the defined object classes under varied conditions is arguably the most critical 
part of ATR development, and has traditionally been a labor-intensive process [3].  

Recently, deep convolutional neural networks (DCNN) have demonstrated superior 
capabilities for object classification in optical images [4],[5]. DCNNs have the major 
advantage that the system can automatically learn discriminative features for the current 
recognition task from the training data [6]. One disadvantage is, however, the requirement 
for a huge set of labeled data to train the network from scratch. This has triggered a 
significant interest in transfer learning from existing DCNNs. In [7], transferability of 
features at different layers is studied within the domain of optical images. Research on 
fine-tuning and transfer learning from optical images to other domains such as medical 
images has started to appear in the literature [8],[9]. For mine recognition in sonar images, 
it is reported in [10] that DCNNs outperform approaches that combine manual feature 
design and shallow classifiers. However, they opted to fully train their networks and 
transfer learning was not considered. 

In this work, we evaluate fine-tuning of two popular DCNNs, AlexNet [4] and VGG16 
[5], against full training of a smaller network on Synthetic Aperture Sonar (SAS) images. 
Section 2 introduces these two DCNNs, while section 3 discusses the process of fine-
tuning an existing network. We describe our experimental setup in section 4 and present 
the results in section 5. Finally, section 6 gives the conclusions.  

2. DEEP CONVOLUTIONAL NETWORKS 
 
There are a number of DCNN architectures well known within the deep learning 

community. Alexnet [4] is one such architecture which in fact triggered the current interest 
in deep convolutional networks after its win in the ILSVRC competition [11] in 2012. It 
has 5 convolution layers, 3 max-pooling layers and 3 fully connected layers. All the 
convolutional layers and fully connected layers except the last one has ReLu non-linearity, 
whereas the last fully connected layer has a 1000-way softmax non-linearity supporting 
classification into 1000 classes.  It has 62 million parameters and reported top 5 test error 
rate on the Imagenet dataset is 15.3% [4].  

Another, well-known network architecture is the VGG net which came to prominence 
through the ILSVRC competition in 2014 [5].  VGG has different configurations and 
VGG16 is one of the popular configurations. It has 16 layers with trainable parameters and 
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about 138 million parameters. Top 5 test error rate reported for the Imagenet dataset is 
7.1% [5].   

3. FINE-TUNING 

Training a deep neural network such as Alexnet or VGG16 which contains tens or 
hundreds of millions parameters is a non-trivial task that takes hours, days or even weeks. 
In addition, one needs a large amount of training data to be able to estimate such a large 
number of parameters robustly. A much cheaper approach in terms of both required 
amount of training data and time, is to adapt an already trained network to a new task. 
This process is generally known as transfer learning. One form of transfer learning known 
as fine-tuning is an approach where a selected set of layers of the pre-trained network is 
trained again using the new dataset [6],[7].  

Fine-tuning of a few layers close to the output of the network is particularly 
interesting, because it is computationally much less expensive. However, if the new task 
has a number of classes different from that of the original task, then one needs to replace 
at least the last layer of the pre-trained network with additional layers of neurons. This set 
of new layers forms a simple classifier and its input can be viewed as “feature vectors” 
calculated by the pre-trained network.   

Fine-tuning of last layers (i.e. layers close to the output) is a reasonable approach when 
the feature vectors calculated by the pre-trained network are meaningful for the new task. 
That means that the statistical properties of data on which the network is pre-trained must 
be similar to the properties of the new data. If that is not the case, for example when 
networks trained on optical images are used for sonar image classification, fine-tuning of 
the first layers (i.e. the layers close to the input) may be needed.  Note however that we 
may still need new trainable layers at the output to adapt to the number of classes of the 
new task. 

Yet another fine-tuning approach would be to re-train the whole network with new 
data. This approach has the highest computational cost, although it is not significantly 
higher than that of fine-tuning of the first layers.           

4. EXPERIMENT SETUP  

All three fine-tuning approaches outlined above were studied with the Alexnet and 
VGG-16 networks pre-trained with optical images from the Imagenet database. For full 
training we designed a relatively smaller network.   

3.1.   Data preparation 

We built a train-set and a test-set using annotated images from an MCM-database  
which was created with the HISAS 1030 synthetic aperture sonar mounted on Hugin 
underwater vehicles. These images are annotated with locations of various seafloor objects 
including different types of mines. At each location, an area of 227x227 pixels is extracted 
and converted to a 3-channel RGB-image, because pre-trained networks accept only 3-
channel images. This process resulted in approximately 4800 unique images, of which 
around 420 images were set aside for creating the test set. Note that all images in the test-
set are from different missions than used in the train-set. Then both the train-set and test-
set were expanded about 12 fold using an augmentation approach that involves random 
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translation and flipping around the along-track axis. Ultimately we had 52800 training 
images and 5000 test images. 

For the experiments we considered 4 classes: cylinder, manta, other mines and non-
mine objects.  Overall we have about 25% cylinder mines, 25% manta mines, 40% non-
mines and 10% other mines in our database.   

4.2. Experiments 

In this section we present the details of 13 different experiments we have conducted.  
The first three experiments deal with fine-tuning the last layers of the Alexnet. This can be 
considered to be equivalent to feeding features calculated by the Alexnet to a new neural 
network. For that purpose in these experiments, we used a 3-layer Multi-layer Perceptron 
(MLP) with respectively 500, 100 and 4 neurons in its 1st, 2nd and 3rd layers.   In 
experiments named Alex_last_pool3, Alex_last_fc1 and Alex_last_fc1, this MLP was fed 
with the features from the third max-pooling layer (pool3), first fully connected layer (fc1) 
and the third fully connected layer (fc3) of the Alexnet respectively [9].     

In experiment 4, called Alex_full, we re-trained the whole Alexnet with our sonar data, 
where we also used a single layer adapter network to convert the 1000-way original 
Alexnet output to a 4-class output.  In the next experiment Alex_first1_last_1adapt, the 
architecture is similar to Alex_full, but only the layer 1 of the Alexnet and the adapter 
network was updated during training. In the next two experiments, 
Alex_first1_last_3adapt and Alex_first2_last_3adapt, the single layer adaptor was 
replaced by a three layer adaptor network of the same dimensions as in experiments 1-3.  
In these two experiments, we updated the first layer and first two layers of the Alexnet 
respectively in addition to the adaptor network.  

Experiments 8 and 9, named Vgg16_last_fc1 and Vgg16_last_fc3 are similar to the 
experiments 2 and 3, except that VGG16 is used instead of Alexnet for calculating 
features.  

In experiment 10, tagged Vgg16_full, we re-trained the whole VGG16 with a single 
layer, 1000-to-4-way adaptor network at the output. Experiment 11, 
Vgg16_first2_last_3adapt is identical to experiment 7, except that Vgg16 is used instead 
of Alexnet.  

In experiments 12 and 13, we fully trained new networks from the ground up. 
Experiment Newnet_7layer used a network which has 4 convolutional layers and 3 fully 
connected layers.  Starting from layer 1, dimensions of the convolutional layers are as 
follows:  17x17x1-20, 5x5x20-30, 3x3x30-26 and 3x3x26-100, where wxhxd-n means n 
filters of width w, height h and depth d. There are max-pooling layers in between all the 
convolutional layers, implemented using 3x3 filters. The three fully connected layers have 
500, 100 and 4 neurons respectively and the first layer accepts an input of dimension 400.    

The network structure in Newnet_8layer is similar to Newnet_7layer except that it has 5 
convolutional layers of the dimensions 12x12x1-20, 6x6x20-20, 5x5x20-30, 3x3x30-26, 
3x3x26-100. 

All networks in the experiments have rectified linear unit (ReLu) activation functions 
[4] except for the output layer where a softmax nonlinearity is used [12]. We fine-
tuned/trained all our networks using the cross entropy loss and the back-propagation 
based gradient descent with a momentum term [12]. Parameters were initialized to random 
values with the algorithm in [13] unless they are available from pre-trained networks. 
Test-set was used as the validation set and each training operation consists of either 200 or 
150 epochs depending on the size of the task. 
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All experiments were implemented using TensorFlow [14] and run on a computer with 
one NVIDIA GTX 1080 GPU card. 

5. RESULTS 
 

Table 1 shows main results of the experiments.  
 
No Experiment Tag #Trainable 

Parameters 
[millions] 

Time per 
training 
epoch 
[sec] 

Training 
epochs until 
optimum test 
error 

Test set 
accuracy 
[%] 

1 Alex_last_pool3 4.66 7.1 25 69.62 
2 Alex_last_fc1 2.10 5.9 145 72.62 
3 Alex_last_fc3 0.55 5.2 155 65.62 
     
4 Alex_full 62.38 191 8 78.52 
5 Alex_first1_last_1adapt 0.04 192 139 63.20 
6 Alex_first1_last_3adapt 0.59 193 99 72.62 
7 Alex_first2_last_3adapt 1.20 194 79 78.0 
     
8 Vgg16_last_fc1 2.10 5.9 165 74.22 
9 Vgg16_last_fc3 0.55 5.3 159 67.56 
     
10 Vgg16_full 138.36 942 9 84.48 
11 Vgg16_first2_last_3adapt 0.59 943 89 77.58 
     
12 Newnet_7layer 0.30 57 199 77.70 
13 Newnet_8layer 0.31 78 179 80.30 

 
Table 1:  Experiments and their main results 

 
 
     With experiments 1-3 and 8-9, we can compare the different strategies for fine-tuning 
the last layers. For both Alexnet and VGG16, features extracted from fc1 lead to better 
classification accuracy than features extracted from fc3. This indicates that features closer 
to the output layer of the pre-trained net are less suited for fine-tuning. A possible reason 
is that such features are more tightly bound to the original task and hence become less 
generic. This pattern however does not appear across the experiments 1 and 2, even if fc1 
is closer to the output than pool3.  An explanation might be the larger size of the fine- 
tuning MLP for experiment 1 (4.66 million parameters), something which leads to less 
generalization and hence inferior accuracy for the test set. If we compare the performance 
of the experiment 2 against 8 and experiment 3 against 9 we can observe that VGG16 
based features lead to better fine-tuning performance than the Alexnet. This is an 
interesting result, because VGG16 is a better network than Alexnet for optical images and 
it appears that this superiority is still valid in the domain of sonar images.   
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      Experiments 4-7 and 10-11 show how the fine-tuning of the layers close to input and 
full re-training perform for the Alexnet and VGG16.  It is immediately clear that full re-
training gives the best results over all fine-tuning approaches for both networks. Even 
though full training is computationally heavier (takes 191 and 942 seconds for 
experiments 4 and 10 respectively), the networks converge very quickly to a point 
corresponding to the optimum test set accuracy (under 10 training epochs for both nets).  
One can also note that even though the full re-training involves adaptation of very large 
number of parameters, overfitting does not occur and generalization ability is preserved.   
This means that the information these networks extracted during training on optical 
images is still useful in the domain of sonar images.  Results of the experiments 5-7 and 
11 show that fine-tuning of the layers close to the input is the second best approach to 
fine-tuning. However, if the number of trainable parameters is very low (experiment 5), 
the network is harder to be fine-tuned (takes a longer time to convergence) and the 
performance is weaker. This can be resolved easily by adding more trainable layers 
(experiments 6,7,11). The disadvantage of this approach is that it is equally 
computationally intensive as full re-training while results do not appear to be equally 
good.   
       In experiments 12 and 13, we see that fully-trained, relatively small networks (with 
number of parameters in the range of 300 000) compared to the typical DCNNs like 
Alexnet or VGG16 can achieve very good results. In fact, this approach gives better test 
set accuracy than Alexnet with any fine-tuning strategy.  Because of the smaller size, these 
networks occupy less GPU memory and take less time to complete a training iteration. But 
it takes a while before the network converges to an acceptable optimum. Smaller size of 
the networks can also lead to better generalization and superior test-set accuracy. These 
experiments also show that a deeper network gives better performance (i.e. experiment 13 
has better accuracy than experiment 12). The challenge with full design and training of 
such networks is however that a significant amount of experimentation is required to 
select an architecture and a set of hyper-parameters which can give good enough results.   

3.2. Receiver Operating Characteristic (ROC) curves 
 
      In order to gain a deeper insight into the performance of different classifiers, we 
consider four detectors (cylinder, manta, other-mines and non-mines) that make use of the 
classifier output for detection. We show test-set ROC curves for these detectors for a 
selected set of experiments in Figure 2. As seen from the figure, the ROC curves are 
generally in agreement with the classification accuracies. For all the classes, experiment 2 
(Vgg16_full) is clearly the best. In the case of manta mine detection however, it gets a 
close competition from experiment 13 (Newnet_8layer). Experiments on fine-tuning of 
last layers, experiment 2 (Alex_last_fc1) and experiment 8 (Vgg16_last_fc1) lag behind 
the other approaches. However, in the case of detection of non-mine objects their 
performance gap with other approaches is narrower. Experiment 13 (Newnet_8layer) and 
experiment 4 (Alex_full) have a close competition with each other. In the case of cylinder 
mine detection Alex_full is slightly better, but in detection of manta mines Newnet_8layer 
is clearly ahead. It can also be observed that in general, detection of objects of regular 
mine classes such as a cylinder or manta has higher areas under ROC-curves than for 
detection of objects of a more vaguely defined class such as non-mine objects. 
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Fig.2: ROC Curves for different target classes 

6. CONCLUDING REMARKS 
 
This work demonstrates that DCNNs pre-trained with optical images can successfully 

be fine-tuned using sonar images. Of all approaches, the most attractive one is fine–tuning 
the whole network, that is re-training the whole network on sonar data with the pre-trained 
network parameters as initial values. This procedure appears to have a built-in 
regularization effect and information extracted from optical images in pre-training is 
transferred effectively to the domain of sonar images resulting in an excellent test-set 
accuracy. Fine-tuning of the layers close to the input also has the potential to deliver 
performances comparable to that of fully trained networks of manageable sizes.  However, 
that approach is computationally intensive and offers no significant advantage in practise 
other than a way to limit overfitting. The third approach for fine-tuning, namely re-
training the last layers does not appear to be promising. But such an approach still leads to 
reasonable results, indicating that feature extraction strategies learned on optical images 
are also useful for discriminating sonar images. Furthermore, we conclude that full 
training of networks whose sizes match the amount of available training data is also a 
viable approach, even though full training did not surpass the best fine-tuning accuracy in 
our experiments.  It is still inconclusive, however, whether full training can yield better 
classification accuracy than the best accuracy that fine-tuning can generate.      
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Abstract: An unsupervised approach to Automatic Target Recognition (ATR) has proven 
effective for detecting mine-like objects from high-resolution sidescan and synthetic 
aperture sonar images collected from autonomous underwater vehicles. The software uses 
statistics of local sections of an image to identify highlight and shadow outliers with 
dimensions comparable to mine-like objects. This software operates with high efficiency 
and acceptably low false alarm rates in the survey areas that we have most frequently 
encountered, with sandy seabeds and few natural features of sizes comparable to mines. In 
areas where there are numerous rocks or other debris on the seabed, the number of false 
detections is significantly higher. In this work, we enhance our existing software by 
incorporating knowledge of typical features in the locality, to reduce the number of false 
detections. Moreover, Deep Learning techniques are investigated to improve the 
classification of detected objects, scoring images according to their resemblance to 
images of mine-like objects. In this way, the overall ATR performance is improved. 

Keywords: automatic target recognition, ATR, CAD/CAC, sonar image processing 
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1. INTRODUCTION 

Automatic target recognition (ATR) for processing high-frequency sonar imagery to 
detect mine-like objects (MLOs) on the seabed has been investigated by many researchers 
in the last two decades, [1]-[4]. Both supervised and unsupervised algorithms have been 
investigated and demonstrated. Supervised techniques involve the training of the detector 
based on available seabed imagery and known mine-like objects. These techniques have 
the advantage of being able to optimise detection performance for the conditions in which 
the training dataset was collected. Their main disadvantage is their reliance on large 
volumes of ground-truth training data, including many images of MLOs, which are not 
easy to acquire and label. Unsupervised techniques [5] involve an algorithmic approach to 
ATR, without such a strong reliance on training data. 

Autonomous underwater vehicles (AUVs) operating within several metres of the 
seabed consistently collect high resolution sonar imagery that is suitable for ATR. Targets 
of interest in sidescan sonar and synthetic aperture sonar (SAS) imagery are often 
characterised by a bright highlight and an adjacent shadow, creating opportunities for an 
algorithmic approach. Complications arise because the appearance of an object will 
generally depend strongly on its aspect with respect to the sonar, and on how far the object 
is from the nadir (beneath the sonar), presenting various challenges for the image 
processing. If reliable ATR capability can be achieved, it provides not only the capability 
for rapid post-processing of sonar data, but also enhanced autonomy for AUVs which are 
able to conduct ATR processing of data in real-time during a mission. 

While ATR processing can be effective for flat sandy areas where there are few rocks 
and other objects on the seabed, it becomes more challenging in highly cluttered areas – 
particularly when there are numerous objects of similar dimensions to mine-like objects. A 
human observer can recognise a rock field and appropriately discount many of the objects 
as being typical of the surrounding environment. It is more difficult to program a machine 
to do so, particularly if the clutter areas are not pervasive but occupy only patches of the 
imagery, as is often the case. 

Defence Science & Technology (DST) Group has developed SonarDetect software [6] 
for visualising and ATR processing sonar imagery, using an unsupervised detection 
approach. This software has been successful in detecting mine-like objects with acceptably 
low false alarm rates in the areas where most of our trials have taken place. This paper 
describes the main features of the software, including visualisation features, ATR 
performance and analysis of results. The paper also describes recent work to improve ATR 
detection by scoring a detected object according to the occurrence of nearby similar 
objects. Finally, initial investigations with Deep Learning are reported to assist in the 
classification of detected objects. 

2. SONAR DATA COLLECTION AND PROCESSING 

DST Group has operated AUVs for approximately ten years, including a REMUS 100 
operating the Marine Sonic Technology (MST) sonar (900 kHz and 1800 kHz) and a 
Gavia also operating an MST sonar (600 kHz and 1200 kHz). SonarDetect software is able 
to process MST files from these sonars, which contain sonar imagery and also vehicle 
state information. DST Group also possesses a REMUS 600 vehicle operating a Kraken 
AquaPix Interferometric Synthetic Aperture Sonar (InSAS). With in-house software, the 
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data can be converted to image files together with time and position data, which 
SonarDetect can also process. Through data exchanges with local and international 
colleagues we have also acquired Klein data as SDF files, from several sidescan sonars 
including the Klein 3500. SonarDetect software can also read and process this data. 

An important feature of the software is its ability to display sonar imagery alongside 
the chart, as shown in Fig. 1. The sonar image on the left-hand side can be easily related to 
the geographical location of the swath, shown in the chart image on the right-hand side 
(the chart is not evident here because the view is zoomed in to a small area). The masked 
regions of the sonar image are regions where the image is distorted, such as close to the 
nadir and where there are vehicle turns. These areas are not suitable for ATR processing 
and are excluded in order to minimise false alarms. In the sonar image the white rectangle 
indicates an object which has been detected by the ATR. It is possible to zoom in to 
inspect the object and to use measuring tools to measure its characteristics, such as its 
length, width and the height indicated by its shadow. The user has chosen to mark this 
object and label it ‘MLO’. This label appears in both the sonar image and the chart image. 
All detections and object markings are saved in the database for the mission, which is a 
comma-separated variable (CSV) file, so that this information is read the next time the 
mission is loaded into the software. 

 

 

Fig. 1: SonarDetect display of a sidescan sonar image, showing a detected object, 
together with the chart view (zoomed in to display the current swath). In the sonar image, 
the nadir region (extending vertically in the middle) and a vehicle turn are masked out. 
 
The main steps for processing a mission of sonar data files are: 

1. Import the raw data files from MST or SDF files, which are converted and saved as 
image files and text files with position and time information. 

2. Automatically create a CSV database file for the mission. 
3. Conduct an ATR batch run to process all the files in the mission, using the standard 

detector or another detection algorithm selected by the user. The detections are 
automatically saved to the database. 

4. If desired, examine all the images and mark any objects of interest, whether they have 
been detected or not (as for the marked object labelled ‘MLO’ in Fig. 1). 

5. Analyse the ATR detections and collate results. In this step, geographical sites where 
detections have occurred and the sites of any marked objects can be designated as 
MLO, NMLO (non-mine-like object) or false alarm. The software lists for each site 
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all the image files where an ATR detection has occurred and also the files where the 
site has been missed, enabling the user to examine this location in each image, if 
desired. 

6. Generate a report on the ATR detection results. 
The ATR process for each image also consists of a number of steps: 

1. Remove or mitigate the surface return in each image [7]. The surface return (evident 
in the sonar images in Figs 1 and 2) is a broken and bifurcated line, on both the port 
and starboard sides of the image, which can cause false alarms. 

2. Pre-process the image for detecting highlights. This process includes setting masked 
regions to a constant value and normalising each image, so that the average image 
brightness for each angular displacement from the nadir is constant [8]. 

3. Conduct spatial filtering of the image to detect shadows, blurring features which are 
smaller than the target shadows of interest. 

4. Divide the image into local areas and determine significant highlight and shadow 
pixels in each area by binning pixels according to their brightness. 

5. Join connected groups of highlight and shadow pixels. Clusters of pixels satisfying 
certain size and shape requirements are retained. 

6. Paired highlight and shadow clusters of pixels which are sufficiently close to one 
another and in a suitable geometrical relationship are counted as valid detections. 

This general algorithm is governed by many algorithm parameters, which can be set 
and tested within the research version of the software. Different user-selectable algorithms 
are available for different situations, but there is a standard algorithm which is suitable for 
most of the sonar data tested. 

Optimising the performance of the algorithm has involved maximising the detection 
probability for MLOs while constraining the probability of false alarms. Settings that work 
well for one kind of mine and seabed type can fail under different conditions. 

Fig. 2 shows the ATR results analysis display, where the user can see a listing of all the 
files corresponding to a particular geographical site (the location of a detected object or 
user-marked object), and view each of those images to understand the reasons than an 
object has been detected or missed. In some cases, an object is not detected because it is 
outside the reliably observable range, i.e. in the nadir region (where the highlight may be 
obscure and the shadow minimal) or near the edge of the image (where the shadow area 
may extend beyond the edge of the image). Detections and non-detections in these areas 
are not counted in the reported statistics. 

The user can mark each site as MLO, NMLO or false alarm. In the present context, an 
NMLO is a significant object which is atypical of the surrounding environment, or which 
an ATR detector could reasonably be expected to detect, that has been assessed as being 
non-mine-like. A false alarm is a detection of a feature typical of the surrounding 
environment (including fish) which preferably should not be detected. For this particular 
mission of 210 images, the analysis indicates that of 7 MLOs on the seabed, all were 
detected. There were 44 possible sightings of the MLOs in the observable range (most 
MLOs on the seabed were imaged multiple times), and they were detected 34 times, 
indicating a nominal probability of detection (Pd) of 77%. There were also 4 detections of 
NMLOs. There were 12 false alarms – a rate (Pfa) of 0.06 per image. 
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Fig. 2: ATR results analysis showing an object detected at site 2. 
 

ATR processing of InSAS imagery is similar to processing of conventional sidescan 
data, although there are differences: 
1. The images are larger and at higher resolution than is required for ATR. 
2. The SAS data contains considerably more speckle, fragmenting highlights and 

shadows. 
3. The SAS images are projected in horizontal displacement on the seabed rather than 

slant range, and the nadir region is not necessarily in the middle of the image. 
Modifications to the software were necessary to allow for these differences and increase 
processing speed. 

Fig. 3 shows a mine-like object detected in imagery from the AquaPix InSAS sonar. 
For this particular mission, there were 14 images provided, covering 3 MLOs on the 
seabed. Of the 8 possible MLO sightings, all were detected by the ATR. There was one 
false alarm. 

 

Fig. 3: Detected object from SAS data. 

3. OPTIMISING ATR IN CLUTTERED AREAS USING SITUATIONAL 
AWARENESS 

The above methods work well for prominent mine-like objects in areas where the 
seabed is benign, such as flat sandy seabeds in the absence of rocks and strong sand 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  533



 

ripples/waves. When there is clutter or the objects are partially buried, the performance is 
poorer. Humans processing such imagery easily recognise certain areas as being rocky or 
covered by sand waves. Features in these areas are more likely to belong to the 
background, unless they stand out in some way. It is more difficult to program a computer 
to make this distinction reliably. Attempts to modify the ATR algorithm to make MLOs 
more detectable in some areas cause unacceptably high false alarm rates in cluttered areas. 

In the literature, several methods have been investigated to allow the software to 
recognise environmental clutter, such as modelling the background as a Markov random 
field [9]. In the case of sand ripples or waves, some researchers have used Fourier analysis 
to recognise and mitigate the ripples [10]. In DST Group’s research, we found that this 
approach works better in some situations than in others, depending on the spatial 
frequency, straightness and uniformity of the sand ripples or waves. 

Recent improvements in DST’s ATR have been achieved by scoring detected objects 
according to the number of similar or larger objects around them, in a local neighbourhood 
in the image. Firstly, the highlight of a detected object is scored by sorting nearby 
highlights, according to their number of pixels. The object highlight will have a score of 1 
if it is the largest highlight, ½ if it is the second largest and so on. Secondly, the shadows 
are scored by a comparison with nearby shadows. Then we combine these two scores to 
derive an overall score for the object. By rejecting detections with scores below a certain 
threshold, insignificant objects are removed. 

Because this approach has been successful in mitigating false alarms in cluttered areas, 
it has been possible to make the detector more sensitive. We can now detect MLOs with 
smaller highlights, without paying too high a price in terms of false alarms. 

The increased sensitivity of the new standard detector is illustrated in Table 1, for three 
missions (two in Australia and one in the UK) including cluttered areas. 

Mission # # views of 
MLOs Algorithm Pd Pfa 

1 
210 images 44 Previous detector 0.57 0.08 

Standard detector 0.77 0.06 
2 

80 images 32 Previous detector 0.78 0.00 
Standard detector 0.88 0.04 

3 
60 images 7 Previous detector 0.57 0.03 

Standard detector 0.71 0.08 

Table 1: Comparison between the standard detector (incorporating situational awareness 
scoring) and the previous detector. Again, Pd is the proportion of MLOs in the observable 

range detected and Pfa is the number of false alarms per image. 

4. AUTOMATION AND CLASSIFICATION OF DETECTED OBJECTS 

One goal in the development of ATR technology is to automate AUV operations so that 
underwater vehicles can detect and respond to seabed features of interest without human 
intervention.  DST Group has run the ATR software on its REMUS 100 vehicle, and has 
demonstrated autonomous responses to targets detected in real-time. 

For autonomous operations to work reliably, it is necessary to ensure that the false 
alarm rate is very low. This may be achieved by classifying snapshot images generated 
during the ATR process according to their resemblance to mine-like objects. 
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Recently we began investigating the application of Deep Learning [11] for classifying 
automatically generated snapshot images of the detected objects. This approach uses 
Google’s Inception multi-layered convolutional neural network (CNN) developed by 
Szegedy et al. [12]-[13]. The network was trained on the ImageNet database [14] of more 
than 10 million labelled images from more than 10,000 image classes, including plants, 
cars and buildings. Most of the 27 layers of the network apply to many kinds of images, 
accounting for corners, edges and similar features. It was necessary only to retrain the last 
layer for the ensemble of sonar images.  We used the TensorFlow open-source software 
library to do so, following the methodology described by Warden [15]. Using this method, 
the retraining of the CNN takes less than an hour on a desktop computer (on a CPU), 
rather than many weeks, which would have been required to train the whole network. 

Hamilton and Cleary [16] used an unsupervised clustering method to separate an 
ensemble of 256 x 256 pixel sonar images of the seabed into different classes, for 
automated seabed classification. There were 13 different classes with 50 to 100 images in 
each class. The class labels were MLO, sands, flats, sea grass, rock, outcrops, drags, OSO 
(other significant object), pocks, blacks, mega, ripples and roughs. We used this set of 
images to set to train the CNN to classify a larger set of approximately 1,000 images per 
class. Following inspection of these classes, we deleted mislabelled images or transferred 
them to their correct classes. We then used the larger set of images to retrain the CNN. 

Next, we applied the trained CNN to classify the 101 x 101 pixel snapshot images 
generated by SonarDetect during ATR processing, for the images from Mission 1 of Table 
1. Because there were many classes and the CNN was not trained on these snapshot 
images, the classifier did not always label the human-labelled MLOs as ‘MLO’, but in 
74% of cases, ‘MLO’ was one of the top 3 labels. For false alarms from this mission, there 
were none with ‘MLO’ in the top 3 labels (Fig. 4). This method provides a suitable way of 
classifying detections in real time processing. There is scope for improving this process 
considerably by retraining the CNN with labelled snapshot images and with fewer classes. 

 

 
MLO 0.51; OSO 0.30; 

Flat 0.12 

 
OSO 0.55; MLO 0.42; 

Outcrop 0.02 

 
OSO 0.28; Sand 0.28; 

Drag 0.17 

Fig. 4: CNN classification results for two MLOs and a false alarm. 

5. CONCLUSION 

We used an unsupervised approach to automatic target recognition to process high-
resolution sonar images from AUVs, with acceptably high detection rates and low levels 
of false alarms. The software has proved effective for processing sonar imagery from 
many different AUV missions. To improve the results in cluttered areas, we developed a 
technique for scoring detections according to similar-sized or larger nearby objects, 
excluding objects typical of the background. This technique allowed us to improve the 
sensitivity of the ATR without a large increase in false alarms. Finally, we demonstrated 
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classification of ATR snapshot images with a Deep Learning classifier, to recognise 
detected objects with a high probability of being mine-like objects. 
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Abstract: As a primary communication method, whale vocal calls contain valuable 
information and abundant characteristics that are important for recognition and 
classification. However, subject to large variations of call types, there is still a great 
challenge to accurately categorize the different whale species or subpopulations. In 
this study, an effective method of transfer learning based on a data-driven 
machine-learning approach i.e. Convolutional Neural Network (CNN) is developed to 
extract the significant features of whale calls and classify the different whale 
categories from a large open-source acoustic dataset recorded by audio sensors 
carried by whales .The results show that the proposed method can achieve 97.04% 
and 91.47% in accuracy respectively to categorize the calls into the two whale species 
and the four whale subpopulations. The phylogeny graph is also produced to 
illustrate the similarities between the whale subpopulations. Moreover, all the results 
are carefully compared with those obtained by using the Wndchrm scheme and the 
Fisher discriminant scores on the same dataset. 
 
Keywords: Convolutional Neural Network (CNN)，transfer learning, classification of 
whale calls, similarity analysis 
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1. INTRODUCTION  

 As the common species of whales in the ocean, Killer whales (Orcinus orca) and 
pilot whales (Globicephala) have been continually studied for over three decades. The 
two types of whales are both gregarious living within socially stable family units 
known as ‘pods’. Within a pod, whales share a unique repertoire (also known as 
dialect) of stereotyped calls, which are comprised of a complex pattern of pulsed and 
tonal elements [1].  

 With the continuous development of devices such as hydrophones deployed from 
ships, or digital acoustic recording tags (DTAGs) placed on marine mammals, large 
datasets of whale sound sample are acquired increasingly. In 2014, Lior Shamir etc. 
[2] proposed an automatic method for analyzing large acoustic datasets from the 
Whale FM project [3] and studied the differences between sounds of different 
subpopulations of whales. In their study, the significant features of whale calls were 
extracted by using Wndchrm [4] for biological image analysis and Fisher 
Discriminant Scores algorithm. These features are used to classify or evaluate the 
similarity between the different populations of samples without expert-based auditing. 
Though this work has already made a progress in the unsupervised classification and 
similarity analysis of large acoustic datasets of whale calls, it still highly relies on the 
effectiveness of different polynomial decomposition techniques and the Fisher scores 
algorithm.  

 Nowadays, as a class of highly non-linear machine learning models, 
Convolutional Neural Networks (CNNs) become very popular after achieving 
state-of-the-art results for image recognition [5], for example, the Google 
Inception-v3 model [6]. The purpose of this study is to apply pre-trained Inception-v3 
for transfer learning and efficiently extracting the informative features from large 
datasets of whale calls for classification and clustering. The approach is carefully 
described and the whale phylogeny is also produced. All the results are also compared 
with those presented in the work [2]. 

2. MATERIALS 

 The datasets are obtained from the Whale FM website [3] which is a citizen 
science project from Zooniverse and Scientific American. All the datasets were 
collected by the recording DTAG [7], which can be attached to individual whales to 
record the sounds the whale makes as well as calls from other animals nearby. It also 
has motion sensors that allow following the movement of the whale underwater. The 
dataset consists of about 10,000 MP3 audio files ranging between 1s to 8s in 16 
separate recording events based on the sensors carried by 7 pilot whales and 9 killer 
whales close to the coasts of Norway, Iceland, and the Bahamas. The other 
description about the data is shown in [2]. 
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3. APPROACH 

 Transfer learning is a machine learning method which utilizes a pre-trained neural 
network without training models from beginning. In this study, we use Inception-v3 
model trained by Google to learn the spectrums converted from the audios of whale 
calls and achieve the purpose of classification or identification. It contains two main 
parts that are feature extraction part using CNN networks and classification part using 
fully-connected networks. A more detailed overview of Inception-v3 can be referred 
to [6]. The Inception-v3 used in our work could be downloaded from Google [8]. In 
addition, our implementation is carried out based on Tensorflow (Version 1.1.0 on 
CPU), which is an open-source software library for Machine Learning using data flow 
graphs. Besides classification, the similarity analysis is also carried out in terms of the 
phylogeny produced by the distances matrix among the abstract features of different 
pods. 

 The original audio files are firstly converted to 2D spectrograms shown as Fig. 1 
for the subsequent analysis. In detail, the 2D spectrograms of the audio files were 
created using the STFT function in MATLAB (Hanning Window = 256; Overlap = 
128; FFT size = 1024; FS = 20000). And all the images are RGB style with the 
resolution of 256*256*3. (‘3’ refer to RGB channels). The spectrograms are varied 
even if the calls are emitted by the same whale since a single whale could send a 
variety of sounds, which also increases the difficulties of classification. As a kind of 
deep learning method, CNN is more appropriate to process large datasets. It is 
necessary to prepare sufficient data to fully stimulate the CNN network, for which we 
increased the data amount artificially just by adjusting the image contrast with the 
function ‘imadjust’ in MATLAB. 

 
 

Fig. 1: Spectrogram of a sample of 
whale calls 

Fig. 2: The phylogeny created based on 
the CNN feature vectors 

4. IMPLEMENTATION 
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4.1 Experiment 1: Classification into the pilot and killer whales 

 In order to classify the whale calls into the two species as the pilot and killer 
whales, all the MP3 audios are divided into two groups. One group consists of 5112 
samples while another one consists of 4188 samples. Randomly, we choose 10% 
samples for validation, and 30% for testing, the rest samples are all used to retrain 
model. During the training process, the learning rate is set to 0.01 and the batch is set 
to 100. Finally, the training process will finish when the step achieves 10000. 

4.2 Experiment 2: Classification into four subpopulations 

 This experiment aimed at separating dataset into four subpopulations by different 
species and habitats, they are, Norwegian killer whales, Iceland killer whales, 
Bahamas short-finned whales and Norwegian long-finned whales. Since the number 
(about 1000) of MP3 files of some pods is significantly smaller than that of the others 
(about 3000), we expand their amounts artificially by adjusting the image contrast of 
the 2D spectrograms in Matlab. After the adjustment, the number of spectrograms of 
each subpopulation reaches 3000. Thus totally we have 12000 samples for the four 
subpopulations. Similarly, 10% samples are selected randomly for validation, 60% 
samples for training and the rest 30% for testing. The CNN structure is as the same as 
one used in the last section. 

4.3 Experiment 3: Classification into 16 different pods 

 Similarly, the image contrast of the spectrograms of each pod is adjusted so that 
the amounts of samples in each pod could reach 800. Thus the total number of 
samples of the 16 pods is 12800. Then 10% samples are selected for validation, 60% 
for training and the rest 25% for testing. 

4.4 Experiment 4: Similarity analysis and the phylogeny 

The classifier of Inception-v3 used in this study is a normal full-connected neural 
network, which is a classifier based on the Softmax function. When we have 16 
classes (pods), a probability vector with the size of 1×16 would be the output for each 
sample. Each element (within a range [0, 1]) in the probability vector can be 
considered as a measure for the likelihood of the sample classified into the 
corresponding class or, in other words, the similarity between the sample and the 
class. Thus the probability vectors are reasonable to be used to evaluate the 
similarities of the whale calls in different pods. Totally 4, 300 samples are selected 
randomly from each pod to achieve the corresponding probability vectors. The row 
elements of all the probability vectors of each pod are summed up to achieve a 1×16 
general probability vector, which is employed to indicate the similarities between one 
pod and all the other pods. Then, we regard the probability vectors as the abstract 
feature of corresponding classes, and calculate their Square Euclidean distance each 
other to describe their similarity each other. 
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 In Lior Shamir’s study [2], in order to visualize the relations between the 
different subpopulations of whales, the phylogeny inferred by the Phylip software [9] 
is obtained based on the Minkowski distance between the selected polynomial 
decomposition descriptors of different pods, as shown in [2]. In our experiment, the 
phylogeny is also obtained by using Phylip but on the basis of the Square Euclidean 
distance of the extracted general probability vectors. In detail, we mainly use 
Fitch-Margoliash method and n-Body algorithm to create and improve the outtree 
respectively, the other parameters are defaults. 

5. RESULTS 

5.1 Classification 

 As shown in Table 1, the classification accuracies corresponding to the two, four 
and 16 classes are listed and compared. It is worth noting that the reason why the 73.5% 
accuracy reached when classifying samples into 16 classes is that the samples from 
different pods might be the same whale subpopulations with very similar features. It 
results in a great difficulty to perfectly classify the samples. In this case, the similarity 
analysis or clustering analysis might be a more appropriate way to study the 
differences between the pods. About computational efficiency, we just use single 
Intel® Xeon® E7-4830 V2@2.20HZ CPU to retrain our dataset in our work. 
Averagely, it takes 20～40 min to deal with the dataset, and about 0.1s per step for 
training. So, it just needs about 15min when finishing the 10000 iterations. 
 

Methods Wndchrm CNN 
Input data 2D Spectrograms 2D Spectrograms 

Feature extraction  Polynomial decomposition methods 
and Fisher Scores algorithm  Inception-v3 

Classification to two 
species 92% 97.04% 

Classification to four 
subpopulations × 91.47% 

Classification to 16 
pods 44%～62% 73.50% 

Similarity Phylogeny shown in [2]  Phylogeny (Fig. 4) 

Table 1: Comparison between Lior Shamir’s study and our work 

5.2 Similarity analysis 

 As shown in Fig. 2, the phylogeny graph can be clearly divided into pilot whales 
and killer whales along the middle dashed line. Also the influence of the geographic 
locations on the whale subpopulations is completely distinguished by our method as 
there are four distinct branches displayed. Specifically, there are two obvious points 
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which clearly indicate the bifurcation of different subpopulations. For example, the 
bifurcation point ‘a’ is highlighted for the killer whales in different regions, from 
where the left branches are Norwegian killer whales and the right are Icelandic killer 
whales. Compared with the phylogeny in [2], our result is apparently more distinct 
and informative. The detailed comparison is shown in Table 1. 

6. CONCLUSION 
 The main purpose of this study is to use the Convolution Neural Network (CNN) 
to analyze large acoustic datasets and study differences between sounds of different 
whale subpopulations. The results show that the transfer model Inception-v3 is able to 
accurately classify these datasets into different categories in a supervised fashion. As 
shown in Table 1, the accuracy is obviously better than that in [2]. In general, in the 
case of sufficient dataset, the effect of transfer learning is not as good as complete 
re-training, but the data and time required for transfer learning are far less than 
complete re-training. Therefore, it is favorable to do the underwater target recognition 
with insufficient dataset. Moreover, transfer learning can present great efficiency 
although there are no high performance GPU devices for general users.  
 The other purpose of this study is to characterize the similarities between the 
whale calls of different subpopulations in an unsupervised fashion. When applying the 
CNN to the datasets, we do not need to tag these datasets to certain classes but only 
randomly label each dataset with an ID. In this way, the informative features of the 
datasets can be extracted by the CNN algorithm for the similarity analysis. In [2], only 
15% to 20% polynomial decomposition descriptors are selected by Fisher scores 
criterion to do the similarity analysis. In contrast, the features obtained by CNN more 
concisely represent the original data. The phylogeny graph is also produced based on 
the abstract CNN features in order to achieve a better understanding of the relations 
between whale subpopulations, which is also more distinct than the one shown in [2]. 
Thus CNN algorithm is shown to be an effective solution for the classification and 
similarity analysis of large acoustic datasets. 
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Abstract: FFI developed the tool “MCM Insite” for Mine Countermeasures (MCM) perfor-
mance evaluation for Autonomous Underwater Vehicles (AUVs) equipped with side looking
sonars. It estimates image quality and image complexity automatically from sonar images. The
concept has been successfully applied to different synthetic aperture sonar (SAS) sensor sys-
tems taking full advantage of constant spatial resolution and phase information. However, it
is more difficult to extract the required image metrics with non-interferometric, high-frequency
sidescan sonar (SSS) systems, which are widely used for imaging the seafloor during mine-
hunting operations. The main challenge of assessing image quality with SSS is to find a good
signal-to-noise ratio (SNR) estimation from its common beamformed amplitude output. Also,
for image complexity, the varying along-track resolution over range imposes a challenge when
using scale-based image texture techniques. In this paper we aim for a solution for Edgetech
SSS at 850 kHz frequency demonstrated on shallow water data.

Keywords: Sidescan sonar, Mine Countermeasures, Performance evaluation
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1. INTRODUCTION

Autonomous underwater vehicles (AUVs) equipped with side-looking sonars have become an
increasingly important asset for minehunting in Mine Countermeasures (MCM) operations.
Sidescan sonar (SSS) systems are commonly used for imaging the seafloor [1] being both more
affordable and more widespread in use than high-resolution synthetic aperture sonar (SAS)
systems. For running AUV operations autonomously, it is crucial that the vehicle is able to
assess its performance automatically in-mission, based on the data collected, in order to adapt
to rapidly varying sensor geometry and environmental conditions. The Norwegian Defence
Research Establishment (FFI) has developed a tool for MCM performance assessment called
“MCM Insite” [2] that couples in-situ estimations of the two parameters image quality and
image complexity with a-priori information. Image quality describes the performance of the
sonar in providing a proper representation of the seafloor and is affected by e.g. multipath con-
tamination, refractive effects, vehicle stability, navigation accuracy or noise. Image complexity
captures the difficulty of recognizing targets in the local image background. It is low for rather
featureless seafloors and high in the presence of e.g. clutter, rocks, debris or vegetation.

“MCM Insite” has been successfully applied to both HISAS and MUSCLE SAS data [3].
For SSS it is more challenging to calculate the two parameters, particularly due to a lack of a
proper estimation for image quality. If a SSS system is interferometric, it is possible to estimate
the SNR from the spatial coherence (i.e., the similarity of the signal on the vertically displaced
receiver elements), which is an effective estimate of image quality [4]. Since, however, most
operative SSS are not interferometric, it is important to find a way to assess their performance
from an amplitude image. In shallow water, image quality can particularly be degraded by
multipath returns.

In this paper, we first perform a model-based prediction of the sonar performance in order
to divide the image into different range intervals with varying degree of expected performance.
This prediction is then followed by an estimation of ping-to-ping coherence and a texture-
based technique on the collected sonar data, which estimates the effective sonar range. The
image complexity is calculated by applying wavelet variances on the image texture at various
scales. We use data of a non-interferometric high frequency (HF) SSS in shallow waters for
demonstrating our methods towards performance assessment.

2. DATA

In this study we use a data set of SSS images at 850 kHz that WTD 71 collected in the Eck-
ernförde Bay, Germany, with an Edgetech 2205 SSS system. The entire Eckernförde Bay is a
remaining of the last ice age. When the glaciers melted away, the meltwater formed the bay
and left a lot of gravel and rocks behind. Over the years the deeper parts of the bay got covered
by a thick mud layer. At the edges of the bay the currents washed away the mud and shifted
sand from the bluffs into the shallower parts of the bay and formed sandy beaches. The area
from which the data were sampled is at the inner part of the bay. It covers the transition area
from the deeper parts of the bay towards the shoreline. In this area there are some flat, sandy
regions. At some places the underlaying layer of rocks becomes visible. Geologists call this
type of sediment “residual sediment”. In combination with the very shallow water (10–15 m)
this area is quite challenging due to multipath propagation effects.

Fig. 1 shows data from three parallel survey tracks, where (b) and (c) partly overlap with
20 m difference in line-spacing. The maximum range to each side in the images is 50 m. We
clearly see the effects of multipath visible as wavy patterns from as close as 20 m range (e.g. in
the last 60 m along-track in Fig. 1(a)), getting stronger with increasing range. Fig. 1(a) shows
fairly featureless seafloor, except small scale gravel located between 140 m and 200 m along-
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track, while (b) and (c) contain a large area of rocks (port-side), small-scale gravel (in the last
50–60 m along-track) as well as other natural and man-made objects.

At 850 kHz the sonar is specified to have 15 cm along-track resolution at 50 m range, which
corresponds to a beamwidth of approximately 0.2◦. This is a multi-element system with dy-
namic focusing to achieve highest resolution at mid to far range, dynamic aperture (or array
length) to maintain a fixed limited along-track resolution of 10 cm up to 25 m range, and lin-
ear frequency modulation (LFM) pulse forms with pulse compression to obtain better signal
power. The maximum range is specified to be 75 m. The pulse bandwidth is 85 kHz giving a
theoretical range resolution of 9 mm.

(a) (b) (c)

Fig. 1: Sonar images taken with an Edgetech SSS at 850 kHz and 50 m range to each side with
50 dB dynamic range and TVG applied. The vehicle altitude is 4.5 m and the water depth varies
between 15 m at the beginning of the tracks and 10 m at the end closer to the shore.

3. MODEL-BASED SONAR PERFORMANCE

Model-based sonar performance prediction based on the power budget [5, Eq. (6.62)] can give
an initial assessment of the multipath contamination as function of range. It can provide an
estimate of the direct backscatter from the seabed and the multipath level (i.e., acoustic signal
paths that have been intersecting with the sea surface at least once), together with the additive
noise level (either from ambient noise or self noise). This is a common technique used in many
sonar applications [6, 7]. The main objection against model-based performance prediction is
that the environment must be known a-priori, including the sound speed profile, the sea state
(for shallow waters), and the seabed type which often is unknown. We suggest a much sim-
plified model where we assume flat seabed with the same seabed type, known vehicle altitude,
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depth, roll and known sonar system parameters. We perform a slight modification to [8] and
divide the SSS swath into 5 instead of 4 zones as illustrated in Fig. 2.

Fig. 2: Sidescan sonar range zones.

1. The water column zone, where no backscattered signal from the seafloor can occur.
2. The backscatter only zone, where multipath cannot be present due to travel time be-

tween the seabed and the sea surface.
3. The backscatter likely zone, where multipath theoretically is possible, but the backscat-

ter is dominating based on model predictions.
4. The multipath likely zone, where multipath is likely to affect the image quality.
5. The noise likely zone, where additive noise is likely to affect the image quality.

The first and last zone may be used to estimate the noise level if present and visible. Zone
2 provides information for a simple (non-calibrated) model-fit to obtain the general level of
backscatter which in return helps to find a good fit for the bottom type [9]. The chosen seabed
type, vehicle depth and altitude can then be used to forward calculate the transition between
zones 3 and 4.

Fig. 3 shows the relative signal power from measurements for the first and last 60 m along-
track in Fig. 1(a), compared with modeled signal, multipath, and additive noise. The calculated
transmission loss is removed from the results. There are two major differences between the
regions: The 0–60 m region is deeper and has a softer sediment giving less backscatter. The
160–220 m region is shallower and has a harder sediment giving more backscatter. The proce-
dure described in the previous paragraph was followed for choosing the seabed type in the two
regions based on the general level of backscatter in zone 2. Then the altitude and depth was
used to model the backscatter and multipath levels. The additive noise level was fitted to the
starboard side of the first region where noise is clearly visible. We see that the actual shape of
backscatter signal and multipath level does not fit perfectly to the measurements. The overall
trend, however, fits fairly well, and the five zones capture the different dominating contribu-
tions. Zone 1 is characterized by the water column and hence no backscatter. The second zone
contains only backscatter signal as there is no multipath possible. Zone 3 can contain multipath,
but is dominated by backscatter signal. The fourth zone in Fig. 3 begins when the signal-to-
multipath ratio is below 3 dB and for zone 5 the SNR is below 3 dB. The additive noise affects
the image quality in the region of low backscatter. The multipath affects the image quality in
the shallow region of high backscatter. Note that a constant sound speed was used, and the
vertical beam pattern of the sonar was assumed.
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(a) (b)

Fig. 3: Sonar model for predicted backscatter signal, multipath and assumed noise compared
with average measurements (side 1: port, 2: starboard) for the first and last 60 m along-track in
Fig. 1(a). Note that the measurements contain information from all three model components.
The zones illustrated in Fig. 2 are derived from the model and indicated at the top of each panel.

(a) (b) (c)

Fig. 4: Normalized variance plots including texture thresholds for the data from Fig. 1.
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4. IMAGE QUALITY

The image quality parameter aims to capture the sensor performance, i.e., the sonar’s ability to
“see” the seafloor. Our dataset presented in Section 2 originates from a non-interferometric HF
SSS, where the provided data only contained amplitude and no phase information. A natural
way to determine sensor performance is the generalized SNR, which can be derived from spa-
tial coherence [10, Ch. 4]. Due to lack of an interferometer, one could instead try to calculate
the temporal (ping-to-ping) coherence describing the similarity of the received signals from
two consecutive pings. Following the specifications of this sonar system described in Section
2, there is no overlap between consecutive pings in the first 25 m across-track, which linearly
increases to 50% overlap for the maximum range of 50 m. This indicates that a ping-to-ping
coherence might not be suitable enough for assessing image quality, and is confirmed by our
own investigation. It appears that texture is the main driver for high values in our calculation of
temporal coherence, which can be caused both by multipath contamination (wavy patterns in
the far ranges) or by actual texture on the seafloor, e.g. rocks. This is not ideal as a characteri-
zation of image quality. Imaging artifacts, e.g. caused by multipath, speckle or ambient noise,
and object shadows should provide a low SNR (hence low image quality), while backscatter
from the seafloor and objects on the seafloor provide high SNR (hence high image quality).

A more promising approach to infer image quality is shown in Fig. 4. Here we apply normal-
ized variance as texture measure to the sonar images from Fig. 1 (without water column data),
assuming that textures differ between the backscatter and multipath / noise regions. Following
[8], we then estimate the effective sonar range as the range threshold that separates the texture
measure best into two classes using the maximum between-class variance as optimization cri-
terion. In Fig. 4 there are two range curves, where the magenta curve (local range threshold)
results from ping-wise thresholding followed by 25 pings median filtering, and the black curve
(global range threshold) is the result after processing the full image as a single data block. Port
and starboard side data are handled separately. The magenta curve is more sensitive to varia-
tions in local seafloor characteristics, while the black curve is a more robust estimate for the
entire image.

In fairly homogeneous regions of good quality (i.e., where there is only one obvious quality
class in the texture image), the separation leading to the local thresholds becomes very sensitive
to small variations and thus can estimate sonar ranges of less than 10 m and above 40 m within
short distance along-track. This can be avoided by adding an along-track smoothness criteria
that leads to a high cost for rapid changes of the estimated local sonar range.

We observe that the global threshold appears to provide a reasonable estimate for the effec-
tive sonar range at around 40 m on the starboard side of all three examples. This might be due
to the fact that the data on the far ranges of the starboard side seem to be more affected by noise
than on port side, which is reflected in the low normalized variance values. On the port sides,
the global threshold varies between 22 m (Fig. 4(c)) and 31 m (Fig. 4(b)). This is partly due to
multipath that according to the model prediction in Fig. 3 can dominate from ranges of around
20 m, but also due to the texture on the seafloor like the rock field. The local thresholds appear
to follow the contour of the rock field closest to the sonar. As seen in the model of the last
60 m along-track (Fig. 3(b)), where the water is shallower and the sediment harder, multipath
is more likely to contaminate the data, and is particularly visible on the port side images of the
last 60 m along-track (see Fig. 1). Our local thresholds capture these strong multipath regions
pretty well.

5. IMAGE COMPLEXITY

We see image complexity as a texture-based metric applicable to a variety of sonar data, both
SAS and SSS. The metric provides values ranging from 0 (no complexity) to 1 (high com-
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plexity). In Fig. 5 we show our results corresponding to the SSS data from Fig. 1 using the
wavelet variance method described in [11] for finding mine-size texture in the images. The
scales of interest were adjusted to the image pixel resolution with focus on structures in areas
of size 0.4 m×0.4 m to 1.6 m×1.6 m. In addition we downsampled the across-track resolution
to 10 cm in order to have quadratic pixel resolution. However, please note that, opposed to
SAS, in SSS the physical along-track resolution is not fixed with range. As described earlier
this resolution varies between 10 cm at 25 m range and 15 cm at 50 m range.

Our complexity metric is driven by objects of mine-size scales, which lead to the highest
values. Both single objects of mine-size as well as the large area of rocks in Fig. 5(b) and (c)
are clearly captured. The complexity estimates for the overlapping tracks are higher in the rock
area in (c) due to the multipath contamination and hence lower contrast between backscatter
values and shadows in (b). For the small-scale gravel we obtain fairly homogenous regions
of low to medium-low complexity, which is as expected since this is smaller than mine-size
(hence less complex), but also not plain seafloor.

(a) (b) (c)

Fig. 5: Image complexity estimates for the SSS data from Fig. 1. The values range from 0 (not
complex) to 1 (very complex).

6. DISCUSSION

In this study we investigated methods for evaluating the MCM performance in shallow water
with a non-interferometric HF SSS sonar following FFI’s “MCM Insite” performance assess-
ment model. We are using both in-situ measurements and a-priori knowledge. It is more
difficult to assess MCM performance for SSS than for SAS. The along-track resolution is not
constant across the image and could thus lead to difficulties with a scale-based texture measure
for image complexity. This was not observed as a problem with the available data in our case
since the image complexity estimates were reasonable compared with the underlying SSS im-
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ages, though more thorough research is needed for a proper verification. The main challenge
with beamformed non-interferometric SSS amplitude data is the lack of an obvious metric to
capture the SNR for estimation of the image quality. We tried ping-to-ping coherence based
on the available amplitude information, but the results were more influenced by texture than
imaging artifacts. This is due to little or no overlap between consecutive pings.

Our currently best suggestion is to first run a simple model which can help in identifying
zones that are dominated by either backscatter, multipath or noise. This is later checked with a
texture-based classification of each image that aims to find the effective sonar range to separate
the image into two classes of good near range quality (due to backscatter) and poor far range
quality (due to multipath or noise). Our results show that this classification works fairly well
in the presence of noise and strong multipath. However, the suggested solution is depended on
the underlying texture measure, which contains both information on areas of low quality due to
multipath or noise, and areas of high variation due to seafloor texture such as rocks, clutter or
debris. When there is lots of texture present, it might be possible to use the knowledge provided
by the image complexity metric to aid the classification to ignore or damp the influence of mine-
size textures. Additionally, when running surveys with tight track spacing, the stability of the
image quality estimate can be monitored for overlapping adjacent regions.

REFERENCES
[1] P. Blondel. The Handbook of Sidescan Sonar. Geophysical Sciences. Springer Praxis

Books, 2009.
[2] Ø. Midtgaard, I. Alm, T. O. Sæbø, M. Geilhufe, and R. E. Hansen. Performance Assess-

ment Tool for AUV based Mine Hunting. In Proceedings of Synthetic Aperture Sonar and
Synthetic Aperture Radar 2014, Lerici, Italy, September 2014.

[3] M. Geilhufe, W. A. Connors, and Ø. Midtgaard. Through-the-sensor performance evalu-
ation for modern mine hunting operations. In Proc. UDT 2016, Oslo, Norway, jun 2016.

[4] S. A. Synnes, R. E. Hansen, and T. O. Sæbø. Assessment of shallow water performance
using interferometric sonar coherence. In Proceedings of Underwater Acoustic Measure-
ments 2009, Nafplion, Greece, June 2009.

[5] X. Lurton. An Introduction to Underwater Acoustics: Principles and Applications.
Springer Praxis Publishing, London, UK, second edition, 2010.

[6] M. A. Ainslie. Principles of Sonar Performance Modeling. Springer Praxis Publishing,
2010.

[7] L Wang, G Davies, A Bellettini, and M Pinto. Multipath effect on DPCA micronavigation
of a synthetic aperture sonar. In N. G. Pace and Jensen F. B., editors, Impact of Littoral
Environmental Variability of Acoustic Predictions and Sonar Performance, pages 465–
472. Springer, 2002.

[8] R. E. Hansen, M. Geilhufe, S. A. Synnes, Ø. Midtgaard, and T. O. Sæbø. In-situ per-
formance assessment for high frequency seabed imaging sidescan sonar. In Proceedings
Institute of Acoustics, Cambridge, UK, December 2016.

[9] O. J. Lorentzen, S. A. Synnes, M. S. Wiig, and K. Glette. Environmentally adaptive
sonar. In Proc. 1st International Conference and Exhibition on Underwater Acoustics,
Corfu, Greece, jun 2013.

[10] R. F Hanssen. Radar Interferometry: Data Interpretation and Error Analysis. Kluwer
Academic Publishers, 2001.

[11] Marc Geilhufe and Øivind Midtgaard. Quantifying the complexity in sonar images for
MCM performance estimation. In Proc. 2nd International Conference and Exhibition on
Underwater Acoustics, pages 1041–1048, Rhodes, Greece, June 2014.

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  552



SOUND SPEED CORRECTION USING AUTOFOCUS ON SAS
IMAGES

Ulrich J. Hertera, Holger Schmaljohannb, and Thomas Fickenschera

aHelmut-Schmidt-University, Holstenhofweg 85, 22043 Hamburg, Germany
bBundeswehr Technical Center for Ships and Naval Weapons, Maritime Technology and

Research, Berliner Str. 115, 24340 Eckernförde, Germany

Ulrich J. Herter, Helmut-Schmidt-University, Holstenhofweg 85, 22008 Hamburg, Ger-

many, ulrich.herter[at]hsu-hh[dot]de, fax: +49 40 6541-2061

Abstract: The quality of automatic target recognition (ATR) results depends heavily on the
quality of the images it works on. One source of quality loss is using an inaccurate sound
speed during synthesizing the aperture. SAS images usually comprise a long abeam range
whereas the sound speed is measured on the sonar platform directly and/or using CTD
profiles taken at few, selected locations. This makes it difficult to get valid sound speed
values for the entire area imaged. Errors in sound speed do not only cause wrong range
estimates but also blurring in along track direction due to an erroneous range migration
correction. Deviations as little as 1% from the true sound speed may lead to significant
image degradation. The blurring forms a characteristic hyperbolic shape which can be
exploited to derive an improved average sound speed value.

We present a method for sound speed correction employing a modified stripmap phase
gradient autofocus (SPGA) and a previously published method employing phase gradient
autofocus (PGA) and compare the two variants: We used SPGA or PGA to estimate phase
error histories from the image data itself and fited error models to the estimates. The fit
parameters allowed us to calculate an improved sound speed. After applying an inverse
wavenumber algorithm with the old, erroneous sound speed, the new, corrected sound speed
value was applied to the artificial raw data by forward wavenumber processing.

A comparison of SPGA and PGA based sound speed correction is shown on simulated as
well as on field data comprising different features (a wreck, ripples and stones): The original
images were processed using deliberately biased sound speeds as well as the best available
values from the missions. In most cases, our correction method was able to significantly
improve the images. Even in cases where the best available sound speed was used in the
first place, we achieved improvements.

Keywords: Synthetic aperture, Sonar, Autofocus, Speed of sound
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1 INTRODUCTION

The length of apertures synthesised in Synthetic Aperture Sonar (SAS) imaging requires a

precise knowledge not only of the carrying device’s pathway but also of the medium’s speed

of sound values. Different autofocus methods have been developed to estimate and correct

SAS imagery for path deviations directly from a processed image. Phase Gradient Autofo-

cus (PGA) was first published by [1], and extended for application in Strip-map images

(Strip-map Phase Gradient Autofocus (SPGA)) by [2]. Both algorithms employ common

phase estimator kernels, such as shear averaging, but SPGA works on preselected targets

which are considered point like scatterers. The second major difference is: SPGA performs

a wavenumber transform prior to the estimation and results in a phase error estimate in

terms of along track position whereas PGA does the estimation and correction in the spatial

Fourier domain directly.

In this paper, we use both algorithms only to estimate phase error histories from which

we calculate average errors for the speed of sound values used in processing. In the case

of PGA, we minimize the corresponding error function in the Fourier domain following

[3]. For SPGA we use a quadratic error model, which we fit to the phase estimate as ex-

plained in more detail in Sec. 2. The image correction step is the same in both cases, and

uses an inverse wavenumber processor followed by forward processing using a conventional

wavenumber processor with updated speed of sound values. For the implementation of the

wavenumber algorithms we follow [4].

The process described above was applied to a number of test cases, processed with

biased speed of sound values, from simulated and field data of different sea bottom types.

2 THEORY

Let c be the biased speed of sound, x the along track coordinate, x0 the point of closest

approach (PCA) to a given target, Δttwt the two way travel time error and r0 = ct0 the

shortest distance between the sonar and the target. Note that we use here the one way

travel time t0 = 0.5ttwt,0. Further we consider a monostatic sonar and use the stop-and-hop

approximation, assuming the sonar doesn’t move during the signals travel time.

2.1 Speed of sound from SPGA

If the phase error estimate

Δφ(x) = 2πfcΔttwt(x) (1)

at the carrier frequency fc and t0 are known, we can relate this function to an error in speed

of sound Δc as follows:

Without loosing generality we can set x0 = 0, then the two way travel time in terms x
is:

ttwt(x) =
2

c

√

x2 + c2t20. (2)
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For small errors in speed of sound Δc, the error of two way travel time can be approximated:

Δttwt =
dttwt

dc
Δc+O(Δc2) = − 2x2Δc

c2
√

x2 + c2t20
+O(Δc2). (3)

Expanding Δttwt around x = 0 we get:

Δttwt =
−2Δc

c3t0
x2 +O(x3,Δc2) (4)

⇒ Δφ =
−4πfcΔc

c3t0
x2 +O(x3,Δc2) ≈ Ax2 + Bx+ C. (5)

and

A =
−4πfcΔc

c3t0
; B = C = 0. (6)

The discrete version of Δφ[xn] can be estimates using SPGA and a fit to this allows for

estimating A, B and C (n denotes row number in the SAS image). From A we get a value

for the sound speed error:

Δc ≈ −Ac3t0
4πfc

. (7)

2.2 Speed of sound from PGA

Following [3], we use the output of the PGA phase error estimation Δφ[kx,n] and minimize

the error function ε(Δc) to get a value for Δc. ε(Δc) writes as follows:

ε(Δc) =
∑

n

{

detr
[

Δφ[kx,n]− r0

(
√

4k2
old − k2

x,n −
√

4k2
new − k2

x,n

)]}2

(8)

with kold =
2πfc
c

and knew =
2πfc
c−Δc

.

n is the number of the discrete wavenumber bin and kx,n the corresponding wavenumber.

3 IMPLEMENTATION

The sound speed correction is implemented as shown in Fig. 1. Main inputs are the blurred

image and the speed of sound c, which was used to process the image. It is searched for

strong targets. For each target i, phase errors are estimated either using SPGA or PGA and

sound speed errors Δci are calculated. In case of SPGA only small windows (2m by 1m)

around each target are fed into the estimator, whereas in case of PGA snippets (5m by 5m)

with the target at the centre are used.

In theory, a single point scatterer in an image should be sufficient to estimate Δc. In

practice, it is important to use as many estimates as possible, remove outliers and the ones

with bad fit statistics and use the median of the remaining values for each iteration m:

Δcm = medfilt{Δci}. (9)
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If absΔcm/cm−1 is larger than a given threshold, cm = cm−1 − Δcm is updated and the

defocused data is run through a forward ω − k processor using cm. The process can also

be interrupted by specifying a maximum number of allowed iterations. For updating the

image we use the same method as in [5]. First the initial image is defocused by an inverse

wavenumber (ω − k) algorithm and, in each iteration, focused using the updated speed of

sound by a normal wavenumber processor following [4].

3.1 SPGA estimator

img, c inverse ω-k

find (x, y)i

SPGA/PGA:

⇒ Δφi

Fit:

⇒ Δci,m

Filter:

⇒ Δcm

small? update c

update img

updated

img, c

no

yes

Fig. 1: Flow chart of the image cor-
rection process.

Our implementation of SPGA follows closely the ap-

proach described by [2] with a number of additional

parameters (see [5]). Instead of running the full pro-

cess, we break at step 17 in [2] and feed the phase

error estimate into the process described in Sec. 2.1.

For the fit we use Matlab’s polyfit function which

solves the Vandermonde matrix. Only one itera-

tion of SPGA sound speed error estimation is per-

formed for each target. It turned out that for es-

timating speed of sound it is better not to perform

de-trending of the sheared product as we did for es-

timating sway errors in [5], but include the paramet-

ers B and C in the fitting process to account for off-

sets and linear trends. It appears that de-trending the

sheared products changes the results of the amplitude

weighting and unwrapping and therefore the meas-

ured curvature (parameter A).

3.2 PGA estimator

[3] use FLOS-PGA with a fixed number of 3 itera-

tions. In contrast, we implement PGA following [1]

with a dynamic break condition: As soon as the auto-

matic windowing (step B in [1]) increases the win-

dow size, the iteration is stopped and the cumulative

phase error Δφ[kx,n] in terms of the along track wavenumber bins is returned. From the

phase error we get Δc by minimizing the error function (8) and use the centre range of the

given snippet as r0. For the optimization we use Matlab’s function fminbnd which uses

golden section search and parabolic interpolation algorithms on a given search interval.

4 RESULTS

We tested the proposed method on simulated point scatterers, as well as on field data com-

prising different sea floor types, such as stone fields, ripple fields and a wreck. All examples

were processed using a conventional delay-and-sum beam forming, with the best known
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Test group abs. Residual Contrast gain Iterations Run time Tests

mean % mean % mean mean [s] number of

SPGA simul 0.03 106.30 0.80 23.7 5

SPGA field 0.37 9.03 2.82 588.8 28

PGA simul 0.03 106.07 0.80 18.1 5

PGA field 0.53 7.25 2.71 181.0 28

Tab. 1: Metrics of SPGA and PGA based sound speed corrections.

speed of sound, and added errors of −60m s−1 to 60m s−1. These test cases were run

through the sound speed autofocus, with both options for phase estimation, a maximum

number of iterations of 5, a break condition of absΔc/c > 0.002, and a maximum number

of 100 targets per image. The 66 test cases can be divided in four major groups by the es-

timation method (SPGA or PGA) and the data origin (simulation or field experiment). For

efficient computation of the test cases, we used the tool GNU parallel by [6].

As metric for evaluation of the results, we computed the residual absolute error in speed

of sound and the contrast value, defined as the quotient of standard deviation and mean of

absolute pixel values.

4.1 Focusing simulated and field data
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SPGA field
PGA simul
PGA field

Fig. 2: Relative residuals vs. induced sound
speed errors. The four test groups are color

coded.

Tab. 1 shows the mean values of the qual-

ity metrics along with information about

the test case groups. The mean num-

ber of iterations below one in the simu-

lation groups was a consequence of the

break condition, which stopped the al-

gorithm before completing the first loop

in case it measured a small Δc. In all

four test groups the residual error was be-

low 0.6%, and the gain in contrast was

positive. For the simulations there were

almost no differences in performance of

SPGA and PGA based correction. Only

the run times were smaller in the cases

using PGA. This does not apply for the

cases using field data: SPGA yielded

better results: The residuals were smal-

ler, the contrast gains higher, but the run

times were worse. The SPGA method is

more costly, computationally.

Comparing the two estimation methods, the actual values for Δc were not always con-

sistent. Fig. 2 shows all relative residual errors vs. the induced errors. In all cases the re-

siduals were smaller than the induced errors, in most cases well below 1%. However there

were more outliers when using PGA, indicating a better consistency of the SPGA method.
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Fig. 3: Snippets of images before and after SPGA/PGA based sound speed autofocus. 1st
row: Simulated point scatterer, induced error of 2%; 2nd row: Wreck image, induced error
−3.96%; 3rd row: Wreck image, no error induced; 4th row: Stones and ripples, induced

error −1.32%. The contrast values are calculated for the shown snippets.
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Fig. 4: Box plots of Δci estimates during 20 iterations of SPGA based autofocus with and
without filtering. The orange dashes are the median values, the boxes contain 50% of the
estimates and the whiskers mark the 95% interval. Circles show outliers (outside 95%). The
blue + are the cumulated sound speed estimate and the red bare shows the induced error.

Fig. 3 shows the results of four test cases. On noise free (simulated) data, SPGA and

PGA performed equally well. In the presence of noise and extended reflecting objects,

SPGA seems to be more accurate and yields better contrast values. Interestingly, the SPGA

based method was able to improve the wreck image without any induced error (3rd row,

centre snippet). Comparing the contrast values of the SPGA focused images of the wreck

(2nd and 3rd row, centre) of 1.324 and 1.316 with the contrast of the same image without

induced error (3rd row, left) of 1.307, there is in both cases an improvement. This shows

that our method is able to improve images, processed with the best known speed of sound

values, and also to recover dramatically corrupted images.

A reason for the improved sharpness of the centre snippet in the 3rd row (Fig. 3) prob-

ably was the difference in depth between the deck of the wreck and the seafloor. The images

were processed using a flat seafloor, so that some of the errors induced by this assumption

were compensated by adjusting the speed of sound value.

4.2 Convergence test on field data

Fig. 4 shows the results of a convergence test using SPGA with and without filtering of

estimates over 20 iterations. The test was performed on field data with an induced error

of −60m s−1. It is clearly visible that a statistical filtering of estimates was necessary to

achieve convergence, otherwise outliers would have biased the final results. Interestingly,

the distribution width of estimates decreased during the first four iterations only, and re-

mained at a certain level on-wards. This shows that measuring sound speed on individual

targets is not sufficient and it is important to include as many targets as possible. Also it in-

dicates that our filtering method is effective.
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5 CONCLUSION

We proposed a new method for estimating sound speed errors from processed SAS images

by making use of the existing autofocus algorithm SPGA. We integrated this method, along

with the perviously published method using PGA, into an iterative algorithm for applying

improved sound speed values to SAS imagery. Our algorithms did not rely on reprocessing

raw data but were applied to processed SAS images directly.

The method proofed it’s potential on simulated data as well as on field data. In most

cases it was able to improve the contrast of the images significantly and to recover the true

speed of sound with good precision. In some cases it even improved field images that had

been processed using the best known speed of sound in the first place. This could be valuable

for further processing and evaluation of SAS images, such as automatic target recognition

and reliable localization of objects of interest.

Further work should seek to improve the computational costs of the process, especially

for using SPGA. In depth statistical analysis of sound speed estimates could improve effi-

ciency and reliability.
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Abstract: ATR (Automatic Target Recognition) for MCM (MineCounter Measure) operations
is highly dependent on resolution and image quality. The introduction of SAS (Synthetic Aper-
ture Sonar) systems, more than a decade ago, has then been a game changer in the field of
MCM. It became clear over the years however that single pass survey may not be sufficient to
reach acceptable levels of recognition and/or false alarm. The interesting problem of target
reacquisition has then emerged. For synthetic aperture systems, circular reacquisition patterns
are particularly beneficial for various reasons: (i) it offers the full 360 degrees view angles of
the target, (ii) it maximises the aperture offering the maximum theoretical resolution for the
system and (iii) it is relatively efficient in term of reacquisition time. This presentation focuses
on the resolution problem for CSAS systems. Thanks to the symmetry of the problem, we will
derive the exact CSAS PSF (Point Spread Function) at the centre of the reacquisition pattern,
then extend the exact PSF expression to the full field of view using atom wave wavelet analysis.
We will naturally derive a new definition for resolution based on the PSF energy leakage. The
PSF is not uniform for the full view area, and we will introduce two normalisation methods to
remediate this issue. Finally, we will show how to increase further the CSAS resolution and
then the image quality using pulse adapted wave atom deconvolution..

Keywords: CSAS, Resolution, Wave Atom Deconvolution.
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1. THE CSAS RESOLUTION

1.1. Configuration and nomenclature

We are considering a SAS system S performing a circle C centred in the point O and with a
radius R. We define the full view area as the area where every point is seen by the SAS system
S during its full trajectory on C . Assuming that C is a circle, the full view area is then also a
circle whose radius r is function of R and the beamwidth ϕ of the system:

r = Rsin(ϕ/2) (1)

Figure 1 pictures the CSAS configuration described in this paper. The CSAS full view area is
highlighted in blue in the figure.

R

r

𝜑

S

O

C

Fig. 1: Circular SAS configuration: S location of the SAS system following the circular
trajectory C centred in O. The CSAS full view area is highlighted.

For the rest of the paper, we will be using the nomenclature described in Table 1 for the
central frequency, the bandwidth, the pulse length and the Gaussian window temporal length
related to the pulse. For the numerical simulations and unless otherwise specified, we will be
using the values also indicated in Table 1.

Notations Definition Values Units
c sound speed 1500 m.s−1

f0 pulse centre frequency 100 kHz
∆ f bandwidth 20 kHz
T pulse length 1 ms
σ Gaussian window temporal width 200 µs

Table 1: Nomenclature and nominal values.

1.2. The matched filter response

In this section, we compute the matched filter response of a linear frequency modulated
(LFM) signal weighted by a rectangular window and a Gaussian window. The matched filter
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response solves the range compression problem and plays an important role in the derivation
of the PSF.

Let p(t) be the pulse sent by the SAS system. We assume that p(t) is a weighted LFM
signal. Thus, we can write:

p(t) =W (t)exp
[

2iπ
(

f0 +
∆ f
2T

t
)

t
]
, (2)

where W (t) is the windowing function. We are considering two cases for W (t), a rectangular
window:

W (t) = 1[−T/2,T/2](t), (3)

and a Gaussian window:

W (t) = exp
(
− t2

2σ2

)
. (4)

The matched filter response sMF(t) of the pulse (2) is given by:

pMF(t) =
∫ +∞

−∞

p∗(t ′)p(t ′+ t) dt ′

= e2iπ
(

f0+
∆ f
2T t
)

t
∫ +∞

−∞

W (t ′)W (t ′+ t)exp
[

2iπ
∆ f
T

t ′t
]

dt ′ (5)

The exact analytic expression of the matched filter response (5) can be found for both window-
ing functions (3) and (4) as described in [1] and [2] respectively, and pMF(t) reduces to

pMF(t) = B(t) e2iπ f0t , (6)

with

B(t) = T sin[πt∆ f (1−|t|/T )]
πt∆ f for the rectangular windowing (3) and (7)

= σ
√

πexp
[
−
(

1
4σ2 +π2 ∆ f 2

T 2 σ2
)

t2
]

for the Gaussian windowing (4). (8)

For the Gaussian windowing case, B(t) can be rewritten as B(t) = σ
√

πexp
[
− c2

8a2
0
t2
]

where

a0 =
1√
2

cσT√
T 2+4π2∆ f 2σ4

represents the spatial standard deviation.

Figures 2(a) and (b) plot the matched filter response of the pulse p(t) for respectively the
rectangular windowing (3) and the Gaussian windowing (4) with the pulse parameters described
in Table 1. Note that the analytical formula (6) is exact and that there is a perfect match between
the predicted and the simulated data.

From (6), it is interesting to note that the matched filter response pMF(t) is only a low
frequency envelope, B(t), modulated by the central frequency f0. The frequency content of
pMF(t) then comes from the frequency leakage caused by the windowing function B(t).

1.3. CSAS Point Spread Function

To recover the CSAS PSF, we need to integrate the received echoes along the full circular
trajectory C . We consider an ideal scatterer located at the centre O of the circle C . Given the
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Fig. 2: Match filtered response for a pulse with (a) rectangular window and (b) Gaussian
window.

circular geometry of the problem, it is convenient to compute the PSF is the polar coordinates
where O represents the origin. Furthermore, the PSF I(r,θ) is only function of r, the distance
to the centre O, i.e. I(r,θ) = I(r). The integration along C gives the PSF, and we can write

I(r) =
∫ 2π

θ=0
B
(

2r cosθ

c

)
e4iπ f0r cosθ/c dθ. (9)

Using a first order approximation of the MacLaurin series for B(.) leads to the PSF expression
for CSAS configuration:

I(r) = 2πB
(

2r
c

)
J0(2kr) (10)

with k = 2π f0/c representing the wave number and J0(.) the Bessel function of the first kind of
order 0.
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Fig. 3: (a) Comparison between the full SAS integration from Eq. (9) and the approximation
from Eq. (10) for a pulse with a Gaussian windowing. (b) Normalised PSF for a CSAS system

using a pulse with a Gaussian window.

In figure 3(a), we plot the PSF as a function of r and compare the exact solution (9) with
the approximation given by (10). The numerical simulation has been performed using the
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numerical value given in Table 1. The close match between the two curves indicates that the
first order approximation reflects accurately the circular integration. Figure 3(b) draws the 2D
normalised CSAS PSF for a pulse with a Gaussian windowing.

2. DISCUSSION

The resolution argument plays an important role in the capability for a system to perform
recognition tasks and in particular for automated target recognition algorithms [2–5]. Few
points are worth highlighting from the results of section 1.

Resolution definition: The classic definition of resolution comes from the pulse compression
technique as developed in section 1.2. For a linear frequency modulated (LFM) pulse, the
distance resolution ∆r is often defined as the -3dB spatial width of the matched filter response
and is given by the classic formula:

∆r =
c

2∆ f
. (11)

First it is worth mentioning that the approximate formula (11) assumes a rectangular windowing
function as written in (3) and then does not take into account any variation in the pulse shape
or windowing. Eq. (11) often conjures up the -3dB spatial width as a definition. Again, this
argument is approximate, the c

2∆ f represents in reality a -2.18dB spatial width, but c
2∆ f is in

fact closer to half of the spacing between the first zeros of the sinc(.) function in (7). In [2]
we propose to redefine the resolution as a percentage of the energy leaking of the PSF (Point
Spread Function). This definition takes into account the specific pulse sent by the system and
also infers on the degree of interference that a scatterer will have on adjacent pixels. As an
example, the PSF radial energy E integrated over a radius r0 of the the PSF for a fully coherent
CSAS system given a LFM pulse with a Gaussian windowing can be written as:

E(r0) = E0 erf(a0r0) (12)

where E0 = π3/2σ2 a0
2k represents the total PSF energy. The radius r0 pixel that integrates 90%

of the PSF is then found by solving the equation: erf(a0r0) = 90%.

Effective bandwidth: Bandwidth is not a quantity well defined nor easily measured for real
system as it depends on the physical characteristics of the transducers and also the transmitted
pulse itself. It is well known that rectangular windowing, although it maximises the overall
pulse energy, creates Gibbs oscillations in the Fourier domain [6] and, as a result, strong os-
cillations in the matched filter response as seen in figure 3(a). Windowing functions, such as
Gaussian, Hamming or Tukey, smooth these oscillations and provide much cleared response in
the Fourier domain. The unfortunate consequence is a reduction in the bandwidth. We define
the effective bandwidth as the bandwidth of a rectangular windowed pulse that would provide
the same resolution of the tested transmitted pulse using the resolution definition described
by (11). A Gaussian windowed LFM pulse for example has an effective bandwidth ∆ feq of

∆ feq =
c

4
√

2ln1.65a0
. (13)

The Gaussian windowed pulse with the parameters of Table 1 for example has an effective
bandwidth of approximately 9kHz compared to the nominal 20kHz.
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Fig. 4: Matched filter response of a Gaussian windowed LFM pulse and comparison with a
rectangular windowed LFW pulse at ∆ feq.

CSAS resolution gain: As stated earlier, the principle of a CSAS strategy for target acqui-
sition is to maximise the virtual antenna aperture length. With 2π integration, full coherent
CSAS simply provides the maximum aperture possible. In essence, Eq. (10) describes the gain
in resolution of the CSAS processing compared to the matched filter response alone. The res-
olution gain factor can be found by the asymptotic expression of the Bessel function J0(.) and

writes as
√

2
2πkr . It is important to note that, contrary to the matched filter response, the CSAS

processing gain is function of the central frequency f0: as the central frequency increases, the
resolution also increases. As seen in figure 5 and for a system operating at f0 = 100kHz and
described in Table 1, the gain in resolution is approximatively 16.
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Fig. 5: CSAS processing resolution gain compared to matched filter processing alone.
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Abstract: A requirement for many modern active sonar applications is to detect a threat
fully automatically without a human operator. Regarding this, the major challenge is to
achieve a high probability of detection and a low false alarm rate at the same time. In
active sonar signal processing, often only the signal-to-noise ratio (SNR) and sometimes
also the Doppler of echoes are used for detection. However, echoes have further charac-
teristics that can be used to assess their relevance and hence improve the detection per-
formance.
In this paper, a method for false alarm reduction by classification of contacts is presented.
Initially an overview about the categories of used features is introduced and their individ-
ual suitability to distinguish between target contacts and false alarms is shown. Further-
more, one feature selection method is applied to determine the best subset of features for
classification. Finally, two different classification algorithms are investigated regarding
their performance and robustness for reducing the number of false alarms.
The algorithms are applied to recorded data of diver detection trials that were carried out
in cooperation between the WTD71 and ATLAS ELEKTRONIK. The trials were conducted
with the "Cerberus" diver detection sonar developed by ATLAS ELEKTRONIK UK.

Keywords: Active Sonar, False Alarm Reduction, Feature Selection, Classification
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1. INTRODUCTION
In the last years the requirements for active sonar systems changed fundamentally.

While in the past the detection was done mainly by a sonar operator, nowadays the sys-
tems should work more automatically. Since the performance depends on the attention of
the operator who cannot be highly attentive all the time, the automation plays an important
role. With suitable algorithms it is possible to support the operator or in the ideal case to
detect, track and classify targets fully automatically in real time. Therefore, a high proba-
bility of detection and simultaneously a low false alarm rate are essential [1], [2].

In standard high frequency active sonar applications typically broadband frequency
modulated (FM) pulses which provide a high range resolution or narrow-band continuous
wave (CW) pulses which provide Doppler information are used. In case of linear or hy-
perbolic frequency modulated pulses (LFM / HFM) usually only the SNR of the contacts
is used as a measure of reliability whereas for CW pulses in addition to the SNR also the
Doppler information is considered. However, the contacts contain much more information
that can be used to improve the detection performance [1], [3]. One major challenge is to
extract this information.

In this paper a method for feature extraction and classification based on contacts is pre-
sented. The investigated algorithms are applied to recorded data of diver detection trials
that were carried out in cooperation between the WTD71 and ATLAS ELEKTRONIK.
The trials were conducted with the "Cerberus" diver detection sonar developed by ATLAS
ELEKTRONIK UK. It should be noted that all results are based on the transmission of
FM-pulses which are processed with an experimental signal processing in MATLAB. The
signal processing of the Cerberus itself is not considered.

The paper is organised as follows: The standard active signal processing chain and its
extension for subsequent reduction of false alarms is briefly described in Chapter 2. In
Chapter 3 the feature extraction and two different methods for analysing the individual
suitability of features are introduced. The theory of one feature selection method and two
different classification algorithms is presented in Chapter 4. In Chapter 5 two datasets are
introduced and a method for the association of the contacts into different classes is given.
Chapter 6 shows experimental results for feature analysis, feature selection and classifica-
tion with respect to the reduction of false alarms. Finally, the conclusions are given in
Chapter 7.

2. EXTENSION OF ACTIVE SIGNAL PROCESSING CHAIN

A block diagram of the considered active signal processing chain is given in Figure 1.
The grey blocks indicate the standard active signal processing chain. In a first step, the
azimuthal direction of incidence of the signals is determined by means of a broadband
beamformer. In the second step a matched filter which maximises the SNR is applied. For
subsequent detection with, e.g. a threshold detector, the data are normalised. The normali-
sation is divided into two parts: the estimation of the background noise and the normalisa-
tion to that. This results in an estimate of the SNR which is used for detection. After ap-
plying a threshold detector neighbouring threshold crossings are merged to contacts. Final-
ly, the tracking algorithm associates the contacts from successive pings to tracks. The con-
tacts and tracks are displayed in the detection display.
Reducing the false alarm rate using a machine learning algorithm requires extraction of
features that contain suitable information to distinguish between target contacts and false
alarms. The extension of the standard signal processing is visualised by the green block. In
a first step features of all contacts are extracted and in a second step a supervised machine
learning algorithm is trained with them. The classifier is supposed to provide a likelihood
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value for class affiliation which could directly be used for reducing the number of con-
tacts. Alternatively, the classification result can be used within the following tracking al-
gorithm. However, in both cases the classifier simplifies the contact association in the
tracking.

Figure 1: Standard active signal processing chain (grey) and its extension (green) for
subsequent false alarm reduction.

Figure 2 shows an example of an echo of a diver after the four signal processing stages
beamforming, matched filtering, normalisation and detection. In this example the diver
was equipped with a closed breathing system. For improved visualisation a section of 7 m
and 28 beams is displayed. In the upper image the data after beamforming and matched
filtering is shown. Due to high background noise and reverberation the identification of
the diver echo is clearly not possible. In the normalised data the presence of the diver re-
sults in an increased SNR at a range of 114 m to 115 m. It is visible that the SNR of the
diver echo fluctuates strongly over range and is increased in more than one beam signal.
Finally, the lower image shows the binary detector output where single threshold crossings
were combined to a contact. All contacts are forwarded to the tracking stage, which is not
considered in this work.

Figure 2: Example for a diver echo after different signal processing stages.

3. FEATURE EXTRACTION AND ANALYSIS

As introduced in Chapter 2 the feature extraction is applied to the contacts that are
formed in the detection process. Features can be extracted from the data of the different
processing stages. To achieve the best results with respect to false alarm reduction as
many independent features as possible have to be extracted and combined by a supervised
machine learning algorithm. The categories of the extracted features, the number of fea-
tures in each category and examples for each category are listed in Table 1.

Beamforming Matched Filtering Normalisation Detection
Feature Extraction

& Classification

Detection Display

Tracking
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Feature category Nr. of features Example
Level 13 Contact SNR
Extent 4 Extent in Range
Statistical 16 Centralised moments
Spectral 7 Centre of gravity of spectrum
Sub-band 14 Sub-band correlation

Table 1: Overview of different feature categories for feature extraction.

Two different methods will be introduced to evaluate the suitability of the features for
class separation. One method is the determination of the probability density function (pdf)
for different contact classes. The idea is to estimate the pdf for both false alarms and target
contacts. A comparison of the pdfs gives an impression about the suitability for class sepa-
ration of an individual feature. The higher the diversity of both pdfs the more suitable is
the corresponding feature. In the ideal case the pdfs are completely separable.

A second method for assessing the performance of an individual feature is the consid-
eration of receiver operating characteristic (ROC) curves. For generating these curves dif-
ferent thresholds are defined in the range of the minimum and maximum feature values
and then compared with each feature value. If a feature value exceeds the threshold (or
falls below, depending on the considered feature) the contact is classified as target contact.
In the reverse case, i.e. the feature value falls below (or exceeds) the threshold the contact
is classified as false alarm. For the target contacts this results in the true positive rate
which indicates the relative number of correctly classified target contacts and for the false
alarms it results in the false positive rate which indicates the relative number of false
alarms classified as target contact. Ideally, the true positive rate reaches a value of one and
a false positive rate of zero simultaneously.

4. FEATURE SELECTION AND CLASSIFICATION

For classification two different machine learning algorithms are investigated, on the
one hand the AdaBoost algorithm according to [4] and on the other hand the “  nearest
neighbour” ( −NN) classifier. Both are “supervised learning classifiers” which require a
training dataset.

Within the training process the AdaBoost classifier iteratively extracts the most suitable
features. In each iteration, that feature which leads to the smallest possible false positive
rate and holds simultaneously a demanded minimal true positive rate is selected and repre-
sents a binary “weak” classifier. A cascaded sequence of the “weak” classifiers ends up in
one "strong" classifier. In this way the most relevant features of the training dataset are
selected automatically.

The −NN classifier is a simple parametric classification algorithm which does not
require classical training. The feature space of a training dataset is stored and used as ref-
erence for class estimation of new data samples. For each new sample the distance to the
nearest neighbours of the “training feature space” can be calculated by different metrics.
In this work the statistical mahalanobis metric is used. In the standard realisation of the
−NN classifier the class of new samples is estimated by a majority decision regarding

the classes of the  nearest neighbours. Due to unbalanced datasets a score which indicates
the relative number of the class of the nearest neighbours is used for decision making. In
contrast to the AdaBoost algorithm the −NN classifier does not select any features.
However, using the whole feature space will lead to high computational costs. Moreover,
an oversized feature space could lead to bad classification results. This effect is known as
“Curse of Dimensionality” [5], [6]. For these reasons a selection of the most relevant fea-
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tures has to be conducted before applying the classifier. This is done by the wrapper-
method sequential forward feature selection (SFFS), introduced in [7]. As a first step the
classifier is trained with each feature itself and then the feature which performs best is
added to the empty feature subspace. In the following iterations the remaining features are
combined with the features in the feature subspace and that feature which leads to the best
performance is added to the feature subspace and so on. For each combination of features
the area under the ROC curve (AUC) is used as measure for its performance. When the
AUC does not increase anymore the optimal feature subspace is found.

5. DATASETS

In this work two similar datasets from a diver detection trial are considered. In both da-
tasets the target was a diver equipped with a closed circuit breathing system. The diver
moves away from the sonar, turns and approaches the sonar. The tracking results for the
second part of one run in which the diver approaches the sonar is shown in Figure 3. The
position of the sonar is marked with the green star. It can be seen that a track on the diver
is available for the whole considered section. Moreover, there are some tracks which do
not belong to any target.

For generating the feature space it is necessary to figure out which contacts are caused
by the diver. Therefore, the target track is considered to be the ground truth. Each contact
which appears in the surrounded area of the track position of the diver is assumed to be a
diver contact. All other contacts are assumed to be false alarms. For the first dataset (in the
following named as “Run01”) 252 diver contacts and 28660 false alarms are extracted. In
the second dataset (in the following named as “Run02”) the speed of the diver was slightly
lower resulting in more transmissions and hence in more contacts. In total 320 diver con-
tacts and 49910 false alarms are extracted.

Figure 3: Tracking results for a section of one observed dataset.

6. EXPERIMENTAL RESULTS

In this chapter the results of the individual feature analyses and the contact classifica-
tion are presented. In this work in total 54 features of the contacts are extracted (see Table
1). In the standard signal processing the probability of detection and the false alarm rate
depend only on the detection threshold. An increased threshold leads to a lower false
alarm rate but also to a lower probability of detection and vice versa. Therefore, the “Con-
tact SNR” can be regarded as reference feature which represents the standard signal pro-
cessing.
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A. INDIVIDUAL FEATURE ANALYSIS

As described in Chapter 3 the performance of the individual features is analysed by
their pdfs and ROC curves. For dataset “Run01” two examples for the results of the indi-
vidual analyses are given in Figure 4. On the left-hand side the pdf for the feature “Con-
tact SNR” is illustrated for the classes “diver contacts” and “false alarms”. This evaluation
shows that a complete separation of false alarms and diver contacts cannot be achieved.
However, it can be seen that it is more reliable that a contact with a small SNR is a false
alarm and contacts with an increased SNR are more often diver contacts. This indicates
that the feature contains relevant information for class separation.

On the right-hand side of Figure 4 the ROC curves for the features “Contact SNR” and
“Extent in Range” are displayed. Again, it is visible that the “Contact SNR” is useful for
class separation. The ROC curve represents the performance for different detection
thresholds. By increasing the detection threshold the false positive rate can be reduced by
e.g. 80% while the true positive rate decreases only by 20%. A similar performance is giv-
en for the “Extent in Range”. Both ROC curves illustrate that the individual features are
very useful for classification.

Figure 4: Two examples for the results of the individual feature analyses (left: pdf for the
“Contact SNR”, right: ROC curves for the “Contact SNR” and “Extent in Range”).

B. FEATURE SELECTION AND CLASSIFICATION

The results of the SFFS with the −NN classifier applied to dataset “Run01” are
shown in the upper plot of Figure 5. The number of neighbours was experimentally veri-
fied and chosen to = 200. It is visible that the AUC is nearly constant after 16 iterations
(combination of 16 features) and starts decreasing after 28 iterations due to the “Curse of
Dimensionality”. This means, that many features contain redundant information and there-
fore the feature space for the −NN classifier is reduced to a combination of these 16
features. All categories listed in Table 1 are represented in this set of features.

The AdaBoost classifier selected 21 of the 54 features. Nine of these features are also
selected by the SFFS for the −NN classifier. This means, the feature space that is used
by both classifiers is not the same.

Both classifiers are trained with dataset “Run01” and applied to dataset “Run02” in or-
der to investigate their performance. The classification results for both classifiers are illus-
trated by the ROC curves in the bottom plot of Figure 5. It can be seen that both classifiers
lead to similar performances. In comparison to the standard signal processing (ROC curve
for the “Contact SNR”) the false positive rate can be reduced by ~87% (from 0.6 to 0.08)
for a constant true positive rate of 0.95.
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Figure 5: Results of the SFFS (above) and classification with the k-NN and AdaBoost
classifier in comparison to the performance of the “Contact SNR” (below).

Figure 6 shows the contacts before and after contact classification in the detection dis-
play to get an impression of the impact of the false alarm reduction. False alarms are dis-
played by yellow and diver contacts by red dots. The left-hand side of Figure 6 shows all
contacts of a section of 35 pings of “Run02” before classification. In total there are 35
diver contacts and 5905 false alarms. On the right-hand side the contacts after classifica-
tion with the AdaBoost classifier (at a true positive rate of 0.95 and a false positive rate of
0.08) are shown. After classification 34 diver contacts (97%) and only 396 false alarms
(7%) are remaining. Due to this significantly reduced false alarm rate it is much easier for
the sonar operator and the tracking algorithm to identify real targets.

Figure 6: Detection display for 35 pings of “Run02” before (left) and after classification
(right). The red dots show the diver contacts and the yellow dots the false alarms.
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7. CONCLUSIONS

This work proposes a method for false alarm reduction in active sonar applications. In a
first step several features of the contacts are extracted. Furthermore, two methods for ana-
lysing the suitability of individual features for class separation are introduced. By means
of these methods it is shown for two features, the “Contact SNR” and the “Extent in
Range”, that they are suitable for separating diver contacts and false alarms. Since the fea-
tures contain redundant information it is necessary to select the best subset of features for
classification. For the −NN classifier this is done by means of the sequential forward
feature selection (SFFS) whereas the AdaBoost classifier automatically selects the best
subset while training. It turned out that the classification performance is similar for both
classifiers. The number of false alarms can be significantly reduced which results in a
much clearer detection display. Furthermore, the low false alarm rate leads to an improved
tracking performance.

In future work it will be investigated if the classification performance can be further in-
creased by the use of additional features from the tracking such as the estimated speed or
trajectory. Moreover, further feature selection methods as well as classification algorithms
will be analysed and compared with the methods described in this work.
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Abstract: The detection of changes in sets of serial images acquired at different times
is a common approach used in the context of underwater surveillance and monitoring.
Coherent change detection with Synthetic Aperture Sonar (SAS) involves using both phase
and amplitude of the data to detect very subtle scene changes that may not be detectable
from the magnitude of the mean backscattered power. This paper briefly examines some
of the parameters used during the co-registration process, which determine the shape of
the warping surface used to resample the repeat-pass image onto the original image, using
standard statistical metrics that can evaluate the quality of the image registration. Using
the results of this analysis, a multi-look processing approach which produces a set of �
independent looks of the scene is proposed in order to enhance the underlying coherence
of the scene and improve the detection performance over that of a single-look image. The
technique is tested on a data set collected in the Mediterranean Sea over sand ripples
using ATLAS Elektronik’s Vision 1200 system, a 150 kHz SAS mounted on the SeaOtter
Autonomous Underwater Vehicle. Results show that it is possible to detect sub-resolution
coherent changes under these environmental conditions using the proposed approach, and
a number of recommendations for processing repeat-pass SAS data are made.
Keywords: Synthetic Aperture Sonar, Coherent Change Detection, Co-registration
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1. INTRODUCTION

The detection of changes in sets of serial images acquired at different times is a tech-
nique that has been applied across many disciplines that require surveillance and moni-
toring of a scene [1], and automated methods for both real and synthetic aperture sonar
(SAS) have been a topic of research for several years [2][3]. Techniques fall into two
broad categories: a) Contact-based, where newly acquired detections are associated with
historical ones based on their absolute position, or relative to other objects in the scene;
and b) Image-based, where the image pixels are directly compared. The latter category
can be further divided into incoherent change detection (ICD) methods, where only the
magnitude of the mean backscattered energy is used [4] or coherent change detection
(CCD) methods, where differences in the interferometric phase of the images are used
to detect changes caused by sub-resolution scattering processes that may not be visible
in the mean backscatter images [5]. The challenges in underwater CCD are the same
as those found in the more mature field of space or aircraft-based Synthetic Aperture
Radar (SAR) systems, in particular robust co-registration, temporal decorrelation, and
complex environments. These are made more difficult due to the stability and velocity of
the platforms relative to the speed of sound and the dynamic underwater environment at
the scale of the wavelengths of high-frequency (≥ 80 kHz) SAS sensors. Nevertheless, the
few studies where CCD methods have been applied to SAS images have demonstrated an
ability to detect changes in the environment for temporal baselines of over a week [6][7].

This paper presents results of SAS CCD processing techniques for co-registration and
detection demonstrated on a data set collected using the Vision 1200 SAS, manufactured
by ATLAS Elektronik, whose HF option operates at a centre frequency fc = 150 kHz.
The images were collected in May of 2014 during an Italian MINEX in the Mediterranean
Sea off the Western Coast of Italy over a field of medium sand ripples where several targets
were removed following a baseline survey with targets. The temporal separation between
the surveys was roughly 22 hours. One of the SAS images containing targets is shown in
Figure 1.

The first part of this paper examines the parameters of the method used for find-
ing matching control points and estimating the warping function required for the co-
registration process, which considers both incoherent and coherent approaches. Section
3 introduces the use of multi-look processing to improve the robustness of the coherence
estimate. Section 4 will look at the results of ICD and CCD techniques on the Vision
1200 data. The main findings of this work are summarized in Section 5, followed by
suggestions for future research avenues.

2. CO-REGISTRATION PARAMETERS

One of the primary challenges in SAS CCD methods is the co-registration of the orig-
inal (Io) and repeat-pass (Irp) images accurately enough to permit the interferometric
processing required to detect changes in the coherence of the scene. This requirement is
typically considered to be to within a fraction of the acoustic wavelength (λ/8 − λ/10,
where λ = c/f and c is the speed of sound and f is the frequency) [5] and is a mitigatable
cause of coherence loss. While many co-registration techniques have been proposed, most
start by determining a set of matching control points using a function v(Io, Irp) → [δx, δy]
which returns a set of offsets in range and azimuth. Then, a function w(δx, δy, Irp) → Icr
produces the co-registered image Icr, which is used to produce the final interferometric
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(a) (b)

Figure 1: (a) gives the original Vision 1200 SAS image showing an area of sand ripples and
seven deployed targets. In (b) the repeat-pass image is shown, with the targets removed. The
temporal baseline between the repeat-pass and original image is roughly one day (22 hours).

image If = IoI
∗
cr, where the ∗ denotes the complex conjugate. The function w can make

use of track registration or re-navigation of the data, however, a simple and direct method
is to resample or warp Irp onto Io using a suitable interpolation function. Proposed ap-
proaches for v are the SIFT/SURF transforms [7], various forms of coherence [6] as well
as others. The magnitude of the complex and amplitude-only correlation coefficient are
considered here.

The magnitude of the sample coherence in an N -sized window of the complex original
and repeat-pass images for a given shift in azimuth and range by δ = [δx, δy] is:

|γδ| = 1

N

∑ (gn − μg)(h
∗
n,δ − μh)

σgσhδ

, for gn ∈ Io, hn ∈ Irp. (1)

where h∗
n,δ is the complex conjugate of the shifted sub-image h, and μ and σ are the

sample mean and standard deviation inside the window. It is a two-dimensional version
of Pearson’s correlation coefficient, and when applied to the magnitude images |Io| and
|Irp| it is a common control-point matching method used in many image processing ap-
plications, called the normalized cross-correlation, which will be denoted as ρδ. For each
pixel in the image, a range of values for δx and δy are considered and the maximum value
of δ for both γδ and ρδ are retained for computing the warping function. There is a heavy
computational burden associated with calculating control points for each pixel of large,
high-resolution SAS images such as those generated by the Vision 1200. An efficient
algorithm based on integral images [10] was implemented which significantly improved
the performance of those computations for the varying values of N . An evaluation of
both estimators of the pixel shifts was performed as a function of some quality metrics
that are applied to the resulting interferometric image If . Two commonly used metrics
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are contrast and sharpness [8][9] defined within a image of size M as:

Qc =
σ|If |
μ|If |

, (2)

and

Qs = 20 log10

(

1

M

∑

|If |2
)

. (3)

For the images of sand ripples examined here, the coherence estimates result in somewhat
higher sharpness and coherence values for the interferometric image. An examination of
the computed shifts shows greater noise providing evidence that the shifts obtained using
γ-based values for small values of N are more robust and provide better estimates of the
true co-registration parameters, however as N gets larger, the performance deteriorates.
The same is true for the cross-correlation estimate. Qc is perhaps a better estimate of
image quality in the case of an image with large areas of shadow and it has been noted
that Qs [9] in the form presented in Equation (3) does not account for shadow zones
enough. It was expected that ρ would provide more robust co-registration parameters in
areas of low coherence, however this was not the case. Based on this analysis, γ-estimates
using a window size of 128× 128 were selected.

3. MULTI-LOOK PROCESSING

Multi-look processing is commonly used in the SAR community to reduce speckle in
single-look images [11] and phase noise of interferometric images; it has also been applied
to SAS imagery for similar reasons [12]. The idea is to generate a number of � lower-
resolution “looks” at the scene by filtering the discrete Fourier transform F (kx, ky) of
the complex SAS image by kx into a number of sub-bands, where kx and ky are the
wavenumbers in the azimuth and range dimensions [13]. The relationship kx = 2k sin θ
and ky = 2k cos θ, with k = 2π/λ, is used to cover the total signal bandwidth B and SAS
integration angle θint. The wavenumber spectrum of one of the images, and the area of
support for four bands, is shown in Figure 2 with θint ≈ 12◦ of processed beamwidth for the
Vision 1200. The upper and lower limits for ky are found using kc±B/2, where kc = 2π/λc

is the wavenumber at the center frequency of the sonar and B is the bandwidth. Many
different strategies can be applied to exploit the multi-look images; the approach taken
here is to generate a set of � separate looks of the images Io,� and Irp,� and co-register
them individually using the method outlined previously. Because the scene is composed of
sand ripples, the directionality of the spatial coherence may be exploited, and the fusion
of the coherence of the individual looks may offer improvements to the performance of
CCD methods. For ICD, a standard approach is adopted of creating a despeckled image
Io,ml =

∑ |Io,�| and Irp,ml =
∑ |Irp,�| using the incoherent sum of the multi-look images.

4. RESULTS

The results of the co-registration method and the corresponding coherence (computed
in a 64×64 pixel moving window) on the full resolution images, shown in Figure 3(a), are
first examined. Patches of the scene have maintained some temporal coherence during
the intervening interval between surveys. It is also possible to distinguish areas of low
coherence caused by the insertion of the targets (c.f. Figure 1) however they are mostly
lost within larger areas of low coherence and are unlikely to be detected in an un-alerted
scenario. There are also what appear to be horizontal strips of low coherence that may
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Wavenumber domain - Image 1
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Figure 2: Wavenumber spectrum of the SAS image with the support area for each of the four
looks.
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Figure 3: Results from the Vision 1200 SAS: (a) shows the coherence after co-registration of
the full resolution image; (b) shows the maximum coherence for each pixel from each of the four
looks; (c) shows the normalized cross-correlation between the full resolution co-registered original
and repeat-pass images; and (d) the normalized cross-correlation for the multi-look image.

be artifacts caused by the SAS processing. In Figure 3(b) the results of the multi-look
processing is shown for � = 4. For each pixel, the maximum of the coherence from each
of the looks is chosen. By taking the maximum value, as well as the lower resolution of
the multi-look images it is expected that the overall coherence should increase in areas
with coherence in the full resolution images, and this is in fact observed. However, there
are also areas which were not coherent in the full resolution images which have become
coherent in at least one of the multi-look images, resulting in a better discrimination
of the targets. Figure 3(c) shows the correlation coefficient for the co-registered multi-
look images images Io,ml and Irp,ml. By ignoring the phase information, the six deployed
targets are more easily distinguished against the highly correlated and reduced-speckle
background. For detecting changes on the order of the size of the targets deployed during
this experiment, it is not strictly necessary to use the coherence between the images. In
fact, ICD is likely to be more robust against a greater set of conditions than CCD under
those circumstances. The appeal of CCD is the possibility of detecting scene changes
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Figure 4: Panels (a) and (b) show the coherence and normalized cross-correlation, zoomed into
targets 3 and 4. The corresponding original and repeat-pass images are shown in panels (c) and
(d)

that are not detectable in the magnitude images, and some of these can be observed in
the present data. Figure 4 shows the multi-look coherence of the complex images and
the cross-correlation of the magnitude images from Figure 3, zoomed into the third and
fourth targets from Figure 1. Also shown are the corresponding co-registered repeat-pass
and original images. The drop in both coherence and correlation caused by the insertion
of the targets into the scene are clearly visible. While the correlation focuses in on the
mean backscatter changes caused by the physical presence of the targets, the coherence
also indicates changes that do not appear to be visible in the magnitude images (shown
on the right). While it is not possible to determine the exact cause of this change, as this
was not part of the controlled variables of this experiment, two hypotheses are offered:

• The presence of sand ripples implies the presence of underwater currents. By plac-
ing these objects in the currents, a vortex may be created behind the objects which
could have disturbed or otherwise reconfigured the speckle pattern behind the tar-
get. As the drop in coherence is roughly perpendicular to the ripple direction — the
main direction of the currents needed to create these ripples — may be interpreted
as evidence that supports this possibility.

• The targets may have been dragged during recovery, and the ripples were reformed
with the underwater currents. These new ripples would have different speckle pat-
terns, causing a drop in coherence.

In both cases, the drop in coherence is attributed to the effect of currents on the seabed
at sub-resolution scales, which are then detectable through CCD means.

5. RECOMMENDATIONS AND FUTURE WORK

The principle findings of this work support the following recommendations:

• During co-registration, the use of coherence based-estimates for azimuth and range
offsets generally resulted in more accurately co-registered image pairs. The window
size used to estimate the co-registration parameters corresponded to roughly a 2.5×
2.5 m patch of seafloor for this particular dataset with sand ripples. Using patches
larger than this was not as effective.
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• The multi-look processing method described here increased the overall coherence
and resulted in simpler CCD. An examination of which look was chosen for which
pixel (not shown in this paper) showed contiguous zones arranged horizontally,
suggesting that the gain is not due to the directionality of the seabed but likely
related to platform motion compensation.

• Large-scale objects are detected more easily using ICD on the magnitude images.
Speckle reduction through multi-look processing increases the correlation between
the images.

• Even in a dynamic underwater environment such as this one and using a relatively
high-frequency sensor, it was possible to employ CCD methods to reveal scene
changes that were not visible on the magnitude images.

This experiment has also provided valuable insight into the limitations and possibilities
of underwater CCD. Suggestions for future research avenues are:

• Modeling of the underwater environment to understand the scope of changes that
can be detected in practice using SAS CCD.

• A more thorough study of the effect of window size on the resulting co-registration
quality is recommended as well as a comparision with other commonly used control
point finding methods such as SIFT.

• More accurate models of the joint statistics of co-registered SAS images need to be
developed in order to design optimal tests to carry out automated CCD in a robust
fashion.

Finally, better control of the experimental conditions, while difficult, should be aspired to
during future data collection, such that any observed changes in coherence can be better
understood.
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Abstract: Bottom-diffracted surface-reflected (BDSR) arrivals were first identified in the 2004 
Long-range Ocean Acoustic Propagation Experiment (LOAPEX) in the North Pacific (Stephen et 
al, 2013, JASA, v.134, p.3307-3317). In deep water, ambient noise and PE predicted arrivals are 
sufficiently quiet that BDSR paths, scattered from small seamounts, can be the largest amplitude 
arrivals observed. The Ocean Bottom Seismometer Augmentation in the North Pacific 
(OBSANP) Experiment in June-July 2013 studied BDSRs at the same site in detail. They are 
most readily identified by their move-out on lines of transmissions and are clearest on the 
vertical component channel. There appear to be two classes of diffractors. The diffraction points 
for Type 1 BDSRs occur substantially out of the source-receiver sagittal plane, a true 3-D 
deterministic scattering effect. The diffraction points for Type 2 BDSRs are essentially in the 
source-receiver sagittal plane, a 2-D scattering effect. The diffraction points for BDSRs occur 
both on the sides of small seamounts and on the relatively featureless deep seafloor.  In at least 
one case the same BDSR is observed for 77.5, 155 and 310Hz M-sequence transmissions. Work 
supported by ONR. 

Keywords: ocean acoustics, bottom interaction, diffraction, 
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1.! INTRODUCTION  

Bottom-diffracted surface-reflected (BDSR) arrivals are a ubiquitous feature in long-range 

ocean acoustic propagation.  They are distinct from bottom-reflected surface-reflected (BRSR) 

arrivals [1] because the emergence angle of BDSRs is not equal to the angle of incidence given 

the resolvable bathymetry (about 250m resolution).  BDSRs are important for at least three 

reasons:  1)  they provide a mechanism for signals and noise from distant sources to penetrate to 

the deep seafloor, 2)  they are the reciprocal of the T-phase excitation problem in marine 

seismology [2-6], and 3)  they can be the largest amplitude arrival for long-range transmissions 

to the deep seafloor [7, 8].  BDSRs are not modeled by current long-range propagation codes.  

The geological features responsible for BDSRs are poorly understood.  Diffractors can be located 

on the sides of small seamounts as well as on the relatively featureless abyssal seafloor and they 

are commonly located out of the sagittal plane between source and receiver.  ("Sagittal" comes 

from the Latin word for arrow and the sagittal plane is the plane between source and receiver in 

which an arrow would ideally fly.)  BDSRs from shallow, short-range (<50km) sources are 

readily observed on seafloor receivers in a walk-away transmission geometry where their arrival 

times vary distinctly from the move-out of BRSR paths. 

 

On the OBSANP experiment in 2013 we transmitted along eight radial lines centered at a 

deep vertical line array (DVLA) (Fig. 1) [9].  M-sequences were transmitted at nominal 

frequencies of 77.5, 155, and 310Hz.  Four short-period three-component ocean bottom 

seismometers were deployed about 2km from the DVLA and four broadband seismometers were 

deployed about 4km from the DVLA.  Another four short-period seismometers were deployed 

towards the seamounts to the west of the DVLA (Fig. 2).  Based on the LOAPEX results, we 

expected to see a few BDSRs from the sides of the seamounts.  Analysis of the data from the 

radial lines to the DVLA and all twelve ocean bottom seismometers (83 channels of data), 

however, revealed over 40 diffractors (Fig. 2), many in the relatively flat, abyssal hill terrain 

away from the seamounts. 

 

2.  EXAMPLES OF BDSRS 

 

BDSRs are readily identified by their move-out in a walk-away geometry.  Fig. 3 shows an 

example.  Beyond 25km the direct wave is beyond lift-off and is not observed on a seafloor 

sensor.  From 25 to 35 kilometers there are three main arrivals:  the bottom-reflected surface-

reflected arrivals (BRSR unlabeled) and two BDSR arrivals, labeled BDSR-c and BDSR-p (cyan 

and red lines respectively).  BDSR-p diffracted from the same spot on Seamount B that caused 

the deep seafloor arrivals from 500 to 3200km range in the 2004 LOAPEX experiment (yellow 

square in Fig. 2). 
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Fig. 1:  In the 2013 OBSANP (Ocean Bottom Seismometer Augmentation in the North Pacific) 
experiment a single acoustic source was towed along eight, 50km long, radial lines centered at a 
deep vertical line array (DVLA) of hydrophones.  An array of eight short-period and four long-
period seismometers were also deployed on the seafloor (Fig. 2).  The major seamounts in the 
area are labelled A through F.  The displayed area is 107.9km east-west and 110.9km north-

south.  The merged multi-beam data has been gridded to a 50m grid size. 
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The diffraction points for Type 1 BDSRs occur substantially out of the source-receiver sagittal 

plane, a true 3-D deterministic scattering effect. The diffraction points for Type 2 BDSRs are 

essentially in the source-receiver sagittal plane, a 2-D scattering effect. The diffraction points for 

Type 1 BDSRs tend to cluster on the sides of seamounts but many occur on the relatively 

featureless deep seafloor.  Most Type 2 BDSRs occur on the abyssal hill terrain southeast of the 

seamounts. 

Diffractions of course are frequency dependent.  In at least one case, however, the same 

diffractor (cyan square in Fig. 2) generated BDSRs at all three transmitted frequencies (77.5, 155 

and 310Hz, Fig. 4). 

 

 

 
 

Fig. 2:  Forty-five diffractor points have been identified in the OBSANP radial line data.  Thirty-
eight are Type 1 BDSRS (out-of-plane, red x-inscribed circles) and seven are Type 2 (in-plane, 
blue x-inscribed circles).  The receiver locations (black, plus-inscribed circles) are shown.  On 

NPAL04 BDSR arrivals were observed on transmissions from 500 to 3200km that diffracted 
from the side of seamount B (yellow square). Ten years later this diffractor point was observed 
to excite a BDSR at much shorter ranges (Fig.3).  For at least one diffractor, the same BDSR 
was observed for 77.5, 155 and 310Hz M-sequence transmissions (cyan square, Fig.4).  The 
large yellow and cyan circles indicate the OBS locations, SP6 and SP3 respectively, for the 

record sections in Fig. 3 and 4.  The magenta box indicates the area of Fig. 5.  The displayed 
area is 46.4km east-west and 38.8km north-south and the contour interval is 200m.  
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Fig. 3:  The BDSR from the NPAL04 diffraction point (BDSR-B, red line, yellow square in Fig. 
2) is observed at ranges from 15 to 35km on this vertical channel record section for 77.5Hz 
transmissions on the West line to the Ocean Bottom Seismometer SP6 (vertical component). 

On NPAL04 this BDSR was observed at ranges from 500 to 3200 km.   
 

 
a)  

 
c)   

b) 

 

Fig. 4:  The BDSR from the diffraction point 
on Seamount A (BDSR-c, cyan line, cyan 

square in Fig. 2) is observed at ranges from 
25 to 50km on this hydrophone channel 

record section for a) 77.5Hz, b) 155Hz, and 
c) 310Hz transmissions on the North line to 

the ocean bottom seismometer SP3.  
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3.  GEOLOGICAL SETTING 

 

Sediment thickness and the seafloor geology at the OBSANP site are discussed in 

Appendix F of the cruise report [9].  Direct observations of the subseafloor at the site were 

obtained from shipboard echosounder profiles (Knudsen CHIRP 3260) at ~3.5KHz and 

properties can be inferred from drilling at nearby DSDP Sites 37, 38 and 39 [10].  

Sediment sound speeds were inferred from Hamilton and Bachman [11] using the 

compositions similar to the drilled materials. The OBSANP site has an approximate age of 

50.5Ma. 

 

The seismic stratigraphy comprises two units:  the upper unit is an acoustically 

transparent,  brown, laterally homogeneous, pelagic clay layer about 10m thick and the 

lower unit is a layer of laterally heterogeneous interbedded carbonate ooze and clay about 

40m thick.  Total sediment thickness is about 50m.  Both the total sediment thickness and 

the thickness of the individual layers thicken from the top of the abyssal hills to the 

valleys.   For example the top layer varies in thickness from 7.5m at the top of abyssal 

hills to 11.2m in the valleys.   

 

Fig. 5 shows the location of diffractor points with respect to detailed seafloor relief in 

the area outlined in maroon in Fig. 2.  There is no obvious correlation between diffractor 

location and seafloor relief.  If anything the relief suggests that there should be many more 

diffractor points than are observed.   

 

Four Type 2 BDSRs occur on the Northeast and East lines, which are transmitting 

across strongly lineated bathymetry (Fig.2 ).  

 

For 75Hz transmissions the wavelength in water and soft sediments will be about 20m 

and sound would easily penetrate to basement.  Scattering within the sediment or at the 

sediment basement interface is a possible mechanism for the BDSRs. 

4.  CONCLUSIONS 

 

1)! Bottom- Diffracted Surface-Reflected (BDSR) paths create a palimpsest ( a multi-

layered record) in ocean acoustics. 

2)! BDSRs occur from both in-plane and out-of-plane diffractor points.   

3)! Diffractions occur on the sides of small seamounts as well as from the featureless 

and relatively flat abyssal hills 

4)! BDSRs from the 2004 NPAL04 diffraction point (500 to 3200km range) were also 

observed on OBSANP in 2013 at ranges less than 50km.  BDSRs are repeatable, 

deterministic and can be excited at ranges from 15 to 3200km. 

5)! At least one BDSR is observed at transmissions of 77.5, 155 and 310Hz, ie. 

BDSRs can be robust features over two octaves. 

6)! The BDSR mechanism provides a means for acoustic signals and noise from 

distant sources in the ocean to appear with significant strength on the deep 

seafloor. 

7)! The geological features responsible for the bottom diffractions are unknown. 

8)! Diffractors for Type 2 BDSRs tend to cluster on the sides of small seamounts.   

9)! Most diffractors for Type 1 BDSRs are located in the abyssal hill terrain to the 

southeast of the Seamounts and BDSRs are more likely to occur when transmitting 

across the lineated bathymetry. 
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10)!  There is no direct correlation between diffractor location and seafloor relief.  

Scattering within the sediment or at the sediment-basement contact is a possible 

explanation for the BDSRs. 
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Fig. 5:  Detailed multibeam bathymetry for the magenta square in Figure 2 showing the 
locations of the diffractors relative to relief.  Error bars (black circles) can be estimated 
from the locations of t and i (upper right corner) which are clearly distinguishable from 
the moveout-based location analysis.  Diffractors ‘t’ and ‘i’ are 722m apart and 
diffractors ‘n’ and ’j’ are 655m apart.  The displayed area is 14.0km east-west and 
14.8km north-south.  This unmerged multi-beam data, acquired at a frequency of 12KHz 
(Kongsberg EM 122), has an approximate resolution of 60m east-west and 50m north-
south.  The illumination is from the right. 
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Abstract: Seafloor spreading ridges are generally isolated in the middle of the oceans and remote from 

seismometers deployed on land. As a result, their low-level seismic activity and near-field phenomena related 

to earthquakes are poorly known. Deploying hydrophones to record hydroacoustic waves generated by 

undersea earthquakes, known as T-waves, is an alternative way to monitor this low-level seismic activity. The 

rapid attenuation of seismic waves in the Earth crust is overcome by the excellent acoustic properties of the 

ocean. To better understand the interaction of a seismic event with the seafloor and the resulting generation 

of the T-wave acoustic phase, we use a 3D spectral finite-element code – SPECFEM3D – that jointly models 

the propagation of seismic waves in a solid medium (the Earth crust) and of the acoustic waves in the fluid 

medium (the ocean). Using simplified configurations, we investigate the dependency of T-wave generation on 

the topography of the sea-bottom. The time-function used to model the earthquake source is adapted to near-

field modeling. The seafloor topography, hence the size and shape of the conversion zone, determines the 

presence of T-waves and the amplitude, shape and duration of the signal. Our first results confirm the 

generation of T-waves, even when the source is offset relative to a seamount or a trough on the seafloor, but 

in all cases their modal propagation is slower than the sound-speed. Our results thus highlight the importance 

of 3D-effects in the generation and propagation of T-waves, which must be taken into account to fully describe 

and understand T-waves recorded by hydrophones. 

Keywords: T-waves, underwater acoustics, spectral element model, seismo-acoustic conversion, 3D-
effects 
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 Introduction 
The submarine seismic and volcanic activity occurring at seafloor spreading ridges generates a 

great amount of low-frequency acoustic waves. The seismic waves generated by an earthquake 
propagate in the Earth crust till they reach the sea-bottom. Depending on the local topography, they 
may convert to acoustic waves propagating into the water column [e.g. 1]. These waves are known 
as T-waves (tertiary waves), because they may convert back onshore into seismic waves and arrive 
at seismographs after the P- and S-waves. T-waves receive wide attention, since their study can 
improve our understanding of seafloor spreading ridges [e.g. 2]. 

Seismic data acquired on land by seismographs generally provide no or little information on the 
low-level seismic activity of mid-ocean ridges, due to the rapid attenuation of seismic waves in the 
Earth crust. On the contrary, T-waves recorded by hydrophones take advantage of the excellent 
acoustic properties of the ocean, such as the very long-distance propagation with little attenuation 
when propagating in the SOFAR (SOund Fixing And Ranging) channel. 

To better understand the T-waves generation on the seafloor and their propagation, we use a 3D 
spectral finite-element code (SPECFEM3D) that jointly models the propagation of seismic waves in 
a solid medium (the Earth crust) and of acoustic waves in the fluid medium (the ocean) [3, 4]. Using 
simplified configurations, we test the effect of the seafloor topography on the generation of T-waves. 
The first section presents the model parameters and the second section presents the simulations and 
discusses the results. 

 Model parameters 
 The calculation domain for the simulations is a parallelepiped, 100x100 km wide and 20 km thick. 

It is horizontally divided in a 3 km thick fluid medium (the ocean) underlain by a 17 km thick solid 
medium (the Earth crust). All sides, except the top (sea) surface, are absorbing layers to avoid 
unwanted reflection that would pollute the results. The medium densities are constant and set at 1100 
kg.m-3 for the water layer and 3200 kg.m-3 for the Earth crust. The sound velocity in the water is also 
set constant (1500 m.s-1), as the speed of P-waves (5000 m.s-1) and S-waves (3000 m.s-1) in the crust. 
There is no attenuation either in the solid medium or in the fluid one. 

Three simplified topographies are used to test the generation of T-waves: a seamount, a ridge and 
a trough. The idealized seamount is built by rotating about the z-axis a Gaussian curve with a 15 km 
base and 2000 m height. The linear ridge is built by translating the same Gaussian cross-section along 
the x-axis. The trough is simply a reversed Gaussian seamount. These simple topographies, with an 
appropriate mesh, allow a relatively short calculation time (typically half an hour with 84 parallel 
processors). 

      

Fig. 1: Calculation domain with the meshed surface for a Gaussian seamount (left) and a linear 
Gaussian ridge (right). The box size is 100 x 100 km. The solid and fluid media are 17 km and 3 km 
thick, resp.  
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The source is located 7 km under the seafloor, at the center of the domain, and is simulated by a 
0.5 s half-duration Heaviside function. A Heaviside signal is less usual than a Gaussian signal, but it 
is more realistic for near-field modeling. In any case, the elastic behavior of the solid medium turns 
the Heaviside waveform into a Gaussian signal before it reaches the crust/ocean interface. The focal 
mechanism is an isotropic explosion, which ensures that the T-waves pattern will only reflect the 
effect of topography and not the radiation pattern of the source. The chosen seismic moment (M0 = 
3.98 1023 N.m) corresponds to a medium magnitude earthquake (Mw = 5.0). 

Finite element modeling allows to extract the waveform in any mesh cell.  To monitor the 
generated waves, we distributed “hydrophones” in the water column, in two different ways: every 50 
m along a radius from the center of the model, at a constant depth of 1500 m, and every kilometer 
over a grid covering the whole domain, at a constant depth of 500 m. The line will provide a high-
resolution view of the different wave-phases, the grid will provide an overview of the full pressure 
field radiating from the epicenter. Note that the line of sensors intersects the seamount or the ridge, 
whose top are only 1000 m below the sea-surface. 

 Results and discussion 
Waves produced by the earthquake can clearly be identified in a Hovmöller diagram (Fig 1, left). 

In this distance-time diagram, the slope of the arrivals gives the speed of the waves. The first arrivals 
are P-waves propagating at the speed chosen for the model (5 km s-1); they are followed the Scholte 
waves at their theoretical speed (90% of S-waves speed). After 7 s, the most energetic waves form a 
group propagating at a slower speed (1227 km s-1) than the sound speed. A 2D-Fourier transform of 
the Hovmöller diagram turns it into a frequency-wave number diagram (Fig 1, right). This diagram 
clearly shows that the simulated waves follow the dispersion curves of the nine first acoustic modes 
in the case of an isovelocity perfect waveguide. It thus demonstrates that in this configuration, the 
earthquake generates acoustic waves, or T-waves, travelling in the water column by modal 
propagation.  

Inversion of actual T-waves from a network of hydrophones generally assume that they propagate 
at the full sound speed [e.g. 2]. Our results suggest that this assumption is not correct since, here, T-
waves travel at a mean velocity 18% slower that the sound-speed. 

        

Fig. 2: (Left) Hovmöller diagram of normalized pressure in the case of an isotropic explosion under a 
Gaussian seamount. The grey area shows the seamount width at the depth of the sensors (1500 m below 
sea-level). (Right) Frequency-wave number diagram in the case of an isotropic explosion under a 
Gaussian mount. The theoretical dispersion curves of the ten first acoustic modes in a perfect isovelocity 
waveguide are shown in white. 
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The results from the model with a linear ridge highlights additional 3D-effects. Figure 3 (left) 
compares the time-signal at a hydrophone (i.e. mesh cell) 500 m below sea-level, 45 km away from 
the center of the seamount or ridge (i.e. epicenter) and perpendicularly to the ridge. Both signals show 
the same arrival-times. However, the amplitudes of the peak T-wave arrivals, 30 s after the beginning 
of the run, are about twice larger for the ridge case. This can be explained by a larger size of the 
seismic/acoustic conversion zone in the case of the mountain range. Yet, the number of generated 
acoustic modes remains the same, as shown by the frequency-wave number diagram in the ridge case 
(Fig. 3, right).   

         

Fig. 3: (Left) Comparison between time-signals measured by a hydrophone 45 km away from the 
epicenter in the case of a Gaussian seamount (blue) and of a Gaussian mountain range (red). (Right) 
Frequency-wave number diagram in the case of an isotropic explosion under a Gaussian mountain 
range (to be compared with Fig. 2 left). 

To test whether T-wave conversions can occur away from an epicenter, which remains a matter of 
debate [5], we offset the source 25 km from the axis of the seamount (Fig. 4 left). T-waves begin to 
be radiated after the P-waves reach the mount, firstly from the slope nearest to the source. As the P-
waves progress, T-waves are radiated from all sides of the seamount.  With a source 25 km away 
from the axis of a Gaussian trough (Fig. 4 right), T-waves are radiated by the slope farthest to the 
source. The T-waves are mainly emitted in a direction away from the source. 

      

Fig. 4: Plane view of the normalized pressure field at a 1500m depth, for an explosive source offset 
relative to a Gaussian seamount (left) and trough (right). Isobaths every 250 m are shown in black. Note 
that the top of the seamount intersects the sensor plane. Snapshots at 8, 12, 15, 22, 30 and 40 s after the 
explosion. 
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 Conclusion 
Addressing the question of T-wave generation at the seafloor in 3 dimensions does show some 3D 

effects of the topography, even in simplified configurations. In this respect, the spectral finite element 
code SPECFEM3D [3, 4] proves to be a very effective tool. Our simple simulations show that T-
waves propagate as acoustic modes and, surprisingly, at a velocity slower than the sound-speed.  The 
energy of T-waves increases with the size of the conversion zone (i.e. size of the slopes). T-waves 
are also generated when the source is offset relative to the topography. Seamount, ridge and trough 
generate different T-wave radiation patterns. Future work will focus on the effect of the rugosity of 
the seafloor to test the idea of wave-scattering [6, 7], and, beyond that, will test more realistic models 
with a layered oceanic crust, a Munk velocity profile in the water-column, and more realistic sources 
(e.g. normal or strike-slip fault focal mechanisms). 
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 WHISPERING GALLERY WAVES IN HORIZONTAL PLANE NEAR 
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Abstract: Interference pattern of the sound field from the point source in horizontal plane in 
shallow water waveguide in vicinity of curvilinear isobath is studied. This situation can take 
place in area of the coastal wedge with curvilinear apex (a lagoon or part of a lake). It is 
shown that formation of waves (modes) of whispering gallery is possible for the sound 
source which is close enough to the coastal line. Properties of these waves are studied 
analytically and using numerical modelling and WKB approximation.   

Keywords: sound in shallow water, whispering gallery waves, horizontal refraction 
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1. INTRODUCTION  

Interference structure of the sound field in horizontal plane in shallow water with 
parameters variable in horizontal plane is studied within the framework of the so-called 3D 
problem. Formally this problem can be solved using separation of the vertical coordinate 
(depth) in the wave equation assuming that the depth dependence is provided by adiabatic 
waveguide modes. The modal amplitudes satisfy a two-dimensional dispersive wave 
equation which can be solved by different methods (PE, ray approximation, modal 
decomposition). In the paper, it is shown that in a shallow water waveguide with curvilinear 
isobaths (lagoon, lake) there exist specific solutions of this equation, concentrated 
approximately along isobaths (whispering gallery waves [1]). These solutions are, by their 
very nature, waveguide modes in the horizontal plane.  
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Fig.1: Bathymetry of Lake Kinneret (left) and  radial section of a cylindrically-

symmetric lake (right) by a vertical plane.  

2. PROBLEM DESCRIPTION 

We consider a simplified model of an open locally cylindrically-symmetric bay that will 
be used to draw simple analytical estimates related for the whispering gallery formation. 
Consider a cylindrical coordinate system ),,( zr  , where z  denotes depth. The bay has 
local rotational symmetry about z  axis, and the plane 0=z  is its surface. The bottom relief 
is described by the function )(= rhz  (i.e. depth does not depend on the azimuth  ) inside 
certain sector ],[ maxmin   . We restrict ourselves to the case when h  is constant outside a 
finite interval ],[ 21 rr , while within this interval it is a quadratic polynomial:  
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 The coefficients wvu ,,  are chosen in such a way that function )(rh  is continuous. A 
vertical section of the lake with the bottom relief described by the function (1) is shown in 
Fig. 1. We assume that outside the sector ],[ maxmin    the bottom relief is such that the 
sound wave can leave it freely. The sound speed and density in the water column 
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)(0 rhz   are wc  and w  respectively, while the same parameters in the bottom are bc  
and b . 

Assume that a time-harmonic point source of frequency f  is located at srr = , szz =  
and 0== s . Our goal is to compute the sound pressure field ),,( zyxP  formed by the 
source in this water column and to predict the conditions under which a whispering gallery 
wave can be formed. 
Although the model is highly idealized, the main propagation features (according to the 
argument of Babich and Buldyrev [1]) can be also observed in the case of the arbitrary 
concave boundary.  

3. HORIZONTAL REFRACTION EQUATIONS 

The solution of the propagation problem described in the previous section can be 
obtained in the form of the so-called modal decomposition [2,3]  

 ,),(),(=
1=

zrrAP jj

mN

j
      (1) 

where the modal functions ),( zrj  are obtained from the solution of the acoustical spectral 
problem [2]:  
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The squared horizontal wavenumber 2k  plays the role of a spectral parameter in (2). 
Consider the eigenvalues of (6) 22

2
2
1 >>>

mNkkk   whose eigenfunctions ),(),( 21 zz   
have maxima inside the water column and decay at z  (the latter are called trapped 
modes). It is clear that the far field the will be dominated by the trapped modes, while 
continuous spectrum modes can be neglected. Note that in principle the interface depth h  in 
the formulation of (2) depends on r . Hence the mode wavenumbers )(= rkk jj  and the 
mode functions ),(= zrjj   also parametrically depend on r . 

It can be shown that the mode amplitudes ),( rAj  satisfy the so-called horizontal 
refraction equations [2,3]. In the case when the mode coupling effects are negligible (e.g. 
for very slow variation of )(rh ), these equations can be written as  

   .
)(

)()()(
=11 2

,2,
s

sjss
jjjrrj zr

zrr
AkA

r
rA

r 





    (3) 

 The Helmholtz-type equations (3) are called adiabatic horizontal refraction equations 
(HREs). Note that equation (3) resembles the 2D Helmholtz equation in a rotationally-
invariant bounded domain for which the usual theory of whispering gallery waves is 
developed [1].  
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4. RAY-THEORETICAL CONDITIONS FOR WHISPERING GALLERY 
FORMATION 

In this section we derive a simple ray-theoretical inequality for the media parameters and 
the waveguide geometry that ensures the formation of the whispering gallery waves. We 
start with the Snell’s law in the cylindrical coordinate system  

 .const=
))((sin

)(p

rr
rv j


      (4) 

 The horizontal phase velocity p
jv  j-th mode in (4) of is defined by the formula 

)(/=)(p rkrv jj  , and the )(r  is the incidence angle (i.e. the angle between the ray and the 
radius vector at a given point). 

Assume that some ray radiated by the source located at srr =  is trapped inside a ring 

maxmin << rrr  and therefore contributes to the formation of a whispering gallery. If minr  and 

maxr  are the turning points of this ray, then it is obvious that /2=)(=)( maxmin  rr . 
Furthermore, from (8) we immediately obtain  
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This equality can be recast as  
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Thus we conclude that the whispering gallery can be formed by a certain family of rays 
under condition that the function  

 
rrkr

rv
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j
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=
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p        (7) 

has a local minimum on the interval ],[ 21 rr . In principle we can drop the first inequality in 
(10) as it is always fulfilled for )(rh  given by (1). It is also clear that the whispering gallery 
wave is formed by the family of rays emitted from the source at such angles )( sr  that  

 .
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Note that the condition (6) takes the media parameters (such as sound speeds, densities, 
depth, etc) into account through the horizontal wavenumber )(rk j  (and hence through the 
phase velocities )(p rv j ).  

It is also clear from (6) that the solutions of (3) localized near the minimum 0rr   of the 
function (7) exist even when the respective isobath is just an arc of a circle (and not a closed 
curve as in [1]). Such isobaths are ubiquitous in the neighborhood of a coast line of any 
convex bay. In the following section we develop a WKB theory for the whispering gallery 
modes localized near such isobaths and study an interference pattern of formed by these 
modes. 
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5. WHISPERING GALLERY MODES IN AN OPEN BAY 

In this section we study the modal structure of the whispering gallery waves field in an 
open bay. For simplicity we approximate the non-decreasing function )(= rkk jj  by a step 
function 
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rrifk
rrifk
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j

j
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In this case the condition (6) is clearly satisfied, and 2max rr  . It is also obvious that our 
waveguide for the whispering gallery waves is formed by the circle 2rr   and the caustic 

minrr   in the sector  ],[ maxmin    with open boundaries min   and max  . It 
resembles the Pekeris-type waveguide in a shallow sea, although by contrast to the latter it 
is formed in a horizontal plane. In our simple model the whispering gallery modes are 
clearly of “reflected-refracted” type, while in reality (when )(rk j  varies continuously) each 
mode has two turning points at minr  and maxr  and therefore belongs to “refracted-refracted” 
type (which is more similar to the trapped modes of a deep-sea underwater sound channel). 

Consider homogeneous HRE corresponding to (3):    
 .0=))(( 2

jjj ArkA        (8) 
Clearly, it can be solved by the separation of variables, and the modal 

amplitudes ),( rAj  can be represented as superpositions of waves    
 ,e)(=),( i

   rQrA jj       (9) 
Where signs   correspond to the waves propagating in positive and negative directions of 
 respectively. If the source is located at 0  the assumption that the waves can leave the 
sector through the boundaries min   and max   is equivalent to the following 
statement. For 0>  the solution of (3) is comprised by the functions of the form (9) with 
the “positive” exponentials e  (i.e. the waves propagating counterclockwise), while for 

0<  the solution consists of the waves (9) with “negative” exponentials e  (the latter 
waves propagate clockwise). Hereafter we consider only the solution for 0>   retaining 
only the waves of the form 


ieQ  (they are called horizontal modes). In order to simplify 

the notation we will omit the index j  (thus we fix certain mode number in the 
decomposition (1)). 

Substituting ansatz  


i(r)eQ  into the HRE (8), we obtain the Bessel-type equation with 
variable coefficient )(rk  for the function )(rQ : 
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     (10) 

Its solution must be bounded at 0=r , while at r  it has to satisfy the radiation 
condition. Our goal is to obtain the solutions of (10) localized inside the ring maxmin << rrr . 
The solutions 


i(r)eQ  of this kind are called whispering gallery modes, and they are 

trapped between the penetrable boundary 2max rr   and the caustic at minrr  . 
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6. WKB ESTIMATES OF WHISPERING GALLERY AZIMUTAL 
WAVENUMBERS 

Boundary-value problem for Eq. (10) can be considered as an eigenvalue problem with 
2 as a spectral parameter. In this section we compute the solutions of this eigenvalue 

problem corresponding to the whispering gallery modes using the WKB-approximation for 
the step function )(rk  (this can be done analytically).  

Following the usual scheme of the WKB method [2], we substitute the ansatz 
)(ie)(= rrBQ   into Eq. (10). The real part of resulting equality has the form  
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Assuming that the amplitude )(rB  varies slowly we neglect first two terms. The a first-
order ordinary differential equation is obtained for the phase functions )(r :  
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The solution of this equation is trivial, and we find  
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 If the wavenumber )(rk  is constant for maxmin << rrr , then the integral in (11) can be 
evaluated explicitly:  
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where the signs   correspond to the signs in the expression for r . 
Note that from the imaginary part of the equation obtained by introducing the WKN 

ansatz to (10) the following expression for the amplitude )(rB  can be easily obtained: 
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Let us now compute the phase increment that corresponds to the full cycle of the ray 

travelling from the turning point minrr   at the caustic to the outer boundary 2max rr   and   
back. Consider a whispering gallery mode that corresponds to the ray that with the grazing 
angle   at the boundary 2rr  . Within the WKB-approximation it can be written as 

 .e)(e)( 2

22ii dr
r

k

rBrQ







       (13) 
Thus, the tangential component of the wavenumber is 2/r , while its normal (or radial) 

component reads as 2
2

22 /rk  . Obviously, the grazing angle   at 2= rr  corresponding 
to this mode can be obtained from the equality 

 .=cos
2kr

        (14) 
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This equality allows us to make a convenient change of variables and quantize the angle 
  instead of the azimuthal wavenumber  . Note that the radial coordinate of the inner 
turning point of the ray can be computed as kr /=min  . 

The whispering gallery waves undergo the total internal reflection at 2= rr , hence the 
usual condition must be fulfilled (we introduced the horizontal refractive index nkk =/ˆ ): 

 .)(arccos=
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The phase increment for the WKB-wave propagation from minr  to maxr  and back is 
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 At 2= rr  the phase increment due to the total internal reflection amounts to 
)(arg= Rr , where R  is the reflection coefficient (see e.g. [2]). At krr /== min   the 

wave if reflected from the caustic, and a phase jump of /2=  c  occurs [1]. Thus 
computing the full-cycle phase increment we can write the WKB quantization condition as  

 .2= mrcp   
Writing this condition in terms of grazing angle   (instead of  ), we obtain  
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For small   an approximate solution of this equation reads as 

 ,3
2
3arcsinh

3
1sinh

3
2= 




















ss
ts

m     (17) 

where 
  .

)(12
1

4/33=and,
)(12

)6(1=

3/22
2

2

2

23/22
2

2


















nkr
nkr

mt
nnkr

ns   

Note that the angle m  increases with the increasing of m, hence there is only a finite 
number of values satisfying )(arccos< nm . Thus, for every set of parameters waveguide 
admits only finite number of whispering gallery modes. The values of grazing angle can be 
found by (17), while the respective values of  can be obtained from Eq. (14).  

Now we present a numerical example, where formula (17) is used for the evaluation of 
m  and  , and then the modes 


i(r)eQ  are computed by solving (10). The acoustic filed 

produced by a point source (see (3)) near the arc 2= rr  is subsequently obtained by the as 
the whispering gallery modes superposition. We set the following values for sound speed 
and density in the water and in the bottom: m/s 1500wc , 3g/cm 1w , m/s 2000bc , 

.g/cm 8.1 3b The bottom depth is m 261 h  for 2rr  , m 242 h  for 2rr  , while the 
radius 2r  equals to 6 km. The radial components (r)Q  of the whispering gallery modes for 
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the source frequency of 120 Hz are shown in the left panel of Fig. 2. The acoustic field due 
to a point source can be computed as a superposition of such modes (right panel in Fig. 2). 

 

Fig.2: A radial functions (r)Q  for the whispering gallery modes in our example (left) 
and the interference pattern of whispering gallery modes near km 6= 2 rr (right). 

7. CONCLUSION 

In this study it is shown that in an open shallow-water bay or lake with variable 
bathymetry a waveguide where the whispering gallery modes are excited may exist in the 
horizontal plane. This waveguide can be formed in vicinity of curvilinear isobaths and the 
number of modes depends on frequency and radius of curvature. Remark that this 
whispering gallery modes can exist in real conditions, for example for the frequency of few 
hundreds of herz and radius of curvature of about 5 km.  
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Abstract: Modelling of sound propagation from a point source in media with azimuthal 
variations of bathymetry and/or sound speed is computationally challenging. The parabolic 
equation (PE) method is useful, but it entails approximations and verification by other 
methods is needed. By comparison with solutions by image source and adiabatic mode PE 
techniques, it has been realized in recent years that incorporation of a leading-order cross-
derivative term in the PE square-root operator approximation is sometimes needed. Test 
cases of wedge and canyon type have been used, with medium variations in only one of the 
two horizontal Cartesian coordinates. For such media, the point-source solution can be 
expressed as an integral of solutions of an ensemble of 2-D problems. These 2-D problems 
can be solved by coupled modes, for example. In the present paper, a particular type of such 
test cases is considered. In essence, the difference of inverse squared sound speed at two 
arbitrary horizontal positions does not depend on depth. It follows that only the modal 
wavenumbers depend on horizontal position, not the mode shapes. The pertinent ensemble 
of 2-D problems can be solved separately for each mode, and the "adiabatic approximation" 
is thus exact. Direct propagator-matrix multiplication, from opposite horizontal directions 
with matching at the source range, is applied to obtain explicit solutions in terms of 
exponential and Airy functions, and the pertinent integral is computed with error control 
using adaptively determined step lengths. Two specific examples are studied in detail, one 
of "wedge" type and one of "canyon" type. Despite the simplifications made, allowing very 
accurate numerical solutions, clear mode-dependent effects of horizontal refraction are 
obtained and compared to modal ray diagrams. Comparisons with 3-D PE results are under 
way. 

Keywords: Normal mode, wavenumber integration, adiabatic approximation 
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1. INTRODUCTION AND SUMMARY 

The parabolic equation (PE) method is useful for modelling 3-D sound propagation, but 
approximations are involved and comparisons with results by different methods are needed. 
A truncated wedge with a homogeneous water layer overlying a homogeneous sediment 
half-space has been a popular test case, and a canyon alternative with a Gaussian bathymetry 
has also been studied [1]. Image source and adiabatic mode PE methods have been used for 
verification [1],[2],[3],[4].  

In the present paper, test cases are considered for which the lateral variation is caused by 
sound-speed rather than bathymetry changes. As with the mentioned wedge and canyon 
cases, the medium variation is restricted to one of the two Cartesian horizontal coordinates, 
x. By Fourier transformation with respect to the other horizontal coordinate, y, the 3-D 
problem can be solved by integrating solutions of 2-D problems, e.g., [5]. As in Sec. 3.6.1 
of [6] and Sec. 3 of [7], the inverse squared sound speed is assumed to be expressible as the 
sum of a function depending on depth z and a function of x. It follows that the 2-D problems 
can be solved separately for each mode (the adiabatic approximation is exact).  

After some theory in Sec. 2, a range-invariant reference case is considered in Sec. 3. 
Secs. 4 and 5 deal with examples related to the previously used wedge and canyon cases, 
respectively. High sound velocities are allowed to produce clear 3-D effects in the very 
accurate numerical solutions. Comparisons to approximate PE results are in progress.  

2. THEORY 

A Cartesian xyz coordinate system is introduced with x, y, z increasing to the east, north, 
and downward, respectively. There is a fluid medium with density ρ(z) and sound speed 
c(x,z) between a free surface at z = 0 and an artificial free or rigid bottom at z = zh > 0. A 
symmetric acoustic point source with harmonic time dependence according to the typically 
omitted factor exp(─iωt), where ω > 0 is angular frequency and t is time, appears at z = zs 
on the z axis. Since ρ only depends on z and c is independent of y, the Helmholtz equation 
for the acoustic pressure p takes the form  

    + ( ) ( ) + +  ( , ) =  ( , ) δ  ,  (1) 
 

where δs is the 3-D Dirac function centred at (x,y,z) =(0,0,zs) and M is the moment-tensor 
strength of the source. Fourier transformation of Eq. (1) shows that  

 ( , , ) =  ̂( , ; )  e  d  ,     (2) 
 

where, for each κ, ̂ ( , ; ) = (2π) ( , , )  e  d  fulfils the 2-D Helmholtz 
equation  

  + ( ) ( )  +  ( , ) − ̂ =  ( , ) ( ) ( )  (3) 
 

Here, δ is the 1-D Dirac function. The problem is thereby reduced to numerical integration 
of the solutions to a number of κ–dependent 2-D problems. A resonance phenomenon 
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appears when κ is equal to a modal wavenumber for a specific laterally homogeneous 
region. Hence, for a medium with vanishing or very small absorption, the integration path 
must in general be displaced from the real axis into the lower half-plane.  

Restriction is now made to sound-speed profiles c(x,z) such that  
  ( , ) = ( ) + ( ) ,      (4) 
 

where c0(z) = c(0,z) and S(x) is a continuous and piece-wise linear function of x such that 
S(0) = 0 and S(x) is constant for large positive x and large negative x as well.  

By separation of variables, it follows that Eq. (3) is solved by  
 ̂ ( , ; ) = ∑ ( ; ) ( ) ,     (5) 
 

where the Zm are mode functions with modal wavenumbers km,0 fulfilling  
 ( ) ( )  +  ( ) − , = 0    (6) 
 

and the hm are coefficient functions fulfilling  
  + ( ( ) − ) =  ( , ) ( ) ( )( )    (7) 
 

with ( ) = , + ( ) / and = ( ) ( ) d . Together with the 
appropriate boundary conditions, Eqs. (6) and (7) can be solved by propagator-matrix 
techniques as detailed in Secs 3.3.2 and 3.2.1.2 of [6], for example.  

3. A LATERALLY HOMOGENEOUS REFERENCE CASE 

 
Fig.1: Mode shapes at 30 Hz as excited by a source at depth 106 m (left). Modes 1, 3, 5, 

7 are strong at depth 106 m, while modes 2, 4, 6 are weak there. The right panel shows 
corresponding PL curves at (x,z) = (0,106) m: including all seven modes (black), and for 
each of modes 1, 3, 5, 7 separately (blue, red, magenta, green).  
 

A homogeneous 200 m deep water column with sound speed 1500 m/s is overlying a 
homogeneous fluid sediment half-space with sound speed 3000 m/s, absorption 0.1 
dB/wavelength and density 1500 kg/m3. For technical reasons, the half-space is truncated 
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by a free boundary at depth, with a gradual absorption increase with depth towards this 
boundary to prevent reflections from it. The sound source appears at (x,y,z) = (xs,ys,zs) = 
(0,0,106) m, as in all examples to follow. The right panel of Fig. 1 shows propagation loss 
(PL) at the receiver depth 106 m for the field contribution by the first seven modes. The left 
panel shows the mode shapes, as excited. Modes 1, 3, 5, 7 dominate.  

Fig. 2 shows corresponding time traces including modes 1-5 for a pressure pulse with 
amplitude spectrum concentrated to the band 28-40 Hz. Mode 1 arrives first, at reduced time 
t ─ y/c close to zero, where c = 1.5 km/s, and the highly dispersive modes 3 and 5 follow. It 
is helpful for the mode identification to plot time traces at various receiver depths for fixed 
ranges. This is done for (x,y) = (0,20) km in Fig. 3. At y = 20 km, modes 3 and 5 apparently 
arrive at reduced times about 0.5 and 1.5 s, respectively.  

 
Fig.2: Time traces at (x,z) = (0,106) m for y = 1,2,..,25 km.  

 

 
Fig.3: Time traces as in Fig. 2 but at (x,y) = (0,20) km for z = 10,20,..,250 m.  

4. AN EXAMPLE OF WEDGE TYPE 

The medium example from Sec. 3 is now modified by introducing a non-vanishing S(x) 
according to Eq. (4). Specifically, S(x) is constant in x < ─3.6 km, and it is linear in ─3.6 
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km < x < 2.8 km as well as in 2.8 km < x < 3.6 km. As indicated by the left panel of Fig. 4, 
the corresponding “water” sound speed is 1600 m/s at x = 2.8 km and 1700 m/s at x ≥ 3.6 
km. The right panel of Fig. 4 shows the corresponding “sediment” sound speed.  

 
Fig.4: Wedge-type case with “water” (left) and “sediment” (right) sound speed.  

 
The left panel of Fig. 5 shows PL curves corresponding to those in the right panel of Fig. 

1, with significant effects of horizontal refraction. These effects may be illustrated nicely 
by modal ray diagrams [8],[1], see the right panel and Fig. 6.  
 

 
Fig.5: PL curves as in the right panel of Fig. 1 but for the wedge example (left). The 

right panel shows horizontal rays for mode 1.  

 
Fig.6: Horizontal rays as in Fig. 5, right panel, but for modes 5 (left) and 7 (right).  

 
Broad-band results, corresponding to those in Fig. 2, appear in Fig. 7. At some y ranges 

there are two arrivals for each of the modes 1, 3, and 5, cf. the modal ray diagrams. Their 
interference gives rise to a characteristic beat pattern for the dispersive modes 3 and 5.  

Fig. 8 shows time traces at various depths at y = 19 km. At this y range, there is multi-
pathing only for mode 5. At y = 22 km, see Fig. 9, all of modes 1, 3, 5 exhibit multi-pathing.  
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Fig.7: Time traces as in Fig. 2 but for the wedge case. 

 

 
Fig.8: Time traces as in Fig. 7 but at (x,y) = (0,19) km for z = 10,20,..,250 m.  

 
Fig.9: Time traces as in Fig. 8 but at (x,y) = (0,22) km.  
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5. AN EXAMPLE OF CANYON TYPE 

The positive-x part of the S(x) function from Sec. 4 is now mirrored in the y axis. A 
canyon-type example appears, with “water” and “sediment” sound speeds as in Fig. 10.  

 
Fig.10: Canyon-type case with “water” (left) and “sediment” (right) sound speed.  

 
This time, many horizontal mode rays get trapped in the canyon, bouncing back and 

forth there, cf. the modal ray diagrams in Fig. 12. Thus, see the PL results in Fig. 11, the 
horizontal refraction causes increased pressure levels as compared to the range-invariant 
case. The individual modes contribute significantly over the whole range interval. For the 
third mode, significant interference between paths with clearly different travel times starts 
at about y = 20 km, cf. Fig. 13.  

 
Fig.11: PL curves as in the right panel of Fig. 1 but for the canyon example, including 

all seven modes (left; black) and each of modes 1, 3, 5, 7 separately (right; blue, red, 
magenta, green).  

 

 
Fig.12: Horizontal rays for modes 3 (left) and 7 (right).  
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Fig.13: Time traces as in Fig. 2 but for the canyon case.  
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Abstract:  Within the last decade, the ongoing industrial exploitation of the world’s oceans 
and especially the construction of numerous offshore wind turbines has increased the 
number of foundations that are fastened to the seafloor by pile driving. Pile driving 
activities, however, lead to excessive underwater noise levels. In some areas, e.g. in the 
German Exclusive Economic Zone, dedicated limit values for the underwater noise levels 
have to be complied with in order to protect the marine fauna. To define the underwater 
noise emission and investigate the possible necessity of sound mitigation measures to 
decrease the noise levels, numerical tools are essential. Within the last years, different 2D 
prediction tools have been developed. If the water depth does not change considerably 
within the construction site, which is often the case for wind parks in the North Sea, these 
2D models are suitable. With the ongoing construction of offshore wind turbines and the 
development of floating offshore wind turbines for deeper locations, however, more complex 
sites will be used for pile driving activities. In order to determine 3D effects induced by a 
changing bathymetry, a coupled finite element / parabolic equation model is used. This 
model is validated by means of a 2D example. To investigate the influence of the 3D effects 
on the sound pressure levels, the ocean’s bottom is artificially tilted and the resulting 
differences to the 2D case are shown.       

Keywords: Noise from marine piling, Parabolic equations, Finite Element Method, Three- 
dimensional sound propagation model  
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INTRODUCTION 

The increasing demand for offshore structures, especially the ongoing construction of 
numerous offshore wind turbines, has increased the number of foundations that are fastened 
to the sea floor by pile driving. Offshore pile driving activities, however, lead to excessive 
underwater noise levels. In some areas, e.g. in the German Exclusive Economic Zone, 
dedicated limit values for the underwater noise emissions have to be complied with in order 
to protect the marine fauna. To define the underwater noise emission and investigate the 
possible necessity of sound mitigation measures to decrease the noise levels, numerical 
prediction tools are essential. If the water depth does not change considerably within the 
construction site, which is often the case for wind parks in the North Sea, 2D models that 
are rotationally-symmetric are suitable. Corresponding numerical prediction tools have been 
developed, verified and validated [1][2]. With the ongoing construction of offshore wind 
turbines and the development of floating offshore wind turbines for deeper locations, more 
complex sites will be used for pile driving. Therefore, 3D models that take a varying 
bathymetry and range dependent parameters into account have to be developed. In the 
following, the details of a combined finite element (FE) / parabolic equation (PE) 3D far-
field model are described and the results of its validation in 2D are shown. In order to 
determine 3D effects induced by a varying bathymetry, the 3D calculations are performed 
using the same set-up with an artificially tilted bottom.    

MODELLING APPROACH 

The modelling of the marine pile driving noise propagation is done using a combined 
FE / PE model. The FE model is set up rotationally-symmetric, calculated in time-domain 
and used to derive the starting fields for the PE simulation. Within a preliminary step, a 
simplified model of the interaction between hammer, anvil and ring is computed in order to 
derive a velocity profile v(t), which is used as a boundary condition on the pile’s top within 
the acoustic FE model. A description of the FE modelling approach is given in Lippert et 
al. [3], further details can be found in Heitmann [4]. The pressure values are evaluated at 
10 m distance to the pile centre and used as the starting field for the PE calculations. So far, 
there are no 3D effects introduced into the starting field of the 3D model. 

The PE method is based on a factorization of the far-field elliptic-type 3D Helmholtz 
equation into an outgoing and an incoming propagation component. Neglecting the 
incoming part and splitting the depth and azimuthal operators (X, Y), the one-way wave 
equation with the identity matrix I and the reference wave number  is derived according 
to 

 = √ + + − .      (1) 
 
Within the depth and azimuthal operators the depth- and azimuth-dependent terms of the 

Helmholtz equation are summarized. With the radius r, the depth- (z) and azimuth-
dependent (∅) density  and the sound speed  as well as its reference value , the operators 
are  

 = ( − 1) + ⁄   ⁄ ( ),                        = 1 ( )⁄ ∅ .   (2) 
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With a Taylor-series expansion of the square root of eq. 1 and by neglecting the operator 
cross-terms the square root can be approximated by 

 √ + + ≅ + √ + + √ + .      (3) 
 
 Cross-terms of the azimuthal and depth operators are neglected since the influence of 

the occurring phase shifts are very small and can be omitted for the first kilometres. The 
two square roots on the right side of eq. 3 can be approximated by a Padé-series [5][6] 

 

 √ + + ≅ + ∑ , + , + ∑ , + , . (4) 
 
Thereby, the angle capability of the results increases with order ( , ) of the Padé-

series. The Padé coefficients ( , ) can be derived analytically. For a product presentation 
of eq. 4, see [5]. If a varying bathymetry is taken into account, Gibb’s oscillations occur. 
Those can be decreased by using complex Padé coefficients [7]. Within the used model, the 
depth operator is discretized by Galerkin’s method and the derivatives of the azimuthal 
operator are calculated by an eighth-order central differencing scheme [8].  

The changing bathymetry is considered in a stair-step formulation. The energy in the 
system can be conserved by using the higher-order energy-conserving PE formulation 
derived by Collins and Westwood and the pressure is modified to = /  where =  
[9][10]. Finally, the pressure field ( , ∅, ) is calculated with the zero-order Hankel-
function of the first kind  

 ( , ∅, ) = ( ) ( , ∅, ) ( , ∅, ).     (5) 
 
The pressure field is computed for every frequency increment with a range marching 

procedure, which is divided into two steps: First, 2D calculations for every considered 
azimuthal angle are computed. Second, the calculated pressure field is corrected by the 
consideration of the azimuthal operator. A detailed description of these steps is given by 
Sturm [11].  

The sound propagation in the ocean is computed with a zero-pressure boundary condition 
at the sea surface as well as at the bottom of the model. To prevent non-physical reflections 
from the bottom of the model, an artificial layer with an increasing damping coefficient  is 
displayed beneath the lowest bottom layer [6]. To account for energy losses from shear wave 
conversion, the seabed can be replaced by an equivalent fluid. In this case, surface waves 
are neglected. For the derivation of the complex density of the equivalent fluid 
approximation see Tindle and Zhang [12]. 

The used FE / PE model has been verified with the COMPILE benchmark case [2] for 
2D pile driving computations and the (truncated) wedge-shaped waveguide benchmark for 
3D underwater acoustics [8]. Within the verification process, the increments in 
depth ∆ ≤   /8, range ∆ ≤ 5∆ , and azimuth ∆∅ ≤ 3 /(4 ) in dependence on the 
wavelength   and the current range of interest r lead to converged solutions. If the criterion 
of  ∆∅ is not fulfilled anymore, the number of azimuthal slices is duplicated and the needed 
values of the modified pressure are calculated by a central difference scheme. Preliminary 
studies also showed, that the use of the Padé-series with = 2  is sufficient. A reason for 
this is the Mach cone, which results out of the different wave speeds of steel and water. The 
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cone angle between the acoustic wave front and the pile is about 17°, see Reinhall et al. 
[13]. Within the 3D computations the Padé-series is calculated with = 2.  

2D / 3D PILE DRIVING EXAMPLE  

The set-up of the pile driving model is taken from an offshore measurement campaign 
performed within the BORA project. For a detailed description of this campaign and the 
measured data, see Bellmann et al. [14]. The pile has been object to different 2D 
computations and modelling approaches, compare [4] and [15] for model parameters and 
results. The pile is 58 m long, has a wall thickness of 6 cm and its outer diameter is 6 m. 
The water depth at the pile construction site is about 27 m and the pile’s top is 4.2 m above 
the sea surface. The bottom consists of different layers. The basic set-up of the pile and 
corresponding bottom layers is shown in the left part of figure 1. At the end of the pile 
driving, the used noise mitigation system was removed and the unmitigated pile driving 
noise was measured at different positions up to a distance of 5 km. The bathymetry at the 
construction site can be considered as flat.  

Within the numerical model, the pile is put to the final position and the pile driving noise 
is unmitigated. First, the pile driving is calculated for the 2D case with no changes in the 
bathymetry to verify and validate the coupled FE / PE approach. Second, the seafloor is 
artificially tilted in order to determine and compare occurring 3D effects and their influences 
on the sound pressure levels. In this case, the maximum water depth is set to 44 m and the 
minimum water depth is chosen to be 10 m. The considered angle between the water surface 
and the tilted bottom is 3°. Therefore, the maximum and minimum water depths are reached 
at 314 m. 

 

 

Fig.1: Set-up of the pile driving location for the 2D case (left) and with an artificially 
tilted layered bottom for the 3D case (right). 

 
The limit values for the noise levels correspond to the sound exposure level (SEL) and 

the peak sound pressure level (SPL) [2]. These noise levels are evaluated with the 
reference pressure = 1 . The pressure fields are computed for frequencies between 
5 Hz and 1 kHz with a frequency increment of 1 Hz.     
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NUMERICAL RESULTS 

A comparison of the computed 2D and 3D results and the measured SEL and SPL up to 
the range of 1 km is shown in figure 2. The measurements were taken at a water depth of 
25 m two meter above the seafloor. The error bars (±2dB) of the measurements indicate 
the non-systematic measurement uncertainties [14].   

 
Fig.2: The simulated (2D and 3D) and measured SEL and SPL 2 m above the seafloor, 

the 3D computation is evaluated in cross-slope direction. 
 
The SEL and the SPL show an oscillation around a logarithmic decaying trend for all 

computations. These oscillations are caused by interference patterns and become smaller 
with distance. The decaying trends and the oscillating behaviour are in good agreement with 
the results of a wavenumber integration model [15]. The calculated results of the SEL are 
further in accordance with the measurements. The values of the calculated SPL are lower 
than the measurements. This error is introduced by the FE model due to the simplified 
hammer representation. 

The 3D results show higher oscillations and a slower decaying behaviour compared to 
the 2D results. After 500 m the SEL and the SPL of the 3D computation are higher than the 
2D results. At the distance of 1 km the results of the SPL differ by 6.2 dB and the SEL 
shows a deviation of 6 dB.  The varying bathymetry leads to cross interference effects and 
causes higher noise levels along the cross-slope direction.   

In figure 3, the SEL and the SPL at every range and azimuthal increment and a water 
depth of 8 m are shown. In the up- and down-slope direction the distance where the water 
depth does not change anymore can be identified. It is at about 314 m. Interference effects 
can be identified in both plots. These effects are strongest around 90° and lead to locally 
high noise levels. In the down-slope direction the 3D effects are becoming smaller. As 
expected, at the azimuthal angles of 0° and 180° no 3D effects can be identified and the 
results are the same as a 2D computation a tilted bottom.   
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Fig.3: The SEL (left) and SPL (right) in dB at a water-depth of 8 m with the up-slope 

direction to the right side. 

CONCLUSION AND OUTLOOK 

  The results of the presented 3D FE / PE model agree well with the measurements and 
different benchmark solutions. The results of the 3D cases show, that 3D effects induced by 
a varying bathymetry have a big influence on the considered noise levels. The comparison 
of the noise levels derived with a 2D and a 3D model showed relatively big differences for 
the SPL and the SEL. In order to be able to localize the locations of high amplitudes, the 
model has to be further developed. Further steps in the development and validation of the 
3D FE / PE pile driving model are: The modelling of a real-life offshore pile driving case 
with a varying bathymetry and the investigation of 3D effects induced by the pile, e.g. by 
breathing modes. Another major task is to accelerate the computations to be able to model 
larger 3D domains e.g. pile driving under deep sea conditions.  
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Abstract: In the laboratory of Underwater Acoustic Measurements of the Institute of 
Applied and Computational Mathematics of FORTH a low-cost autonomous system for 
underwater acoustic recordings has being developed. The system consists of a 
hydrophone, allowing operation at depths up to 70 m, and an autonomous control and 
recording unit (based on a Raspberry motherboard) inside a waterproof shell. The control 
and recording system is programmable so it can implement various recording schedules 
and log formats. The duration of operation depends on the characteristics of the 
recording, the battery capacity and the available storage space. The system was 
calibrated so that it can be used for measurements of ambient noise along with other 
potential applications. In this paper the individual system components are presented and 
its operation and features are described. Results of initial tests at the laboratory including 
calibration of the system in a water tank and preliminary results of in-situ tests near 
Heraklion port are presented and discussed as well. 

Keywords: Underwater acoustic recorders, underwater noise, calibration 
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1. INTRODUCTION  

Monitoring of underwater noise has gained great importance in recent years, both in the 
context of improving the functionality of sound recording devices, and improving the 
quality of the marine environment [1-3]. For this purpose autonomous acoustic recording 
devices are used [4-5].   

Recording devices available at the market are expensive, with prices around €10K; 
their programming source code is unavailable, while it is difficult to make changes to 
individual parts and subsystems. Although their operating features such as sampling rate, 
maximum depth, storage space etc. depend on the manufacturer of the device, the stand-
alone data loggers include at least one hydrophone placed outside a watertight shell. The 
analog signal of the hydrophone converts to digital through a sound card and the data are 
stored in a storage medium (hard disk, SD card, etc). Batteries, which are placed into the 
same shell, power the system. The programming of the system is done by a 
microcomputer.  

The purpose of this work is to present the development of a prototype autonomous 
programmable recorder (UL1) for scientific use which is low cost and it is characterized 
by flexibility, enabling the integration and use of devices and materials that are available 
in the market.  

In what follows the details of the recorder, its characteristics and operation will be 
presented. Results of initial tests at the laboratory including calibration of the system and 
preliminary results of in-situ tests near Heraklion port are presented and discussed as well. 

2. DESCRIPTION OF THE SYSTEM PARTS 

The initial system developed consists of a hydrophone, a microcomputer, a sound card, 
a power management card and a power pack (batteries). Following the initial tests of the 
system in the laboratory a preamplifier was added to the hydrophone for improving the 
performance of the system. 

The hydrophone is the H2c model manufactured by the Aquarian Audio Products with 
a sensitivity of -180 dB re 1 V/μPa (+/- 4dB, 20 Hz - 4 KHz) according to manufacturer. 
Its sensitivity drops to -220 dB re 1V/μPa at higher frequencies. Its frequency bandwidth 
is 10 Hz - 100 kHz and its maximum operating depth is 80 meters.  

The motherboard of the system is a Raspberry Pi 3 Model B. Its processor is faster than 
the one in the previous version with 1GB memory. It has a Micro-SD slot, 4 USB ports, 
HDMI, Ethernet, Wi-Fi and runs on Linux. It can be connected with other boards through 
a slot with 40 GPIO pins. 

The Cirrus Logic card used in the system is a 24-bit high quality sound card with a 
sampling rate up to 192 kHz and two 3.5mm ports for headphones, microphone and line 
inputs. It has an internal volume control from -8db to 23 dB. 

The Witty Pi card is a real-time clock and power management card. It can be 
programmed to start or shut down the Raspberry motherboard using different schedules 
and provides the Pi3 with an accurate (±2 ppm) real time clock. 

A preamplifier was designed and constructed at IACM. Its response is flat in the audio 
spectrum (20 Hz to 20 kHz) with an amplification of 35 dB and it can be powered through 
the Raspberry motherboard.  
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3. INITIAL TESTING OF INDIVIDUAL COMPONENTS 

Prior to assembly the UL1 recorder, initial test of the individual components were 
performed in order to confirm their characteristics and functionality. 

The response of the sound card was checked using a continuous wave from a waveform 
generator as input to the card. It was observed that the response of the card was flat 
(±3dB) for frequencies between 20 Hz to 20 kHz.  

The calibration of the hydrophone H2c was done inside a water tank using the 
comparison method. The TC4032 (RESON) low noise hydrophone was used as a 
reference hydrophone and as source it was used the TC4033 (RESON) hydrophone and a 
custom made piezoelectric hydrophone (P3s) manufactured by IACM for comparison. 
Both sources lead to similar results as it can be seen in Table 1. The frequencies used and 
the sensitivity calculated can be seen in Table 1 and Figure 1.  
 

Table 1: Sensitivity of H2c 
Source Frequency 

(Ηz) 
Sensitivity (dB re 1V/ μPa) of H2c 

With P3s as source With TC4033 as source 
20000 -204 -205 
15000 -205 -208 
10000 -203 -204 
7500 -200 -200 
5000 -183 -184.5 
4000 -183 -185 
3000 -180 -183.5 
2000 -181 -181 
1000 -187 -183.5 
500 -185  
200 -185  

 
Fig 1: The measured sensitivity of the H2c hydrophone. 

 
Finally the Witty Pi card was programmed to different schedules (for example 

continuous recording or recording for 3 minutes every 10 minutes.) and it worked as 
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expected. Another advantage of the card is that the system is off-power when it is not 
recording thus saving battery life. 

The individual components were then assembled 
and put inside a custom made shell which can 
withstand pressure up to 25 bars. The whole system 
was tested in a pressure chamber in our laboratory 
at 7 bars pressure for one week for water tightness 
without a problem. Figure 2 shows the recorder 
UL1 ready for deployment. The H2c hydrophone is 
on the left.  A second recorder (UL2) was also 
constructed using the custom made hydrophone 
(P3s) for comparison.  

 

4. TESTING OF THE SYTEM IN SITU 

The system was tested in real condition during a pilot experiment in the framework of 
the QuietMED project. The experiment took place on 24 May 2017 at the Northern coast 
of Crete between the port of Heraklion and the Dia Island, at a distance of about 4 nautical 
miles from the port. The water depth in that area is about 190 m (Figure 3). The UL1, UL2 
with the reference hydrophone TC4032 were deployed at depths of 30, 50 and 70 meters, 
using a float. 

 
 

 
 
 
 
 
 
 
 
 
 
 
 

Fig 3: The site of the experiment. The vessel’s movement is shown in red.  

During the sea trial two different kinds of experiments were performed. First a source 
was deployed at 10 meters depth emitting continuous wave signals for a short period of 
time at different frequencies (200, 300, 500, 700 and 1000 Hz). Then a noise recording 
experiment took place during which the ambient noise was recorded for about 10 minutes. 
This setup was repeated with the instruments at the three different depths. Figure 4 
presents a sketch of the experimental setup. 

 

Fig 2: The UL1 recorder 
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Fig 4: The experimental setup 

From the first experiment with the source in operation, the sensitivity of the whole 
system was calculated for the abovementioned set of frequencies. The method used was 
again the comparison method with the TC4032 used as a reference hydrophone. For this, 
the periodogram of the signal received at the hydrophones was calculated and the ratio of 
the amplitude at the specific frequency was used to calculate the sensitivity of UL1. In 
figure 5 an example of a 10 seconds signal recorded at UL1 (top left) and at TC4032 (top 
right) and their periodogram (bottom) is shown. 

 

Fig 5: An example of a recorded signal at UL1 and TC4032 with their periodograms 

 The average amplitude of all 10 second files at each specific frequency was then 
calculated. The calculated values are shown on Figure 6 as black diamonds.  
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F
ig 6: Sensitivity of UL1 from measurements in the Laboratory (red dots) and in the sea 
(black diamonds). The average of all values is about -140 dB re 1V/μPa (blue line). 

After the sea trial another calculation of the system sensitivity was performed in our 
laboratory on air, using a speaker at different frequencies. It is known that at low 
frequencies the behavior of hydrophones is the same on 
air or in the water [6]. Both UL1 and a reference 
hydrophone were placed at a distance of about 1 meter 
from a speaker (Figure 7) which emitted continuous waves 
at different frequencies. The sensitivity of UL1 calculated 
during this experiment is shown in Figure 6 as red dots. 
The average of all these measurements (blue line on 
Figure 6) is about   -140 dB re 1V/μPa. So the calculated 
value of the sensitivity of UL1 at the frequency range 
between 50 Hz and 1 kHz is -140 dB re 1V/ μPa (±3dB). 

During the sea trial the acoustic data from the periods 
where no source signal was emitted were used along with 
the above mentioned sensitivity value, in order to 
calculate one-third octave band noise levels.  Figure 8 
shows the noise levels at the central frequency of each 1/3 
octave band up to 1 kHz with the instruments at 30 meter 
depth. The levels calculated using the data from both the 
reference hydrophone and UL1 are presented in this 
figure. It can be seen that the measured values differ by 
less than 4 dB. Similar results are expected for instrument 
depths at 50 and 70 meters provided that the sensitivity of 
UL1 does not change much with depth [7]. 

 

Fig 7. Setup for in air, low 
frequency calibration.  

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  632



 

 

 
Fig 8: The 1/3 Octave noise levels calculated using data recorded by the Reference 

hydrophone (blue diamonds) and using data recorded by the UL1 (red dot) 

5. CONCLUSIONS  

In this work it was demonstrated that the construction of a low-cost underwater 
recorder is feasible. Its final cost was less than 800 € and it was constructed from custom 
made parts and readily available components in the market. The H2c hydrophone can be 
used for depths up to 80 meters and it records ambient noise below sea state 0 for low 
frequencies. The data collected during the experiment were used to confirm the sensitivity 
of UL1 measured at the laboratory and the noise levels in the area during the experiment. 
Further, a reduction of the system sensitivity from -140 dB re 1V/μPa to -170 dB re 
1V/μPa is currently examined and will be implemented before the next deployment, such 
that the UL has a sensitivity between -165 and -185 dB re 1V/μPa, as recommended by the 
European Commission[8]. The latter will also prevent clipping of loud sounds.  Further 
the system will be tested for long-term deployment, using appropriate programming and 
power management. 
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Abstract:  
 
ALMA (Acoustic Laboratory for Marine Applications) is a deployable and autonomous 
acoustic system, with passive and active sub-systems, designed in 2012 by DGA Naval 
Systems in order to address future problems in underwater acoustics, especially in 
shallow waters and coastal waters.  
The ALMA project has two main objectives: 1) to increase the scientific knowledge of the 
impact of the environment and of its variability at different temporal and spatial scales, on 
the acoustic propagation and on the signal processing in the sonar domain, and 2) to 
collect and share high quality real data (both acoustical and environmental data) with 
scientists of the underwater acoustics domain, in order to increase the scientific 
knowledge needed for improving the mastering of sonar performance in such highly 
variable and fluctuating environments. 
In this paper, we present an overview of the evolutions of the system and of the 
improvements in its capabilities realized since 2015. These evolutions address in 
particular the mechanical structure for the passive array, mainly allowing new array 
geometry configurations and increasing the number of hydrophones and their spacing 
range capability. 
We also present an overview of the at-sea campaign (ALMA-2016) conducted on the 
continental shelf of the island of Corsica in November 2016. Details are given on all the 
acoustic and environmental aspects of this one-week at-sea trial mainly dedicated to the 
impact of the environmental variability and fluctuations on acoustic propagation in 
shallow and coastal waters. 

Keywords: acoustic systems, shallow waters, coastal waters, underwater acoustics 
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1. INTRODUCTION 

The interest in shallow and coastal waters is in a continuous increasing since many 
years, either in the defence community than in the civilian community.   

In the defence community, the mastering of sonar performance is a constant objective 
of the underwater warfare domain. This mastering implies the mastering of the acoustical 
impact on the sonar systems of all environmental typologies, from deep waters to shallow 
and coastal waters. The evolution of sonar systems, combined with the complexity of 
shallow and coastal environments and the high variability and fluctuation of their 
environmental parameters, at different temporal and spatial scales, lead to the necessity to 
continuously increase the scientific knowledge of the impact of the environment on the 
acoustic propagation and on the sonar signal processing. 

In the civilian domain, the interest in underwater acoustics in shallow and coastal 
waters is continuously increasing, mainly due to environmental preoccupations linked 
with, for example, the monitoring of ambient noise and the quantification of effects of the 
anthropogenic noise on marine life, species counting and, more generally with ecological 
objectives.  

For both the defence and the civilian communities of underwater acoustics, the current 
knowledge of the preponderant physical and acoustical processes in such harsh 
environments is incomplete, mainly due to the lack of environmental and acoustical data 
available for the scientific community allowing to quantifying the impact of the 
environment and of its variability at different temporal and spatial scales on spatial and 
temporal processing dedicated to the detection, localisation and classification processes. 

In 2012, DGA Naval Systems conducted the design studies of an acoustical system, 
named ALMA (Acoustic Laboratory for Marine Applications) in order to address the main 
topics of the underwater acoustics domain for shallow and coastal waters. The ALMA 
system was realized in 2013-2014 by the ALSEAMAR and CESIGMA companies, with 
the COMEX company for at-sea deployment of the system and for marine operations. The 
first version of the ALMA system was qualified at sea on October 2014 [1].  

Evolutions and improvements of the ALMA system have been continuously realized 
since the first at-sea campaign in 2014, mainly concerning the mechanical structure for the 
passive array: improvements of the rigidity and of the weight, increase in the capability of 
array geometry configurations, increase in the capability of the hydrophones spacing 
range, increase in the number of hydrophones (64 hydrophones in 2014 and 2015, 128 
hydrophones in 2016). 

2. ALMA : MAIN OBJECTIVES AND TECHNICAL CHARACTERISTICS 

The philosophy chosen for the ALMA project is the following one: 

- to design an acoustical system able to address the spatial and temporal 
decoherence effects on acoustic propagation and on array processing, 
decoherence due to the environmental fluctuations (in the water column, on the 
interfaces), in a large frequency range. 

- to gather environmental and acoustical data for developing and validating 
advanced signal processing algorithms and acoustic models, linked with the 
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current and future main topics of the underwater acoustics domain for shallow 
and coastal waters. 

- to share these data with the technical and scientific community, in order to 
contribute to the improvement of the scientific knowledge and of the state-of-
the-art of the underwater acoustic domain. 

- to design a fixed acoustical system, deployable in shallow and coastal waters 
(water depth less than 200 meters for the system anchoring), energetically 
autonomous, able to gather, store and transmit acoustical and environmental 
data. 

- to design a system with a high level of modularity and capability of evolution 
(array geometry, hydrophones number and spacing,…).  

- to ensure a high quality level for the acoustic components and for acoustical 
measurements. 

- to minimize specific technological developments, use of COTS. 
- to minimize the impact of the ALMA system on the environment: no anchoring 

left on the sea-floor at the end of the at-sea measurements campaign. 

From the philosophy previously presented, the ALMA system is composed of two 
separated components with their dedicated anchoring and acoustic systems: a passive sub-
system and an active sub-system (cf. Fig. 2.1 for an “artist view” of the system).  
 

 

Fig. 2.1: “Artist view” of the ALMA system composed of passive 
and active sub-systems. 

-  Technical characteristics of the ALMA Passive sub-system: 

o 8 rigid acoustic “arms”, each composed of 16 hydrophones with an 
adjustable spacing between 3 cm and 15 cm (cf. Fig. 2.2). Arm length: 2.70 
m. Total number of hydrophones: 128. 

o Capability of several array geometries: linear, plane, volume (cf. Fig. 2.3). 
o Adjustable sampling frequency from 7.5 kHz to 48 kHz. 
o Noise level less than sea state 0 for the hydrophonic chain. 
o 32 temperature sensors (4 sensors per arm). 
o Adjustable array depth.  
o 3 anchoring in order to minimize the array disorientation. 
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o 3D orientation sensors for the monitoring of the array orientation. 
 
o Energy and data storage in the surface buoy (cf. Fig. 2.4). 
o Electric energy: 9.6 kWh. Rechargeable electric battery. 
o Autonomy: more than 100 hours in continuous measurements. 
o Programming of the measurements sequences via wired connection or WIFI. 
o Data storage on extractible 2 TB hard drive 
o Data transmission via long range WIFI. 
o Link to Acoustic Array via electro-optical cable (energy + data) (550 m 

long). 
o Height: 3.5 m – Diameter: 2.1 m – Weight: 550 kg. 
o Anchoring: reinforced concrete “cube” (1000 kg in water) 

- Technical characteristics of the ALMA Active sub-system: 

o Omnidirectional wideband transmitter, from 1 kHz to 14 kHz (cf. Fig. 2.4), 
designed and realized by the ALSEAMAR company. 

o Adjustable source level up to 160 dB ref Pa@1m. 
o Transmitted signal programming through .wav files 
o Autonomy larger than 20 hours for a continuous transmission with source 

level of 160 dB ref Pa@1m. 

 

Fig. 2.2: ALMA modular acoustic arms: 8 rigid acoustic 
“arms”, each composed with 16 hydrophones with an 
adjustable spacing between 3 cm and 15 cm. 
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Fig. 2.3: some examples of array geometries allowed by the modular structure of 
the ALMA passive array. 

 

Fig. 2.4: surface buoy for the ALMA passive component: energy and data 
storage, link to Acoustic Array via electro-optical cable communication link by 
long range WIFI. 

   

Fig. 2.5: omnidirectional wideband transmitter (realized by ALSEAMAR) and its 
mooring surface buoy. 
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3. ALMA AT-SEA TRIALS WITH A FOCUS ON ALMA 2016 CAMPAIGN 

Since the qualification of the first version of the system in 2014, three at-sea campaigns 
have been conducted with the ALMA system, on the continental shelves of Corsica 
(Alistro 2014, Campoloro 2015) and of Provence (La Ciotat 2015) (cf. Fig. 3.1).  

 

 

Fig. 3.1: Mediterranean Sea areas for the 2014, 2015 and 2016 ALMA at-sea 
campaigns. 

Each of these three campaigns allowed: (1) to validate the evolutions of the system, and 
(2) to gather high quality data, acoustical and environmental, in various environmental 
conditions and for different geometries and capabilities of the passive array (cf. Fig. 3.2).  

   
Fig. 3.2: ALMA Passive Array configurations for the 2014, 2015 and 2016 at-sea 

campaigns. 

- 2014: Corsica (Alistro), 64 hydrophones, 2,5m x 2,5m comblike passive array, 4x16 
hydrophones, 0.15m hydrophones spacing on each acoustic arm. 

- 2015: Provence (La Ciotat), 64 hydrophones, 10 m vertical passive array, 0.15m 
hydrophones spacing.  
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- 2016: Corsica (Campoloro), 128 hydrophones, H 5 m x L 1,5 m comblike passive 
array, 4x32 hydrophones, 0.15m hydrophones spacing on each acoustic arm. 

Focus on the ALMA 2016 at-sea campaign: 
 
The ALMA 2016 at-sea campaign was conducted (from November 7th to 17th, 2016) on 
the continental shelve and slope of the eastern coast of the island of Corsica, off the coast 
of Campoloro (cf. Fig. 3.3). 
 

 

Fig. 3.3: ALMA 2016 at-sea campaign area, on the continental shelf and slope of the 
eastern coast of the island of Corsica. 

Instrumentation deployed 

 Passive array: 128 hydrophones, H 5 m x L 1,5 m comblike configuration, 4x32 
hydrophones, 0.15m hydrophones spacing on each acoustic arm. Total recording time: 
34h30mn. 

 Two active sources:  

o One moored active source (ALSEAMAR pinger, from 1 kHz to 14 kHz, at low 
acoustic level) (cf. §2). 

o One towed active source (DGA source “SYSMAS”, from 20 Hz to 20 kHz, at 
low acoustic level). This active source was towed at 2-3 knots speed by the 
COMEX “JANUS II’ ship along acoustic propagation legs centered on the 
passive array.  

 One thermistor string (RBR Concerto T24), deployed vertically and moored near the 
passive array: 150m long, 24 temperature sensors with 6.25m depth spacing, sampling 
the entire water depth, recording every 3s the temperature fluctuations throughout the 
entire duration of the campaign.  

 One glider (ALSEAMAR “SEA EXPLORER”, cf. Fig. 3.4), equipped with a CTD 
payload. The glider was deployed in a devoted area in the east of the acoustic trial 
area, allowing CTD measurements in space and time up to 300m in depth.  
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 One Valeport SVP 500 Profiler, for CTD casts from the JANUS ship during the 
campaign. 

 

Fig. 3.4: ALSEAMAR “SEA EXPLORER” glider, with CTD payload, deployed on the 
area during the ALMA 2016 campaign. 

Figure 3.5 resumes the main geographical elements of  the ALMA 2016 campaign: 
bathymetry, locations for all the acoustical and environmental devices deployed, acoustic 
propagation legs, glider deployment area. On the Figures 3.6a, 3.6b and 3.6C are 
respectively shown the bottom profile measured by the JANUS depth sounder: (a) 
between the passive arrays ans the moored active source, (b) along Leg 1, and (c) along 
Leg 2. Fig. 3.5d shows the map for the bottom type on the ALMA 2016 area. 

 
Fig. 3.5: Main geographical elements of  the ALMA 2016 campaign. 
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Fig. 3.5a: Bottom profile from the passive array to the moored active source. 

 
Fig. 3.5b: Bottom profile along Leg1. 

 
Fig. 3.5c: Bottom profile along Leg 2. 

 
Fig. 3.5d: Map of the bottom type on the ALMA 2016 area. 
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Transmitted acoustic signals: 

- Transmitted signals by the moored acoustic source (ALMA pinger): 
The transmitted signal was a sequence consisting of broadband pulses (Ricker type), linear 
frequency modulated signals (LFM), continuous waves (CW) and white noise, in the 
frequency range 1-13 kHz. This sequence of 59s duration (cf. Fig. 3.6) was repeated every 
2mn during the transmission phases of the trial. 

- Transmitted signals by the towed acoustic source (SYSMAS): 
Two complex sequences of 30mn each, continuously repeated during the the transmission 
phases, respectively composed with 70 and 75 different signals of variable duration (from 
2s to 100s). Among these complex sequences, the following signals are transmitted: 
 the same sequence than for the ALMA pinger (frequency range 1-13 kHz) 
 the sequence of the ALMA pinger, with frequencies divided by 100 (frequency 

range 10 Hz -130 Hz) 
 underwater acoustics communication signals 
 environmental signals: biologics, geophysics 
 real and synthetic signals of ships radiated noise  

During the acoustic Legs with the active source towed by the JANUS, the depth of this 
source was continuously monitored (5 measurements per second: 5 Hz) (cf. Fig. 3.7). 

 

 
Fig. 3.6: Spectrogram of the transmitted Sequence by the moored acoustic source. 
 

Sound Velocity Profiles measurements: 
 

A very important effort was made during the ALMA 2016 campaign in terms of 
environmental data gathering, especially in terms of Sound Velocity Profiles 
measurements. High quality data were collected in order to ensure the required level of 
knowledge required for the studies we conducted on the impact of the environmental 
fluctuations on acoustic propagation and on sonar signal processing and on sonar 
performance. 

Fig. 3.8 shows the Temperature profile versus time measured by the moored thermistor 
string during 3.5 days (with 3s resolution).  

From the data shown on Fig. 3.8, we present on Fig. 3.9 the deviation from the first 
temperature profile versus time, measured by the thermistor string during 3.5 days. 
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Fig. 3.10 shows the 6 of Sound Velocity Profiles recorded by the profiler deployed 
from the JANUS ship, at different locations during the campaign. 

Fig. 3.11 shows the temperature versus depth over 34 km and during 1 day, measured 
by the CTD payload on the glider deployed on the ALMA 2016 area. 

 
 

Fig. 3.7: Continuous depth monitoring (5 Hz) of the towed active source  

 
Fig. 3.8: Temperature profile versus time measured by the thermistor string during 3.5 

days (with 3s resolution). 
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Fig. 3.9: Deviation from the first temperature profile versus time, 

measured by the thermistor string during 3.5 days(with 3s resolution). 
 

 
 

Fig. 3.10: SVP recorded by the profiler deployed from the JANUS ship 
 

 
 

Fig. 3.11: Temperature versus depth over 34 km and during 1 day, measured by the CTD 
payload on the glider deployed on the ALMA 2016 area. 
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4. CONCLUSION 

Since the qualification of the first version of the system in 2014, and after three at-sea 
campaigns conducted with the successive evolutions of the system, the ALMA system 
demonstrated its capabilities to reach the technical and scientific objectives dedicated to 
ALMA: 

 a high level of modularity, capability of evolution and of acoustical measurements 
 an “environment-friendly” system.  
 a scientific acoustic system able to address the main current and future issues of 

operational sonar systems (in particular the de-coherence effects). 
 a very useful tool for sharing real data and “real life sonar issues” with the 

scientific community, contributing to the improvement of the scientific knowledge 
in underwater acoustics for coastal and shallow waters. 

 an “embryo” of an underwater acoustic observatory, federating Underwater 
Acoustics community (laboratories, companies). 

Since 2014, ALMA data fed and still feed numerous scientific projects within the 
framework of research projects funded by DGA, in particular for the studies on acoustic 
decoherence and its effects on sonar signal processing (see the companion paper [2] 
“Acoustic coherence in a fluctuating ocean: analysis of the 2016 ALMA campaign”, Real 
& al.). Several French academic laboratories and companies are involved in the 
valorisation of the ALMA data, demonstrating the usefulness of this system as a tool for 
federating Underwater Acoustics community (laboratories, companies). 

 The ALMA research program, led by DGA Naval Systems, can be opened to 
international cooperation, through data sharing and scientific exchanges between French 
and foreign laboratories. 
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Abstract: The very first sea trial of DGA TN’s modular ALMA system (Acoustic Laboratory 
for Marine Applications) occurred in October 2014, over the Eastern Corsican shelf (water 
depth about 85m). The almost motionless system consisted in a source located at about 7km 
of a 2D array of 64 receivers (about 2m x 2m). The summer configuration involved a strong 
thermocline emphasizing contributions of bottom reflections of sound, combined with an 
exceptionally flat sea surface. There was no other significant ensemble movement than a 
littoral current oriented from the source toward the receiving array. Despite this stationary 
configuration, interesting Doppler shifts were observed when analyzing transmitted long 
continuous sinusoidal waves (20 s length), simultaneously at several frequencies (2, 5, 7, 11 
kHz). We did not only witness an intuitively predicable, even if very fast spectral broadening 
of the signals, but also measured constant frequency shifts, depending on the transmitted 
frequency and stable over two hour and a half. Explanations to these two mechanisms may be 
searched in scattering by random medium fluctuations transported by a current or in an 
occurrence of Wolf effect. 

Keywords: Random media, Moving media, Acoustic scattering, Internal Waves, Doppler 
shift, Wolf effect.  
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1. THE FIRST SEA TRIAL OF ALMA SYSTEM: OCTOBER 19-20 2014 
 
As a tool for a better understanding and modeling of underwater acoustic phenomena, DGA 
Naval Services has conceived a deployable modular system called ALMA (Acoustic 
Laboratory for Marine Applications); this system was realized and delivered in October 2014 
and is currently in service with the collaboration of ALSEAMAR and COMEX companies. 
ALMA consists in a SX05-01 dual barrel steve projector source (Sensortech) and a set of short 
linear “legs”, i.e. 2.25m-long arrays with 16 equally spaced SQ Sensortech sensors, which 
can be connected in arbitrary 1D, 2D or 3D configurations; the system can be deployed down 
to 200m depth. We summarized in this article some interesting observations collected during 
the very first sea trial of the ALMA system. 
 
Compared with the many published descriptions of acoustic experiments, the ALMA 2014 
campaign features some rare or maybe unique characters for investigating scattering effects 
arising from movements in the water column. We not only have almost motionless source 
and receivers, but meteorological and oceanological circumstances were also extraordinary 
favorable: the sound speed profile associated with the strong summer thermocline (Figure 3) 
is bottom refracting and almost no contribution from the sea surface connects source to array; 
moreover the sea surface was exceptionally flat (sea state 0). All these circumstances 
converge to the eradication of any significant contribution of sea surface scattering and 
fluctuations from sea surface waves; the ALMA 2014 campaign appears as ideal for 
investigating the stochastic fluctuations of acoustic signals due to volume effects, including 
internal waves, currents and/or turbulence.  
 
The ALMA 2014 campaign was conducted on October 19-20 2014, over the Eastern Corsican 
continental shelf, at about 5km off Alistro, near Bastia. The sea bed, at about 85m depth 
between source and receiver, is a quite flat sandy bottom, quite hard and acoustically a good 
reflector. The source was anchored at a depth of about 50 m below surface. The legs of the 
receiving system were connected in a “square” configuration, consisting in 4 columns of 16 
sensors; the array was located at 60 m below surface (upper line of sensors), at about 7.6 km 
from the source. Figure 1 displays a picture of the “square” receiving array configuration, and 
Figure 2 provides a schematic representation of the experimental configuration. 
 
On October 20th 2014, the source transmitted 19 times a combo sequence every 8 minutes 
during about 2 hours and a half. This combo consisted in short 1s-long CW chirps at 2, 5, 7 
and 11 kHz, a 2s-long LFM pulse ranging from 4 up to 6 kHz, a long 20s-long comb of 4 
spectral peaks at 2, 5, 7 and 11 kHz, and a 10s-long white pseudo-random noise; CW chirps 
and LFM were repeated twice in the combo with a delay 30 s. 
 
Several probes of temperature were immersed during the 2 days of the campaign, giving 
elements for calculations of ray paths. Figure 3 displays sets of temperature profiles collected 
on October 20th; the hydographical configuration features a typical end-of-summer type, with 
a sharp thermocline (quick vertical fall of temperature) from 20m to 60m, below a narrow 
mixing layer below surface. Undulations of temperature can be observed in the thermocline 
over the two days; these oscillations most probably betray the presence of internal waves, 
frequent in such unstable configurations with strong vertical gradient of density. 
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Fig.1: A picture of the underwater array ALMA in the square 2014 configuration. 
 
 
 

 
 

Fig.2: A schematic display of the ALMA 2014 experimental configuration. 
 
 

Exceptionally flat sea surface

~ 50 m 
~ 60 m

~7.59 km

~ 2.25 m ~ 2.55 m 

~ 85 m 

Sandy-gravely seabed

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  651



 

 
 

Fig.3: Four measurements of sea water temperature profiles for the day of observations 
near the source (blue) and near the receiving array (red). 

2. ON SOME OBSERVATIONS FROM ANALYSIS OF RECEIVED SIGNALS 

The analysis of the different components of the 19 transmitted combos provided observations 
of many different kinds of phenomena:  

 The examination of the 10s-long random noise demonstrated a sharp resonant 
absorption peak at about 5 kHz, which may be attributed to small swimbladder fishes 
(probably juvenile anchovies).  

 The short CW chirps gave way to investigations of the spatial coherence of the 
acoustic field over the array, particularly the excellent horizontal correlation along 
horizontal lines and inversely a poor vertical correlation; this probably illustrates the 
effects of sound speed fluctuations associated with internal waves with quite long 
horizontal correlation scales and shorter vertical correlation lengths.  

 The wide-band of the LFM pulse made possible investigations of the properties of the 
Impulse Response (IR), of its spatial correlation and of its temporal variability; apart 
from conclusions similar to those obtained from CW chirps for spatial correlation, we 
otherwise observed good correlations between IR transmitted at intervals of 30s and 
radical changes (no correlation) after 8 minutes. Again this is probably the signature 
of the relatively slow oscillations of internal waves. 

 The long 20s comb of spectral peaks made possible the examination of the detailed 
variations of amplitude and phase of signals for all transmissions, simultaneously over 
all receivers; spectral broadening was unsurprisingly observed, but furthermore we 
witness more striking a mean Doppler shift extremely constant over the full 2.5 hour 
sequence. We interpreted this feature as arising from the transport of random sound 
speed fluctuations by a mean current. 
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We focus now on this last puzzling phenomenon, arising from the analysis of the components 
of the 20s long CW comb at 2, 5 and 7 kHz; the 11 kHz component was far too corrupted by 
ambient noise for giving significant results. For each transmission and sensor, the following 
procedure was applied. The combs were first band-passed around the nominal frequencies 
over narrow windows for reducing ambient noise effects. Then the amplitudes and phases of 
resulting complex signals are extracted: a linear regression of the phase variations over the 20 
s sequence is performed, demonstrating the presence of a shift from the nominal transmitted 
frequencies (Figure 4). This unexpected shift is an increasing function of transmitted 
frequency only; except for some rare bursts (maybe due to destructive interferences), this 
shift is very stable and constant on all sensors and over the full 2.5 hour sequence. Last steps 
are subtracting the mean frequency shift and displaying the resulting complex signals in the 
complex plane (“phasor” representation); this graphical representation gives insights on the 
structure of random fluctuations of the acoustic field.  
 
The observed mean frequency shifts are about 0.1 Hz, 0.23 Hz and 0.26 Hz for the spectral 
peaks at 2, 5 and 7 kHz respectively; the resolution in frequency for a 20 s long harmonic 
signal is of the order of 0.05 Hz, so that these observations of shift are significant, at least for 
the 5 and 7 kHz components. The shifts are close to proportional to frequency, and are 
equivalent to shifts from approaching objects travelling at velocities about 0.07 m/s, 0.07 m/s 
and 0.06 m/s (±0.01 m/s). 
 
Once this mean Dopplerization subtracted, the remaining complex signals still displays 
random relatively fast fluctuations; they betray changes in the medium over the 20 s. These 
fluctuations can be represented in the complex plane. The shape of the resulting graphical 
display information on the inner structure of the signal fluctuations, in terms of the 
classification and unsaturated vs. saturated terminology proposed by Flatté (Chap.XX, in 
ref.[1]). This way, different regimes can be differentiated, as displayed by the examples of 
the graphs of Figure 5: 
 

• At 2kHz: the complex signal remains on quite a narrow ring, meaning that its 
amplitude remains almost constant, and that only the phase undergoes random fluctuations 
during the 20 s sequence. We are in presence of the « unsaturated » regime, where the « ray 
paths » connecting source and receiver remain approximately stable; the phase fluctuations 
simply are the integrations along these rays of the wave slowness fluctuations. 

 
• At 5kHz: the ring is fattened and crossings of its central zone are frequent. We enter 

the « saturation » regime: each ray path associated with the mean environment may split into 
several multi-paths, which interfere and produce zero crossings. The relatively scarceness of 
these zero-crossings at 5kHz is typical of “partial saturation”. 

 
• At 7kHz: the ring is filled, meaning that amplitude and phase violently fluctuate 

because of sharp interferences between multiple unstable micro-paths. We witness the 
signature of a strong speckle configuration, “fully saturated” in Flatté’s terminology. 
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Fig.4: Phase shift rate (-2 x frequency shift) of the three CW components of the comb 

along array (sensors 1 to 64) (horizontal axis) for transmission #1. 
 
 

 

        

Fig.5: Rotations of perturbed signal in the complex plane after subtraction of the mean 
frequency shift of Figure 4 (transition from unsaturated to saturated behaviors) for 

transmission # 1, at receiver# 1 
 

 

Fig.6: Characteristic of an internal wave field as predicted by TUS model ONDIN: from 
left to right, r.m.s. amplitude of sound speed fluctuations, horizontal Taylor scale, vertical 

Taylor scale, time scale 

2kHz 5 kHz 7 kHz 

Sensor index

Phase rate 
(rad/s) 
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3. INTERPRETATION OF FREQUENCY SHIFTS AND FAST PHASE 
FLUCTUATIONS 

 
The problem is now to find an explanation to the puzzling problem of the observed mean 
Dopplerization and of the fast fluctuations over times of 20s. The phenomenon cannot be 
attributed to movements of the instruments: source and array are anchored, and the only type 
of movement which we could detect by cross-correlating the short LFM pulses between the 
four columns of the array was a slow weak rotation of the array around its vertical central 
axis. One could otherwise suspect some instrumental artifact, like distortions of the signals 
by the transmitting source or the recording system: this fear was dissipated by the analysis of 
signals collected during the later ALMA-2015 campaign in another place, and involving 
exactly the same instruments and signals: this time, no significant mean frequency shift was 
observed. 
 
The explanation must be searched in movements of the experiment’s environment itself, 
which features two dynamic phenomena: 
 

 Internal Waves (IW) and turbulence: their presence is demonstrated by the 
undulations of the measured temperature profiles (Figure 3). They are otherwise 
predicable in an intrinsically unstable end-of-summer thermocline configuration. 
Using a Thales Underwater System model relying on Garrett-Munk spectrum, we may 
await internal waves resulting in fluctuations of sound speed up to more than ±2 m/s 
in mid waters (Figure 6), with spatial scales of a few meters and minimum time scales 
of about 4 minutes. 
 

 Strong mean current: a fast current is visible on the picture of Figure 1, displayed as 
short white lines corresponding to transported grains. The presence of such a current, 
flowing from South to North (i.e. almost exactly from source to array), was otherwise 
observed during the MELBA oceanographical campaign, conducted by IFREMER 
during Spring 2011 (ref.[2]). By mere coincidence, a leg of MELBA campaign is very 
close to the ALMA 2014 zone, where water velocities of about 0.1 m/s were observed. 

 
A first good candidate for explaining the observed acoustic variability could be the scattering 
by “cells” of sound speed fluctuations associated with IW. Nevertheless, the predicted 
shortest time scale of the IW is of about 4 minutes, i.e. quite larger than the 20 s over which 
the phase of the observed signals undergo fast intense fluctuations of phase. The time 
variations of the IW alone can explain neither the phase fluctuations, nor the mean Doppler 
shift. An explanation can be found in a combination of IW with the current, which could 
produce both effects (Doppler and phase fluctuations).  
 
A second explanation could be looked for in short fast fluctuations of turbulence, which may 
feature significant variability at short time scales. Acoustic scattering from temperature 
microstructure induced by turbulence seems a reasonable candidate for fast variations in a 
strongly stratified channel (see e.g. ref.[3]). The combined spectral broadening due to time 
variations of the medium, combined with the filtering due to spatial scattering, may result in 
a translation of the broadened signal spectrum, i.e. of the mean frequency. This is the Wolf 
effect (ref.[4]), which results in “fake” Doppler shifts. 
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The two mechanisms are not mutually exclusive, and may play simultaneously. 

4. CONCLUSION 
 
As a tool for investigating the complexity of acoustic propagation in shallow waters, for 
providing elements of validation of models, and for giving orders of magnitude of relevant 
oceanic phenomena, the ALMA system fulfilled its objectives as early as for its very first sea 
trial, in October 2014. The acoustical signature of many different marine mechanisms were 
observed, ranging from absorption peaks from resonant fishes to random scattering by sound 
speed heterogeneities resulting in losses of spatial and temporal coherence. The most 
puzzling phenomenon was the presence of rapid phase fluctuations, faster than the 
fluctuations associated with Internal Waves, combined with a mean frequency shift. 
Explanations to these two observations can be found in scattering from random IW or 
temperature microstructure induced by turbulence transported by a fast current, or maybe in 
Wolf effect due to turbulence; as far as we know, this could be (if validated) the first reported 
occurrence of Wolf effect in the field of underwater acoustics.  
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Abstract: The authors present the analysis of the acoustic propagation measurements 
conducted in November (7th-17th) 2016 near the shores of North East Corsica using the 
ALMA (Acoustic Laboratory for Marine Applications) system. The campaign is fully 
described in a companion paper (see Fattaccioli & Real, session “Design of new 
experimental facilities to address future problems in underwater acoustics”). The array 
consisted of 128 hydrophones arranged in a comblike configuration (4x32 vertical linear 
arrays). A moored pinger, 9 km from the arrays, transmitted signals with a 1 minute 
repetition rate. The study of the influence of fluctuations in the water column (typically 
internal waves, very frequent in shallow waters and coastal environments) on sound 
waves propagation is aimed. 
To do so, fluctuations of the received wavefronts at various frequencies (from 1kHz to 
13kHz) on each of the four joint vertical linear arrays are shown. Statistics of the 
recorded data are also provided, including Mutual Coherence Function (MCF), radius of 
coherence and array gain degradation. The non-stationarity and non-uniformity of the 
received data highlights the influence of spatio-temporal variations of the medium. 
In complement, CTD casts were performed at various times at the source and receiver 
locations. A CTD chain was deployed next to the receiving array so that environmental 
fluctuations are monitored during the campaign whole duration. The presence of a strong 
thermocline is shown by the data analysis. 

Keywords: at-sea experiment, propagation, acoustic coherence, fluctuations. 
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1. INTRODUCTION  

The document addresses the study of the data acquired during the 2016 ALMA at-sea 
measurements campaign. ALMA is a system that was presented in [1], and a companion 
paper [2] introduces its latest evolutions. It was originally designed in order to record 
signals in areas subject to environmental fluctuations, such as shallow and coastal waters. 
The influence of the variations of the physical parameters of the propagation medium, 
such as temperature and salinity, is a current topic of interest for researchers in underwater 
acoustic propagation [3-6]. Furthermore, a strong trend in signal processing studies is the 
research of corrective techniques allowing to mitigate the effect of wavefront distortions 
due to fluctuations of the environment [7-8 and the references within]. Various scientific 
fields (optics [9], medical imaging [10]) showed considerable advances in this specific 
domain, which is an additional motivation to provide field data in order to benchmark 
potential techniques allowing to achieve this goal in underwater acoustic data processing. 

Furthermore, the validation of numerical models using at-sea measurements signals is 
also aimed by the ALMA system [11-12]. 

2. THE 2016 ALMA EXPERIMENT 

2.1 Experimental Setup 

The experiment was located near the shores of Campoloro, on eastern coast of the 
island of Corsica. On the receiving end, the passive array was deployed, along with its 
power supply and data recording buoy. The two are displayed respectively in red and 
yellow in Figure 1. About a mile east from the passive array, a thermistor string was 
deployed (in black in Figure 1). The length of the thermistor string was 150m, allowing to 
sample every 6.25 m the water temperature across the water depth. The acoustic pinger 
was moored 9 km south from the passive array at a 50m depth. The locations and depth of 
those elements are gathered in Table 1. 

 
Figure 1.  ALMA 2016 Experiment Area 
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Table 1. Location and Depth of Experimental Equipment 
 

Points # Description Latitude Longitude Depth 
P1 CTD Chain 42°24,670’N 9°38,049’E 0-150 m 
P2 Buoy 42°24,866’N 9°37,366’E 0 m 
P3 Passive Array 42°24,693’N 9°37,363’E 58-63 m 
P4 Acoustic Source 42°19,656’N 9°37,004’E 50 m 

 
 
The passive array was arranged in a comblike configuration: 4 vertical arrays of 32 
hydrophones (acoustic sampling ∆ℎ = 0.15 , total acoustic height = 4.8 ) 
horizontally spaced by ∆ = 0.5 ). The overall dimensions of the array is = 2  ×= 5 . The arrays is schematically represented in Figure 2 (left) and a picture of the 
array on the deck of the ship is shown in Figure 2 (middle left). The omnidirectional 
wideband acoustic pinger is shown in Figure 2 (middle right); its buoy is also shows in the 
bottom right corner. Finally, the RBR thermistor string is shown is the top right corner of 
Figure 2. 

 
Figure 2. Passive Array Arrangement (left)-Passive Array on the deck of the COMEX 

JANUS II ship (middle left) – ALSEAMAR’s XXXX Acoustic Pinger (middle right) – RBR’s 
Thermistor String (top right) – Source’s Buoy and COMEX JANUS II (bottom right). 

 
The signal emitted was a sequence consisting of broadband pulses, frequency modulated 
signals, continuous waves (CW) and white noise, in the frequency range 1-13 kHz. The 
total duration of this sequence was = 59 , with a repetition rate of = 60 . 
 

 
Figure 3. Emitted Sequence. 
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2.2 Environment 

 
The thermistor string recorded temperature fluctuations throughout the entire duration 

of the campaign. Figure 4 displays the variation of the recorded temperature. Especially, 
the part of the experiment corresponding to the data analysis presented in section 3, 
denoted “Phase 9”, is highlighted below. The daily variation of temperature associated 
with the day and night cycle is clearly observed. 

 

 
Figure 4. Temperature data acquired by the CTD chain deployed in P1. 

 
In complement, CTD casts were performed at the source and receiver locations, at various 
times. The observed profiles are consistent with the thermistor string measurements. A 
strong thermocline, typical of this area at this season, is noticed. Thus, we can reasonably 
anticipate the presence of internal waves and their influence on the propagated signals. 
 

3. EXPERIMENTAL RESULTS 

In this section, we provide a glimpse of the first analysis of the data recorded during the 
campaign. Results corresponding to the last part of the experiment are presented here 
(“Phase 9”). We first show the fluctuations of the acoustic wavefront as a function of three 
parameters: space, time and frequency. We then provide the evaluation of the Mutual 
Coherence Function (MCF).  

3.1 Acoustic Wavefront: Space, Time and Frequency Dependence. 

Figures 5 to 7 display the received wavefront with the following organization: each 
VLA is displayed on 4 consecutive subplots. The vertical axis of each subplot is the 
hydrophone index, the horizontal axis is the time dependence (received ping index-each 
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ping is emitted at ). Figure 5 shows the received wavefront at 1 kHz, Figure 6 shows the 
same quantity at 2 kHz and finally, Figure 7 shows it at 5 kHz.  

These Figures exhibit remarkable time dependence since, in all cases, the received 
wavefront undergoes fluctuations. We especially observe a decrease in the acoustic level 
around ping #150. The high horizontal coherence is highlighted by the fact that the four 
VLAs exhibit very consistent patterns of fluctuation; nevertheless, the loss of vertical 
coherence is noted since the wavefront is not constant as a function of the hydrophone 
number, on each VLA. This analysis applies to all frequencies considered, but in 
particular, we note that an increase in frequency leads to a decrease in vertical coherence. 
In other words, the granularity of the received wavefront is much smaller at 5kHz than at 
2kHz. 

 

 
Figure 5. Acoustic Wavefront Fluctuations at 1kHz. 

 

 
Figure 6. Acoustic Wavefront Fluctuations at 2kHz. 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  661



 

 
Figure 7. Acoustic Wavefront Fluctuations at 5kHz. 

 

3.2 Mutual Coherence Function and Array Gain 

The mutual coherence function (MCF) is calculated: it accounts for the spatial 
correlation of the acoustic wavefront along the vertical linear array. The MCF is calculated 
following[13-14]: 

 ( ) =<< ( ) ( + )| ( )|| ( + )| > >  

 
where Π is the complex received pressure in the Fourier domain (at frequency f0),  is 

the sensor index (  sensors total),  is the number of averaging and  is the sensor 
separation index. The loss of spatial correlation of the received waveforms is translated by 
the decrease of the MCF as a function of the sensor spacing (normalized by the 
wavelength in Figure 6). We observe, at all frequencies, a strong decrease of the MCF. 
The normalization by the wavelength leads the transition to be seen at the same point, 
however this can be measured by the radius of coherence (defined in [15] as the sensor 
spacing  such that ( ) = / ). The ratio of this value by the length of the array 
provides a significant metric, that we will call the effective coherence radius of the array. 
Figure 7 shows the value of the effective coherence radius as a function of the sound wave 
frequency. We observe that this parameter decreases with increasing frequency, 
confirming the idea that high frequency waves are more sensitive to environmental 
fluctuations. 
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Figure 6. MCF as a function of the normalized sensor spacing and the frequency. 

 

 
Figure 7. Effective coherence radius as a function of the frequency. 

 
 
The loss of acoustic coherence translates into a degradation of the array gain. As depicted 
by Figure 7, the constructive information received by the array is reduced by the effects of 
fluctuations in the environment. Studies [15-18] relate the MCF and especially the radius 
of coherence to the degradation of the array gain, that we will note . In Figure 8, we 
depict the AG as a function of the increasing number of sensors. The theoretical value of 
the AG ( = 10log ( )) is also represented and is used to provide the measured . 
The experimental  is compared to an empirical formula, provided in [19]. An 
excellent agreement is found at the two lowest frequencies, the frequency dependence of 
the array gain degradation is consistent with both the empirical formula and the 
measurements (see Figure 9). 
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Figure 8. Array Gain as a function of array size and frequency. 

 

 
Figure 9. Array Gain degradation: empirical formula vs measurements. 

 

4. CONCLUSION AND PERSPECTIVES 

This paper presented the first analysis of sound signals received by a passive array 
composed of four segments of 32-element VLA. The acoustic wave was emitted by a 
pinger located 9km south of the array. A specific sequence was generated every two 
minutes. We focused here on the long CWs transmitted at 1, 2 and 5 kHz. The observation 
of the received acoustic wavefront displayed the non-stationarity over time, space and 
frequency of the signals. In fact, strong temporal fluctuations of the signal level are 
noticed over a 9 hours recording period. Moreover, the wavefront is not constant across 
the individual VLA, highlighting the loss of spatial coherence, more important with 
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increasing frequency. A measurement of the radius of coherence and of the array gain 
degradation concurs with this conclusion.  

More analyses of the huge amount of data collected are to come. Especially, a 
classification of the experimental configuration into regimes of fluctuation [3] can be 
attempted, using statistical tools such as the complex pressure distribution (or phasor) and 
the intensity distribution [18 and the references within]. Comparisons with oceanographic 
measurements and models would enforce the classification, with physical characteristics 
of internal waves fields. Moreover, the signals acquired can be used in order to benchmark 
techniques of wavefront correction, with the inner goal of an “environmental adaptative” 
sonar. 
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Abstract: For centuries, oceans, lakes and rivers throughout the world have been the 
repository of expended and discarded munitions, through various activities such as 
military engagement, weapons testing and training, accidents, and by dumping. With 
population and economic activity growing adjacent to coastal and inland waters, many 
nations are investing in and developing new technologies to map these areas to determine 
the extent and threat of underwater munitions. The obvious physical challenge of 
operating underwater is compounded by light-attenuating turbidity, lack of positional 
accuracy due to the absorption of RF signals, the abundance of man-made objects and 
natural features that confuse sensors (i.e. clutter), and the common situation that objects 
deposited in sedimentary environments bury making them opaque to many sensing 
modalities. As expected, different environments lend themselves to different sensing 
modalities, and may require different combinations of optic, acoustic, magnetic, 
electromagnetic induction, and chemical sensors. This paper reviews conventional 
underwater sensing technologies that have been used to date with various levels of 
success, describes the challenges posed by many common environments encountered, and 
discusses emerging advances in underwater sensors, platforms, and automation predicted 
to increase the efficiency of munitions remediation in many areas, and make munitions 
detection and classification possible for the first time in some of the more challenging 
environments. These advances are being evaluated and realized at an accelerated pace 
due to a number of international collaborations in munitions response described herein. 

Keywords: Dumped Ammunition, Unexploded Ordnance, UXO, Munitions Response, Side 
Scan Sonar, Synthetic Aperture Sonar, Magnetometer, Electromagnetic Induction 
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1. INTRODUCTION  

For centuries, oceans, lakes and rivers throughout the world have been the repository of 
expended and discarded munitions, through various activities such as military 
engagement, weapons testing and training, accidents, and by dumping. Different types of 
ammunition used in military operations during the two World Wars in Europe are 
encountered periodically in rivers, bays, and at sea. As examples: in 2005, three fishermen 
lost their lives in the North Sea when a WWII bomb exploded on their vessel after it was 
hauled aboard in their fishing nets [1]. In 2015, a family on a beach in Wales played on 
top of what appeared to be a fouled buoy, but which turned out to be a U.S. WWII moored 
mine [2]. The size distribution of underwater expended or unexploded ordnance (UXO) is 
much broader than the given examples suggest, ranging from single rifle cartridges and 
artillery shells, to sea mines, 2000 lbs bombs, V1 missiles or missile heads, and torpedoes 
or torpedo heads. 

In the North Sea and the Baltic Sea approximately 700,000 mines were laid during the 
two World Wars [3], many of these unrecovered and regularly found to this day. 
Following these conflicts, millions of tons of munitions ranging from conventional to 
phosphorus incendiary devices to chemical munitions containing mustard gas and other 
substances, were dumped by many nations in an oceanic arc spanning from Spain to 
Norway. Underwater munitions disposal was stopped in 1972 when international 
agreements were reached to regulate the dumping of material at sea [1,4]. In the U.S. 
many active and former military installations, some dating as far back as the 18th century, 
have artillery/bombing/training areas that include adjacent water environments and coastal 
ocean areas. Over the years, weapons testing, disposal and accidents have generated 
munitions contamination in the coastal and inland waters throughout the country. The U.S. 
Army Corps of Engineers has identified more than 400 underwater formerly used defense 
sites potentially contaminated with munitions, and the U.S. Navy Munitions Response 
Program manages more than 50 closed and active sites potentially contaminated with 
munitions [5]. 

Three acknowledged dangers caused by expended, lost or discarded munitions include: 
direct physical contact with either chemical or conventional munitions resulting in threats 
to human health; contamination of marine organisms and the environment with the 
potential for concentration of toxic contaminants up the food chain; and spontaneous 
explosions which can be directly life threatening and spread munitions material [6]. Direct 
physical contact or disturbance of munitions can occur through activities such as fishing, 
laying cables and pipelines, construction, dredging, and diving, with the former 
accounting for more than half of encounters. The highest density of encounters for 
European waters has been reported in the southern North Sea between the United 
Kingdom and the Netherlands [1]. 

Until about 2010, offshore UXO detection and removal operations were carried out on 
a small scale; however, since then, European and U.S. initiatives in mapping and 
remediating UXO contamination have grown significantly [3,4,7-10]. This is due largely 
to population and economic activity growing adjacent to coastal areas, thus increasing 
utilization of the maritime environment for food (fisheries), energy production (offshore 
oil and gas, wind farms, tidal power), commerce (harbour construction and extension, 
seabed pipelines and telecommunication cables), and recreation.  

Tools for terrestrial UXO detection have been developed and standardized over many 
years and rely primarily on passive magnetic systems that measure a ferrous object’s 
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disturbance of the earth’s magnetic field and pulsed electromagnetic induction (EMI) 
systems that measure induced eddy currents in objects. UXO surveys in water bodies have 
until recently been primarily conducted by using geophysical survey gear such as 
magnetometers, acoustic imaging systems that include side scan sonars (SSS) and multi-
beam echosounders (MBE), and underwater cameras for object identification.   

2. CHALLENGES & INNOVATION 

There are numerous challenges to UXO mapping, first and foremost being that the 
location of many areas associated with military engagement, testing or dumping were not 
well documented, if at all, thus requiring the need for precision sensors with wide area 
coverage rates. Conditions that can challenge sensors include the fact that unexploded 
ordnance: has a broad size distribution with diverse composition; can be encrusted, 
fragmented and buried in the sediment; and can reside in complex underwater 
environments. Bottom types can vary from mud to sand to rock, the water-sediment 
interface can vary from smooth to rough to rippled modulated by the impacts of fishing 
activity and bioturbation, and platform-challenging hydrodynamic conditions such as high 
currents and shallow beach heads are common. 

Passive magnetic arrays towed from surface vessels or integrated onto underwater 
vehicles have been shown to detect larger UXO on top of or buried in the sediment, and 
when combined with accurate positioning, can provide seafloor magnetic contour maps–
with some systems demonstrating the capability of providing accurate data inversions 
yielding target parameters, including location, size, and depth. The biggest issues are short 
stand-off distances (1-3 m from the seafloor for magnetics and closer for EMI), accurate 
navigation, and electromagnetic interference emanating from the platform. High-
frequency commercial off-the-shelf (COTS) side scan, multi-beam and forward-looking 
sonars are capable of creating modest-range (tens of meters) high-resolution images of the 
seabed and UXO lying thereon. These systems offer higher area coverage rates than 
magnetic sensors; however, they are range-limited due to the sonar’s radial beam pattern, 
and unable to detect buried objects in dense substrates due to short-wavelength acoustic 
attenuation. With the exception of certain tropical and stillwater environments, COTS 
optical systems such as underwater cameras have shown limited utility in UXO mapping 
due to light attenuating turbidity, and to date have been used primarily for close-range 
target identification.  

An emerging generation of high-end underwater sensors and platforms, many with 
continuously reducing price points, are beginning to impact UXO mapping applications. 
These underwater mapping systems can be airborne, shipborne, towfish mounted, or 
deployed on unmanned tethered or autonomous surface and undersea vehicles; and to date 
each of these platform types has been employed or proposed for undersea UXO mapping. 
Each platform type has its respective pros and cons depending on targets expected, the 
environment encountered, and the budget/manpower of the surveyor. For example, a 
shallow clear-water environment with only exposed (i.e. non-buried) munitions may lend 
itself to a high-speed airborne survey with an optical sensor. However, a coarse sandy 
environment with predominantly buried artefacts will likely require the use of short-
standoff sensors mounted on an underwater platform. Some water depths will lend 
themselves to shipborne sensors, whereas knee-deep water depths, typical of a recreational 
beach exhibiting sand mobility, will likely require a small manned or unmanned surface 
craft or crawler employing magnetics. Over the coming years the choice of platform(s), 
along with sensors, for UXO mapping will require tradeoff studies on concepts of 
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employment that account for the conditions described above, along with anticipated 
manning requirements and anticipated price reduction of select technologies. 

Associated with the choice of platform will be the ability to precisely navigate and to 
localize sensed munitions. While sensors mounted on airborne and surface craft have the 
benefit of GPS positioning, underwater sensors operating in this RF-attenuating GPS-
denied environment will require navigation aids such as: inertial navigation systems (INS) 
which may be aided by Doppler velocity log (DVL) sonars and Kalman filter state 
estimation algorithms, such as found on many lightweight autonomous undersea vehicles 
(AUV); Ultrashort Baseline (USBL) underwater acoustic positioning systems that aid in 
determining the position of a towfish relative to the survey craft in order to exploit 
shipborne GPS; or the use of markers or features on the bottom for positional referencing 
via sensor data.  

 
Emerging Sensors for Underwater UXO Mapping 

 
Despite inherent range restrictions, total-field magnetometers and gradiometers 

continue to show utility and technological advances in underwater applications; e.g., 
AUV-deployment of high-performance gradiometers using a laser for optical pumping of 
helium-4 or cesium gas to increase sensitivity [8], and towfish-mounted superconducting 
quantum interference device (SQUID) based gradiometers [9]. Since the total magnetic 
field of an object drops approximately with the third order in range, a detectable magnetic 
anomaly is roughly reduced by a factor of 8 when doubling the distance between an object 
and a magnetic detector. Thus the total magnetic anomaly for a 250 lbs bomb (~ 110 kg) 
will decrease from 800 nT at a distance of 1 m, to 100 nT at a distance of 2 m, to 12 nT at 
a distance of 4 m, etc… [3]. This decay helps to illustrate the tradeoffs in platform type. 
Executing a dense survey grid with the required lane separation of several meters is a task 
well suited to an AUV; however, the magnetic influence of the propulsion motor and other 
vehicle components can present background noise that exceeds the detection floor of the 
sensor. Typically a towfish is magnetically quieter than an AUV for accommodating 
sensitive magnetic sensors [11]; however, active motion-control surfaces may be required 
to achieve the trajectory requirements of low altitude and tight lane spacing. The primary 
advantages of these sensors are that they detect exposed as well as buried objects, and that 
they are normally not significantly influenced by sediment properties of the seafloor. 
However, due to the measured small magnetic anomalies caused by single pieces of 
ammunition and a varying signal background caused by the seafloor, complications can 
arise in munitions detection [11]. It should be noted that even WWII ammunition exists 
that was manufactured with aluminum or other non-ferromagnetic materials which cannot 
be detected by these sensors. To identify these non-ferrous materials it is expected that 
EMI systems adapted to work in these environments will play a role. 

The synthetic aperture sonar (SAS) is one of the newest, innovative developments in 
the field of acoustic seabed imaging. By coherent processing of data from a series of 
consecutive pings a significantly longer receive aperture is synthesized in the direction of 
travel. When synthetic aperture techniques are applied at sufficiently low acoustic 
frequencies, where sound absorption in the ocean medium is reduced, a modest-sized 
system can generate imagery with a constant lateral resolution comparable to that of 
higher frequency sonar systems, but with a longer range potential [12]. Hence, the lateral 
resolution is often improved by an order of magnitude or more for SAS systems compared 
to conventional SSS, with typical resolutions of 2-4 cm along and across track. This 
significantly higher resolution results in enhanced object classification capability at higher 
area coverage rates. SAS systems have seen increasing use for UXO mapping throughout 
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the decade [5,8-11]. Figure 1 gives as an example a SAS and a MBE image from a 
dumping site in German waters. Shown is a cluster of about 70 moored mines from WWII 
laying on the seabed. In the left SAS image the individual oval-round shapes of each mine 
is clearly visible due to the high resolution of 2-4 cm. This is not the case in the right MBE 
image due to the lower resolution of about 25 cm, but the structure of the mine cluster can 
be clearly identified. 

 

 
Fig.1: SAS (left) and MBE (right) images of approximately 70 moored mines from a 

dumping site in German waters. 
 
Recently, circular synthetic aperture sonar (CSAS) techniques for UXO identification 

have been developed [8,9,13]. CSAS involves circling the sonar about a detected object to 
create a fused, very high resolution image from all aspects. Although falling short of 
optical imagery, CSAS imaging far exceeds the quality obtained with conventional sonars.  
This imaging modality has been successfully used to confirm the identity of UXO-like 
objects as in Fig. 2, and has been key to determining when and where to employ divers for 
remediation purposes. 

 

 
Fig.2: CSAS images created with the U.S. Office of Naval Research Small Synthetic 

Aperture Minehunter (SSAM) sonar, enabling identification of WWII-era mine remnants 
(left), fractured sphere (top right) and a wedge-shaped rock (bottom right). 

 
Low-frequency SAS, as a complement to high-frequency SAS, offers the advantages of 

enhanced capabilities in sediment penetration and object classification. The differences in 
an object’s acoustic response and the ability of sound waves to penetrate the sediment 
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differ significantly between high-frequency systems (>> 100 kHz) and low-frequency 
systems (<< 100 kHz) [14]. The use of low frequencies and the presence of a roughly 
textured seabed enable penetration into sandy substrates, so that such a system can detect 
objects in the top sediment layer–which would otherwise be opaque to higher frequency 
systems. An example is given in Fig. 3, where a flush-buried torpedo in Lübeck Bay found 
in 2016 appears significantly clearer in the SAS image recorded at 22 kHz (right) 
compared to the SAS image recorded at 75 kHz (left).  

 

 
Fig.3: Images of flush-buried torpedo recorded with German SAS system at 22 kHz 

(right) and 75 kHz (left). 
 
Low-frequency downward-looking SAS systems have been developed that create 

modest-range 3-D images of the sediment volume. One such example is the broadband 
Buried Object Scanning Sonar (BOSS) which traditionally has operated with acoustic 
wavelengths in the vicinity of 10 cm, and is capable of mapping voxels to similar 
dimensions. Over the last 15 years, work has been done in merging this system on an 
AUV with a magnetic gradiometer and optical sensor for classification of buried 
munitions [15]. An example is shown in Fig. 4, where the magnetic gradiometer provides 
a magnetic moment and localization (yellow dot on other images) illustrated by the 3-axis 
gradiometer time series, and the BOSS processing software creates top-, front-, and side-
view maximum intensity projections of the sediment volume. The optical sensor does not 
reveal any surface expression because the object is fully buried. Thus, by combining shape 
from imagery with magnetic characteristics, high confidence classification of buried 
munitions is possible. Exploitation of frequency diversity for this and a variety of other 
sonars (or combinations of systems) may also improve UXO classification via analysis of 
target strength as a function of acoustic wavelength and other spatial/temporal parameters 
[7,16-18]. This represents an active research area as discussed in Ref. 5. It is expected that 
these types of downward-looking low-frequency sonar systems combined with magnetic 
or EMI sensors will play a key role in the mapping of UXO that are buried, which may 
account for more than 70% of munitions contamination [19].  

Other active areas of research in UXO mapping sensors include automatic target 
recognition and multi-sensor fusion [4,8,9,14,15,20], active-source optics [4] and 
parametric sonar development [4,5,9]. 
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Fig.4: Gradiometer time series, BOSS and optical imagery of buried cylinder. 

3. INTERNATIONAL COLLABORATION 

Given the scope of the munitions contamination problem, it is not surprising that 
significant international collaboration in munitions response has grown over the decade. 
Defense research establishments from European countries adjacent to the Celtic, North 
and Baltic Seas have been discussing and sharing data, which include: Germany, United 
Kingdom, Netherlands, Belgium, France and Norway. In 2013, the U.S. Office of Naval 
Research and the Strategic Environmental Research & Development Program office 
hosted a workshop on Acoustic Detection and Classification of Unexploded Ordnance in 
the Underwater Environment, which saw participation from 6 countries [5]. 

2015 saw the beginning of a U.S. Department of Defense Coalition Warfare Program 
between the Naval Surface Warfare Center, Panama City Division  from the United States 
and the Bundeswehr Technical Center for Ships and Naval Weapons, Maritime 
Technology and Research (WTD71) from Germany, in partnering to enhance joint 
capabilities in mapping underwater munitions in challenging and harsh environments–with 
an emphasis on utilizing unmanned underwater vehicles for detection and localization of 
buried objects. This program conducted its first joint munitions survey in September 2016 
[9] in the Baltic Sea over various known and suspected UXO dumping sites dating back to 
WWII, with a second joint survey planned for late 2017.  

4. DISCUSSION & FUTURE DIRECTION 

This paper reviews the conventional underwater sensing technologies that have been 
used for the mapping of underwater unexploded ordnance, and describes emerging 
advances in underwater sensors, platforms, and automation predicted to increase the 
efficiency of munitions classification in many areas and make munitions detection and 
classification possible for the first time in buried, cluttered and other challenging 
environments. These include: high-frequency and low-frequency synthetic aperture sonar; 
advances in magnetometers, magnetic gradiometry, and electro-magnetic induction; 
advances in signal and information processing; and the development of autonomous 
undersea vehicles and sophisticated tow platforms. These advances are being evaluated 
and realized at an accelerated pace due to a number of international collaborations in 
munitions mapping and remediation. 
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Abstract: There is a significant worldwide capability shortfall in deploying reliable 

techniques for remotely detecting and mapping underwater munitions for unexploded 

ordinance (UXO) remediation in complex environments. As part of the Department of 

Defense’s (DoD) Coalition Warfare Program (CWP), the Naval Surface Warfare Center, 

Panama City Division (NSWCPCD) from the United States and the Bundeswehr Technical 

Center for Ships and Naval Weapons, Maritime Technology and Research (WTD71) from 

Germany are partnering to enhance their joint capability to detect, classify, localize (DCL) 

and map underwater munitions and mines in challenging and harsh environments with an 

emphasis on utilizing unmanned underwater vehicles (UUVs) to detect and localize buried 

objects.  

This will be accomplished by developing, testing and evaluating novel survey concepts 

utilizing innovative and emerging technologies and techniques from mine countermeasures 

(MCM) science & technology (S&T) programs during joint international sea trials for data 

collection and analysis. The first joint sea trial occurred in September 2016 in the Baltic Sea 

north of Germany over various known and suspected UXO dumping sites dating back to the 

Second World War. Over the span of two weeks, organizations from both countries deployed 

and operated advanced prototype sensing technologies, primarily acoustic and magnetic, in 

these areas with high success. Results from the 2016 Joint Baltic Survey (JBS) will be 

discussed along with a short discourse on upcoming future work within this program. 

Keywords: acoustics, magnetics, UXO, data fusion, survey, MCM, UUV 
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1. PROJECT OVERVIEW 

There is a significant worldwide capability shortfall in deploying reliable techniques for 

remotely detecting and mapping underwater munitions for UXO remediation and for hunting 

buried and stealthy sea mines in complex environments.  Therefore the Allied Munitions 

Detection Underwater Initiative (ALMOND-U) project was formed as a cooperative research 

and development project by the US and German Navies to enhance the ability to utilize 

UUVs to DCL and map underwater munitions in challenging and harsh environments with an 

emphasis on buried objects.  This project will be focused on developing, testing and 

evaluating novel unmanned underwater survey concepts, utilizing advanced, innovative and 

emerging acoustic, magnetic and electro-optic technologies and techniques (including 

concepts of deployment, sensor fusion, data fusion for automated detection, classification, 

identification and mapping) from MCM S&T programs.   

ALMOND-U will develop innovative technological underwater munitions survey 

concepts utilizing UUVs and then test these concepts during sea trials conducted in Germany 

and in the US.  Based on the sea trials and joint technical workshops, a mature engineering 

system design shall be developed for an automated, unmanned, and autonomous underwater 

munitions survey system to DCL and map underwater bottom and buried munitions.   

The coalition effort will focus on the joint sea trials to collect invaluable real-world data in 

US and German waters; the analysis of which will facilitate each nation to expand its 

underwater UXO survey capability as well as to independently advance their own mine 

hunting programs.   

2. SURVEY OVERVIEW 

 
Fig.1: Example SAS data showing high resolution bottom imagery clearly composed of two 

different sediments.  The right inset shows an anchor from two different frequencies while the 

left inset shows magnetic contacts displayed based on size (size of the dot), burial (red for 

proud, blue for buried) and cylindrical nature (circle for cylinders, square for other). 

 

The US Navy is investigating synthetic aperture sonars (SAS) capable of generating high 

resolution imagery of the bottom and, using lower frequencies, penetrating a small amount 
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into certain sediments to image some buried targets in addition to magnetic gradiometers.  

Since many UXO are smaller than typical mines and a high percentage are believed to be 

buried, these two primary technologies serve as an excellent starting point in hunting UXO.  

The US provided two UUVs, one integrated with a SAS system and the other integrated with 

both a magnetic gradiometer and a dual sidescan sonar and subbottom profiler (MAG-SBP).  

Similarly, Germany provided a UUV mounted SAS system, a towed magnetic gradiometer, 

and, at a later time, a pole mounted subbottom profiler.  Data sharing agreements in place 

allows for data from all of the systems to be shared between countries, enabling system 

comparisons and testing of algorithms and procedures on new data (e.g., testing US magnetic 

algorithms on German gradiometric data).  See Fig. 1 for an example of what these sorts of 

systems are capable of. 

All systems spent time at known WTD71 sites (see Fig. 2) containing known and 

unknown UXO (Schönhagen and Neustadt) as well as several quality check targets (an 

acoustic resolution target and a pair of strings of known magnetic dipoles).  Additionally, all 

systems also ran at two sites (Falshöft and Olpenitz) known to be contaminated with UXO, 

but to an unknown extent.  In 2015 a NATO exercise known as “North Coast” identified what 

they believed to be six World War 2 era mines and torpedoes, which were not thought to be 

present at these sites.  Thus it was deemed worthwhile to survey these areas to find any 

additional UXO that might be of interest. 

 

 
Fig.2: JBS operational areas of interest within the Baltic Sea named for nearby towns (right) 

and example bathymetry common to the region (left). 

3. PRELIMINARY DATA ANALYSIS 

The US SAS system experienced several hardware malfunctions that needed to be 

diagnosed and repaired during the survey, both US vehicles experienced significant 

navigation issues due to an inability to access Wide Area Augmentation System GPS (WAAS 

GPS) and both teams had problems with their ship based GPS antennas.  However, all of 

these issues were dealt with by the vehicle operators, so the quality of this data collection 

should be seen as a huge success.   The US SAS system spent two days down while a ground 

fault was tracked down.  Both German systems operated within standard parameters and only 

had a small number of easily rectifiable issues.  The remainder of the survey was 

accomplished without significant hardware issues. 

The US MAG-SBP system was run at varying altitudes to explore the functionality of the 

SBP sonar.  While the gradiometer is usually run around 2-3m for better magnetic detections, 

the SBP was operated up to 6m in order to see how well it functions at higher altitudes.  

Additionally, the MAG-SBP system was run over several buried items previously identified 
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by the SAS systems, using a tight track spacing, to help better understand the fusion of 

magnetic data with bottom penetrating sonar data.  Finally, given the proliferation of items in 

this area, the gradiometer was able to collect a substantial amount of data over relevant UXO 

targets, helping to improve detection and classification algorithms.   

Alongside the US gradiometer, IPHT Jena operated their superconducting quantum 

interference device (SQUID) based gradiometer over similar areas, including several items 

previously identified by acoustic, which allows for the comparison of a more sensitive 

gradiometer being operated at a higher altitude from a quieter tow-body.  Additional data was 

collected with both gradiometers running over calibrated magnetic dipole strings consisting 

of permanent magnets of variable magnetic moment embedded in concrete disks.  Since 

magnetic sensors are highly sensitive to both platform noise, target moment, and range to 

target, it will be greatly interesting to explore the trade-off between the two systems against 

the calibrated dipole strings as well as targets of opportunity that were observed in the 

various survey sites.  See Fig. 3 for example magnetic data collected over the dipole string. 

 

    
Fig.3: Magnetic gradiometer data over the calibrated dipole strings, showing a heat map 

from the US system (left) and a time series representation from the German system (right). 

 

The US SAS covered more than 2,000 acres (with the German SAS covering even more 

based on its larger swath width) over highly interesting UXO contaminated bottom, passing a 

bevy of targets over to the gradiometers for further interrogation.  The US and German SAS 

systems ran very similar missions, using similar mission parameters for comparing hardware 

differences and using their standard parameters for comparing procedures.  The US SAS 

identified several buried targets and passed that information along to both the German SAS 

and the gradiometers so that the other systems had a definite subsurface item to test their 

sensors against.  The US SAS ran various circular missions over a fair number of targets, 

identifying several as clutter, collecting valuable information over identified targets, and 

collected data that will allow experimenting with imaging below the surface and within 

targets.  See Fig. 4 to Fig. 9 for examples of acoustic data collected during the JBS. 
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Fig.4: Circular SAS (CSAS) image(by US SAS) of item identified by the German SAS, 

originally believed to be a torpedo shaped item (See Fig. 4). 

 

 
Fig.5: Linear SAS image of suspected torpedo identified by German SAS. 

 

 
Fig. 6: Alongside evidence of trawling, there is clear evidence of cratering from explosive 

detonations in these areas, most likely during planned high order events. 
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Fig. 7: Representative UXO shapes of all sizes discovered at Falshöft. 

 

 
Fig. 8: Four items identified at Falshöft during the NATO exercise “North Coast” (red) and 

223 items identified by the US SAS (yellow).  Note what appears to be two separate lines of 

targets running through the imagery.  The current hypothesis is that at the end of World War 

2, at least two separate ships were transiting through the area, dumping their munitions over 

the side.  A survey along the direction of each of these paths was cancelled due to weather in 

the final days but will be considered by the German team at a later date. 
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Fig. 9: Oddly shaped targets identified in lower frequency SAS data (right).  Since these 

objects aren’t visible in the higher frequency data (left) they are believed to be buried. 

4. FUTURE WORK 

With the JBS occurring in the final days of 2016, primary analysis of the survey data has 

been occurring in 2017.  An additional survey is currently scheduled for October 2017 in San 

Diego, California.  Lessons learned from the JBS will be applied to allow data relevant to 

several research thrusts be collected. 

The format of the Joint Pacific Survey (JPS) will be similar to the JBS, pairing multiple 

systems with each other and operating over the same environments.  It is expected that newer 

versions of the US SAS and magnetic systems will be used for this survey.  Additionally, it is 

expected that NSWCPCD’s 1m eBOSS (Edgetech Buried Object Scanning Sonar) will be 

joined by WTD71’s 4m eBOSS, focusing the data collection on acoustic burial penetration 

rather than magnetics.  A final technical workshop will follow several months after the JPS, 

providing time for collaboration, wrapping up the final report and closing out the project. 

The research thrusts currently being investigated include but are not limited to:  

 Low frequency CSAS to image buried targets and to peer within other structures (e.g., 

inside wooden crates) 

 Low frequency structural acoustic phenomenon to aid in classification and visualization 

of targets not readily viewable by standard SAS techniques. 

 Advanced CSAS processing techniques to image partial circles 

 Bathymetry based on interferometric SAS data, both to create bathymetric data 

products and to improve SAS imagery by removing the flat earth assumption 

 In-depth comparison of gradiometric technologies and techniques, including 

o UUV vs. tow-body integration, trading altitude for reduced platform noise 

o 3 channels vs. 5 channels of the magnetic tensor 

o Optically pumped Helium cell vs. SQUID technology 

 UXO ATR maturation using target rich data sets 

 Removing nearby acoustic signals (e.g., acoustic communications or sonar data from a 

nearby SAS system) from SAS imagery 

 Sediment characterization using lower frequency acoustics 

 In-depth comparison of different eBOSS arrays (i.e., 1m vs. 4m array) 
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5. SUMMARY 

The CWP ALMOND-U project has brought together the US and German Navies and their 

MCM/UXO detection development tracks, allowing both organizations to share hardware 

developments, concepts of operation, algorithms, procedures and lessons learned.  Both 

teams (see Fig. 10 and Fig 11) gathered excellent, relevant data over a variety of exciting 

UXO sites and have already generated a preliminary set of lessons learned that will help 

inform future collaborative surveys.  Initial planning for the JPS has already begun and 

promises to be a successful, valuable data collection. 

 

 
Fig.10: Magnetics team onboard the MzB Mittelgrund from left to right; (back row) Michael 

Mueller, Berndhard Rapp, Achim Pawel, Kay Behrmann, Steffen Brocke, Bernd Hilgenfeld, 

Frank Richter and (front row) Neil Claussen, Daniel Bunge, Ana Ziegler, Andreas Chwala, 

Amanda Bobe, Manfred Dommasch. 

 

 
Fig.11: SAS team onboard the EMB from left to right; Hans-Joachim Soost, Jim Prater, Jesse 

Angle, Andrew Boe, Holger Schmaljohann, Thomas Dill, Jan-Peter Babst, Sven Osburg, 

Thomas Keller, Julian Klinner, and Stefan Leier. 
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Abstract: After World War II (WWII) chemical munitions were deposited in the Skagerrak
strait in the Norwegian trench, in deep waters between Norway and Denmark. The procedure
was to load the munitions onto large cargo ships, position these, and sink the ships either by
scuttling or by the use of explosives. It has been estimated that between 41 000 and 48 000 tons
of chemical munitions were deposited in this area. In collaboration with the Norwegian Coastal
Administration, the Norwegian Defence Research Establishment (FFI) conducted cruises in
2015 and 2016 using a HUGIN autonomous underwater vehicle (AUV) equipped with a HISAS
interferometric synthetic aperture sonar (SAS). The main goals were to locate and image the
ships, determine their conditions, and find areas where dangerous cargo from the ships was
spread out.

The benefit of interferometric SAS technology is the ability to provide imagery and bathymetry
at both very high resolution and long range. This makes SAS technology well suited for map-
ping of larger areas and searching for large and small objects of interest. The Skagerrak survey
consists of 24 AUV dives where approximately 450 km2 were covered in 4 × 4 cm theoretical
resolution. 54 wrecks were found, and 36 of these are believed to be part of the chemical mu-
nitions dumpsite. Of the shipwrecks found, many have suffered severe damage, and their cargo
is spread out around the shipwrecks.

In this paper, we consider SAS technology for the search of unexploded ordnance (UXO) at
the seabed. We investigate key parameters for understanding, planning, executing, and process-
ing tailored search operations. We show example images of ship wrecks and UXOs at various
sonar ranges from the Skagerrak dumpsite.

Keywords: Synthetic aperture sonar, Interferometry, Performance, Unexploded ordnance
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1. INTRODUCTION

Interferometric synthetic aperture sonar (SAS) is a well suited tool for detailed imaging and
mapping of the seabed, providing very high resolution and large area coverage rate simultane-
ously [1]. Norwegian Defence Research Establishment (FFI) has together with the Norwegian
company Kongsberg Maritime developed SAS technology for 17 years, materialized in the
HISAS 1030 interfereometric SAS [2], particularly for use on the HUGIN autonomous under-
water vehicle (AUV). Key to this development has been the strong collaboration with end-users
such as the Royal Norwegian Navy.

In 2015 the Norwegian Coastal Administration tasked FFI to map and document the Skager-
rak World War II chemical munitions dumpsite using FFIs research vessel HU Sverdrup and
FFIs HUGIN HUS AUV equipped with a HISAS 1030 interfeometric SAS. This was a contin-
uation of cruises done in 1989, 2002 (without AUV), and 2009 (with AUV but without SAS)
[3]. The main tasks were to image the area in high resolution, detect and locate all ships, judge
their conditions, and search for objects, debris, and UXOs. In April 2015 and January 2016,
two separate cruises were conducted, consisting of 24 dives where 16 TB of SAS rawdata were
collected. This equals 217 recording hours, 1484 km of distance travelled, and approximately
450 km2 of instantaneous area covered. SAS images in 4 × 4 cm theoretical resolution were
produced from all data. Most of the lines were run in lawn-mower pattern without a-priori
knowledge of positions of the ship wrecks. Some lines were run to optimize the data acqui-
sition for SAS imaging of wrecks in known position [4]. After manual inspection, 54 wrecks
were found, and 36 of these are believed to be part of the chemical munitions dumpsite.

In this paper we consider the theoretical limitations of interfeometric SAS for large area
search for small and large man-made objects. We also investigate the actual achieved perfor-
mance in example products from data collected in the Skagerrak chemical munitions dumpsite.

2. SAS IMAGE AND INTERFEROMETRY PROCESSING

The signal processing of sonar data includes several stages, as illustrated in Fig. 1. There are
three main components in the processing, as follows:

Preprocessing includes estimation and correction of the vehicle path, estimation of the terrain,
and estimation of the sound speed profile. All these components are needed in order to ensure
that the imaging over the synthetic aperture leads to a fully focused and sharp image [5]. Of
particular importance is the estimation of the element position of each transmitter/receiver lo-
cation for all pulses in the synthetic aperture. The required accuracy is that each element must
be relatively positioned within a fraction of a wavelength, transferred to millimeter position
accuray over synthetic apertures of 30− 100m length.

Fig. 1: SAS image and interferometry processing flow.
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Fig. 2: Upper: Fusion of SAS image and SAS bathymetry of a 500× 120m scene in
Skagerrak. Lower: Zoomed area with UXOs and debrie.

Imaging (or beamforming) converts the recorded pulse-echo timeseries from all pulses over
the entire synthetic apeture into estimates of acoustic reflectivity in spatial domain. There
are many alternative algorithms for this, either in frequency domain, popular in SAR [6], or
time domain algorithms popular in sonar and medical ultrasound. When choosing an imaging
algorithm, there is always a tradeoff between quality and speed.

Interferometry for bathymetric mapping is the process of estimating the time difference of
arrival between two vertically spaced receiver arrays, and turning that into an estimate of di-
rection of arrival and thereby seabed depth relative to the sensor. This field is mature in radar
[7, 6]. The signal processing involves phase difference estimation (or interferogram estimation)
and phase unwrapping, which is a critical and non-trivial stage in the interferometry processing.
Interferometry requires that the phase is accurately handled, throughout the entire hardware and
signal processing chain.

Fig. 2 shows a 500 × 120m scene collected in 2015 containing a ship wreck (wreck 13),
wreck parts, and a large number of smaller objects, belived to be UXOs (grenade shaped) filled
with chemical munitions. The SAS images are made using the backprojection algorithm, and
the interferometry processing is done using a cross correlation technique [8]. The visualization
is based on a fusion of the SAS image with automatic TVG and despeckling applied represented
as brightness, and the estimated seabed depth from interferometry represented as color (see the
colorbar). We see that part of the bow section is missing from the wreck, causing the scattering
of the cargo from this ship over a larger area. Fig. 3 shows two other shipwrecks that (also
part of the Skagerrak dumpsite), using the same processing and visualization as for Fig. 2. The
upper shipwreck (wreck 49) is even more disintegrated, and a large amount of debrie and cargo
(UXOs) is scattered around. The lower shipwreck (wreck 18) seems intact and preserved in
very good conditions. In this case, it is assumed that all the cargo is still inside the hull.
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Fig. 3: Upper: Wreck 49. Lower: Wreck 18.

3. PERFORMANCE METRICS

In this section, we list factors that affect the products from an interferometric SAS.

Area Coverage: The area coverage rate is a critical design parameter. The maximum achiev-
able range is limited by the allowable spacing along-track, through the recording time for pulse-
echo imaging. This is a major limitation in SAS, in clear difference from SAR. A multi-element
receiver array of length L allows for a onesided area coverage rate of [1]

vRmax = Lc/4 (1)

where Rmax is the maximum range, c is the speed of sound, and v is the platform speed. The
maximum range is, as with all sonar technologies, also limited by the transmission loss, and
the frequency dependent absorption in particular [9].

Typically SAS systems are twosided. Due to the degraded image quality at nadir, it is common
to operate with a blind-zone, that typically can be 2 times the vehicle altitude. Factored in,
the instantaneous twosided area coverage rate becomes IACR = 1.8vRmax if the altitude
equals 1/10 of maximum range. Running a lawn-mover pattern that actually fills the gaps,
the effective area coverage is reduced to ACR = 1.45vRmax for uneven line spacing and
ACR = 1.1vRmax for even line spacing [10]. If a gap filler can be used (e.g. a multibeam
echosounder), the twosided area coverage rate becomes ACR = 2vRmax.
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Resolution: A key performance parameter is the geometrical resolution. In SAS and SAR, the
resolution along-track δx and cross-track δy is given by [6]

δx = d/2, δy = c/(2B cosφg) (2)

where d is the transmitter / receiver element size, B is the system bandwidth, and φg is the
grazing angle. The resolution is independent of both range and frequency in contrast to real
aperture systems such as sidescan sonar and sectorscan sonar.

The SAS images will always contain random variations in the backscattered signal, known as
speckle, due to contributions from scatterers within each resolution cell. This is a fundamental
feature of all coherent imaging modalitites (radar, sonar, medical ultrasound), and will affect
the accuracy in the estimation of acoustic reflectivity (known as radiometric accuracy in radar).
A common approach in SAR is to apply spatial smoothing, known as despeckling or speckle
filtering, to the images [11]. All despeckling algorithms trade spatial resolution to radiometric
accuracy. It is therefore application dependent whether despeckling should be applied.

Fig. 4 shows a 30 × 30m SAS image with UXOs. The theoretical resolution is 3× 3 cm. The
upper left panel shows the raw SAS image. The upper right panel shows the despeckled SAS
image, using a multitaper despeckling technique [12]. This reduces the image resolution to
9× 9 cm. The lower left panel shows the SAS bathymetry in 18× 18 cm resolution. The lower
right panel shows a fusion of the despeckled backscatter image and the bathymetry. The UXOs
are approximately of length 1.5m and diameter 40 cm. Both highlight and shadow in the image
and depth from interferometry contains information about the size and shape of the UXOs.

Image Quality: The quality of the data products produced by an interferometric SAS is heav-
ily dependent on the signal level relative to ambient noise, self noise, interfering signals, and
clutter or reverberation. This can be represented in a generalized signal-to-noise ratio (GSNR),
interpreted as the ratio between the wanted signal and the unwanted signals and noise. In shal-
low waters where the sea surface affects the signal paths, the GSNR may be reduced due to
multipath [5]. On high frequency sonars, absorption in seawater will reduce the signal level,
and ambient and self noise level may be the limiting factor for the achievable range [9]. The
GSNR is a critically important parameter for interferometry (see below).

Another challenge, specific for SAS, is the degradation of image quality due to poorly estimated
navigation, terrain and ocean environments [5]. This may lead to grating lobes, smearing and
loss of contrast. Again, the ability to estimate navigation and the terrain is also dependent on
the GSNR on earlier stages in the signal processing (see Fig. 1).

Improvement of the GSNR may be done in several ways, where some of these require redesign
of the sensor, and/or change in the sensor geometry. As an example, if it is desired that the
along-track resolution in the SAS image improves, this will also affect the antenna gains, the
synthetic aperture length, and thereby the GSNR per pixel [6].

Vertical Accuracy: The standard deviation of the depth estimate, or rather the lower bound,
can be approximated using the Cramér-Rao lower bound for time delay estimation in combina-
tion with the geometry terms as [13]

σz =
R

D

cos(φ0 + φ)

cosφ
cστ , στ =

1

2πf

1√
BT

√

1

ρ
+

1

2ρ2
(3)

where R is range, c is the speed of sound, D is the interferometric baseline, φ0 is the baseline
angle relative to the vertical axis, and φ is the backscatter direction of arrival relative to the
interferometer. ρ is the GSNR related to the interferometric coherence γ as [7, p 98] ρ =
γ/(1− γ) under the assumption that uncorrelated noise is the only source for decorrelation.
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Fig. 4: SAS products of a 30× 30m scene centered at 85m range filled with UXOs. Upper
left: Raw image. Upper right: Despeckled image. Lower left: Bathymetry. Lower right:

Fusion of image and bathymetry. The dynamic range is 40 dB and the depth range is 40 cm.

As an example, consider BT = 5 × 5 independent pixels, a GSNR of ρ = 10, and a center
frequency of f = 100 kHz, the time delay accuracy becomes στ ∼ 0.1μs = 0.01 period. For
a baseline D = 0.3m, the angular accuracy is in the order of 0.03◦, and the vertical accuracy
becomes δz = 5 cm at R = 100m range.

This highlights one main feature in seabed depth estimation using interferometry. Each depth
estimate is based the average interferogram estimate using a window of independent pixels.
This is done to improve the accuracy of the estimate, and is for instance always used in SAR
interferometry [7]. This means that there is a trade-off between horizontal resolution given by
the number of pixels used in the averaging, and the vertical accuracy [2].

The phase to depth part of the processing requires that the relative phase (wrapped phase) is
turned into absolute phase that, again, can be turned into a time difference of arrival estimate.
This stage, the unwrapping stage, may be less complicated for a wideband system [8]. However,
it is needed, and wrap errors may be a large problem in marginal SNR cases and/or window
size cases.
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Fig. 5: Statistics from a 30× 140m scene for three cases of interferometric coherence window
size. Panels (from top): 1: SAS image; 2: Slice at center along-track position; 3: Averaged

depth; 4: Depth standard deviation; 5: Theoretical depth accuracy; 6: Coherence.

Finally, seabed depth estimation by interferometry is limited by the measurement geometry and
the fundamental model used. Layover, shadow, foreshortening, and multiple reflections will
affect the number of valid measurements and their quality, especially for larger structures such
as ship wrecks [4]. Examples of multiple reflections and shadow is visible in the lower panel of
Fig. 3 at along-track position 120−140m, and cross-track position −80m. Platform positional
errors, sensor mounting errors, and inaccurate sound speed profiles will also contribute to the
total error budget [9].

Fig. 5 shows the SAS interferometry statistics from a 30m along-track intersection, with the
range interval 25 − 165m of fairly flat seabed with UXOs scattered around. This is located at
along-track postion 200m of Fig. 2. A local unwrapper of size 17× 17 pixels is applied. Note
that the probability of wrap error [8] is unacceptable high for the 3× 3 coherence window size
case (seen as large spikes in panel 2 for the 3× 3 window size). The coherence drops towards
maximum range due to the range dependence of the SNR. The depth estimation accuracy wors-
ens with increasing range, both due to loss of SNR, and linearly as seen in eq. (3). We also
see that the coherence is lower at short range than at mid range. This may be due to vertical
beampattern effects, geometrical decorrelation and/or dilation errors [13].
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4. SUMMARY

We have studied key performance parameters for SAS in a large area search for larger objects,
ship wrecks, and small objects, UXOs, in the Skagerrak chemical munitions dumpsite. Resolu-
tion and quality must be high enough for reliable interpretation, especially in search for small
objects such as UXOs. SAS images are more important than SAS bathymetry in the search
of objects, but SAS bathymetry adds valuable information in the mapping of the areas and the
interpretation of wreck conditions. Being able to produce high resolution, high quality, and
large area coverage at the same time, SAS technology is well suited for searching, imaging,
and mapping of ship wrecks, and small objects such as UXOs.
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Abstract: At the end of WW II hundreds of thousands of tons of unused ammunition and 
explosive ordnances were just skipped over the railing of some fishing boats to get rid of 
them. 
Out of sight, out of mind was the motto, and nobody cared about the consequences. That 
was daily practice up to the late sixties. All together there are about 1.6 million tons of 
UXOs in German littoral waters. 
In recent years the AUV team of the WTD 71 supported the Waterways and Shipping 
Directorate in searching UXOs in littoral waters. The variety of UXO reaches from boxes 
with ammunition for assault rifles up to torpedoes and cruise missiles of type V-1. 
 
During these AUV surveys it turned out, that due to the environment, the sonar 
performance varied a lot over space and time and this lead to gaps in the coverage of the 
surveyed area. 
But, modern Synthetic Aperture Sonars (SAS) offer the capability to overcome these 
deficiencies by estimating the actual usable sonar range. If the image quality decreases, 
the line spacing between two consecutive tracks will be adapted to shorter distances 
autonomously. With this technique the coverage of the area is always up to 100%. 

Keywords: AUV, UXO, Mission Planning, Adaptive Linespacing 
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1. Introduction  

At the end of WW II hundreds of thousands of tons of unused ammunition and explosive 
ordnances were just skipped over the railing of some fishing boats to get rid of them. 

Out of sight, out of mind was the motto and nobody cared about the consequences. That 
was daily practice up to the late sixties. All together there are about 1.6 million tons of 
unexploded ordnances (UXO) and discarded military munitions (DMM) in German littoral 
waters and not all of them are non-ignited. 

 

 
Figure: 1 Boxes with ammunition were dropped not far from the coast 

 
The authorities are concerned that both chemical and conventional munition present in 

the marine environment poses a threat to the health and safety of humans as well as marine 
life. And through corrosion and chemical changes these devices might become more 
volatile, thus increasing the danger of unexpected explosions.  

Since the bomb shells are suffering under the seawater conditions and more and more 
of them just corroded away, the number of incidents with exposed explosive or 
phosphorus lying on the beach is increasing. In Germany not the Navy is in charge of 
UXO disposal but the Waterways and Shipping Directorate. In recent years the AUV team 
of WTD 71 supported the Waterways and Shipping Directorate in searching UXOs in 
littoral waters. The variety of UXO reaches from boxes with ammunition for assault rifles 
up to torpedoes and cruise missiles of type V-1. 

 
During these AUV surveys it turned out, that due to the environment, the sonar 

performance varies a lot over space and time and this lead to gaps in the coverage of the 
surveyed area. 

But modern SAS sonars offer the capability to overcome these deficiencies by 
estimating the actual sonar. If the image quality decreases, the distance between two 
consecutive tracks will be adapted autonomously. With this technique the coverage of the 
area is always up to 100%. 
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2. Deficiencies 

Before the new method of mission planning is presented, it is necessary to clarify how 
the conventional method works and where the difficulties lie.  

 
 The planning of an AUV mission usually starts with the assignment of an area to be 

investigated.  The task of the operator is now to plan a mission, which in the end provides 
a complete coverage of the area with a constantly high image quality. A high image 
quality is the first threshold for getting a high probability of detection. 

 
 The sonar performance has to be estimated under the given conditions, using known 

data, such as seabed complexity, water depth, stratification of water and other parameters.  
On the one hand, the operator relies on experiences from the past, on the other hand also 
on databases and possibly also on results of test dives.  In such test runs, called "Sonar 
Condition Check", it must always be taken into account that this is usually done outside 
the actual search area and can only provide a local impression of the conditions.  
However, since the variability of these conditions can be very high such freshly acquired 
data has only of limited value and also cost valuable time.  

 
 In the end the operator settles down and plans the upcoming mission.  
 
 In summary he has to assess and consider the following parameters:  

• water depth  
• duration 
• energy consumption 
• height above ground  
• driving depth  
• currents  
• sonar range  
• stratification  
• mine threats  
• texture of the seabed (sediment type, clutter, etc.)  
• roughness of the sea surface  

Each of these parameters can be variable and the operator has to estimate what 
influence every single parameter has on the sonar performance and ultimately on the PC 
(Percentage Clearance). 

 
 This is a complex problem that has not even theoretically been solved and which also 

depends on some parameters that are not available a priori. 
 
As explained before a large number of factors have to be taken into consideration when 

planning and conducting a successful mission using an AUV.  The task of the AUV 
operator is therefore first of all to determine the altitude and the range of the sonar under 
the given boundary conditions.  

 
 With these values and the inclusion of the "fear factor" he plans the mission.  
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 The typical search patterns with side-looking sonars basically have an alternating 
linespacing from leg to leg.  This is due to the fact that a gap remains on the first leg 
underneath the vehicle (Nadir) where no usable sonar data is available.  This is due to 
physics and does not depend on environmental factors.  To close this gap, the second leg is 
placed in a way so that the gap of the first leg lies exactly in the well-covered area of the 
second one. So only a pair of legs gives a closed area. The distance of the third leg is 
almost twice the size of the estimated sonar range since only a small overlap between the 
outer regions of the covered range has to be taken into account. This is illustrated in figure 
2 
 

 
Figure: 2 Leg 1 to 4 (portside and starboard) of a typical asymmetric search pattern for 
side-looking sonars 

 A ratio of 25/75 has become established from the times of the conventional side-scan 
sonars.  This means that at a maximum expected range of 100 m and a resulting swath 
width of 200 m, the offset in the first to the second leg is 25% of 200 m, which is 50 m 
and the offset from the second to the third leg is 75%, which is 150 m.  

 
 After launching the mission, the vehicle conducts the entire mission following the 

given search pattern with pre-programmed waypoints and payload settings. 
 
 After completion of the mission the data is processed and then evaluated by an 

operator. This will be the moment where he often recognizes the regions in which image-
evaluation is not possible due to quality-fading factors such as multipath propagation.  In 
conventional side scan sonar images only a well-trained operator is capable to distinguish 
between flat seafloor regions of high image quality and blurred regions of poor image 
quality. In the end, these gaps lead to another mission to close them. This is time 
consuming and not very effective.  
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Since the evaluation of images is not a reliable method to determine whether a region is of 
good image quality or not the new method is based on the evaluation of raw signal data. A 
precondition for this method is a sonar that provides an estimation of the distance-
dependent sonar performance. This can be achieved by evaluating the complex data of 
either two consecutive pings or – in case of a bathymetric sonar – the phase evaluation of 
the two signals from the upper and lower receiver antenna.   

By evaluation of the coherence between the two signals it is possible to determine the 
distance up to which the processing of the data provides presumably good image quality. 
This can be done with every single ping, so that in the end there is a vector of N values, 
indicating the maximum usable sonar range along a leg. The purple line in figure 3 gives 
an impression of this feature. This line is independent of the skills of an operator and is an 
objective criterion for the determination of what we call the usable sonar range (USR).  

 
Figure: 3 The purple line is an indicator up to which range the data processing works 
well. This indicator does not depend on the content of the image and is available in real-
time. 

 
In figure 4 the results of a real mission are shown. The USR decreases in the easterly parts 
of the area and this leads to huge uncovered gaps where no evaluation of the sonar data is 
possible. The mission started in the north-western corner. The overlap between the legs at 
that site was more than sufficient. So the operator has done nothing wrong, but 
nevertheless he ended up in an incomplete survey. 

 
Figure: 4 Map of the covered area. Red areas indicate regions with evaluable regions. 
The darker the colour, the more often this region has been covered. White sections are 
uncovered gaps. 

To overcome this problem the USR is used to determine an optimized linespacing in 
realtime. In the following chapter this new approach will be described. 
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3. Adaptive Linespacing 

 
This chapter describes how to get the proper value for linespacing and which results 

can be achieved with this method. 

 
  3.1 Calculating the line spacing 
The main characteristic of this approach is that the vehicle doesn’t stick to a pre-

programmed mission plan. The operator only has to define the search area by a set of four 
coordinates, indicating the corners of the area. The first two coordinates will be used to 
determine a starting leg.  
The easiest approach to find the spacing for the next leg would be to determine the 
shortest range of the USR over the length of the latest leg. But in case of dropouts with 
zero-values or singularities due to single objects this approach could lead to extremely 
short linespacing values and therefor to a very high leg density. In order to avoid such 
extreme sonar ranges we allow a certain percentage of the target area not to be covered. In 
the following paragraph we describe the instruction how to determine the proper 
linespacing value.  
 
After finalization of a leg the algorithm takes all (N) values of the USR sampled along the 
leg and sort the stored range values in ascending order. After that we iterate over index i 
and determine the shortest rangei that fulfills the condition 
 ∑ range rangerange range ∗ N ∗ 100 	 	  

 

 

 
In other words, we shift the yellow line from the bottom towards the top, looking for a 
point, where the ratio of the area left of the intersection between the red and the yellow 
line (green area)  and the area underneath the yellow line is equal or bigger than a user 
defined threshold (usually between 5 to10%). 

Figure: 5 The bathymetric data of the SAS (blue) shows some large fluctuations. Using the 
proposed algorithm on the sorted data (red) it outputs the selected distance (yellow). 
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If the yellow line fulfills this criterion, the distance can be used for calculating the next 
leg. 
 

4. Results 

In figure 6 the difference between the conventional approach and the adaptive one can 
be seen. On the left side one can see the result of the conventional approach. The 
linespacing from leg to leg is constant. But due to a variable USR there are gaps in the 
coverage map. On the right hand side the linespacing is adapted to this variable USR and 
the area is fully covered. To reach this goal, the vehicle had to make an extra leg and the 
mission time was slightly longer than probably expected. But it wasn’t necessary to go for 
another mission to fill the gaps. 
 

 
 
 

5. Conclusions 
 

By using the USR for optimization of the linespacing a much better coverage could be 
achieved. Currently the algorithm is optimized for cases in which the sonar range is worse 
than expected. In the future the system will also be adapted for the case that the USR is 
longer than expected. In this case the ping rate and the altitude will be adapted to longer 
ranges until the USR is smaller again than the given sonar range. 
For the operator it might be unusual not to have an exact mission duration at the beginning 
of a mission, but the vehicle will be able to estimate the duration of the rest of a mission 
and send this estimation via a communication link to the operator. 
The only case where this new approach might have some disadvantages is when you want 
to do detect mines by means of change detection. One precondition for this technique is 
that the vehicle runs more or less on the same tracks on different days. Due to the fact, that 
the environmental conditions can change rapidly, the vehicle will never run exactly the 
same mission twice and therefor the aspect angle will be different. This will make change 
detection much more challenging or even impossible. 

Figure: 6 On the left: A mission with preprogrammed waypoints, on the right a 
mission with adaptive linespacing. With the technique of adaptive linespacing a full 
coverage can be reliably achieved 
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It might also be possible to tweak the algorithm by taking the altitude more into 
consideration. Especially when there are boundary layers below the vehicle it might 
improve the output when flying at lower altitudes. 
These sound speed profiles could be taken together with GPS updates. 
In our opinion the adaptive linespacing is a technique that will be the standard for full 
coverage mappings in the future. 
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Abstract: Given the required improvements in infrastructure to safely accommodate larger 

vessels at Portsmouth International Port, dredging operations were requested for the main 

channel along few other enhancements at the port's support facilities. During the site 

investigation phase, numerous objects were found on the seabed, which could potentially 

compromise  the  site  excavation  and  therefore  had  to  be  taken  out  of  the  investigated 

locations.   The  employment   of   ordinary  electromagnetic  systems   to   identification  of 

conductive material has been proved to be successful, however they lack the ability to classify 

the investigated target as an UXO or regular debris (scrap metal, cannonballs, etc…). 

The use of the SubTEM system turned out to be successful in identifying and classifying 

targets rather than only pointing out their location. The aforementioned system operates with 

partially overlapping transmit loops and 84 receiver coils. By combining data from all sensors, 

the system is capable of also identifying the shape and orientation of the target, which 

results in a substantial reduction of the number of required digs prior dredging operations take 

place. As result of its employment, it was calculated that the Master Target List  was  reduced  

in  over  90%  due  to  SubTEM's  better  filtering  capabilities  and  a performance of over 

70% was computed (conductive material retrieval), which is an enhancement of almost 30% in 

comparison to the TSS-440. 

In this paper, the authors compare the efficiency of both TSS-440 and SubTEM systems at 

Portsmouth International Port as tools for supporting not only the removal of large debris 

and other obstruction objects, but also the identification of Unexploded Ordinances (UXOs). 
 

 
Keywords: underwater transient electromagnetic system, electromagnetic induction, 

unexploded ordinance, demining, bomb detection, dredging, underwater acoustic modelling, 

underwater detection systems 
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1.   INTRODUCTION 
 

After the requirement for the construction of two Queen Elizabeth Class (QEC) aircraft 

carriers was endorsed, the Defense Infrastructure Organization requested the enhancement of 

the base's support facilities, which included the dredging of the approach channel and inner 

Harbor areas. During the site investigation, numerous objects were found on the seabed, 

which had to be dredged given their potential to damage the working vessels. 

In November 2015, a German sea mine was discovered by one of the vessels when removing 

large debris and other obstruction objects. The aforementioned type of mine is made of 

Aluminum and therefore could not be identified by the employed magnetometer, which is 

capable to only identify ferrous metals. Thus, a special sledge with multiple TSS coils was 

developed so all kinds of conductive metals could be identified. 

At a later stage, the SubTEM system came into play, which features the capability to not 

only  identify  conductive  material,  but  also  to  further  classify  into  a  potential  UXO  or 

ordinary scrap metal. This asset allows the project to focus on targets that are really important 

and actually pose a considerable risk to dredging works. Given this greater likelihood of finding 

an UXO during the investigations, all objects and obstructions to be investigated were treated 

as UXO until positive identification could be done. 
 

Site Characterization 
 

The dredged areas were divided into 5 main zones with subsections, which were added 

based on the amount of volume to be dredged. A summary containing a better description of 

the aforementioned areas is shown in Table 1. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

T able 1: Ex pe ct ed n u mbe r of t arg ets a s of Jun e 2 016. 
 

Primarily a Side Scan Sonar scan of the area was performed in which 800 targets were 

identified. This result was superseded by a later Magnetometer survey that resulted in 1638 

targets to be further investigated. As of June of 2016, a TSS survey was performed and a 

more up to date target list was provided, which showed that 2139 targets were expected to be 

inspected. 
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2.   DETECTION PRINCIPLE OF ELECTROMAGNETIC INDUCTION 

SYSTEMS (EMI) 
 

As depicted on Fig. 1, EMI systems work by means of transmitting a pulse and measuring 

the environment's response to it. 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig. 1 : Basi c pri nci pl e of EM I s yst ems . (Be ran, Z e tl, & L ute s, 2 0 16 ) 

 
a) A  transmitter  coil  (blue)  is  energized.  Due  to  the  flowing  current  in  the  coil,  a 

magnetic field is generated (blue). 

b) Any conductive object within this (suddenly switched on) magnetic field, tries to 

resist to it by generating eddy currents (induction) which generate an opposite magnetic 

field (red). Due to the electrical resistance in the objects, the eddy currents die out over 

time and with it the generated field. The primary field is then switched off, again 

resulting in a change in the magnetic field which the conductive object tries to resist by 

generating its own field. Also, this field dies out over time. This on-off loop of the 

primary field is constantly repeated. (Beran, Zetl, & Lutes, 2016) 

c) The  receivers  (red  loop)  measure  the  decaying  field  from  the  objects  the  when 

primary field is switched off. 
 

 
3.   PERFORMANCE OF THE TELEDYNE SURVEY SYSTEM (TSS) 

 
Using electromagnetic induction (EMI) system to investigate anomalies on the seabed of a 

given site has proven to be an efficient way to identify large debris and other obstructions. 

EMIs, like the employed TSS-440, are well known for their capabilities of detecting all kind 

of conductive materials, including non-magnetic metal-made obstructions like the found 

German sea mine (LMB). 

The TSS-440 consists of three coils, each measuring 1m x 1m and they were mounted 

crossline with 0.5m gap in adjacent positions. Each coil covers an area of 1.5m, thus a total 

survey swath of 4.50m is achieved for each line. 

A drawback of this kind of system is the fact that the device is only able to scan up to 

approximately 2 meters below the seabed. Thus, for a required dredging depth to be fully 

scanned and labeled as "clear of anomalies" the site scanning had to occur multiple times and 

always followed by the excavation of the respective layer. 

At Portsmouth International Harbour this system was responsible for the investigation of 

614 targets from which 211 conductive objects were retrieved, what represents 34.4% of the 

total amount of anomalies inspected. The other 65.6% is composed of either not conductive 

materials or spots where nothing was found, with 0 anomalies identified as a UXO-like- 

target. The employed TSS was able to scan the seabed at a rate of approx. 16,500 
m2 
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4.   PERFORMANCE OF THE SUBMERGED TRANSIENT 

ELECTROMAGNETIC DETECTION SYSTEM (SUBTEM) 
 

The SubTEM assembly, as depicted in Fig. 2, is composed of a completely non-metallic 

sledge constructed from HDPE that weights around 10 ton and is combined with a time- domain-

electromagnetic-survey system, which is able to detect not only ferromagnetic materials,  but  

also  non-ferrous  conductive  materials.  With  this  system,  it  is  possible  to identify either 

conventional UXOs and non-magnetic UXOs, such as the German LMB (GC) mine. 

The assembly is dragged along the seabed to ensure the maximum survey penetration 

depth is successfully achieved. Its exact positioning is guaranteed due to the positioning systems 

present on both the sledge and on the vessel, which are combined to guarantee maximum 

accuracy. The SubTEM system collects data at a nominal survey speed of 2.0 knots 

(1.03m/s) and covers a swath of 5m. At this survey speed and swath, the system is 

capable  of  covering  over  18,000m
2   

per  hour,  with  a  recording  rate  of  4,700  m
2
/hour 

depending on the environmental conditions. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2 : S ubT E M sl edg e atta ch ed to a de dic a ted towi ng v esse l. 
 

Keeping in mind that one of the biggest problems issues regarding conductive material 

detection  is  the  background  response  from  the  seawater,  the  employed  algorithm  is 

responsible for removing this "noise" from the readings so a clearer signal can be obtained. 

At a later step, these signals are then compared to an extensive library, depicted in Fig. 3, 

which also contains standard responses from commonly retrieved unexploded ordinances and 

scrap metal, and if an agreement is reached the anomaly is labeled accordingly. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3 : L ib rar y us ed t o vali dat e th e r eadi ng s from SubT EM . 
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Given the SubTEM high reliability, all anomalies detected by the system were considered 

to be potential UXOs. However, if a positive identification of the obstruction could be 

attempted, i.e. if the operator was 100% sure the object was not an UXO, the item wasn’t 

further inspected, otherwise the target would be put on the dig list. The amplitude, relative 

size of the three polarization tensor components and the fall-off with time of the polarization 

tensor parameters are related to the size, shape and material properties (metal type, metal 

thickness) of the buried item. Fig. 4 shows an example of the SubTEM results over an item that 

was subsequently found to be a 250kg German bomb left over from a World War II bombing 

raid. 
 

 
 
 
 
 
 
 

 
 

 

         
       

 
Fig. 4 : Exa mpl e of a SubT e m r esult from th e in ve rsion mo del e m ploy ed t o 

classif y t he i nv estig at e d a nom alie s. 
 

The colored images show the three vector components observed by the SubTEM (left 

column), the predicted data from inversion (middle column) and the difference between the two 

(right column). The main result from the inversion is the polarizability plot on the center left, 

which shows that this object is very large and approximately axially symmetric (displays the 

characteristics of an intact bomb). 

The SubTEM's technical advantages of identifying and classifying the targets provide cost 

saving  on  the  overall  survey  budget,  which,  ultimately,  are  the  reasons  that  turn  this 

equipment so competitive in comparison to other standards magnetometers. 

At Portsmouth International Port, 95% of the detected metals have been classified as non- 

hazardous or too small to be a dredging hazard and did not have to be excavated before 

dredging. The system was able to maintain a scanning production equal to 10.8 m
3
/s, which 

resulted in 980 targets to be further investigated. From the total number of targets, 73% resulted 

in the excavation of conductive objects. 

The overall goal is to continuously work on the improvement of the system, by means of 

expanding the library's dataset. This would certainly reduce the number of safety digs, which, 

at the present moment, accounts for roughly 25% of the dig list. It is estimated that with 

better decision-making capabilities the numbers of safety digs will be minimized with an 

increasing number of relevant obstructions found on site. Considering the fact that some of 

these locations were neighbors of other places where some other objects (such as large wire 

ropes) were excavated, one could say that clearing one site the other one was also cleared. 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  707



5.   CONCLUSIONS 
 

Given SubTEM’s inherent proprietary configuration of transmitters and receivers, the 

system is capable to better reduce the effect of the large background signaling caused by the 

conductive sea water environment, which provides the user a more reliable database to work 

with. 

Regarding the fact that the identification and classification of the anomalies are ultimately 

performed by subjective means, i.e. by visual inspection of the data administrator, the reader 

may expect an increase in the performance as the data manager gains more confidence on the 

system, which, as a matter of fact, is directly correlated to the amount of targets placed on the 

safety dig list. It is important to know that the person responsible for all data uses standard 

responses from library items to assess each target and the expansion of such database would 

also increase the system's overall efficiency. 
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Abstract: The detection and identification of Unexploded Ordnance (UXO) at former 

military sites using sonar presents significant challenges which can be attributed to the 

presence of clutter objects of similar size and shape to targets of interest.  Remediation of 

large UXO sites requires computing features that provide Automatic Target Recognition 

(ATR) algorithms with the ability to reliably discriminate between man-made and clutter 

objects based on their acoustic returns. This paper presents the use of the Matrix Pencil 

(MP) algorithm to enable the identification of underwater targets potentially observed from 

multiple aspect angles. The Matrix Pencil algorithm models the signal reflected from a 

target as linear combination of exponential modes. Importantly, using the Matrix Pencil 

approach requires only a single data snapshot to estimate the modes, i.e. we do not require 

an estimate of any second order statistics. The modes are determined as the generalized 

eigenvalues of a pair of matrices created using a single-time sample shift operator. The 

modes estimate the resonant frequencies (the imaginary component) and the attenuation 

(the real component) of the ensonified objects. The amplitudes of the modescan can then be 

obtained using a least-squares estimate. The Matrix Pencil approach is tested using the 

well-known PONDEX dataset, which consists of calibrated scattering data from different 

aspects of several targets, including UXO shells, collected using a rail system. Results show 

that the Matrix Pencil approach, is able to reliably classify targets. 

Keywords: UXO Identification, Matrix Pencil, Nearest Neighbour, Classification, 

Automatic Target Recognition 
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1. INTRODUCTION  

The automatic recognition of underwater unexploded ordinance (UXO), specifically, 

distinguishing UXO from clutter with similar size and shape remains an open, but important, 

problem. In our context, automatic target recognition (ATR) requires the characterization 

of objects of interest via a training phase, following by matching a measurement to these 

characteristics [1]. In this regard, ATR requires two key steps: creating a library of useful 

characteristics in the training phase, i.e., extracting key target information in the training 

phase, and the use of an effective classification approach in the recognition phase. This 

paper focuses on the first of these two steps, specifically developing the use of the Matrix 

Pencil algorithm [2][3] to characterize targets of interest. We then use the well-known 

nearest neighbour algorithm [4] in the classification step to match a measurement, also 

processed by the Matrix Pencil algorithm, to the extracted target characteristics.  

The Matrix Pencil algorithm is an example of model-based parameter estimation. The 

approach models a sampled time domain signal as a linear sum of complex exponential 

modes; the algorithm them finds the parameters that define the linear sum: the mode 

exponents and the related mode amplitudes. While a sum-of-exponentials is a well-

established model, Matrix Pencil differs from other techniques in not requiring any 

statistical information; a single snapshot of collected data is adequate to execute the 

algorithm. The approach has been used in multiple applications such as indoor localization 

[5] and compensation for mutual coupling in adaptive processing [6]. 

The key to the Matrix Pencil approach is that it captures the essential behaviour of a 

target within a few numbers – importantly, these numbers have a physical interpretation as 

well. The real component of the modes indicate the mode attenuation – we would expect a 

hollow shell to have modes with a low mode attenuation to model the “ringing”. On the 

other hand, the imaginary component of the mode exponent relates to the target resonances. 

Finally, while the absolute value of the amplitudes depends on the intensity of the incident 

waves, the relative values of the amplitudes indicate the relative strengths of the target 

modes (assuming that the incident wave is broadband enough).  

In this paper, the Matrix Pencil approach is applied to the PondEx dataset [7]. The dataset 

comprises time domain measurements of the signals reflected off several different types of 

targets placed in several different orientations .The data was collected using a rail system, 

providing several cross-range samples of the target response in addition to the multiple 

target orientations. The targets include rocks, UXO aluminium shells, pipes and solid 

cylinders. Our examples here will largely focus on the aluminium targets. 

This paper is organized as follows: Section 2 develops the theory of the Matrix Pencil 

algorithm. Section 3 presents the characterization and testing methodology. Section 4 

presents the results based on our preliminary numerical testing using the nearest neighbour 

classification algorithm. Finally, Section 5 wraps up the paper. 

2. THE MATRIX PENCIL ALGORITHM 

In the Matrix Pencil approach, a time domain signal, 𝑥(𝑡), is written as a linear sum of 

complex exponentials 
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𝑥(𝑡) =  ∑ 𝐴𝑚𝑒𝜁𝑚𝑡𝑀
𝑚=1 ;    𝜁𝑚 = 𝛼𝑚 + 𝑗𝛽𝑚, (1) 

where 𝜁𝑚 , 𝑚 = 1,… ,𝑀, represent the 𝑀 complex modes of the system. The real component 

of the mode, 𝛼𝑚, denotes the mode attenuation, while, the imaginary component, 𝛽𝑚denotes 

the mode frequency. The signal is sampled 𝑁 times with a sampling period of Δ𝑡. Let 𝑧𝑚 =
 𝑒𝜁𝑚Δ𝑡; we get 

𝑥[𝑛] = 𝑥(𝑛Δ𝑡) =  ∑ 𝐴𝑚𝑧𝑚
𝑛𝑀

𝑚=1 ;    𝑛 =  0, 1, … ,𝑁 − 1, (2) 

The goal of the Matrix Pencil approach is to estimate 𝑧𝑚, 𝑚 = 1,… ,𝑀, the poles, and 

𝐴𝑚, 𝑚 = 1,… ,𝑀 the mode amplitudes. We accomplish this as follows: we first choose the 

pencil parameter 𝐿 (≃ 𝑁/2 ) and form the (𝑁 − 𝐿) × (𝐿 + 1) matrix X: 

𝐗 =  [

𝑥[0]                 𝑥[1]
𝑥[1]                𝑥[2]

⋯ 𝑥[𝐿]
⋯ 𝑥[𝐿 + 1]

⋮         ⋮
𝑥[𝑁 − 𝐿 − 1] 𝑥[𝑁 − 𝐿]

⋱ ⋮
⋯ 𝑥[𝑁 − 1]

]. 

(3) 

Based on this matrix, we can define two (𝑁 − 𝐿) × 𝐿 submatrices 𝐗0and 𝐗1representing 

the first and last 𝐿 columns of X respectively. Note that there is a single time-shift between 

the two matrices. Importantly, these two matrices can be written as 

𝐗0 = 𝐙1𝐀 𝐙2, (4) 

𝐗1 = 𝐙1𝐀 𝐙0𝐙2, (5) 

where 

 

𝐙1 = [

1             1
𝑧1            𝑧2

⋯ 1
⋯ 𝑧𝑀

⋮  ⋮
𝑧1

𝑁−𝐿+1 𝑧2
𝑁−𝐿+1

⋱ ⋮
⋯ 𝑧𝑀

𝑁−𝐿+1

],     𝐙2 = 

[
 
 
 
1   𝑧1

1   𝑧2

⋯ 𝑧1
𝐿−1

⋯ 𝑧2
𝐿−1

⋮  ⋮
1 𝑧𝑀

⋱ ⋮
⋯ 𝑧𝑀

𝐿−1]
 
 
 
, 

(6) 

𝐙0 =  diag(𝑧1, 𝑧2, … , 𝑧𝑀 ) (7) 

𝐀 =  diag(𝐴1, 𝐴2, … , 𝐴𝑀 ) (8) 

where diag( ) denotes a diagonal matrix with the corresponding entries on the diagonal. 

Based on (7) and (8), our goal is to estimate the matrices 𝐙0and 𝐀.  

Consider the following formulation, called a “matrix pencil” 

𝐗0 − 𝜆𝐗1 = 𝐙1𝐀[𝐙0 − 𝜆𝐈]𝐙2. (9) 
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Choosing 𝜆 = 𝑧𝑚, for some 𝑚, reduces the rank of the pencil by one. The estimates for 𝑧𝑚 

are, therefore, the generalized eigenvalues of the matrix pair [𝐗1, 𝐗0]. This approach allows 

for the unambiguous estimation of the poles if 𝑀 ≤ 𝐿 ≤ 𝑁 − 𝑀. 

Given the poles, the attenuation factor, 𝛼𝑚 = ℜ{log(𝑧𝑚) }/Δ𝑡 and 𝛽𝑚 =  ℑ{log (𝑧𝑚)/
Δ𝑡)} (here ℜ{ } and ℑ{ } denote the real and imaginary parts of a complex number). The 

conversion to continuous time parameters assumes that the Nyquist sampling rate constraint 

has been met. Finally, the amplitudes can be estimated using a least squares solution of 

[

𝑥[0]
𝑥[1]

⋮
𝑥[𝑁 − 1]

] =  [

1   1
𝑧1   𝑧2

⋯ 1
⋯ 𝑧𝑀

  ⋮  ⋮
𝑧1

𝑁−1 𝑧2
𝑁−1

⋱ ⋮
⋯ 𝑧𝑀

𝑁−1

] [

𝐴1

𝐴2

⋮
𝐴𝑀

] . 

 

(10) 

The development so far has assumed the number of exponents in the model, 𝑀, is known. 

In practice, this could be estimated using the distribution of singular values of the matrix 𝐗 

[2]. However, here we use a fixed value (found largely through trial and error). 

3. USING MATRIX PENCIL WITH PONDEX DATA 

As the previous section has shown, the Matrix Pencil algorithm models a single time 

domain signal as a linear sum of complex exponents. For every object and orientation, 

measurements were taken at 800 cross-ranges that are 2.5 cm apart covering 20 meters. In 

all, each target is measured in 9 orientations (0o, ±20o, ±40o, ±60o and ±80o with respect to 

vertical). The transmitted pulse was a 6 ms chirp from 1 to 30 kHz and the received pulses 

were match filtered and sampled at with period Δ𝑡 = 1 × 10−5 for 20 ms resulting in 2000 

samples. As a result, each orientation is associated with an 800 by 2000 matrix where each 

row is a time-domain signal occurring at a cross-range 

Since the matched filtering creates a “two-sided” time-compressed signal, we model the 

tail starting with the peak and processing 𝑁 samples. This choice covers the signal for all 

targets. We use the Matrix Pencil approach to model the signal at each cross-range position 

and each target orientation using 𝑀 modes. Since the measured time domain signal is real, 

the modes form conjugate pairs, i.e., there are 𝑀/2 unique modes per signal (resulting in 

each signal represented by 3𝑀/2 numbers (𝑀/2 amplitudes, attenuations and resonant 

frequencies). These values can then be used as the basis for the classification process). In 

the classifier we set 𝑁 = 512 and 𝐿 = 255. The peak signal value is normalized to unity. 

Based on the given data, there are several ways to train and test a classifier. In this paper 

we use a stringent approach: the training set was obtained using data from the 20o, 40 o, 60 

o, and 80 o orientations, while the testing used data from the -20o, -40 o, -60 o, and      -80 o 

degree orientations. Using this approach there are roughly 1000 vectors for training (to 

characterize a target) and a similar number for testing.  

Classification is attempted using a single cross-range measurements. A subset of 

representative cross-ranges was obtained from each object and orientation. This was done 

by choosing the cross-range with the highest energy time-domain signal and restricting the 

cross-ranges to ensure that the measured signals had energy within 8dB of the peak.  
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We use the principal components analysis (PCA) approach as a baseline. The PCA starts 

with the raw time-domain data (covering the training set) in the form of a matrix and uses a 

singular value decomposition, retaining the 𝑀 singular vectors, corresponding to the 𝑀 

largest singular values. These 𝑀 singular vectors form the projection matrix: the training 

measurements are projected onto the associated subspace, providing the feature vectors. 

4. NUMERICAL RESULTS 

4.1 MATRIX PENCIL 

 

Fig. 1 : Comparing the measured and reconstructed signals using the Matrix Pencil model 

Fig.1 illustrates the efficacy of the Matrix Pencil approach. To generate a sample result, 

we use the UXO Aluminium shell (UXO_AL_SHELL) at broadside and 0o orientation. In 

this plot, we use 𝑁 =  96 time samples and set 𝐿 =  51 and 𝑀 =  40. The plot overlays 

the original measured signal and the signal estimated obtained using the Matrix Pencil 

estimate of the amplitudes and poles in conjunction with the model in Eqn. (2). The two 

signals overlap almost exactly. As is clear, the Matrix Pencil approach is remarkably 

accurate in its reconstruction of the signal. 

Our second sample result illustrates that the parameters obtained using the Matrix Pencil 

model has a physical interpretation. Fig. 2 plots the frequency spectrum of the measured 

signal and overlays (by scaling the pole magnitudes so the comparison is easy to visualize) 

the mode frequencies and amplitudes. As can be seen, the locations of the mode frequencies 

(coupled with their magnitudes) corresponds well to the frequency spectrum.  

Fig. 3 presents visual evidence of using the Matrix Pencil approach to discriminate 

between types of objects. The figure plots the minimum value of the attenuation (the min. 

𝛼𝑚) a function of cross-range positions (centered at broadside) for 4 target types: two 
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different rocks, the UXO shell, and an aluminium pipe. Intuitively, we would expect the 

pipe to have modes with lower excitation (due to ‘ringing’). The plot clearly shows that this 

is true with the mode with minimum attenuation far separated from the other three.  

 

Figure 2: Comparing Fourier Spectrum and Mode Frequencies.  

 

Figure 3: The min attenuation for several targets and cross-range samples. 

4.2 CLASSIFICATION TESTING 

The training data is used to generate corresponding to the cross-ranges and training 

orientations. In the most part, we used 𝑀 = 40, resulting in 20 unique modes. Classification 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  714



 

is based on the real component (the attenuations), the imaginary components (the resonant 

frequencies) or the two appended. The first two approaches provide a length-20 feature 

vector for each cross-range position and orientation; the third approach results in a length-

40 feature vector for each cross-range position and orientation. 

Classification is based on the “K-nearest neighbour” or KNN algorithm – given a test 

vector, we first extract its features using the Matrix Pencil approach. We then find the 𝐾 

nearest feature vectors from the training data (corresponding to all the targets in the 

classification). The choice is the target class that has the maximum representation amongst 

the 𝐾 nearest neighbours (if 𝐾 = 1 then we just choose the target corresponding to the 

closest feature vector from the training set). 

Aluminium Pipe and Shell: The first experiment classifies between the aluminium pipe and 

shell. Here we used 𝐾 = 10  and an L1-distance metric. Table 1 lists the classification 

accuracy achieved using 𝑀 = 40 (effective dimension of 20) with the Matrix Pencil 

approach and compares it the accuracy of the PCA algorithm. As mentioned before, there 

are approximately 1000 test signals in the test orientations chosen.  

As listed in the table, using just the attenuations results in an 82.9% classification 

accuracy on the test set (as compared to a 71.0% classification accuracy using PCA). 

Appending the real and imaginary parts of the pole vectors to produce 40-dimensional 

feature vectors and standardizing the data yielded a test accuracy of 83.5% for the same 

model type. Given that the two objects are of a similar size (implying resonant frequencies) 

incorporating the imaginary parts of the poles yields only a marginal improvement.  

Aluminium Pipe, Shell and UXO : We repeated the experiment with 𝐾 = 1 classifying 

between three types of targets. Using the real part of the feature vectors (attenuations) yields 

a classification accuracy of 79.7% on the test set for this model type. Furthermore, the 

classification accuracy for distinguishing between the solid aluminium cylinder and pipe 

was found to be 72.2% suggesting that they were now being occasionally misclassified as 

shells. Using the imaginary parts of the pole vectors yields a classification accuracy of 

73.4% and combining the real and imaginary parts by appending the vectors and 

standardizing yields an accuracy 82.0%. Given the difference in size difference between the 

shell and the pipe and cylinder, it is expected that the imaginary component would aid in 

discrimination. For comparison, using PCA on the time-domain half-signals yielded a test 

set classification accuracy of only 69.6% for 20 components and 65.2% for 40 components. 

Feature Vector Dimensionality Test Accuracy 

Real part of poles 20-D 79.7% 

Feature Vector Dimensionality Test Accuracy 

Real part of poles 20-D 82.9% 

Real and imaginary parts of 

poles appended and 

standardized 

40-D 83.5% 

PCA on time-domain half-

signal retaining 20 

components 

20-D 71.0% 

Table 1: Classification Accuracy Between Aluminium Pipe and Aluminium Shell 
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Imaginary part of poles 20-D 73.4% 

Real and imaginary parts of poles 

appended and standardized 

40-D 82.0% 

PCA on time-domain half-signals 

keeping 20 components 

20-D 69.6% 

PCA on time-domain half-signals 

keeping 40 components 

40-D 65.2% 

Table 2: Three Way Classification Accuracy between Aluminium Shell, Pipe and UXO 

5. CONCLUSIONS 

In this paper we presented a new approach to extract the key features of a target with the 

aim of distinguishing between various types of targets; the approach is based on the Matrix 

Pencil algorithm. The algorithm models a time domain signal as a linear sum of complex 

modes. The mode attenuations and frequencies provide the characteristics of the target. We 

presented numerical results based on our preliminary testing of classification based on the 

Matrix Pencil approach. The approach is able to consistently provide classification accuracy 

of greater than 80% amongst the aluminium targets in the PondEx data set (and an 

improvement of over 10% as compared to the PCA approach). However, these are just 

preliminary results and significant testing remains to be done. 
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Abstract: This paper presents an inversion scheme that uses two wideband explosive 
sources based on modal dispersion characteristics to synchronously obtain sound speed 
profile and bottom parameters. The signal received on a single hydrophone in a vertical 
line array is decomposed into a series of propagation modes within the framework of 
normal mode theory, and the dispersive characteristics of the modes are analyzed using 
time-frequency analysis. Time-warping transform is applied to resolve the propagation 
modes of explosive sources from the South China Sea in 2007. The relative travel time 
differences of the propagation modes are used to invert the environmental parameters, 
including empirical orthogonal function coefficients, sediment thickness, sound speed, 
density, basement sound speed and density. Sediment density and basement density are 
constrained by Hamilton’s empirical relationship. An adaptive simplex simulated 
annealing algorithm is used for the inversion. The transmission loss calculated using the 
deduced parameters matches the experimental data well. 

Keywords: Geoacoustic inversion, modal dispersion curves, time-frequency analysis 
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1. INTRODUCTION  

Acoustic propagation in shallow-water areas of the ocean is strongly influenced by 
environmental parameters [1-6]. Indirect methods for estimating environmental 
parameters have elicited considerable attention in underwater acoustics because direct 
measurements are extremely difficult [7-10]. Therefore, an area of considerable interest in 
ocean acoustics is inverse methods for determining environmental parameters. 
Geoacoustic inversion estimates ocean environmental parameters, such as water column 
sound speed profile (SSP) and seafloor parameters, including sediment thickness, sound 
speed, density, attenuation, basement sound speed, density and attenuation. Recently, 
several single receiver and single sound source inversion methods have been developed 
[11-17]. When a wideband acoustic source is used in a shallow waveguide, the acoustic 
propagation shows dispersion effects [18,19]. High frequencies generally arrive earlier 
whereas low frequencies, which interact strongly with the bottom and hence are more 
important in geoacoustic inversion, arrive later. Low and high frequencies both interact 
with the seabed to the same extent on the scale of wavelengths. The longer wavelengths 
associated with low frequencies penetrate more deeply into the seabed and hence provide 
information to greater depths. The group speeds, i.e., the speeds at which energy is 
transported, differ for different frequencies and modes. Modal dispersion curves of 
wideband acoustic sources have time delay information of the propagating modes, and 
energy information can be extracted from modal dispersion analysis. 

This study uses the explosive source data from the South China Sea in 2007 to estimate 
the geoacoustic parameters. As the distance of explosive source increases, the effect on 
mode travel time caused by the variation of the SSP in the water column also increases. 
Therefore, the SSP in the water column must be included in the inversion because it has a 
significant influence on the mode travel time. In this paper, an inversion method based on 
modal dispersion curves using a single hydrophone with two explosive sources is 
presented for estimating environmental parameters. This method is roughly divided into 
two steps. Each frequency of each mode travels at its own speed, and the group speed used 
in modelling the travel times is independent of attenuation. Therefore, in the first step, the 
relative modal travel time differences are extracted to invert the environmental parameters, 
including empirical orthogonal function (EOF) coefficients, sediment thickness, sound 
speed, density, basement sound speed and density. Considering that the bottom density is 
not very sensitive to the modal travel time, the sediment density and basement density are 
constrained by Hamilton’s empirical relationship [20]. In the second step, the parameter 
values inverted in the first step are used, and the relative energy ratio of two explosive 
sources is applied to estimate the bottom attenuation. 

2. BASIC THEORY 

The use of EOFs is a reasonable way to fully parameterize the SSP. EOFs are the basis 
functions that can be obtained from a measurement database and are efficient in reducing 
the size of the parameter vector to be estimated. Therefore, SSP inversion is to invert the 
EOF coefficients.  

In a shallow-water waveguide, if a source emits a broadband pulse at depth sz  and time 
0t  , then the received signal ( )y t  on a receiver at radial distance r  and depth rz  is 
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expressed as ( )
1

( ) ( ) m
M j t

mm
y t A t e 


 , where M is the number of propagation modes, ( )m t   

represents the time-evolving phase, and ( )mA t  represents the instantaneous mode m 
amplitude. The amplitude is considered a slowly varying function of time (compared with 
the phase dependence). In an ideal waveguide of depth D in which sound speed is c, the 
time-evolving phase is defined by 

1/22 2( ) 2 ( )m cmt f t r c      , where 2cm
mcf D  is the 

cut-off frequency for mode number m. Mathematically, a time-warping transformation is 
mainly a substitution. Thus, in the case of an ideal waveguide, the warped version ( )hW y t   

that uses the time-warping function 
1/22 2( ) ( )h t t r c     is given by 

     1/2 1/2 2
1

( ) ( ) ( ) ( ) ( ) cm
M j f t

h mm
W y t dh t dt y h t h t A h t e 


       (1)

where ( )h t  is the derivative of ( )h t , Equation (1) shows that the warped signal is a 
single-frequency signal. It allows us to conduct classical processing (such as filtering) in 
the time-warping domain, and then return to the initial domain. Time-warping is invertible 
because the time-warping function ( )h t  is a bijective function. The inverse function 

1/21 2 2( ) ( )h t t r c      allows the inverse time-warping transform to be defined. Time-
warping defined using an ideal waveguide model is a robust transformation. It can be 
applied to most low-frequency shallow-water scenarios. The choice of r c  is not a critical 
step [11-13], and it can be determined empirically without knowing r or c. For example, r 
is the distance between the source and the receiver, and 1530 m/sc   in the following 
experiment. In the present study, two explosive sources with the same parameters at 
distance 1r  and 2r  in a straight line are used to determine the environmental parameters. 

The group speed ( )m
gV  of the mth mode satisfies 

2

( ) 20

( )1
( ) ( )

m m
m

g m

dk z dz
V d k z c z


 


   , where 

m  is the mth mode eigenfunction, mk  is the mth mode eigenvalue, and ( )z  is the water 
density at the source depth. Generally, directly measuring the group speed of the normal 
mode is difficult. However, the relative travel time differences between two wideband 
explosive sources of different frequencies for the mth mode can be easily derived  

( ) ( ) ( ) ( )
1 2( ) 1 ( ) 1 ( ) 1 ( ) 1 ( )m m m m

m g g H g g HT f V f V f r V f V f r            (2)

where Hf  is a reference frequency and Hf f . For the same frequency, the relative travel 
time differences between mode m and mode n of the two wideband signals are given by 

( ) ( ) ( ) ( )
1 2( ) 1 ( ) 1 ( ) 1 ( ) 1 ( )m n m n

mn g g g gT f V f V f r V f V f r            (3)

Equations (2) and (3) provide the basis for the inversion by matching the theoretically 
calculated ( , )c

mT f G  and ( , )c
mnT f G  with experimentally derived ( )e

mT f  and 
( )e

mnT f . Since the influence of the two terms on cost function is different, the relative 
weighting of the two terms is different. And the inversion is expressed as 
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2 2

, ( )

ˆ = min ( ) ( , ) ( ) ( , )e c e c
m m mn mnG m f m n m n f

G T f T f G T f T f G


            
    (4)

where G represents the set of unknown model parameters, Ĝ  is the inversion results. In 
this study, the parameters are the first three EOFs, which can represent the complete 
variation of the SSP, sediment sound speed, density, basement sound speed and density. 
Since sound speeds and densities are commonly correlated parameters in geoacoustic 
inversion, in this study, sediment density and basement density are constrained by the 
Hamilton’s empirical relationship, which is expressed as 

22330.4 1257.0 487.7avec      (5)

where avec  is the average sound speed and   is the corresponding density. 

3. EXPERIMENTAL VERIFICATION  

The experiment was conducted in the South China Sea in September, 2007. A vertical 
line array (VLA) was placed at 1926.92N, 11144.961E, and the ship sailed away from 
the array. The VLA consisted of 32 hydrophones, but only one hydrophone was used for 
this study. Its depth was 48.3 m. Explosive sources at a detonation depth of 50 m were 
used in the experiment. The explosive sources and expendable bathythermographs 
(XBTs), which were used to record water temperature, were deployed at regular time 
intervals during the experiment. A total of 62 groups of effective XBT data were obtained 
in this area. Figure 1(a) shows the SSPs of experimental area. The figure indicates that the 
sound speed fluctuation is large below 20 m. Given the sound speed fluctuation caused by 
marine mesoscale phenomenon (eg. internal wave and fronts), the average SSP is regarded 
as an unknown parameter along with the bottom parameters in the inversion. Figure 1(b) 
shows the first four EOFs, and Fig. 1(c) shows the percentage of energy disturbance for 
the first 10 EOF coefficients. Figure 1(c) shows that the first three EOF coefficients can 
represent > 90% of the energy disturbance, so the inversion of the SSP is the inversion of 
the first three EOF coefficients. 

 
Fig.1: EOFs of the SSPs. (a) SSPs of the experimental area. (b) First four EOFs. (c) 

Percentage of energy disturbance for first 10 EOF orders. 
This study uses two 50 m depth explosive sources at distances of 49.6 km and 63.4 km 

from the receiver. The two explosive sources had the same parameters. This paper 
assumes that the two explosions generate the same signal. From the results obtained, there 
are only small differences in the various inversions, so the impact of small errors in 
explosion depths is likely very small. Figure 2 shows the time domain waveforms and the 
time-frequency diagrams of the two signals. 
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Fig.2: Time domain waveforms and time-frequency diagrams of the received signals. 

(a) Time domain waveform at 49.6 km. (b) Time-frequency diagram at 49.6 km. 
(c) Time domain waveform at 63.4 km. (d) Time-frequency diagram at 63.4 km. 

The relative mode travel time differences of the low-frequency band are used to invert 
the first three EOF coefficients, sediment thickness, sound speed, density, basement sound 
speed and density. The mean water depth along the line is approximately 105 m. The 
sediment attenuation and basement attenuation are both set to 0.15 dB/ . The search is 
carried out by an adaptive simplex simulated annealing (ASSA) algorithm [21] with an 
objective function defined by Eq. (4). ASSA algorithm combines local (downhill simplex) 
and global (simulated annealing) methods to exploit the advantages of both methods, 
thereby achieving efficient optimization without becoming trapped in local minima. Table 
1 provides the parameter search bounds and summarizes the results. Since sediment 
density and basement density are constrained by Hamilton’s empirical relationship, these 
parameters are not searched as unknowns in the inversion. 

Parameters Search bounds Inversion results 95% HPDI 

1-EOF [-15, 15] -3.342 [-3.668, -3.024] 

2-EOF [-20, 20] 14.5732 [11.0912, 16.5872] 

3-EOF [-12, 12] 8.121 [7.3257, 9.8777] 

d [m] [0, 20] 13.3965 [9.8729, 15.0527] 

csed1 [m/s] [1500, 1700] 1618.1 [1599.2, 1648.9] 

csed2 [m/s] [1500, 1700] 1631.8 [1603.7, 1652.7] 

csub [m/s] [1650, 2200] 1697.2 [1633.5, 1855.6] 

sed [g/cm3]  1.7405  
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sub [g/cm3]  1.8907  

Table 1: Search bounds and inversion results of relative travel time differences. 95% 
HPDI indicates the interval of minimum width containing 95% of probability. 

Figure 3 shows the comparison of the experimental and theoretical normal mode 
relative travel time difference results. The calculated relative travel time differences of 
modes 1, 2, and 4 are consistent with the experimental data for almost all of the 
frequencies. Small differences are observed between the theoretical travel time differences 
of mode 3 and the experimental data for frequencies larger than 200 Hz. 

 
Fig.3: Comparison of experimental and theoretical normal mode travel time differences. 

4. CONCLUSION 

An inversion method based on modal dispersion curves is developed to estimate the 
environmental parameters using two explosive sources. This approach can reduce the 
system error, because it uses the relative travel time differences and the relative energy 
ratio of two explosive sources. Modal group speeds can be extracted without knowledge of 
the environment from a single receiver, even when modes are overlapped in time and 
frequency. Such extraction is carried out using time time-warping. The first three EOF 
coefficients, sediment thickness, sound speed, density, basement sound speed and density 
are estimated by matching the relative travel time differences of the propagation modes. It 
should be pointed out that sediment density and basement density are constrained by 
Hamilton’s empirical relationship in the inversion. 

REFERENCES 

[1] Huang C F, Gerstoft P, Hodgkiss W S. Effect of ocean sound speed uncertainty on 
matched-field geoacoustic inversion. Journal of the Acoustical Society of America, 
123(6), pp.162, 2008. 

[2] Miller J H, Bartek L R, Potty G R, et al. Sediments in the East China Sea. IEEE 
Journal of Oceanic Engineering, 29(4), pp.940, 2004. 

[3] Potty G R, Miller J H, Dahl P H, et al. Geoacoustic inversion results from the 
ASIAEX East China Sea experiment. IEEE Journal of Oceanic Engineering, 29(4), 
pp.1000, 2004. 

[4] Potty G R, Miller J H, Lynch J F. Inversion for sediment geoacoustic properties at the 
New England Bight. Journal of the Acoustical Society of America, 114(4 Pt 1), 
pp.1874, 2003. 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  724



 

[5] Potty G R, Miller J H, Lynch J F, et al. Tomographic inversion for sediment 
parameters in shallow water. Journal of the Acoustical Society of America, 108(3 Pt 1), 
pp.973, 2000. 

[6] Yang K, Ma Y, Sun C, et al. Multistep matched-field inversion for broad-band data 
from ASIAEX2001. IEEE Journal of Oceanic Engineering, 29(4), pp.964, 2004. 

[7] Jiang Y M, Chapman N R. Bayesian geoacoustic inversion in a dynamic shallow water 
environment. Journal of the Acoustical Society of America, 123(6), pp.EL155, 2008. 

[8] Jiang Y M, Chapman N R, Badiey M. Quantifying the uncertainty of geoacoustic 
parameter estimates for the New Jersey shelf by inverting air gun data. Journal of the 
Acoustical Society of America, 121(4), pp.1879, 2007. 

[9] Ingenito F. Measurements of mode attenuation coefficients in shallow water. Journal 
of the Acoustical Society of America, 53(3), pp.858, 1973. 

[10] Frisk G V, Lynch J F, Rajan S D. Determination of compressional wave speed 
profiles using modal inverse techniques in a range-dependent environment in 
Nantucket Sound. Journal of the Acoustical Society of America, 89(4B), pp.1881, 
1989. 

[11] Bonnel J, Gervaise C, Nicolas B, et al. Geoacoustic inversion in a dispersive 
waveguide using warping operators. Journal of the Acoustical Society of America, 
130(2), pp.101, 2011. 

[12] Bonnel J, Dosso S E, Ross C N. Bayesian geoacoustic inversion of single 
hydrophone light bulb data using warping dispersion analysis. Journal of the 
Acoustical Society of America, 134(1), pp.120, 2013. 

[13] Bonnel J, Nicolas B, Mars J I, et al. Estimation of modal group velocities with a 
single receiver for geoacoustic inversion in shallow water. Journal of the Acoustical 
Society of America, 128(2), pp.719, 2010. 

[14] Zeng J, Chapman N R, Bonnel J. Inversion of seabed attenuation using time-
warping of close range data. Journal of the Acoustical Society of America, 134(5), 
pp.EL394, 2013. 

[15] Bonnel J, Gervaise C, Roux P, et al. Modal depth function estimation using time-
frequency analysis. Journal of the Acoustical Society of America, 130(1), pp.61, 2011. 

[16] Gac J C L, Asch M, Stephan Y, et al. Geoacoustic inversion of broad-band 
acoustic data in shallow water on a single hydrophone. IEEE Journal of Oceanic 
Engineering, 28(3), pp.479, 2003. 

[17] Warner G A, Dosso S E, Dettmer J, et al. Bayesian environmental inversion of 
airgun modal dispersion using a single hydrophone in the Chukchi Sea. Journal of the 
Acoustical Society of America, 137(6), pp.3009, 2015. 

[18] Hermand J P. Broad-band geoacoustic inversion in shallow water from 
waveguide impulse response measurements on a single hydrophone: theory and 
experimental results. IEEE Journal of Oceanic Engineering, 24(1), pp.41, 1999. 

[19] Duan R, Ross Chapman N, Yang K, et al. Sequential inversion of modal data for 
sound attenuation in sediment at the New Jersey Shelf. Journal of the Acoustical 
Society of America, 139(1), pp.70, 2016. 

[20] Hamilton E L, Bachman R T. Sound velocity and related properties of marine 
sediments. Journal of the Acoustical Society of America, 72(6), pp.1891, 1982. 

[21] Dosso S E, Wilmut M J, Lapinski A L S. An adaptive-hybrid algorithm for 
geoacoustic inversion. IEEE Journal of Oceanic Engineering, 26(3), pp.324, 2001. 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  725



UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  726



 

BOTTOM PARAMETERS INVERSION VIA BAYESIAN THEORY IN 
THE DEEP OCEAN 

Xiaole Guoa,b,  Kunde Yanga,b,  Rui Duana,b,  Yuanliang Maa,b 

aSchool of Marine Science and Technology, Northwestern Polytechnical University, Xi’an 
710072 
bKey Laboratory of Ocean Acoustics and Sensing (Ministry of Industry and Information 
Technology), Northwestern Polytechnical University, Xi’an 710072 

Contact author’s name: Kunde Yang. 
Complete postal address: 127 West Youyi Road Xi’an Shaanxi,710072,P.R.China. 
Email address: ykdzym@nwpu.edu.cn; lexg@mail.nwpu.edu.cn. 

Abstract: This paper develops a new approach to estimating bottom parameters based on 
Bayesian theory in the deep ocean. The solution in a Bayesian inversion is characterized 
by its posterior probability density (PPD), which combines prior information about the 
model with information from an observed data set. Bottom parameters are sensitive to the 
transmission loss (TL) data in the shadow zone of the deep ocean. In this study, TLs of 
different frequencies from the South China Sea (SCS) in the summer of 2014 are used as 
observed data sets. The interpretation of the multidimensional PPD requires the 
calculation of its moments, such as the mean, covariance, and marginal distributions, 
which provide parameter estimates and uncertainties. Considering that the sensitivities of 
shallow-zone TLs vary for different frequencies of the bottom parameters in the deep 
ocean, this research obtained bottom parameters at varying frequencies. Then, the 
inversion results compare with the sampling data. Besides, this paper shows the inversion 
results for multi-frequency combined inversion. 

Keywords: Geoacoustic inversion, Bayesian theory, deep ocean 
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1. INTRODUCTION  

The problem of determining bottom parameters from measured ocean acoustic fields 
has received considerable attention in recent years[1-5]. With the development of 
underwater acoustics from shallow water to the deep ocean, bottom parameter inversion in 
the deep ocean needs to be researched more thoroughly. Geoacoustic inversion represents 
a strongly nonlinear inverse problem for which a direct solution is unavailable. For 
nonlinear problems, Gaussian data uncertainties do not imply Gaussian parameter 
uncertainties, and no general analytic solution is available. However, Bayesian inference 
theory provides a formalism for estimating parameter uncertainties for nonlinear inverse 
problems[6,7]. In a Bayesian formulation, the solution to inversion problem is 
characterized by the PPD of the unknown model parameters. The PPD combines prior 
information about the model with the information provided by an observed data set. The 
data information is expressed in terms of the likelihood function defined by the statistical 
distribution of data errors. To interpret the multidimensional PPD in a useful manner, the 
state of information about the model parameters is typically quantified in terms of 
moments of the PPD, such as the posterior mean, marginal probability distributions 
(MPD), and covariances, which provide parameter estimates and uncertainties. Good 
overviews of the application of Bayesian inference to geophysical inverse problems are 
given by Tarantola[8] and Sen and Stoffa[9,10]. 

In this study, the TL of the shadow zone obtained in the experiment is used as the 
observed data set. The bottom is assumed to be a two-layered bottom model. This research 
used Bayesian theory to obtain the bottom parameters of different frequencies. The 
inverted bottom parameters of different frequencies have a certain difference. The main 
reason is that the inversion results are equivalent results under the corresponding 
frequency. Besides, this paper shows the inversion results for multi-frequency combined 
inversion. Finally, the inversion results are validated using the experimental TLs and the 
numerical results, which are calculated through the inverted bottom parameters for varying 
source depths and receiver depths at the corresponding frequency. 

2. BASIC THEORY 

In this study, the TL data, which are obtained in a deep ocean experiment conducted in 
the SCS, are the observed vectors de. The numerical TL data, which are calculated by 
RAM model, are the model vectors m. Bayes’ rule, which follows from the definition of 
conditional probabilities, may be expressed as 

e
e

e
( | ) ( )( | )

( )
P PP

P


d m mm d
d

 
(1)

where e( | )P m d  represents the conditional probability density function (PDF) of m for  
given ed , e( | )P d m is the conditional PDF of ed  for given m, ( )P m  is the PDF of   
independent of ed , and e( )P d  is the PDF of ed . Considering that the denominator of Eq. 
(1) is independent of ed , Eq. (1) can be considered as a constant factor, and it can be 
rewritten as e e( | ) ( | ) ( )P P Pm d d m m . During this inversion, e( | )P d m  is regarded as 
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the likelihood function e( | )L d m , which represents the information provided by the TLs. 
Thus, Eq. (1) becomes e e( | ) ( | ) ( )P L Pm d d m m .The likelihood function e( | )L d m  is 
determined by the form of the observed data and the statistical distribution of the data 
errors. In practice, obtaining an independent estimate of the error statistics is often 
difficult, and simplifying assumptions are required to proceed. For the unbiased Gaussian 
errors, the likelihood function e( | )L d m  is of the form 

 e( | ) exp ( )L E d m m  (2)

where ( )E m  represents the error function appropriate to the state of available information 
and can be defined as 

*e 1 e1( ) ( ) ( )
2

E         m d r m C d r m  (3)

where *( )  indicates conjugate transpose, 1( )  indicates matrix inversion, ( )r m  is the 
model calculated TL for parameter vectors m, and C  is the data error covariance. For this 
study, the experimental TL symbols jump randomly back and forth across the line that 
represents the numerical TLs. Therefore, the data errors are assumed to be unbiased 
Gaussian errors that are uncorrelated and have the same variance 2 . Consequently, Eq. 
(5) becomes 
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where N represents the total sample number of TL. Formally, the variance, 2 , is 
calculated by an ensemble average over many measurements, which are often not 
available. In this research, the variance is obtained from the observed TL, and the 
calculated TL for a set of initial parameter values 0m . Therefore, the variance is 
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Based on Eqs. (2)-(5), the normalized PPD is transformed to 
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From the view of Bayesian theory, the PPD e( | )P m d  represents the general solution to 
the inverse problem. However, to interpret multidimensional problems, this study 
computes the integral properties of the distribution, such as the posterior mean model, 
model covariance matrix, and MPD for parameter im  , which are defined, respectively, as 
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e e( | ) ( ) ( | )i i iP m m m P d    d m d m  (7)

where   is the Dirac delta function, and the range of integral is the space of each 
parameter. The uncertainty of each parameter can be given by a one-dimensional (1D) 
MPD. 

Though the inversion results are equivalent results under the corresponding frequency, 
we are more willing to get a set of bottom parameters for wideband signal. Therefore, this 
paper presents the multi-frequency combined inversion. In this way, the error function 

( )E m  can be formulated as 
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where fN  and 2
f  represent the number of sample data and the data variance of frequency 

f, 1f  and 2f  represent the minimum and maximum frequency of wideband signal, 
respectively. For frequency f, the variance, 2

f , is calculated by 
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3. EXPERIMENTAL VERIFICATION  

In the summer of 2014, an experiment on sound propagation was conducted in the deep 
ocean area of the SCS. A vertical receiver array moored at the bottom comprised 16 
underwater signal recorders (USR) from the depth of 110 m to 820 m. The sample rate of 
the hydrophones was 48 kHz, and the sensitivity of the hydrophones was -180 dB ref. 1 
V μPa . The broadband explosive sources with 1 kg TNT and nominal detonation depths 
of 50 m and 300 m were dropped by turns from the ship away from the receiver array. 
Figure 1 shows the sound speed profile (SSP), which was measured using conductance-
temperature-depth (CTD) during the experimental period. As shown in Fig. 1(a), the 
channel axis is at the depth of 1100 m, and the speed at the bottom is 1531 m/s. Figure 
1(b) displays the bathymetry along the propagation track. The whole distance of the track 
was 160 km, and the average depth was approximately 4100 m. 
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Fig.1: The conditions of marine environment. 
This paper uses a two-layered bottom model to describe the environment. The RAM 

model is used to calculate the numerical TLs. The unknown parameters in the inversion 
are the sediment thickness (H), upper sediment speed ( 1c ), lower sediment speed ( 2c ), 
sediment density ( 1 ), sediment attenuation ( 1  ), basement speed ( 3c ), basement density 
( 2 ), and basement attenuation ( 2 ). During the inversion, this study uses the detonation 
depths of 300 m sources to invert. The TL data from the USR whose depth is 177 m 
within the range of 20-160 km are used to invert the bottom parameters. Given that the 
inversion results are equivalent results under the corresponding frequency. This research 
calculates the TLs to invert the bottom parameters under different frequencies. Table 1 
lists the inverted parameters under different frequencies and the sampling data. It shows 
that the inversion results have a certain difference under varying frequencies. The speed of 
sampling data is 1496.6 m/s, thus, the surface of bottom is a low speed bottom. The speed 
and density of sampling data are similar to the upper sediment speed and sediment density 
for all frequencies. Therefore, this research using two-layered bottom model is reasonable. 
To illustrate the uncertainty of inversion results under low and high frequencies, Fig. 2 
provide the 1D MPDs of each parameter under 100 Hz. The inversion results are 
represented by the vertical lines, whereas the MPDs are depicted by the curves. Figure 2 
shows the following: (a) The sediment thickness, upper sediment speed, lower sediment 
speed, sediment attenuation, and basement attenuation have high credibility for 100 Hz 
because the MPDs are sharp; and (b) the sediment density, basement speed, and basement 
density have low credibility because their MPDs are very wide. Furthermore, the 
experimental TL is consistent with the numerical TL, which is calculated using the 
inverted parameters for 100 Hz. 
Frequency 

[Hz] Layer Thickness 
[m] 

Speed [m/s] Density 
[g/cm3] 

Attenuation 
[dB/λ] Upper Lower 

100 Sediment 13.8608 1486.7 1548.7 1.2965 0.1422 
Basement  1889.8 1.8596 0.2942 

250 Sediment 13.2345 1506.2 1534.8 1.4198 0.1132 
Basement  1782.8 1.8246 0.2802 

500 Sediment 17.2744 1493.5 1511.6 1.4273 0.0799 
Basement  1862.7 1.6077 0.2601 

1000 Sediment 17.3279 1491 1592 1.4697 0.0741 
Basement  1803.6 1.8931 0.5718 

Sampling 
data   1496.6 1.39  

Table 1: Inversion results under different frequencies. 
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Fig.2: 1D MPDs of each parameter and the TL for inversion results under 100 Hz. 

In order to obtain the inversion results for wideband signal. This paper combines 100 
Hz, 250 Hz, 500 Hz and 1000 Hz to invert the bottom parameters in multi-frequency 
combined inversion. Table 2 lists the inversion results. The upper sediment speed is 
1503.9 m/s, which is similar to the speed of sampling data. There are certain differences 
between the results of multi-frequency combined inversion and the results of single 
frequency inversion. Figure 3 exhibits the 1D MPDs of each parameter for multi-
frequency combined inversion. The inversion results are represented by the vertical lines, 
whereas the MPDs are depicted by the curves. It can be seen from Fig. 3 that the upper 
sediment speed, sediment attenuation, basement speed, basement density and basement 
attenuation are reliable for multi-frequency combined inversion. 
Frequency 

[Hz] Layer Thickness 
[m] 

Speed [m/s] Density 
[g/cm3] 

Attenuation 
[dB/λ] Upper Lower 

Multi-
frequency 

Sediment 12.3725 1503.9 1613 1.1791 0.0941 
Basement  1696.6 1.9679 0.2842 

Table 2: Inversion results for multi-frequency combined inversion. 
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Fig.3: 1D MPDs of each parameter for multi-frequency combined inversion. 

4. CONCLUSION  

In summary, a new approach to estimating bottom parameters based on Bayesian 
theory in the deep ocean was presented in this paper. The wideband explosive sound 
source data from the SCS in the summer of 2014 were analyzed. This research obtained 
bottom parameters at varying frequencies while considering that the sensitivities of 
shallow-zone TLs vary for different frequencies of the bottom parameters in the deep 
ocean. Besides, this paper shows the inversion results for multi-frequency combined 
inversion. Through single frequency inversion and multi-frequency combined inversion, 
we can accurately obtain the bottom parameters. 
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Abstract: In shallow water environments, geoacoustic parameters are important to 
predict the performances of sonar systems. In this paper, a compressive sensing (CS) 
based spatial-temporal approach is proposed to invert the geoacoustic parameters. The 
channel impulse response is sparse in time domain, thus CS is exploited to estimate the 
arrival times of different paths, which offers a super resolution in estimating the arrival 
times. With the estimated arrival times of multipaths received by a vertical linear array 
(VLA) via CS, the geometry and geoacoustic parameters can be determined. A sea 
experiment was carried out for evaluating the effectiveness of the CS based spatial-
temporal inversion approach. The analysis of experimental data gives us 
encouragement. 
 
Keywords: Compressive sensing, vertical linear array, arrival time analysis, 
geoacoustic inversion, sea experiment  
 
1. IINTRODUCTION   

In shallow water environments, the geoacoustic parameters can be utilized for 
evaluating the performance of sonar system. However, it is difficult to directly measure 
the geoacoustic parameters. Thus, inversion is one of the effective methods for 
achieving the geoacoustic parameters.  By deploying a vertical linear array (VLA) 
spanning the water column or a towed horizontal linear array (HLA), using a controlled 
acoustic source or ship noise as the source, the geoacoustic parameters can be inverted 
using matched field inversion (MFI) [1-2], modal dispersion techniques [3-4], arrival 
time analysis [5-6] and etc.  

In this paper, a compressive sensing (CS) [7] based spatial-temporal geoacoustic 
parameters inversion approach is proposed. A controlled acoustic source transmits the 
broadband signals, and a VLA or a HLA receives the signals carrying the information 
of the environment. Assume that there is a short range between the source and the 
receive array, then the channel responses contain several waterborne reflected paths 
along with several sediment’s reflected paths arrived at different times. Consequently, 
the channel responses are sparse in time domain. CS can be therefore applied to estimate 
the relative arrival times of different paths with super resolution. With the estimates of 
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relative arrival times of different paths, the geometry parameters (e.g. the relative range) 
and geoacoustic parameters (e.g. sediment compressional speed and thickness) can be 
calculated. Since CS offers the precise estimates of the relative arrival times, the 
uncertainties of the subsequent estimated geoacoustic parameters decrease.  

The paper is organized as follows: Section 2 presents the CS based spatial-temporal 
inversion approach; Section 3 introduces the sea experiment in Zhoushan and the 
analysis of the experimental data; Section 4 gives conclusions.  
 
2. INVERSION APPROACH  
 

In [6], the arrival times of multipaths are estimated by CS which has higher 
resolution than that by matched filtering. The geoacoustic parameters are then estimated 
using data received by a HLA. Here, the inversion scheme is applied to a VLA within 
short ranges. Considering a shallow water environment geometry shown in Fig. 1, the 
channel impulse response of each array element is dominated by several acoustic paths: 
direct path, surface reflected (SR) path, bottom reflected (BR) path, sediment bottom 
reflected (sBR) path and other multiple reflected waterborne paths. Multiple reflections 
within one sediment are neglected due to the bottom loss. The arrivals of the sBR paths 
are slightly behind the arrivals of BR, and their amplitudes are less than the waterborne 
paths.  

The depths of source and the VLA are usually recorded by temperature-depth sensors 
(TDs). The ranges are calculated according to the GPS data of the source and the receive 
array. However, there are large uncertainties in estimating the ranges due to the error of 
the GPS device, the drifting of the source or the receive array due to ocean currents, the 
tilt of the VLA and etc. Suppose that the depths of the source and the receive array are 
known, the ranges are revised by the differences of the waterborne paths. According to 
the image method [9],  

       (1) 

where  and  are the time estimates of the direct and SR paths using CS,  
and  are the depths of the receive array and the acoustic source, respectively, r is the 
relative range between the receive array and the acoustic source. For an environment 
with the irregular sound speed profile (SSP), the travel paths bend, the ray codes should 
be developed instead of solving Eq. (1).  

Since the relative range between the source and VLA is short, range independent 
assumption is reasonable, where the seafloor is assumed to be flat and one or several 
homogeneous sediment(s) lay upon a half space basement. The water depth can be 
obtained using a conductivity, temperature and depth sensor (CTD) along with the SSP.  

 Suppose that the sBR arrivals are estimated with the VLA, combining these arrivals, 
the sediment’s compressional speed c1 and thickness h1 can be solved jointly. The 
objective function is defined by  
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Fig. 1 Geometry of the shallow water environment and illumination of dominant paths: 
direct paths, surface reflected (SR) paths, bottom reflected (BR) paths and sediment 
bottom reflected (sBR) paths.  

                   (2) 

where  is the estimate of arrival time of sBR path of the nth array element, 
 is the theoretical arrival time of sBR path with given  and  of the nth 

array element calculated using image method. N is the number of the array elements.  
 is the positive power, here . With c1 and h1 closer to the true values, 

smaller  is obtained. Global optimization algorithm is not needed since only 
two parameters to be solved, the grid research with once refinement is adopted in this 
paper.  
 
3. SEA EXPERIMENT AND DATA ANALYSIS 
3.1. The experiment description 

For evaluating the effectiveness of the CS-based geoacoustic inversion approach, an 
experiment was carried out on December 20, 2016, in ocean area near Liuheng Island, 
Zhoushan, China. The water depth of experiment site was about 21m, and the SSP was 
nearly isospeed as shown in Fig. 2. The SSP was measured with a CTD during the 
period of the experiment twice as the blue and green lines. The variation of the SSP was 
less than 1m/s. And the red line indicates the mean SSP which is used in the data 
analysis.  

A middle frequency acoustic source was suspended from a ship to a depth of 12.3 m 
which is measured by a temperature and depth (TD) sensor attached to the acoustic 
source. The ship was moving with a small speed driven by ocean currents. According 
to the trajectory of the ship, the speed of the acoustic source was less than 0.4m/s. The 
transmitted signal is a 1.8~5.8kHz LFM signal weighted by a Hanning window with 
duration 1s repeated every 1s.  

A 16-element VLA with spacing of 1m was deployed to cover the water column 
from 3.5 to 18.5m which is measured by two TDs fixed at two ends of the VLA. 
According to the GPS，the VLA was located at (122.1606°E, 29.7547°N) during the 
experiment. The signals received by the VLA were amplified first and then sampled 
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with the sampling frequency 48kHz, stored in double precision format (64bits).  

 
Fig. 2 The measured SSPs (blue and green) and mean SSP (red) of the experiment site. 
The SSPs were measured near the VLA.  

 
3.2. Experimental results  

One snapshot of the received signals is truncated and analyzed with the proposed 
inversion approach. The received pulses of the VLA and corresponding matched 
filtering outputs are shown in Fig. 3.  

The two red curved peaks indicate the direct and SR paths, respectively. The range 
between the source and the VLA is 75.11m calculated with the GPS recordings. 
Because the range is short, only reflections with small grazing angles are observed in 
Fig. 3.  

The arrival times of multipaths are then achieved by CS. The frequencies are 2500: 
20: 5500Hz, the time grid step is 0.02ms. The arrival times and the corresponding 
amplitudes are shown in Fig.4. It is seen by comparing Fig.4 with Fig. 3 (b) that CS 
achieves a much higher resolution. The time differences between the direct and the SR 
paths are used to revise the range using Eq. (1). And the estimate of the range is 
79.12±4.55m, which is consistent with the true range.  

 

 
(a)                                (b) 

Fig.3 (a) One snapshot of the received time series of the VLA and (b) the corresponding 
matched filtering outputs. The received time series and matched filtering outputs of 
each channel are normalized. The matched filtering outputs are taken logarithm.  
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Fig. 4 CS outputs of the received time series, the amplitudes of each channel are 
normalized and multiplied by 0.8. The red oblique dashed line indicate the arrivals of 
sBR paths.  
 

From Fig.3 and 4, only arrivals of one sediment are observed, thus it is reasonable 
that a two-layer sediment model is assumed for the sea bottom. The arrival times of 
sBR paths are determined by the sediment’s compressional speed and thickness, and 
are irrelevant with the density and attenuation. With the arrivals of sBR paths detected 
from Fig. 4, the ambiguity surface with respect to c1 and h1 is shown in Fig. 5. The 
intersection of the two white dashed lines indicates the final estimated sediment 
parameters: = 1534.6m/s, = 6.65m.  

 
Fig. 5 The ambiguity surface after once grid refinement of sediment’s compressional 
speed and thickness using 2-dimension grid search, Eq. (2) is the objective function 
with α = 0.2. The intersection of the two white dashed lines indicates the final estimated 
sediment parameters:  = 1534.6m/s,  = 6.65m.  
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4. CONCLUSIONS 
 

A CS based spatial-temporal approach for geoacoustic parameters inversion was 
evaluated by a sea experiment in Zhoushan, China. A VLA was utilized to receive the 
broadband signals transmitted by a slowly moving acoustic source. With experimental 
data and the assumption of a two-layer sediment model, we have achieved the estimates 
of sediment’s compressional speed 1534.6m/s and thickness 6.65m by the proposed CS 
inversion approach. 
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OVERVIEW OF 
SEABED CHARACTERIZATION EXPERIMENT 2017 

Preston S. Wilsona and David P. Knoblesb   
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Abstract: An overview of the multinational, multi-institutional, multidisciplinary research 
project, the Seabed Characterization Experiment, will be presented. The project is focused 
on studying the acoustics of fine-grained ocean bottom sediments, and took place over the 
course of two pilot studies, in 2015 and 2016, and through a five-week-long, three-ship 
effort that was completed in April 2017. The location of the study is known as the New 
England Mud Patch, about 95 km south of Martha’s Vineyard, Massachusetts, USA, in 
about 70 meters of water. The goals of the project are four-fold: (1) to understand the 
physical mechanisms that control acoustic propagation in fine-grained sediments, (2) to 
quantify uncertainties in the estimation of seabed parameters, (3) to correlate the observed 
horizontal variations in the acoustical field with the measured horizontal variability of the 
seabed and (4) to assess the performance of the resulting geoacoustic models, and inversion 
and statistical inference methods. These goals have been pursued by obtaining direct 
measurements and/or inferring the values of the following parameters: compressional wave 
speed and attenuation, shear wave speed and attenuation, seabed roughness and volume 
scattering, and seabed layering and gradients. An emphasis was placed on obtaining 
parameter values over a wide frequency band and on understanding both the deterministic 
and stochastic aspects of environment. Oceanographic data were collected to support both 
forward and inverse modeling efforts. This presentation will provide an overview of the 
project and its participants, and serves to further introduce this large-scale effort to the 
international underwater acoustics community. [Work sponsored by the US Navy Office of 
Naval Research and ONR Global.] 

Keywords: sediment acoustics, statistical inference methods, geoacoustic modeling 
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INTRODUCTION  

Seabed Characterization Experiment 2017 is an international, multidisciplinary, multi-
institutional research project that is devoted to the following scientific goals: (1) to 
understand the physical mechanisms that control acoustic propagation in fine-grained 
sediments, (2) to quantify uncertainties in the estimation of seabed parameters, (3) to 
correlate the observed horizontal variations in the acoustical field with the measured 
horizontal variability of the seabed and (4) to assess the performance of the resulting 
geoacoustic models, and inversion and statistical inference methods. The site of the 
experiment is in approximately 70 m of water, about 95 km south of Martha’s Vineyard, 
Massachusetts, USA, in an area historically known as the New England Mud Patch, 
although the results of the present project indicate that the sediment is not composed of pure 
mud, but rather contains various proportions of silt, sand and clay. For simplicity, within 
this paper, the sediment within the experimental site is referred to as mud. 

 
Two survey cruises were conducted in 2015 and 2016 in which detailed sub-bottom 

profiling was performed along with the collection of more than 200 sediment cores. In the 
2017 experiment, which took place during March and April, three research vessels and more 
than a dozen principle investigators conducted several types of experiments, including 
impulsive and tonal source tows received on vertical and horizontal line arrays, and direct 
measurement of sediment bulk acoustic waves and interface waves. A broad overview of 
the measurements collected to date is presented here. To begin, the location of the site is 
shown in Fig. 1. Table 1 contains a list of participating institutes and POCs. 

 
 

 
Fig.1: The site of the Seabed Characterization Experiment is shown south of the southern 
New England coast. The vessels that participated in various phases of the experiment are 

shown, along with the dates of the operations. NOAA bathymetry is also shown. The 
experimental site itself was within the green rectangle. 

95 km 
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SURVEYS 2015 AND 2016: MUD THICKNESS MAP AND SEDIMENT CORES 

One of the primary outputs of the 2015 survey was a mud thickness map produced by 
John Goff (UTIG) using a sub-bottom CHIRP profiler towed behind RV Hugh R. Sharp in 
July and August of 2015. A map that shows the thickness of the surficial mud layer is shown 
in Fig. 2. Several other layers are present, as is indicated in Fig. 3, which is a portion of a 
single E-W transect at about 40° 30’ N (the dashed line in Fig. 2). 

 

 
Fig.2: This figure is a close-up of the area within the green rectangle from Fig. 1. The 
colormap indicates the thickness of the surficial mud layer in units of two-way acoustic 

travel time (twtt) in milliseconds. Assuming a sound speed of 1500 m/s, the thickest part of 
the mud is approximately 12 m thick. The black dashed line indicates the location of the 

transect shown in Fig. 3. (Figure courtesy of John Goff.) 
 

The dataset from which Figs. 2 and 3 were derived represent a spatial acoustic record of 
the sub-bottom that assists in setting the bounds on geoacoustic models of the site. The core 
samples taken during the 2015 and 2016 surveys provide a link to the physical nature of the 
sediments in those layers. Figure 4 shows a map of the experimental site that includes the 
locations where cores were obtained in the 2016 survey cruise. The twenty-five sites of the 
core sampling in 2015 are not shown to save space, but complement the 2016 core sites. For 
the 2016 coring, 53 successful piston cores targeting mud units were obtained, but they also 
sampled significant sand in some locations, and 25 successful vibracores targeting thin mud 
regions in order to sample sands beneath were obtained. For the 2016 cores, multisensor 
core logging was conducted by Allen Reed of NRL on the ship immediately after recovery. 
Reed did the core logging on shore after the 2015 cruise. The core logging provided 
measurements of density and high frequency sound speed as a function of length along the 
cores, to complement the two-way travel time CHIRP survey records. These together 
provide bounds on prior knowledge for future inverse and statistical inference analyses. 
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Oceanographic measurements, shipboard CTD casts, additional shipboard laboratory 
sediment acoustics measurements, ocean bottom imagery, sediment infauna assessment, 
bottom water collection, direct in situ sediment acoustic propagation measurements and 
some preliminary acoustic propagation measurements were also conducted during the two 
survey cruises. 

 

 
Fig.3: This figure presents the CHIRP survey line indicated in Fig. 2, along with horizon 

(layering) interpretation. The mud layer lies between the seafloor and the mudbase. A 
layer of sand is below that, followed by a deeper base layer. 

(Interpretation and figure courtesy of John Goff.) 
 

 
Fig.4: This figure shows the locations of the piston core sites (filled circles, obtained by 

USGS Jason Chaytor) and the Vibracore sites (open circles, obtained by John Goff UTIG) 
from the 2016 survey. 
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THE MAIN EXPERIMENT: MARCH AND APRIL 2017 

The main experiment was primarily focused on conducting sound propagation 
measurements using both impulsive and tonal towed sources. Oceanographic measurements 
were also conducted to provide the necessary water column environmental model inputs. 
To this end, a number of moorings were deployed during SCE2017 and they are shown in 
Fig. 5 and described briefly in the Fig. 5 caption. 

 

 
Fig.5: This figure shows the locations of the environmental and acoustic moorings 

deployed in SCE2017: eight oceanographic moorings (with labels that being with “W”), 
moorings WCS1, 3, and 5 include an acoustic Doppler current profiler, WCS2 includes a 
low frequency source, WCS4 includes a single hydrophone recording unit, and WSM6, 7 
& 8 each include a low frequency source. Scripps MPL deployed two vertical line arrays 
(VLA). ARL:UT deployed an L-array. FFI deployed a horizontal line array (HLA). UDEL 

also deployed a vertical line array very close to the ARL:UT array. 
 

The source tows were conducted throughout the experimental area and followed east-
west lines, north-south lines, diagonal lines, and circular tracks centred on the ARL:UT 
array. A number of other measurements were conducted independently of the moored assets. 
These included, (a) Interface wave measurements conducted by The Univ. of Rhode Island, 
(b) Vector sensor measurements conducted by APL:UW, (c) Oceanographic and acoustic 
gliders deployed by CMRE, (d) REMUS AUV deployed by WHOI for physical 
oceanography measurements, (e) REMUS AUV with a towed line array deployed by 
National University of Singapore, (f) SAMS system for direct, broadband in situ 
measurement of sediment sound speed and attenuation deployed by APL:UW, (g) a normal 
incidence bottom reflectometer deployed by ARL:UT, (h) towed arrays and sources to 
conduct bottom bounce measurements deployed by ARL:PS, and  (i) utilization of a ship 
mounted echo sounder to investigate oceanographic fronts conducted by WHOI. 

SUMMARY 

A broad overview of the field work conducted during Seabed Characterization 
Experiment was provided. This included a comprehensive sub-bottom CHIRP profile of the 
experimental area, about 200 sediment cores, and a number of direct in situ measurements 
of the acoustic properties of the seabed. These will come as close as possible to providing 
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ground truth knowledge of the layering, composition, and the acoustic properties of the 
sediment. Numerous acoustic propagation measurements throughout the experimental site 
will provide data for inversion processes and statistical inference techniques that will seek 
to remotely sense the acoustic properties of the bottom.  The scientific plan of these 
measurements and the supporting oceanographic and environmental measurements is to 
allow the various principal investigators to achieve the goals outlined in the Introduction of 
this paper, and thereby greatly increase the community’s understanding of the acoustic 
properties of the fine-grained sediment at the site. The experiment ended in April of 2017 
and the analysis is underway at the time of publication. 
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Table 1. List of participating institutions and associated points of contact 
Acronym Institute Name Points of Contact 

APL:UW Appl. Physics Lab. Univ. of Washington Peter Dahl and Jie Yang 

ARL:PS Appl. Res. Lab, The Pennsylvania State Univ. Charles Holland 

ARL:UT Appl. Res. Labs, The Univ. of Texas at Austin Preston Wilson 

CMRE Centre for Maritime Res. and Experimentation Yong-Min Jiang 

FFI Forsvarets forskningsinstitutt Dag Tollefsen 

KSA Knobles Scientific and Analysis, LLC David Knobles 

MPL Marine Physics Lab., Scripps Inst. of Oceanography William Hodgkiss 

NRL Naval Research Laboratory Allan Reed 

NUS National University of Singapore Venugopalan Pallayil 

UDEL Univ. of Delaware Mohsen Badiey 

URI Univ. of Rhode Island Jim Miller and Gopu Potty 

USGS United States Geographic Survey Jason Chaytor 

UTIG Inst. for Geophysics, The Univ. of Texas at Austin John Goff 

WHOI Woods Hole Oceanographic Institute YT Lin 
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Abstract: Following the success of Acoustic Doppler Current Profiler (ADCP) technology 
for measuring river discharge, there has been a growing interest in the last decade in 
extracting information on river suspended sediment fluxes from acoustic backscatter data. 
Despite the efforts to find a relationship between suspended sediment concentration (SSC) 
and backscatter, an inversion technique applicable to vertical river backscatter profiles is 
still missing. The theoretical and empirical bases of such techniques have been originally 
developed for ocean bottom suspended sediment monitoring. As a first step in our attempt 
to adapt these models to rivers, we measured the acoustic response of a usual glass beads 
suspension in a tank. Unsurprisingly, the acoustic model agrees quite well with the 
measurements as soon as the effect of air micro-bubbles is limited. As a second step, we 
deployed an acoustic backscatter profiler in the Rhône River (France) in very clear water 
conditions (SSC < 10 mg/l). The recorded acoustic intensities were stronger than expected 
at low frequency, suggesting that other scatterers may contribute to the recorded echo. 
Typical river sediment suspensions are expected to produce weak backscatter signal, 
especially at common ADCP frequencies, due to small particle sizes (Rayleigh regime) 
and relatively low concentrations. In such conditions, the impact of air micro-bubbles – 
generally neglected at the bottom of the ocean – could be relevant in rivers. This 
preliminary work calls for further investigation to assess the potential impact of non-
sediment scatterers on acoustic backscatter when trying to measure SSC with sonar 
technologies in rivers. 

Keywords: Suspended Sediments, Rivers, Acoustic Backscatter Profiler, Air Micro-
Bubbles 
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1. INTRODUCTION 

The wide development of Acoustic Doppler Current Profiler (ADCP) technology for 
measuring river discharge has led to a growing interest in monitoring rivers with acoustics. 
One of the most promising applications could be the remote sensing of suspended 
sediment concentration (SSC) from acoustic backscatter systems (ABS), which already 
gave great results in marine environments. Despite the efforts to link acoustic backscatter 
with SSC in rivers, a valid acoustic model as well as a robust inversion technique for 
vertical backscatter profiles are still missing. Our first objective is to investigate whether 
existing backscatter models are suitable for rivers or not. To test our instrument as well as 
our algorithms, we measured the acoustic response of a usual suspension of glass spheres 
in a tank. It made us more aware of the strong effect of air micro-bubbles when trying to 
measure small particles backscatter at relatively low concentrations. With this potential 
impact in mind, we measured the acoustic signal in the Rhône River (France) in very low 
suspended sediment conditions (SSC < 10 mg/l). We found unexpectedly strong 
backscatter intensities at lower frequencies, suggesting that non-sediment scatterers may 
also participate to the recorded echo. 

2. ACOUSTIC BACKSCATTER DIRECT MODEL  

The theory of sound backscattering by an incoherent suspension of particles has been 
well described for years and recently summarized by Thorne and Hurther [1]. In the 
monostatic configuration, the sonar equation can be written as: 

rts
rms eM

r
kkV 


22/1   (1)

where Vrms is the root mean square of the recorded voltage averaged over a large number 
of measurements, r is the range from the instrument, ψ a near field correction, kt a constant 
depending on the instrument, ks a term depending on the acoustic properties of the 
sediment particles, M the mass concentration and α the attenuation coefficient. In this 
equation, two terms depending on the sediment properties – ks and α – are particularly 
challenging to assess, and respectively depend on the so called intrinsic form function f 
and intrinsic normalized total extinction cross section χ. In the following, we used SSC 
and grain-size distribution data taken from water samples to compute ks and α, using 
Thorne and Meral [2] and Urick [3] widely-used formulas for f and χ; making the 
assumption of non-cohesive inorganic sand-like particles. Our objective was to compare 
the outputs of this basic and widespread acoustic backscatter model to our measurements. 
 
 
 
 
 
 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  750



 

3. LABORATORY MEASUREMENTS 

3.1. Instrumentation 

Prior to field experiment, we measured the acoustic response of a usual suspension of 
glass beads in a 1 m3 home-made experimental tank (Fig. 1). Two submerged pumps were 
placed at the bottom of the tank in order to create turbulence and generate sediment 
suspension. A multi-frequency ABS Aquascat 1000R was deployed horizontally in the 
tank, using 4 transducers at 0.3, 0.5, 1.0 and 5.0 MHz. Unfortunately, 0.3MHz data were 
not useable because of unexpected backward reflections and strong background noise. The 
acoustic profiler had been previously calibrated following Betteridge et al. [4] procedure. 
The temperature was regularly recorded and water samples were taken within the tank 
using a peristaltic pump connected to a Ø5 mm pipe. Mass concentration was measured by 
filtering the samples, and a Cilas 1190 laser grain-sizer was used for evaluating the 
particle size distribution. 

 
Fig.1: Experimental tank diagram. The scrapper was used for moving the sediments 

from the bottom of the tank in order to raise the sediment concentration when necessary. 
 
The tank was filled with fresh water and left 24h for degassing before recording the 

background noise at rest. We then switched on the pumps and recorded a low backscatter 
signal due to air micro-bubbles produced by surface stirring. We waited for this signal to 
be stabilized and we added 500 g of glass beads of typical diameter 40-80 µm in the tank. 
Backscatter profiles were recorded at a rate of 10 Hz during typically 2 minutes in order to 
collect more than 1000 profiles and compute their root mean square. Water samples were 
also regularly taken.  

Injection of dry sediments from the free surface was expected to add air micro-bubbles 
in the tank. We let the system run for 24h, which led most of the sediments to settle down 
to the bottom of the tank. To re-suspend them and raise the concentration again, we used a 
long scrapper that was immerged in the tank since the beginning of the experiment (Fig. 
1). Acoustic profiles were recorded and water samples taken again. 
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3.2. Measurements and results 

We used the concentration and grain size data obtained from the water samples to feed 
the classic acoustic model briefly presented above and compute theoretical backscatter 
profiles. We assumed that the concentration and grain size were constant along the 
acoustic beams, as extensive water sampling in the tank showed that the suspension was 
fairly homogeneous. However, as the concentration was dropping over time, we compared 
the measurements to a min. / max. interval corresponding to the water samples taken right 
after and before, respectively, every acoustic recording period.   

Fig. 2 shows the comparison between simulated and recorded backscatter profiles for 
two suspensions with similar characteristics of grain size and concentration (≈ 0.4 g/l). In 
case 1, glass beads were added from the free surface a few minutes before recording the 
backscatter. This is expected to add a lot of air micro-bubbles in the tank, and the recorded 
acoustic intensities are much stronger than the simulated ones at lower frequencies (0.5 
and 1.0 MHz). The recorded profile at 5.0 MHz is however weaker than the simulation. In 
case 2, the suspension was created by moving the sediments from the bottom of the tank 
with a long scrapper, which is expected to produce less micro-bubbles. The recorded 
acoustic intensities are weaker and agree much better with the simulations at 0.5 and 
1.0MHz. Conversely, 5.0 Mhz recorded backscatter profile is stronger than in case 1. As 
air micro-bubbles attenuation coefficient is stronger at high-frequencies, one can make the 
assumption that a drop in air micro-bubble concentration could lead to a reduction in 
attenuation and a rise in acoustic intensities at high frequencies. 

 
Fig.2: Comparison between simulated and recorded backscatter profiles for two 

similar suspensions: 1- dry sediment injection from the water free surface; 2 - sediment 
mixing from the bottom of the tank using a scrapper. We simulated an interval rather than 

a single theoretical profile for each case because the concentration and grain size were 
decreasing during the acoustic recordings. The drop was faster in case 2 than in case 1, 

that is why the simulated interval in case 2 (grey) is larger than in case 1 (pink). 
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4. FIELD EXPERIMENT IN CLEAR WATER CONDITIONS 

4.1. Study site and instrumentation 
 

We deployed our ABS in the Rhône River (France) in clear water conditions (SSC < 
10 mg/l) on January 17th 2017. The study site was located in Lyon, 130 m downstream of 
a bridge and 1700 m downstream of a weir. The instrument was mounted on a boat with 4 
down-looking transducers at 0.5, 1.0, 4.0 and 5.0 MHz. During the measurements, the ship 
was kept as static as possible with the help of a GPS. Vertical acoustic profiles were 
recorded during typically 3 minutes in order to collect around 2000 profiles and account 
for the variability of both the particle flux and the backscatter signal. Background noise 
was recorded prior to the measurements, and we did not observe any interference from the 
boat engine or any other electronic devices. Right after backscatter profiling, water 
samples were collected at several depths using a 2 Litre Niskin bottle.  

4.2. Measurements and results 

We used the same procedure as described above to compute the theoretical backscatter 
profiles and compare them to the recorded ones. As happened in the tank experiment case 
1 due to strong air micro-bubbles effect, Fig. 3 shows that the recorded echo in the river is 
stronger than the simulation at lower frequencies (0.5 and 1.0 Mhz) and weaker at higher 
ones (4.0 and 5.0 MHz). It suggests that the classic backscatter model we used for the 
simulations does not reflect all the backscatter and attenuation processes. 

 
Fig.3: Comparison between simulated and recorded backscatter profiles in the Rhône 

River in clear water conditions.  
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5. DISCUSSION 

As reported in the literature [4], particular attention should be paid to air micro-bubbles 
when measuring suspended sediments backscatter in the laboratory. Any injection of 
external bodies from the water surface as well as the surface stirring itself can produce air 
micro-bubbles that may remain in suspension for minutes to hours. Bubbles have a strong 
target strength, leading to a stronger backscatter observed at low frequency (0.5 and 1.0 
MHz) and stronger attenuation at high frequency (5.0 MHz).   

In a river, weirs, surface stirring or vegetation are likely to produce micro-bubbles as 
well. In addition, river suspended sediments are generally smaller than marine sand 
particles. When using typical ADCP frequencies in the range 0.5 – 1.5 MHz, the product 
ka of the wave number k by the particle radius a is likely to be much smaller than 1;  
pushing the backscatter deep into the Rayleigh regime, which may result in weak acoustic 
signal. In these conditions, the impact of other scatterers like micro-bubbles may increase. 

We measured the backscatter in the Rhône River in very low sediment load conditions 
(SSC < 10 mg/l). As observed in lab experiment case 1 (strong air micro-bubbles effect), 
the recorded signal in the river was stronger than expected at lower frequencies (0.5, 1.0 
MHz) and weaker at higher ones (4.0 and 5.0 MHz). However, unlike in the lab, air micro-
bubbles are not the only factor that could explain the discrepancies between our 
measurements and simulations. Inappropriate models for sediment form factor / extinction 
cross section, strong uncertainties in natural sediment size distribution measurements, 
flocculation and micro-organisms could also impact the backscatter signal. All these 
hypotheses will need careful investigation in the objective of building an effective acoustic 
backscatter model suitable for river applications. 
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Abstract—Knowing the morphology and sediment composition of the seabed is of high 
importance for various applications. In this contribution, the repeatability of acoustic 
seafloor classification (ASC) results obtained from MBES backscatter value is investigated. 
The unsupervised classification algorithm based on Principal Component Analysis has been 
applied to the MBES backscatter acquired in the Cleaver Bank, Netherlands Continental 
Shelf, during five different surveys with two vessels. In general, there is good repeatability 
between surveys demonstrating the potential of using backscatter for marine environmental 
monitoring. To increase the discrimination performance the so-called depth residuals can be 
used. These are derived from the bathymetric measurements and considered to be 
representative for the sediment roughness. The challenge is that the small-scale depth 
variations are not solely dependent on the sediment roughness but also on the intrinsic 
uncertainties inherent to the MBES system. An A-Priori Multibeam Uncertainty Simulation 
Tool (AMUST) has been developed to predict the depth errors induced by various 
contributors. Correcting the measured depths for these uncertainties, as predicted by 
AMUST, theoretically provides information about the actual sediment roughness and this 
should improve the ASC algorithms. This was first tested on a MBES data set from Shallow 
Survey Conference Plymouth, 2015. It was shown that for the water depth of 20 m the 
standard deviation of the depth measurements was in agreement with AMUST predictions 
indicating a smooth seafloor, however, discrepancies between the predictions and real 
measurements occurred for the water depth of 8 m which is an indication of roughness or 
morphological features. This indicates the necessity of knowledge about the uncertainties 
when the objective is to derive the sediment roughness from MBES measurements.   

Keywords: Multibeam derived bathymetry, Acoustic seafloor classification (ASC), MBES 
inherent uncertainties, depth residuals
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1. INTRODUCTION  

Modern seafloor mapping techniques using multi-beam echo-sounders (MBES) have 
improved scientific understanding of the physical structures of the seafloor. The main 
information delivered by the MBES are backscatter and bathymetry data. Several acoustic 
seafloor classification (ASC) methods have been developed to analyse the MBES data for 
sediment characterization [1].  

We start with showing the results of applying an unsupervised sediment classification 
method referred to as Principle Component Analysis (PCA) in conjunction with k-means 
clustering to the backscatter data of the Cleaver Bank, Netherlands Continental Shelf. The 
MBES data was acquired during five different survey campaigns in the period from 2013 to 
2015 using two vessels both equipped with a single-head Kongsberg EM3002. These results 
have been presented in earlier contributions [2], but are repeated here to illustrate the current 
performance in MBES backscatter sediment classification and indicate the need for further 
improvements. A very detailed explanation of the application of PCA to MBES data can be 
found in [3]. 

Monitoring the time-varying behaviour of the seafloor requires repeatable ASC results. 
Factors affecting the ASC results have been highlighted in [4]. Hence, it is important to 
assess the consistency and repeatability of ASC results derived from MBES data affected by 
these factors. This well-known problem was assessed in [2] by applying ASC to MBES 
backscatter data acquired by different vessels during different surveys carried out in various 
time periods. Generally, good repeatability between surveys using a single ASC method is 
found indicating the potential of using ASC for marine environmental monitoring. However, 
a limitation of sediment classification using backscatter only is related to an ambiguity in the 
backscatter for coarser sediments decreasing the discrimination power for these sediment 
types. 

As a solution, depth residuals derived from bathymetric measurements can be used to 
improve the discriminative performance and solve the ambiguity. Depth residuals are 
obtained by fitting a plane to the MBES depth measurements and calculating the least square 
residuals between the depth measurement and the fitted plane. Theoretically, the depth 
residuals are representative for the sediment roughness. This can be seen from [3] and [5] 
where backscatter data are combined with depth residuals to improve the ASC. However, 
depth variations are not solely caused by the actual bottom roughness, but are also influenced 
by the intrinsic uncertainty in the MBES measurements, and hence this issue is to be 
considered.  

To predict these intrinsic uncertainties, a software tool called AMUST (A priori 
Multibeam Uncertainty Simulation Tool) is employed. It will be used to assess the expected 
uncertainty in the bathymetric measurements from one of the Shallow Survey Conference 
2015 MBES dataset in the area of Plymouth Sound, United Kingdom.   

2. DESCRIPTION OF THE SURVEYED AREAS CONSIDERED 

 The Cleaver Bank area is located 160 km north-west from Den Helder in the Dutch North 
Sea. The water depth in the area varies between 25m and 50m, but is divided from north-west 
to south-east by a 70m deep channel, see Fig. 1. The MBES surveys were carried out within 
the period from 2013 and 2015. Two different vessels equipped with a single-head 
Kongsberg EM3002 were employed. Data from this survey will be used to illustrate the 
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current performance of MBES backscatter data for monitoring sediment distribution and to 
demonstrate the need for additional information for classifying also the coarse sediments. 

As explained in the introduction, depth residuals as derived from the MBES bathymetric 
data are expected to increase discriminative performance, although affected by the intrinsic 
MBES measurement uncertainty. Unfortunately, during the Cleaver Bank surveys focus was 
on acquiring backscatter data and consequently no high quality bathymetric data was 
obtained during the surveys. Therefore, to assess the information contained in the depth 
residuals an additional data set, from a second site, was used.  
 This second site is taken from one of the datasets from the Shallow Survey Conference 
2015 in Plymouth, United Kingdom where various MBESs were tested (quality of S-44 Order 
1A, International Hydrographic Organisation Standard). The bathymetry in the area varies 
between 5 m to 35 m and is shown in Fig. 2. These measurements were acquired with a 
Reson Seabat 7125. 
 

  

Fig. 1. MBES tracks of different surveys plotted 
over the bathymetry of the Cleaver Bank. 

Bathymetry is received from EMODnet [6].  

Fig. 2. Bathymetry of the Plymouth 
Sound, United Kingdom. 

3. COMPARISON BETWEEN DIFFERENT ASC APPROACHES 

For the sediment classification of Cleaver Bank area, the PCA method was applied to the 
receiving beams between 20° and 60°. The inner beams were not used due to their lower 
sensitivity to sediment properties. The beams larger than 60° were excluded because they 
were unusably noisy in these data sets. For the PCA approach, eight statistical backscatter 
features from surface patches of the size 10 m×10 m were derived. Application of PCA to 
backscatter values indicates that the first 3 PCs contain around 85% of the data variability. 
Using the correlation analysis, it was found that the mean, median, mode and minimum are 
the most informative features and hence a second PCA was applied to these four remaining 
features. Finally, the first PC (accounting for 98% of data variability) was used in the k-
means clustering assuming seven clusters, see [2]. Fig. 3 shows the zoom in of the resulting 
ASC map with 10 intersections of track lines from different surveys. Clearly, there is a high 
agreement in the classification obtained from the data from different surveys. However, 
discrepancies also occur, for example in the area shown by the black rectangle in Fig. 3 
where 2013 and 2015 surveys indicate the presence of acoustic classes 2 and 1, respectively. 
Still a high degree of repeatability and consistency is demonstrated considering different time 
spans, vessels, crews and environmental conditions.  

The matches between acoustic class and sediment type at the grab sample location are 
plotted in Fig. 4, where the ordering of classes is such that the lowest acoustic class 
represents finer sediment. The PCA results represents a good match of acoustic class 1 with 
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the sediment type sandy mud. However, with regards to muddy sand to sandy gravel the 
correspondences are less clear, indicating that additional factors affect the backscatter data, 
such as the change in the relation between the backscatter value and the mean grain size for 
coarse sediments referred to the ambiguity in backscatter.  

  

Fig. 3. Zoomed in area of acoustic classes map 
generated by PCA. The grid size is 10 m by 10 m  

Fig. 4. Correlation between 
acoustic class and sediment type.  

To solve for this ambiguity, but also to increase the discriminative power in general, one 
can use the depth residuals derived from the least squares fit to the depth measurements in a 
small patch, since this parameter is theoretically representative of the seafloor roughness. 
However, depth residuals are affected by the intrinsic noise inherent to the MBES and hence 
an understanding of the magnitude of these uncertainties is imperative. For the Cleaver Bank 
area, the bathymetric measurements suffered from low quality. Therefore, the remainder of 
the paper focuses on the Plymouth Sound dataset to investigate the possibility of using depth 
residuals for improving classification methods.  

4. AMUST DESCRIPTION 

The A-priori Multibeam Uncertainty Simulation Tool (AMUST) is the result of 
collaboration between TU Delft and the Ministry of Infrastructure and the Environment of the 
Netherlands (Rijkswaterstraat). AMUST calculates the vertical and horizontal uncertainties in 
operational circumstances assuming a flat seafloor and is based on the error analysis of [7]. 
The total propagated uncertainty is derived assuming independent uncertainty contributors. 
The water depth d is related to the oblique distance from the MBES to the seafloor, r, by the 
following equation  

cos cosd r P θ=        (1)   

where P and θ  are the pitch angle and beam angle with respect to the depth axis 
respectively. The model for depth uncertainty prediction is based on application of the error 
propagation to Eq. (1). In AMUST, the contributors considered are: 1) range error, 2) across 
track angular error, 3) along track angular error, 4) error due to beam opening angle, 5) heave 
related error, 6) error due to variation in water level and 7) GPS error. The contribution of 
each source to the total uncertainty is determined separately and assumed independent, 
resulting in the following expression for the total vertical uncertainty, where the subscripts 
𝑑𝑑1, … ,𝑑𝑑7 correspond to the just mentioned error contributors. 

d d d d d d d dσ σ σ σ σ σ σ σ+= + + + + +
1 2 3 4 5 6 7

2 2 2 2 2 2 2     (2) 
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As an example, the predictions for the vertical uncertainty (68% confidence level) for the 
water depths of 8 m and 21 m using Eq. (2) are shown in the left panel of Fig. 5. The right 
panel illustrates the vertical uncertainty for a range of depths for five beam angles. The 
characteristic of the Reson 7125 together with attitude and Global Navigation Satellite 
System (GNSS) sensor information during the survey were used as the input parameters for 
AMUST ([8]). Clearly, the outer beams have higher uncertainties and the maximum 
uncertainties for water depths of 8 m and 20 m are equal to 5 cm and 11 cm, respectively. 

  

Fig. 5. Angle dependency (left) and depth dependency (right) of the uncertainty in the 
bathymetric measurements as predicted by AMUST. 

5. COMPARING MODEL AND MEASUREMENT UNCERTAINTIES 

Here, the comparison between the uncertainties derived from AMUST and those of real 
measurements has been made. Two areas with the water depth of 8 m and 20 m from the 
Plymouth Sound survey have been chosen. Shown in Fig. 6 are the standard deviation of 
depth measurements at 8 m (left) and 20 m (right) depths and AMUST predictions. The 
number of pings used to calculate the standard deviation was set to 50. This number is large 
enough to give a robust estimation of standard deviation and small enough to ensure that the 
seafloor topography does not change.  

It is seen from Fig. 6 that for the shallower depth the measured standard deviation is 
higher than those predicted for the beam angles from -55° to 55°. The reverse situation holds 
for beams outside this range. This discrepancy can be due to the seafloor morphology or 
presence of stones. With regard to a small area chosen at 20 m depth, it is seen that there is a 
good agreement between the standard deviation derived from measured depth and those of 
AMUST. Theoretically, this indicates that the area has a smooth surface or homogenous 
seafloor as the AMUST predictions are derived assuming a flat seafloor. This information is 
required for determining sediment roughness. 

  

Fig. 6. Standard deviation of depth measurement and AMUST predictions at the water depth 
of 8 m (left) and 20 m (right)  
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6. CONCLUSION 

From applying ASC methods based on MBES backscatter measurements, it is known that 
there exists an ambiguity for coarse sediments. For these sediments, different sediment types 
can result in similar backscatter values, hampering the discrimination between these sediment 
types. To solve for this ambiguity, but also for increasing the discriminative performance in 
general, one can use the depth residuals. However, as this parameter is contaminated by the 
intrinsic noise inherent to MBES, an insight into the depth uncertainties is required. This 
knowledge can then be used for calculating the actual sediment roughness. In this 
contribution, use is made of AMUST for the uncertainty prediction. The AMUST predictions 
are compared to the variations in the depth measurements derived in a flat area from the real 
measurements. While the discrepancies between these two indicate morphology effects, the 
agreement is an indication of smooth seafloor. A good agreement is found between the 
AMUST predictions and the measurements for small areas. This indicates the possibility of 
using AMUST predictions to extract the actual sediment roughness from the MBES 
bathymetric measurements. 
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ACOUSTIC SOUNDSCAPES AND BIODIVERSITY – COMPARING 
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Abstract: Acoustic soundscapes are made of the complex interplay of weather processes 
(rain, wind, and sea states), animal noises (from fish to marine mammals) and acoustic 
signatures of anthropogenic activities (from shipping to mapping/prospection and other 
offshore actions). There is mounting concern about the effects of increases in shipping and 
variations induced by climate change on the biodiversity in the oceans, and this will be 
investigated using large-scale and long-term measurements acquired by Ocean Networks 
Canada. NEPTUNE is the largest cabled ocean observatory and it has been gathering 
data since 2007, across several nodes offshore British Columbia. Broadband, high-fidelity 
measurements of sound are accessible across a range of environments and depths, from 
the coast of Vancouver Island to canyons and abyssal plains. Selected datasets are 
processed with the standard PAMGuide Matlab/R package (Merchant et al., 2015) and 
associated to weather, shipping and other acoustic processes. Acoustic diversity indices 
are computed with the Seewave R package (Sueur et al., 2016), originally developed for 
terrestrial acoustics but increasingly used in marine environments. We compare the 
variations of standard acoustic metrics (broadband SPL and frequency-dependent values) 
with acoustic biodiversity measurements, investigating the effects of integration times, 
frequency ranges, depths and seasonal variability. 

Keywords: ambient noise, seafloor observatories, NEPTUNE, ecoacoustics, biodiversity. 
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1. OCEAN OBSERVATORIES AND LONG-TERM DATASETS 

Advances in instrumentation and subsea engineering have led since the 1990s to a 
growing series of ocean observatories, providing real-time access to a variety of 
measurements of the oceans, their geology and their ecology [1]. A leading example is the 
NE Pacific Time-series Underwater Network Experiments (NEPTUNE) observatory is 
located offshore Vancouver Island, British Columbia (Canada) and operated by Ocean 
Networks Canada (ONC). The extensive subsea infrastructure includes close to 1,000 km 
of fibre optic cables providing access to a range of instruments at different depths (Fig. 1). 
These cover the continental shelf at Folger Passage (ca. 10 km from shore, 20–100 m 
deep), the continental slope at Barkley Canyon (400–985 m), Clayoquot Slope (1,250 m), 
the Endeavour segment of the Juan de Fuca Ridge (2,200–2,400 m) and abyssal plains in 
the Cascadia Basin (2,660 m). Measurements available on line 
(http://www.oceannetworks.ca/DATA-TOOLS) include ambient noise at many of these 
locations. Additional information, for example about fish species or environmental 
parameters at specific times, is also available through ONC (see [2] for more details).  

 

 
Fig.1: Generic setup of the NEPTUNE observatory operated by Ocean Networks 

Canada. Image source: https://www.oceannetworks.ca/about-ocean-networks-canada.  
 
NEPTUNE started data collection in December 2009, and with close to 8 years of 

continuous measurements, it provides a rich background to long-term studies of how the 
NE Pacific evolves with changes in climate and human activities. Traditional analyses of 
sound files, looking at individual spectrograms and identifying each individual 
contribution, are not possible due to the sheer size of available data (8 years with 96 kHz 
sampling rate, in the case of ambient noise, yields in excess of 20 TB of raw data for each 
of the many hydrophones). Depending on the studies, it might be necessary to detect short 
(< 1 second) transients at the same time as long (> 1 month) trends. Data quality will vary 
with the ageing of components in the challenging deep-sea environments, part changes in 
the acquisition chain, and potential interference from neighbouring instruments (Fig. 2). 
Processing should therefore be robust, to account for these variations, and multi-scale, to 
detect all processes of interest. 
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2. STANDARD METRICS AND ECO-ACOUSTICS 

Standard metrics describe sound levels and their statistical variations over different 
bandwidths and timescales [3-5]. The open-source PAMGuide Matlab/R package [5] is 
increasingly used across the field of Passive Acoustic Monitoring, underwater and in air. It 
is used here on a selection of sound files corresponding to the 2009/2010 winter season 
and spring 2010, centred for a full tidal cycle around the solstice and equinox respectively. 
Fig. 2 shows a typical spectrogram, for a single file close to 1 minute long. The full 
bandwidth is used, with 10-ms windows, Hann filtering and 50% overlaps, accounting for 
the full specifications of the data acquisition chain The generally quiet background is 
affected by strong and continuous levels below 150 Hz, and marred by regular pings from 
a neighbouring ADCP. Short and regularly spaced, they produce varying echoes and 
harmonics, clearly visible in this segment. In some occasions, these pings overlap with 
other phenomena of interest, therefore filtering out their respective time intervals or 
frequency bands is not a viable option when looking over long times. 

 

 
Fig.2: Typical spectrogram of ambient noise measured at the Folger Passage 

observatory (in this case on 1st January 2010, close to midnight), processed with 
PAMGuide [5]. See text for details.  

 
 
Different metrics expected to quantify acoustic diversity are computed with the 

Seewave R package [6], originally developed for terrestrial acoustics but increasingly used 
in marine environments. Publications do not always present the processing choices (e.g. 
frequency or time resolution), sometimes using the values as “magic bullets” quantifying 
local variations over short periods (e.g. a few days). Because there will likely be 
differences between the types of data (sampling rates, duty cycles, etc.) and ecosystems 
surveyed, this study is focusing on a few indices. 

The Acoustic Complexity Index (ACI), developed by [7], is based on the assumption 
that biotic sounds have an intrinsic variability of intensities, whereas anthropogenic 
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sounds have more constant values ([7] note that impulsive sounds like car horns will affect 
ACI values, and the same should be true underwater, e.g. with sonar pings). Preliminary 
studies [8] in coastal reefs offshore New Zealand indicated strong variations with dawn 
and dusk. Similar indices have been used successfully in Australia [9], and Harris 
(methods.blog post, unpublished, 2016) indicated it was a good indicator of species 
evenness. Here, the ACI is computed for a full month with the default 512-sample window 
(5.3 ms, i.e. including enough samples in the times between pings). The time intervals 
over which ACI is calculated are most often unreported. Our comparing of intervals 
systematically varying from 1 minute to 1 hour reveals no difference in averaged ACI 
values, but decreases in their relative standard deviations as the integration time increases. 
Times of 1 minute are used to measure near-instantaneous variations, and values averaged 
over 1 hour are presented over the full tidal cycle corresponding to the 2009 winter 
solstice (Fig. 3). 

 

 
 

Fig.3: Variations of the Acoustic Complexity Index over a full tidal cycle 
corresponding to the 2009 winter solstice. Alternative days are highlighted in red and 

black respectively. Time is GMT (8 hours ahead of local time). A day of potentially 
anomalous data is shaded in grey and the lunar cycle shows other scales of variations. 
 
ACI values are generally higher and spanning a broader range (200 – 280) than in [8] 

(values of 130 – 160). This might be due to the longer timescale over which it was 
measured (a month compared to a few days) and the difference in environments (coastal 
temperate vs. reef). Fig. 3 shows strong diurnal variations, with dawn and dusk patterns. 
These are more visible when looking at intra-hour variability (Fig. 4), calculated by 
looking at standard variations of ACI values computed for every minute during each hour, 
when daily peaks occur mostly at dawn, and often (but with lesser values) at dusk. 

The monitoring of ACI values over a suitably long timescale, corresponding in this 
case to a full tidal cycle, also shows systematic decreases during the New Moons 
(December 2009 and January 2010 in this case). ACI generally picks up as the Moon 
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moves to its next quarter, and then drops for half a day afterwards. Detailed analyses of 
the spectrograms for each hour is expected to identify the frequency bands contributing 
most to this complexity, and the relevant physical, biological or anthropogenic processes 
(e.g. increased shipping at particular times). Comparison with weather information will 
help refine these interpretations. 

 

 
Fig.4: Intra-hour variability of the Acoustic Complexity Index, for the same full tidal 

cycle as Fig. 3, calculated for 1-minute intervals within each hour. 
 
Harris (unpublished, 2016) summarised the attributes of relevant eco-acoustic metrics 

as: (1) matching species diversity; (2) being robust to changes in spectral resolutions, to 
compare different surveys and reduce data storage requirements; (3) being resistant to 
natural interference (mainly wind) and to anthropogenic noise. Figs. 3-4 show a first 
analysis of a very large dataset (28 days x 24 hours x 96,000 samples/second = 0.232 1012 
measurements), and on-going analyses are now trying to unravel the different contributors 
to Acoustic Complexity and ACI values calculated with the approach of [7]. These 
analyses will also investigate changes with spectral resolutions and with duty cycles. 

Additional eco-acoustic indices (not presented here) include Acoustic Diversity Indices 
(ADI [6]) and similar parameters. ADI was similarly computed over different scales, but 
showed little intra-day variations on the periods it was tested on. Other values, like the 
Normalised Difference Soundscape Index, show promise but require thorough filtering of 
the different sound files to remove the most obvious artefacts or constant frequency bands 
(e.g. Fig. 2). They are now compared with systematic variations of Sound Pressure Levels 
(SPLs) over similar timescales. These results are also compared over several seasons. 

3. CONCLUSIONS 

Eco-acoustic indices are sometimes presented as “golden bullets” enabling easy 
quantification of biodiversity in complex datasets, but their translation from aerial 
acoustics to underwater acoustics needs to be informed by quantitative descriptions of 
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differences between environments and the choice of processing parameters. They also 
need to be related to established metrics, like frequency bands and SPLs. The first steps of 
this study have used large datasets acquired by Ocean Networks Canada, with high quality 
hydrophones sampling continuously at very high rates for very long periods (years). Some 
eco-acoustic indices, like the ADI, do not seem to have much relevance underwater, at 
least in this environment and at the season presented. Other eco-acoustic indices, like the 
ACI, conversely show systematic variations related to physical and biological processes.  
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Abstract: More than a million kilometers of submarine cables traverse the world’s oceans, 
bringing Internet service to billions of people. These remarkable systems connect people, 
nations, and economies, but this infrastructure could provide even more, adding 
invaluable environmental data for understanding the ocean above and the Earth beneath 
the seafloor. In light of this potential, an international joint task force (JTF) of three 
United Nations agencies (ITU/WMO/UNESCO-IOC) is working to incorporate 
environmental monitoring sensors into transoceanic submarine cable systems. Adding 
small external environmental sensors (e.g., temperature, pressure, acceleration) to the 
optical amplifiers/repeaters (spaced every ~65 km) of such systems would provide an 
unparalleled global network of real-time data for ocean climate and sea level monitoring 
and disaster mitigation from earthquake and tsunami hazards—a Science Monitoring And 
Reliable Telecommunications (SMART) network. The progress made in the last several 
years is reviewed, including ideas for a future implementation incorporating acoustics. 
(see http://www.itu.int/en/ITU-T/climatechange/task-force-sc). 

Keywords: cabled ocean observatories, submarine cables, acoustic in ocean observing 
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1. INTRODUCTION  

One million kilometers of submarine cables forms the global telecommunications 
infrastructure backbone for business, finance, social media, entertainment, political 
expression, and science.  Internationally, these cables are the physical layer of the Internet.  
The dependability of this infrastructure is so important that whole national economies are 
affected when problems arise.  

These same submarine cables can also provide a platform for gathering deep ocean and 
seabed data for a range of environmental issues. Imagine environmental sensors spaced 
every 65 km along the seabed hosted by the cables connecting the continents, providing 
much needed data to better understand the environmental threats humanity faces, both 
immediate and long-term, such as tsunamis and climate change. Tsunamis have the 
potential to threaten many of the world’s coastal communities within minutes or hours of a 
large seismic event. Reliable, robust tsunami-warning systems could save lives and 
property. Our oceans and climate are experiencing global changes, including warming, sea 
level rise and acidification, that all affect us now and in the future. SMART cables could 
make significant contributions toward meeting the United Nations Sustainable Develop 
Goal 13: Take urgent action to combat climate change and its impacts; Strengthen 
resilience and adaptive capacity to climate related hazards and natural disasters in all 
countries, and Goal 14: Conserve and sustainably use the oceans, seas and marine 
resources for sustainable development; Increase scientific knowledge, develop research 
capacity and transfer marine technology. 

 
Fig.1: The submarine cable network (c. 2011); dots indicate sensor modules every 

200 km; one is shown in the lower right (from [1]). Roughly 1 million km of cables with 
20,000 repeaters are operational. Every 10-20 years these systems are refreshed as new 

technology is implemented to keep pace with the relentlessly growing bandwidth demands. 
 
Access to deep ocean and seabed environmental data through an ocean scientific 

observing system, co-existing with the primary telecommunications system, could assist in 
the monitoring and management of these environmental threats. Accordingly, with access 
to the seafloor for fundamental oceanographic and seismic measurements, we can start to 
quantify and respond to the risks to human lives and the natural world we live in.   

To bring this concept to fruition, the international Joint Task Force of three United 
Nations agencies (International Telecommunication Union, World Meteorological 
Organization and Intergovernmental Oceanographic Commission of the UN Educational, 
Scientific and Cultural Organization; ITU/WMO/UNESCO-IOC JTF) is working towards 
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incorporating environmental monitoring sensors into transoceanic submarine cable 
systems. A standard telecommunication system includes an electro-optical seabed cable 
with optical repeaters every ~65 km. By adding environmental sensors to the repeaters, we 
could have access to a global network of real-time data for environmental threats such as 
sea level rise, ocean climate, and disaster mitigation such as earthquakes and tsunamis. 
This JTF initiative called SMART Cables (Scientific Monitoring And Reliable 
Telecommunications) is exploring the engineering requirements for building these 
systems, funding options, collaborative partnerships with industry, the legal framework 
and outreach and capacity building opportunities. The JTF is an international effort in the 
truest sense, with people (largely volunteers) from several dozen countries and 80 
organizations representing science, observing system managers, industry, government 
agencies and sponsors. 

There already exist environmental oceanic observation systems that are owned and 
operated by academia and government agencies, and are utilized over short distances for 
research purposes. In the case of the SMART Cables, the submarine telecommunications 
cable systems are installed, operated and maintained by the private sector. Thus, working 
together with the private sector industry is vital for the success of this environmental 
monitoring initiative, and a collaborative approach to understanding the needs, challenges 
and ways forward is imperative.  

Through the series of meetings and workshops with academic and government 
scientists and the telecommunication industry since 2011, the scientific foundations are 
laid and a growing consensus is being reached to assuage the technical, legal, and 
permitting hurdles facing SMART systems.  White Papers and workshop reports 
documenting the scientific and societal needs, legal framework under the UN Convention 
on the Law of the Sea, and technical feasibility have been produced (see [1-12]). The 
concept of a “wet demonstrator” to show the return of scientifically useful data in a system 
with the same mechanical footprint has been put forth to address the effectiveness and 
practicality of the proposed SMART approach. A modest-scale pilot system has been 
proposed in the South Pacific linking several islands; this would validate a complete 
system with sensors fully integrated. 

From the workshops, it has become clear that a partnership with humanity—society, 
science, the telecommunication private sector, and governments—can bring forth 
submarine telecommunication cables which are environmentally aware.  We look to a 
future where SMART cables serve a dual purpose, both as communications infrastructure 
and a scientific backbone for monitoring tsunamis, earthquakes and the world’s ocean 
climate and circulation providing scientific monitoring and reliable telecommunication 
services.  

A relatively straightforward complement of instrumentation—accelerometers, high-
resolution pressure gauges (=acoustics), thermometers—will answer many of the basic 
science and societal needs as well as provide for the monitoring of the physical state-of-
health of the cable system itself. Technological advances have made it possible to 
integrate basic sensors with repeaters on submarine telecommunication cables at intervals 
of about ~65 km, at a small fraction of the total cost of a new cable system deployment. 
We expect the unit cost of a single sensor package to be on the order of $0.2M; a modest 
system such as the proposed pilot with up to 20 repeaters/sensor modules mentioned 
above should be under $10M, with an expected life longer than 25 years. We can slowly 
achieve global coverage as new systems are continually being installed on time scales of a 
decades as technology and user demand drives the deployment of new systems long before 
the end of useful life. 
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From the start, a number of sensors/measurements and infrastructure elements were 
suggested to be included: temperature, salinity, pressure, hydrophones, seismometers, 
acoustic modems, and plug-in “node” capability. However, in keeping with the KISS 
principle, it was decided to emphasize temperature, pressure, and acceleration as the very 
simplest and basic measurements to begin with in the initial discussions and 
implementations, and this remains the case today (one of course should regard “low” 
frequency pressure as acoustics).  

Here though, the intent is to look forward to a subsequent phase when additional 
capability likely will be possible, specifically including acoustics, both passive and active. 
The next section gives a brief technical overview of relevant cable system details, and then 
the subsequent sections describe acoustical oceanography and infrastructure possibilities.  

2. CURRENT STATE OF SMART CABLE SYSTEMS 

The engineering feasibility of incorporating science instruments into submarine cable 
systems is discussed in detail in the Engineering Feasibility Study [4] and two subsequent 
documents [8,9]. Modern submarine communications cables use laser light transmission 
over optical fibers. The basic cable spanning the ocean basins between continents is only 
~20 mm diameter containing: optical fibers in a small steel tube, a pressure vault of steel 
strength wires, a copper sheath, and polyethylene insulation. Every 65 km or so, the signal 
needs to be boosted in “repeaters” that contain erbium-doped optical amplifiers (Fig. 2). 
They obtain ~20-100 W from the single copper high voltage (up to 15 kV) conductor in 
the cable.  

 

 
 

Fig.2: Repeater plus the sensor module. (left) Shown are the various constituent 
components, including the endcap with two penetrations and the sea electrode module 
with main cable pass-through, which are the qualified precedents for the mechanical 
aspects of the sensor module. (right) The connecting cable (red), suitably protected 

between the repeater and the sensor module; latter shows the main cable passing through 
the module, with sensors surrounding the cable but mechanically supported and protected. 

 
The essence of the SMART cable concept is to extract several watts of electrical power 

for instrumentation and to tap into the communications system (likely using a low-
bandwidth shoulder of the optical spectrum, and/or the supervisory channel). Whether this 
is done at each repeater or at selected ones is to be determined. The specific 
implementation method(s) are still undecided, though one possibility is shown in Fig. 2. 
Related systems have been deployed with weight/buoyancy distributed to achieve a 
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specific “up” direction when deployed on the bottom. A significant constraint is the 
system must be deployable using existing cable ship technology; instrumentation must 
survive the associated rigors. 

3. ACOUSTICAL OCEANOGRAPHY POSSIBILITES 

Over the last decades there has been continuing discussion of the role of acoustics in 
observing the ocean [13-15]. In the context here, there are several important applications, 
including passive monitoring of marine life and physics, and various forms of long range 
acoustic navigation, communication and tomography. 

Most of the SMART cable repeaters will on the deep ocean floor and will experience 
RAP (reliable acoustic propagation) conditions, i.e., sound generated (at the surface) 
within a ~30 km radius will reach the receiver without either surface and/or bottom 
interaction; sound coming from more distant sources will likely have experienced 
boundary interaction. 

Passive Acoustic Monitoring. The most obvious acoustic sensor to add is a 
hydrophone (or perhaps a vector sensor), ideally as broadband as possible. Of any ocean 
sensor, hydrophones are the most proven and reliable. Exactly how one would be mounted 
will require thought given the proximity of the pressure case and the bottom. Some 
applications are described below.  

Rainfall and wind. The measurement of rainfall at sea is especially important because 
of the extreme difficulty in measuring it with point sensors at or near the sea surface. 
Accurate measurements of precipitation are essential to understanding the global 
hydrological cycle for climate studies [16]. Acoustic sensors on moorings and Argo floats 
have been used to validate satellite rainfall measurements; see Yang et al. [17] for a recent 
description of measurements in the North Pacific.  

Surface wave phenomena. Wind-generated waves are either produced locally (seas) or 
by distant storms (swells), and have peak periods ranging from ~0.1 to 25 seconds. The 
non-linear pressure fluctuations linked to the interaction between wind waves traveling in 
opposite directions can be recorded at any depth [18,19]; there is much interest in this as 
the high frequency shorter waves are intimately tied to heat, mass and momentum transfer 
at the air-sea interface.  Longer period infragravity waves are generated by swells breaking 
at distant coastlines, radiate back into the deep ocean and can then travel across ocean 
basins. Recent papers by Arduin et al. describe data analysis and global-scale modelling 
efforts [20-21], partially motivated by the need to account for these waves in altimetry 
data.  

Marine Animals. The use of acoustics to understand marine mammals began with 
trying to understand navy surveillance data in the 1950s. The science discipline began to 
develop in the 1990s because of the Heard Island Feasibility Test and the Acoustic 
Thermometry of Ocean Climate project. Many papers have been published demonstrating 
the utility of acoustic listening for mammals [23].  

Ocean circulation and climate. If acoustic sources are installed for basin scale 
underwater navigation, communications, and thermometry, these hydrophones could hear 
their signals (assuming propagation and signal-to-noise are favourable) and participate in 
ocean acoustic tomography, per the original intent of the ATOC (Acoustic Thermometry 
of Ocean Climate) project [24]. A possible new development that may bear fruit in the 
coming years is to use ambient noise interferometry to infer speed of sound (temperature) 
and current between receivers, e.g., [25]. 
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Other processes. Volcanos and earthquakes produce sound that is then coupled into the 
ocean sound channel to form “tertiary” T-phase signals. Sea ice as well as icebergs, 
moving glaciers on coastal land, and glaciers calving all make sound that can be used for 
better understanding of the processes. And of course, anthropogenic sources of sound 
include shipping and oil and gas exploration. Many of these could also be detected on 
“low” frequency pressure sensors. 

Active Acoustic Monitoring. Adding an active acoustic transducer within the 
constraints imposed by the cable system will be challenging, but we should begin to 
consider the possibilities and determine how to accomplish this, as the payoffs are 
significant. Consider a transducer with an upward facing hemispherical beam pattern 
transmitting (and receiving) at ~4 kHz. Such a transducer can serve both as a science 
sensor as well as an infrastructure element. As a sensor, it can function as an inverted 
echosounder to measure the roundtrip travel time to the surface, and thus the depth-
averaged speed of sound and temperature, directly relevant for ocean circulation and 
climate studies. Given acoustic propagation conditions, it may be possible for nearest 
neighbour repeaters to “hear” each other via a single surface bounce and thereby create a 
linear tomography array, determining along path average temperature between repeaters as 
well as water velocity (sound travels faster with a current than against).  

At the same time, these units can serve the infrastructure role of wireless 
communication, as an acoustic modem to nearby vehicles and instrumentation, as well as 
providing navigation beacon signals over RAP ranges. In the more distant future, it may 
be possible to use SMART cables, or others, to support lower frequency, longer range 
acoustic sources that could provide basin scale coverage as mentioned above [26].  

4. CONCLUDING REMARKS 

Significant challenges remain before the SMART cable concept can come to fruition. 
In the future, incorporating acoustics into the SMART cable concept will be invaluable 
because it extends the spatial footprint of the ocean and earth sampling. It can provide 
remote, integral measurements of wind and rainfall, surface wave processes, and ocean 
heat content and velocity, complementing, supplementing and extending other observing 
systems. It can assist in the tracking of marine animals and the quantification of their 
populations and behaviour. The implementation, coupled with the ultra-high reliability 
telecommunications mission, can provide a long and enduring component of the overall 
global ocean observing system, not just with sensors, but additional infrastructure. It 
would be one additional step to extending terrestrial infrastructure subsea.  
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Abstract: Understanding the ever-changing oceans, biota and atmosphere is one of the great global 
challenges of the next several decades. The future of measuring and forecasting long-term trends and 
variability in coastal ecosystems, weather, acoustics, and climate lies in sustained measurements of 
key ocean indicators from ocean observing systems. A new era in ocean observing has begun, one of 
an integrated, organized approach to gathering and sharing information. The University of Haifa and 
the University of Padova have joined forces and developed a submerged hub on top of the Texas A&M 
– University of Haifa Eastern Mediterranean Observatory (THEMO). THEMO is located in the 
Levant Basin of the Mediterranean Sea at a depth of 125 m. The developed hub includes processing 
units, energy cells, and interfaces to various sensors, and is designed to connect any underwater 
sensor to a cloud service in real time. In its first stage, the hub serves as a remotely accessed 
underwater acoustic modem for the aim of long-range underwater acoustic communication and to 
actively detect marine mammals and large predators. The hub conserves power and is suitable for 
long-term deployments (several months). By combining the RF communication capability of THEMO 
with a wired transmission from deep water to surface, the hub transfers the collected data to a shore 
station. This communication link is two-way and allows updating of the processing software onboard 
the hub from the shore. The communication between the hub and the shore station is managed to 
avoid bottlenecks. Moreover, the processing burden is divided between the submerged hub and a 
processor onboard the surface buoy.  In this paper, we share some design details of our submerged 
hub, and discuss its capabilities. We then demonstrate the usage of our submerged hub, and invite the 
research community to use its data. 
 
Keywords: Marine Observatory, Underwater Acoustics, Marine Communication 
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1. INTRODUCTION 

Ocean observatories have been recognized as a key step towards a fuller understanding of the 

oceans. Applications include gathering of 

scientific data, pollution control, climate 

monitoring, and long-term observation of 

the marine biota. Recently, the discovery 

of natural gas off the coast of Israel has 

boosted the need for a high-end research 

facility to extend our knowledge of the 

Mediterranean Sea and for the 

development of marine technology. 

Collaboration between Texas A&M 

University and the University of Haifa has 

established a major Mediterranean 

observatory named “THEMO”. The 

observatory is stationed off the coast of 

Northern Israel in two locations: a 

“shallow” mooring at water depth of 

125 m, and a “deep” mooring at water 

depth of 1500 m. Fig. 1 shows the 

locations of the two moorings. 

Each mooring includes a sensor 

array attached to a surface buoy 

supporting various sensor types: 

inductive temperature and pressure 

sensors, Fluorometers, Doppler current 

sensors, ADCP current meters, CTDs, 

meteorological sensors, and 

underwater acoustic sensors. The data 

from the submerged sensors is 

transmitted to a processor unit on 

board the surface buoy via both 

inductive communication and Ethernet. 

The location of the University of Haifa 

on top of Mt. Carmel some 600 m 

above sea level allows the transmission 

of the data from the surface buoy to a 

surface station via real-time RF 

communication. This makes THEMO 

a unique observatory with two-way 

communication capabilities. The data 

is received at a shore station and is 

openly shared for view and download on a cloud service. The structure of the THEMO mooring is 

presented in Fig. 2. 

Fig. 1: Locations of the two THEMO moorings 

Fig. 2: Structure of the THEMO mooring 
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In this paper, we present the technical details of a submerged hub mounted on the THEMO 

mooring at a depth of 90 m. The objectives of the hub is to provide the collection of acoustic data, its 

processing, and its transmission to shore. In addition, the hub was built to allow future sensor 

deployments such as underwater cameras. The immediate applications of the submerged hub are 

passive acoustic detection of marine mammals, active acoustic detection of large pelagic fish, 

measurement of acoustic ambient noise, and long-range underwater acoustic communications. 

The submerged hub includes an energy source able to last for three months without charging, two 

processing units, two software defined acoustic modems, and an inertial system. The hub 

communicates with two processors on the surface buoy, and is remotely accessible from a shore 

station. The rest of this paper includes a discussion about the choice of the electrical components of 

the node (Section 2), and a description of the developed protocols (Section 3). 

2. STRUCTURE OF THE THEMO SUBMERGED HUB 

2.1.  Components of the Submerged Hub 

  

The goal of the THEMO submerged hub is 

to provide the infrastructure for multiple 

research applications that span beyond the ones 

identified now and supported by the mooring’s 

standard sensors. As such, we have constructed 

the hub in a general manner, allowing the 

future addition of sensors and components. The 

current components of the hub include an 

inertial measurement unit (IMU), passive 

acoustic measurement system, a software 

defined underwater acoustic modem (SDM), 

and two processing units. The placement of 

these components is described in Fig. 3. The 

electrical components of the submerged hub 

support the following activities: 

1. Underwater Motion. The hub will 

measure its underwater motion that is induced 

by internal waves and near bottom currents. 

Such measurements are used to calibrate 

numerical models of water currents, as well as 

to understand the long-term dynamics of the 

sea. On the Marine Technology side, these 

measurements will be used for the development 

Fig. 3: Structure of the submerged hub 
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of high accuracy wave height estimation methods, as well as underwater dead-reckoning 

navigation. The motion measurements of the hub are provided by a Vectornav VN-200 IMU 

[1] that provides raw data for 3-D acceleration, orientation (heading, roll, pitch), and pressure 

measurements. The VN-200 was chosen over other alternatives due to its high accuracy of 0.1 

degrees RMS for orientation and 0.05 m/s for velocity, and due to its relative low power 

consumption of 100 mA @ 3.3 V. 

2. Underwater Acoustic Ambient Noise. Long-term measurements of acoustic noise are 

important for the modeling of the ambient noise in the sea. Connecting these measurements 

with external environmental phenomena, as well as with man-made activities, is very 

important in monitoring the health of the marine environment. Measuring the acoustic noise is 

also important for the development of robust underwater communication and detection 

techniques, that greatly rely on accurate models of the ambient noise. The measurement of 

ambient sound in water will be performed in the submerged hub using the AMAR G3 acoustic 

recording system [2]. The AMAR system is a self-contained acoustic measurement unit whose 

(two channel) raw data acoustic output is connected to the submerged hub for processing. 

3. Underwater Acoustic Detection. The offshore location of THEMO makes it ideal for the 

monitoring of marine mammals and large pelagic fish. These species are at the top of the food 

chain, and their biomass serves as a good indication for the health of the marine environment. 

Through processing of passive and active acoustic signaling, the submerged hub will track the 

existence of species like Dolphins, sharks, tuna, and sea turtles. The passive measurements are 

conducted through the AMAR system, while active acoustic signals are generated by the 

Evologics SDM modems [3] and recorded at the AMAR system. Onboard processing is 

conducted by a combination of a Raspberry Pi 2 and a UdOO Board. Both passive and active 

acoustic measurements are scheduled according to a fixed period adjustable from the shore. 

4. Underwater Acoustic Communication. The ability to connect from shore to the THEMO 

moorings allows the application of long-range underwater acoustic transmission both for the 

aim of testing underwater communication algorithms and for calibrating underwater acoustic 

propagation models. In this context, the two THEMO moorings serve as way points for the 

reception of such communication for simultaneous testing in different sea conditions. In this 

setting, the transmissions will be carried from a vessel. The recording of the signals will be 

based on the AMAR system. 

2.2.  Processing Units 

For the processing units of the mooring and of the submerged hub, we considered the tradeoff 

between computational capability and power consumption. The former is important for a good 

processing capability since raw data transmission is not allowed based on the limited RF link 

capabilities. The power is of importance since both the processors on the buoy and on the submerged 

hub are extremely hard to reach for battery charging.  

We considered the UDOO Neo Full [4], Raspberry Pi 3 [5], Pandaboard[6], BeagleBoard [7], 

BeagleBone Black [7] platforms, which are the main off-the-shelf processors with a strong 

development community. Among these options, the UDOO Neo Full board [4] had both the 

advantages of a powerful processor and a high capacity RAM. The UDOO also incorporates a fast 
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Ethernet interface. The power consumption is that of a typical ARM architecture board, and was 

measured to be 1.5 W in idle (but keeping an SSH connection up) and up to 2.3 W at full CPU usage. 

Since available eMMC options are all of low capacity, we chose a 128 GB class 10 SD card 

storage. The operating system employed is Debian based Linux version, and the software developed 

employs the Linux standard library.  

2.3.  Energy Source 

The energy supply for the submerged hub is a 37 V, 2300 Wh battery pack. A DC-DC converter of 

12 VDC and 24 VDC supplies the power for the units. The capacity has been calculated based on the 

expected energy consumption of each component for a period of three months without charging. For 

this period, we anticipate 4368 hours in standby mode (energy consumption of 218 Wh), 20 hours in 

regular operation mode without use of sensors (energy consumption of 164 Wh), 80 hours in acoustic 

receiving mode (energy consumption of 896 Wh), 20 hours in acoustic transmitting mode (energy 

consumption of 840 Wh), 4 hours communicating with the secondary processor on the buoy (energy 

consumption of 52 Wh), and 4 hours collecting inertial measurements (energy consumption of 5 Wh). 

While the above capacity has been calculated based on actual operation needs, unexpected need for 

at-sea charging is possible. To that end, we include a 600 W charger as part of the battery pack. 

Charging is based on the 90 m Ethernet cable connecting the hub to the buoy, and can be performed 

by a 220 VAC power from a boat. 

To reduce current leakage, the battery is disconnected in standby mode. Power On/Off is 

performed through a relay mechanism operated by a TTL signal from the PC104. When the hub is On, 

the operation of the battery is monitored. This is performed via a designated electrical circuit 

contained within the battery pack to monitor the voltage current and to provide an estimate of the 

remaining capacity. This data is recorded at the hub processor, and is part of the status packets from 

the hub.  

3. COMMUNICATION PROTOCOLS BETWEEN THE HUB AND THE BUOY 

The aim of the submerged hub is to provide the means for real-time and long-term inspection of the 

marine environment. To that end, a fast and secure two-way data transfer between the processing units 

on the hub and the buoy is required. Considering the high energy limitations of the mooring, such 

communication must require low power. In this section, we describe the developed communications 

protocols.  

The buoy-hub interface has been developed to be scalable and flexible to allow future connection 

of additional sensors onboard the submerged hub. The operation of the submerged hub is performed as 

a plugin from the THEMO main processor. The plugin includes scheduling and an execution of preset 

software files that can be altered remotely using the buoy communication system. Although it is 

possible to directly access the processor via ssh for debugging operations, we follow the plugin 

approach 1) since the radio connection to shore is not stable, and 2) to avoid direct access to the board 

for security reasons. The PC104 schedules the node session to start, by employing the crontab [9] 

Linux scheduling feature. Periodically, the PC104 transmits to shore the logs employing an ftp server. 
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Each plugin session is composed by the following scheduled sequence: 

a. Power on secondary processor and the submerged hub at a defined time, 

b. Synchronize the secondary processor with the PC104, 

c. Transmission to shore of old logs that remained from last operation, 

d. Removal of old logs from the secondary processor, 

e. Uploading files to the secondary processor, 

f. Script execution in the secondary processor, 

g. Downloading results from hub to buoy, 

h. Power off. 

The protocol interfaces the main buoy’s ftp server (onboard a PC104) with a secondary processor 

on the buoy that, in turn, directly connects to the processor on the hub. This way, only allowed 

operations are possible in the submerged processor whose maintenance is very complex.  

The processes running in the secondary board are monitored with an svc daemon-tool [8] that 

restarts operations in the case of faults. An additional daemon process monitors the memory and the 

CPU usage, as well as the temperature of the secondary processor in the buoy. In particular, in case 

the temperature is above a certain threshold (87.5°C), the lowest priority process is terminated, while 

in case the board approaches dangerous conditions (above 91°C), the system status and logs are saved 

and the board is powered off.  

To communicate among the shore station, the main processor, and the secondary board, we employ 

a web interface. When the radio link is active, the system uploads this information as well as other 

files to the PC104 using the html and ftp protocols. When the session starts, the PC104 operates the 

hub’s plugin. This task is preceded by a power ON operation, performed by transmitting a TTL signal 

to the hub. Once this TTL is received, a relay opens the main battery of the hub and processing starts. 

All commands (e.g., synchronize a processor, run a script, switch off the board, etc.) are sent through 

a TCP socket. 
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Abstract: Ocean acoustic tomography now has a long history with many observations and 
experiments that highlight the unique capabilities of this approach to detecting and 
understanding ocean variability. Examples include observations of deep mixing in the 
Greenland Sea, mode-1 internal tides radiating far into the ocean interior (coherent in time 
and space), relative vorticity on multiple scales, basin-wide and antipodal measures of 
temperature, barotropic currents, coastal processes in shallow water, and Arctic climate 
change. Despite the capabilities, tomography, and its simplified form thermometry, are not 
yet core observations within the Ocean Observing Systems (OOS). These observing systems 
could benefit greatly from applied acoustical oceanography, and both the world’s climatic 
circumstance and the difficulty in ocean observation argue that all available techniques 
should be implemented. A perception that the existence of the Argo float system obviates the 
need for the acoustical observations has been shown to be false; observations of ocean 
variability by tomography are distinct from those of floats or gliders. The growing 
application of acoustical measurements as part of the observing system (e.g., IQOE or 
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underwater GPS systems) make tomography a natural component of OOSes. The developing 
INTAROS system is demonstrating the integration of diverse observations, including passive 
and active acoustical applications, into a coherent, operational system – part of the Arctic 
Ocean Observing System. Within the Framework for Ocean Observing (FOO), we reiterate 
the recommendation of the OceanObs’99 conference and advocate a tomography system in 
the western North Atlantic as an initial contribution. Such a system would provide unique 
measurements of large-scale temperature, barotropic currents, vorticity, fluxes, and abyssal 
variability, while providing tracking capabilities for deep floats and gliders. This initial 
design, and the sustained system that would evolve from it, would result in a more complete 
fit-for-purpose overall observing system for essential ocean variables (EOVs) and derived 
quantities. 

Keywords: ocean acoustic tomography, integrated temperature measurement, physcial 
oceanography, underwater GPS, long-range acoustic propagation, basin-scale acoustics 
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1. INTRODUCTION 

Some twenty years ago the oceanographic community began the challenging process of 
establishing ocean observatories [1−5]. Such systems aim to transition the results of 
significant societal investment in basic oceanographic research into products and information 
services that would be useful to society. Information on the evolution of the Earth’s climate 
system and warning systems to mitigate natural disasters of atmospheric, oceanographic, or 
geologic origin are examples. Many oceanic processes or systems evolve at decadal to 
century time scales and require sustained, long-term observations to properly understand 
them. A semantic difference should be highlighted: “Ocean Observing Systems” (OOSes) are 
operationally focused, while "Ocean Observatories” are research focused, although the 
difference is often blurred. “Operational” implies the commitment of the significant 
bureaucracy and management required to maintain and integrate disparate observations, and 
then distill them to deliver promised data, information, and products to society on a sustained 
basis, e.g., the national weather services, the CTBTO system. Ocean observing systems are 
global, basin, or regional scales. Examples of OOSes are the Arctic basin system, or the many 
regional systems along the coasts of the United States (e.g., www.nanoos.org). Two examples 
of Ocean Observatories programs are Neptune Canada (www.neptunecanada.ca) and the 
Ocean Observatories Initiative Regional Scale Nodes (OOI-RCN). One view is that research 
capabilities or techniques that have become established and been shown to have long-term 
value through the Ocean Observatories, should be transitioned to Ocean Observing Systems 
to become sustained and integrated. In any observing system, data management and archive 
are formidable issues that must be addressed. For a review of the current status of the real-
time in situ Global Ocean Observing System for operational oceanography see [6]. 

Some observing systems already include modest acoustical components. Neptune and 
RNC include research in acoustics. The Comprehensive Test Ban Treaty Organization 
(CTBTO, www.ctbto.org) hydroacoustic system is an operational system with an acoustic 
component. Australia’s Integrated Marine Observing System (IMOS, www.imos.org.au/), has 
been collecting freely available sea noise data at six sites on the continental shelf since 2008.  
These data have been used by marine biologists for studying marine mammals and fish, e.g., 
their vocal behaviors, migration patterns, and populations. Natural processes in the ocean 
have been observed, such as seismic events, volcano activity, and ice disintegration near 
Antarctica. 

Motivating many of these activities are the extraordinary, if not perilous, changes 
occurring within the global climate system, familiar to all. Given the stakes and consequences 
of these changes to global communities, it is evident that global observing systems are of 
paramount importance, objectively and conscientiously designed and implemented to make 
the most of all available assets. 

The possible acoustical applications for an ocean observing system are myriad and cross 
several disciplines, but a review or survey of these applications is beyond the scope of this 
paper (See [4,5]). The discussion here addresses ocean acoustic tomography [7,8] and ocean 
observing systems. This document does not present a technical case for why tomography 
should be a part of the observing system; that case has been made elsewhere [e.g., 4,5].  
Rather, this document aims to continue the process of building acoustical communities for 
designing, implementing, and sustaining tomography measurements within Ocean Observing 
Systems. 
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2. MECHANICS AND REQUIREMENTS 

While an acoustical oceanographer’s first thought in connection with tomography and 
OOSes may be that “this is an opportunity to do the research I am interested in,” there are 
two gross errors with that sentiment. First, the Ocean Observing System is an operational, 
rather than research, system. Its aim is to implement proven technologies applied to well-
defined requirements for observing and monitoring well-determined oceanographic 
phenomena. Like the national weather services, the aim is then to make available information 
products that serve the requirements of government, industrial, and other such communities. 
One cannot bring research problems or technologies to OOSes. Second, observational 
subsystems of OOSes are integrated with a wide range of other observations, and 
observations and other products are required to be made available to the public in real time or 
near real time. The paradigm is the antithesis of the focussed interest of the research-funded 
principal investigator. Our goal, therefore, is to identify information that is missing from 
existing OOSes that could be addressed by deploying established acoustical systems – What 
missing Essential Ocean Variables (EOVs) can be measured by existing, established long-
range acoustical systems? 

One principle is, of course, that acoustic calculations should be done prior to deploying 
any particular system [e.g., 9,10]. It is well established that climatology can be used to 
compute a basic, reasonably accurate, acoustic arrival pattern in most regions of the world 
oceans. One development in recent years is that sometimes small-scale variability can have 
dramatic effects on such calculations [11]. Acoustic propagation in Fram Strait is one 
example, while propagation in the Canary Basin is another. The possible effects of small-
scale variability cannot be ignored.  In many places the topography, background sound speed 
profile, or other factors may not allow for data suitable to address the oceanographic problem 
of interest. 

A critical need is the design and implementation of standards for data archive and 
retrieval, and standards for data management. Within and across regional and global OOSes, 
data is required to flow transparently and to be available to anyone at the time of acquisition 
or soon thereafter. In addition, any acoustical data must be coordinated with other available 
data types, e.g., should it be possible to identify and retrieve all available data and metadata 
(satellite, hydrographic, moored, or acoustical) at a particular time and place. Once systems 
are set up to use acoustical data within one OOS, those systems should be interoperable with 
other OOSes. Acoustical data has to be put in a form that works and plays well with others 
and that can be used transparently by anyone. Regarding the latter point, the implication is 
that intermediate products, that is, variables more familiar to oceanographers, derived from 
the acoustic data may be required from any tomography OOS subsystem. It seems 
unworkable that the acoustic data should require technical expertise in acoustics of all users. 
OOSes usually operate on a data model in which data are stored and archived on disparate 
servers, and brought together into a single system by networking and software. The archival 
system for acoustical data of Neptune Canada may provide a starting point. 
 

3. ATLANTIC BASIN SYSTEMS 
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Almost 20 years ago, the OceanObs99 conference concluded [1]: 

“that acoustic tomography did represent a potentially valuable approach and that, 
initially, it should be implemented in the Arctic and at specific locations such as the 
Strait of Gibraltar.  The Conference also encouraged an exploratory implementation in 
the North Atlantic in the presence of substantial profiling floats to test the 
complementarity and/or redundancy between tomography and other measurements.” 

As the Conference Statement explicitly noted, “For tomography, there is support for a 
pilot project in the N. Atlantic.” [1]. Unfortunately, there was little organized effort by 
acousticians to follow up and build on this consensus (the focus of many of those working on 
tomography at the time was the North Pacific). Nevertheless, the issue is still unresolved, and 
an acoustic tomography program in the North Atlantic still has every indication of providing 
substantial new information about the evolving state of the ocean. 

The  effectiveness of an acoustic tomography observing network for the North Atlantic 
can be assessed using simulated acoustic transmissions in a high-resolution numerical ocean 
model. The North Atlantic is a region of rapid climate variability, with temperature changes 
expected to extend into the abyssal ocean at time scales much shorter than in other ocean 
basins. Long-range acoustic transmissions may effectively sense average temperature, 
including abyssal volumes. The optimal design and cost effectiveness of a basin-wide 
acoustical observing network can be assessed using simulations in a numerical ocean model. 
In particular, the simulated acoustic data can be considered in combination with data 
assimilation techniques and existing data types to quantify the enhanced resolution of large-
scale or deep oceanic variability afforded by the acoustic data. 

 As the 1999 OceanObs conference statement highlighted, one long-lingering question has 
been the degree of difference between Argo float and tomography measurements. Despite the 
lack of evidence supporting it, one common perception is that the existence of the Argo float 
system obviates the need for acoustic tomography. There is considerable evidence that 
perception is an error. In 1996, Morawitz et al. [12] examined the combination of 
hydrographic, acoustic, and moored data in resolving events of deep water formation in the 
Greenland Sea (Fig. 1). Even during a time of dense hydrographic sampling, the tomography 
data was essential to resolving the variability. In 2009, Dushaw et al. [13] compared basin-
scale acoustic data obtained in the North Pacific with equivalent data computed from 
objective maps of the ocean based on Argo float data and satellite altimetry. The comparison 
obtained little agreement, indicating little redundancy between Argo and acoustic data. 
Similarly, a direct comparison of the information content of a line array of moored 
thermistors with tomography using objective mapping techniques explicitly illustrated the 
complementarity of theose two data types [14]. The information from sparse hydrographic 
profiles is not redundant with information from the line- and depth-averages of tomography. 

Over the past few decades, the Atlantic has hosted a number of tomography or long-range 
propagation experiments. Fig. 1 shows the locations of several tomography experiments from 
20-50 years ago; no such experiments have been conducted in recent years. The AMODE, 
SYNOP, CAMBIOS, MOVE, and Labrador Sea experiments were regional, process-oriented 
studies, from mesoscale dynamics to meridional overturning circulation to deep-water 
formation [4,5]. The Perth-Bermuda experiment was a test of antipodal acoustic propagation 
in 1960 that was analyzed as a measure of global-scale temperature change over a half 
century [15]. The acoustic propagation spanned the South and North Atlantic Oceans, with 
the acoustic signals confined near the sound channel axis. 
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At present there are no specific plans for deployment of acoustic tomography that we 
know of. Several notional schemes have been identified in the past, however, and remain 
viable options [16; 1994, perhaps an update is in order?]. Studies are required to demonstrate 
the utility of such observations and derive optimal configurations for deployment. The figure 
(Fig. 1) illustrates three possibilities: (1) an array of six transceivers to observe the western  

 
Fig. 1: Past observations in the Atlantic include the Acoustic Mid-Ocean Dynamics 

Experiment (AMODE), the SYNoptic Ocean Prediction (SYNOP) experiment, the Labrador 
Sea experiment, the Canary-Azores-Madeira Basin Integral Observing System (CAMBIOS), 
and the MOVE array along 16ºN for monitoring the Meridional Overturning Circulation. 
The Perth-Bermuda experiment was antipodal, with acoustic propagation across the South 

and North Atlantic. Experiments in the Arctic Regions include the Greenland Sea Project, the 
Trans-Arctic Acoustic Propagation (TAP) experiment, and the series of deployments in Fram 

Strait (DAMOCLES, ACOBAR, UNDERICE). Azimuthal equal area projection. 
 

 
Fig. 2: Notional future observations in the Atlantic include an array in the western North 

Atlantic (pink), a basin-scale path from Senegal to Bermuda (white), and two paths along 
26.5ºN augmenting the RAPID array monitoring of the MOC (black). Possible sustained 
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observations in the Arctic Regions include an array in Fram Strait (pink), a regional and 
trans-Arctic array north of Svalbard (white), and a regional observatory in Baffin Bay 

(green). Both panels show temperature (@500 m Atlantic, @300 m Arctic) derived from 
ECCO2 project state estimates. 

subtropical Atlantic basin, (2) trans-Atlantic Ocean measurements modeled after the basin-
scale ATOC measurements of the North Pacific, and (3) two acoustic paths to augment the 
RAPID measurements of meridional overturning along 26.5ºN. Since 2004, the RAPID 
program (www.rapid.ac.uk) has maintained an array of about 20 moorings along 26.5ºN 
across the Atlantic to observe the strength and structure of the meridional overturning 
circulation (MOC). The western Atlantic array could certainly be used to map and monitor 
the climatic variations of the region, and perhaps to monitor the net volume of mode (18ºC) 
water (an idea due to Wunsch). Acoustic propagation along the notional basin-scale path was  
originally tested by Ewing in 1945. The measurement highlights Bermuda as a convenient 
location for a sustained receiving array. Deployments such as these are modest by today’s 
standards, and the maintenance of the RAPID array of moorings over the past decade 
illustrates the successful strategy of yearly redeployments of moorings in maintaining a 
system. Acoustical systems cabled to shore remain the ideal solution, however. 

 

4. ARCTIC BASIN SYSTEMS 

With ice cover that precludes the use of many autonomous instruments, the Arctic regions 
have long been accepted as regions for implementation of ocean acoustic tomography. Both 
OceanObs99 and OceanObs09 Conferences highlighted this application [1,3,17]. 
Tomography made the earliest detections of climate change in the Arctic with the 
TransArctic Propagation experiment in the early 1990s [17] (Fig. 1). The Greenland Sea 
Project employed tomography to monitor the events of deep-water formation in 1988-9. 
Between 2008 and 2016, the Nansen Center deployed a series of acoustic arrays in Fram 
Strait to enhance the measurements of the exchange of water between the North Atlantic and 
Arctic Oceans [17] (Fig. 1). It has proved difficult to obtain programatic support for 
sustaining such observations, however. 

Presently, there are existing plans for deploying a modest triangular array north of 
Svalbard, and for combining that array with other sources and receivers to comprise trans-
Arctic measurements (Fig. 2). The former is to be deployed by the Nansen Center as a 
continuation of their work with the Fram Strait deployments, while these systems are to be 
coordinated with the trans-Arctic propagation plans by the Scripps Institution of 
Oceanography. INTAROS, a contribution to the Arctic Ocean Observing System led by 
Nansen Center scientists, is developing plans for the integration of acoustical data with their 
system. We also have an interest in maintaining the acoustical array within Fram Strait for 
long-term monitoring of the Arctic and Atlantic water exchanges. Deployment of such a 
system requires committed support as part of an Ocean Observing System, however, since it 
has less of a research focus. Continued monitoring appear to be desireable from an Observing 
System standpoint, but the main acoustical and other research questions appear to be 
resolved. 

 

5. REGIONAL SYSTEMS 
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A number of enclosed basins or seas appear to be amenable to acoustical observations.  
Such regions are Baffin Bay, the Mediterranean, or the Gulf of Mexico, which are deep, but 
relatively confined. Several tomography experiments have been conducted in the 
Mediterranean, both trans-basin experiments [4] and experiments measuring deep-water 
convection in the Gulf of Lyon (THETIS) [4]. Regions such as these are intriguing for 
tomography, since a basin-scale array can synoptically observe the entire regional basin. 
There is an interest in establishing an Observing System for Baffin Bay, exploiting acoustics  

 
Fig. 3: In this array design for Baffin Bay, acoustic sources or receivers are moored along 

the ca. 500-m depth contour [10]. As much as possible, mooring locations should be selected 
to allow clear acoustic propagation into the basin without bottom interaction. Arrays such 

also as this serve as an ideal underwater acoustic GPS system 
 

for a wide range of applications. Baffin Bay is covered by complex, moving ice fields for 
most of the year. This interest engendered a study of the various applications of acoustic 
tomography there (Fig. 3) [10]. 

 

6. SHALLOW-WATER, COASTAL SYSTEMS 

While acoustic tomography is often understood to be a long-range, deep-water observing 
techinque, at least as originally envisioned, another class of tomography employs high-
frequency acoustic transmissions over ranges of 10’s of km in shallow water for ocean 
observation. Such observations are in coastal areas of particular interest, of course, often in 
areas of heavy fishing or industrial activity that preclude moored observations. These 
observations are “acoustic remote sensing” with the instruments deployed on the perimeter of 
the area of interest. Given the high-frequencies of the transmissions, the scale of the 
instrumentation is greatly reduced, making these observations highly economical. The 
possible applications of such systems are myriad. Two examples are observations of the 
exchange of water through the Strait of Gibraltar and the ocean transports and temperature in 
shallow seas or harbors around Japan. 
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Acoustic transceivers were deployed in the Strait of Gibraltar in 1996 to test acoustic 
methods for making routine, rapidly repeated, horizontally-integrated measurements of flow 
and temperature in straits. Reciprocal transmissions between the transceivers were used to 
test the feasibility of using differential travel times to monitor the flow along the acoustic 
paths. Transmissions directly across the Strait were used to test the feasibility of using 
horizontal arrival angle fluctuations and acoustic intensity scintillations to monitor the flow 
across the acoustic paths. The geometry was selected to provide ray paths that only sample 
the lower-layer Mediterranean water, hence the feasibility of monitoring the Mediterranean 
outflow using the various methods could be evaluated. Reciprocal travel time measurements 
diagonally across the Strait performed best. Sum travel times from the reciprocal 
transmissions provided good temperature measurements [18]. 

 
Fig. 4: To measure the temperature and transport variations of the Kuroshio intrusions 

into the Akinada Sea, reciprocal high-frequency sound transmissions were made between T1 
and T2. The ocean depth along the 13.8-km path was 30-50 m, and the travel times of 

refracted and bottom-interacting rays were measured. The experiment was solar powered, 
with transceivers deployed from breakwaters of fishery ports. Adapted from [19]. 

 
In 2012 one research program used the coastal acoustic tomography system (CATS) 

developed by A. Kaneko for monitoring the environment of an inland sea of Japan. The 
purpose of the study was to monitor the effects of intrusions of the Kuroshio Current into the 
Seto Inland Sea (Fig. 4). High-frequency acoustic transmissions across a shallow choke point 
were used to measure the inland sea throughflow. One year of monitoring was not sufficient 
to determine the long-term variations of transports and temperature. The acoustic technology 
was essential to measure the environment because it is an area of intense fishing activity and 
shipping traffic [19]. 

 

7. DISCUSSION 

Since its inception over 30 years ago [20], ocean acoustic tomography has proven to be a 
unique measurement of large-scale ocean variability. The travel times of acoustic signals 
have measured large-scale temperature, barotropic current, and, with an array of transceivers, 
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relative vorticity. Applications range from measurement of currents in shallow harbors, to 
measurement of basin- and global-scale temperature, to monitoring the evolution of deep-
water formation events at high latitudes. Acoustical measurement often extends into abyssal 
depths. Acoustical observations and applications in ice-covered regions are compelling 
(cf. INTAROS). All such systems provide the dual purpose of providing an underwater GPS 
system for AUVs. There is an obvious need for studies employing numerical ocean models to 
design optimized observing strategies that exploit the complementary nature of various ocean 
measurement technologies. Observing Systems rely on data assimilation techniques to 
derived ocean state estimates as stakeholder products, so practical techniques are needed to 
implement data assimilation with the line-integral measurements that tomography affords.  

Despite the compelling case for the information provided by acoustic tomography and 
community support for such measurements, tomographic systems have yet to be implemented 
as part of an Observing System. This difficiency has been disappointing. Its ultimate causes 
appear to have been a failure of the acoustic and oceanographic communities to meld and a 
challenging funding environment. At the programmatic level, avenues of funding for 
sustained acoustical measurements have been precluded. Ultimately, successful 
implementation of tomographic systems will require a stronger symbiotic relation between 
acousticians and oceanographers [21]. 

In recent years it has become apparent that one critical issue facing acoustic tomography is 
the attrition or lack of sufficient technical manpower to install and sustain acoustical systems. 
There are few scientists deploying acoustic tomography systems for ocean measurement in 
the world. The pool of young or emerging scientists with sufficient technical expertise in 
acoustics is sparse. The acoustical systems all require considerable technical backing, from 
the design and preparation of instruments, to deployment and recovery of moorings, to 
processing and distillation of the acoustic data obtained into corrected and usable form, to the 
final oceanographic analysis of those data. All of these aspects of tomography require 
considerable skilled manpower. Deployment and maintenance of a sustained acoustical 
system for an OOS would require a considerable investment and dedication to develop such 
human resources. One can contemplate the large numbers of people at institutions ensuring 
that satellite programs provide the steady stream of the accurate data essential to present-day 
OOSes. 

While deployments of tomographic systems as components of the Ocean Observing 
Systems (regional or global scales) represent real opportunities for new insights into long-
term ocean variability, the practical implementations of sustained acoustical systems are a 
challenge. At present, such challenges are programmatic or cultural, rather than scientific, 
however. Given the extraordinary climatological changes presently occurring in the Earth's 
ocean-atmosphere system, it is imperative that all available observational capabilities 
undergo a thorough consideration. 
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Abstract: The aim of the International Quiet Ocean Experiment (IQOE) Program 
is to create an international program of research, observation, and modeling to 
better characterize ocean sound fields and to foster understanding of the effects 
of sound on marine life.  A central feature of the 10-year IQOE Program will be 
an International Year of the Quiet Ocean (IYQO), which will promote the 
participating scientific, industrial, environmental, and naval communities 
towards an intense period of scientific activity, coordinated across regions to 
create a global program. The Observation of Sound in the Ocean is one of four 
focused IQOE themes and is integral to the IQOE Program as a whole and to the 
IYQO.   

Observing sound in the ocean will be the motivation of work done under 
this theme to coordinate and standardize existing acoustic observing systems, add 
sound measurements to existing and future observing systems, and to encourage 
technical innovation in the measurement of sound. This theme will encourage 
international use of data and processing standards through a dedicated IQOE 
Standardization Working Group, and will promote acoustic observation of the 
key biological and physical variables within developing ocean observation 
systems.  Data management of recorded sound from ocean observation networks 
is a challenge that will be addressed by the IQOE Data Management Working 
Group.  Through the IQOE Partnership for Observation of the Global Oceans 
(POGO) Working Group, a proposal for acoustics as an Essential Ocean 
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Variable (EOV) has been developed for consideration by the Global Ocean 
Observing System steering committee, targeting both the Physics and Climate 
Panel and Biology and Ecosystem Panel. 

Keywords: ocean sounds, ambient noise, essential ocean variable, ocean 
observing system,  
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1. INTRODUCTION  
 
Sound is an important sensory modality in the lives of many marine 

organisms, as sound travels faster and farther than any other sensory signal.  
Consequently, marine animals ranging from the smallest larvae to the largest 
whales have evolved mechanisms for both producing and receiving acoustic 
signals.  Innovation in underwater recording technology now permits the remote 
monitoring of vocalizing animals and the environment without the need to rely on 
human observers, the physical presence of a research vessel, or adequate visibility 
and sampling conditions.  Passive acoustic monitoring is an efficient, non-
invasive, and relatively low-cost alternative to hands-on exploration that is 
providing a wealth of information on regional sound sources (biologic, 
anthropogenic, geophysical), animal behavior, ecosystem dynamics, biodiversity, 
and impacts of human activity.  Recognizing the significance of sound to both 
marine life and humans in sensing the ocean environment, the International Quiet 
Ocean Experiment (IQOE) was developed to create an international program of 
research, observation, and modeling to better characterize ocean sound fields and 
to promote understanding of the effects of sound on marine life [1, 2]. 

Current knowledge is inadequate to fully comprehend the complexity and 
cascading effects of anthropogenic sound on marine life; the resulting scientific 
uncertainty makes it difficult to balance the need for precaution in protecting 
marine ecosystems against the potentially large costs to socially important 
activities such as commercial shipping, offshore energy exploration and 
development, and military readiness.  Evidence is accumulating that human-
generated sound in the ocean is approaching levels that cause negative effects on 
marine life. Certain species already show symptoms of the effects of sound. 
Although some of these effects are acute, chronic sublethal effects may be more 
prevalent and therefore more important for populations, but are difficult to 
measure.  The IQOE is a response to evidence of increasing sound levels in the 
ocean from human activities. The human contribution to ocean sound has 
increased during the past few decades and anthropogenic sound has become the 
dominant component of marine sound in some frequency bands and geographic 
regions.  It will be important to determine whether anthropogenic sound levels 
increase in the future as the ocean becomes more industrialized or, alternatively, 
ocean sound peaks due to changes in sound sources and their characteristics. Each 
of these alternatives has different implications for management. 

Human activity also has the potential to affect the levels of sound in the ocean 
in less direct ways. Intensive whaling and fishing have removed some biological 
producers of underwater sound, and warmer water temperatures are altering the 
geographical distribution of other organisms. Some investigators have estimated 
that ocean warming has increased the strength and frequency of tropical storms 
[3], which produce sound associated with rain, lightning, and breaking waves, 
and may influence the patterns of ice breaking in the polar regions. Even changes 
in the acidity of the ocean as it absorbs CO2 affects its acoustic properties [4, 5] 
although there is still discussion of the magnitude of potential effects. 

A central feature of the IQOE will be an International Year of the Quiet 
Ocean (IYQO), which will focus the participating scientific, industrial, 
environmental, and naval communities on the goal of an intense period of 
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scientific activity, coordinated across regions to create a global program. The 
IYQO will raise awareness of the effects of sound in the ocean within the 
participating communities and in the public realm. The IQOE aims to study 
effects of sound from an ecosystem perspective and longer time scale than most 
ongoing research. The project will focus broadly on soundscapes, defined by 
acoustic ecologists as all the sounds present in a habitat. 

2. OBJECTIVES 

The IQOE will address five fundamental questions: 
 
1. How have human activities affected the global ocean soundscape compared 

with natural changes over geologic time? 
2. What are the current levels and distribution of anthropogenic sound in the 

ocean? 
3. What are the trends in anthropogenic sound levels across the global ocean? 
4. What are the current effects of anthropogenic sound on important marine 

animal populations? 
5. What are the potential future effects of sound on marine life? 

3. APPROACH 
 
The IQOE will mobilize the scientific and stakeholder communities to 

investigate sound in the ocean in a way that will be useful for management of 
sound sources to mitigate potential harm to marine life. The IQOE will (1) ensure 
that the measurement of the sound field becomes an integrated part of global 
ocean observations; (2) develop a global approach to investigating ocean sound, 
engaging the worldwide community of ocean scientists; (3) support innovation in 
passive ocean observing systems to detect, classify, and track marine organisms; 
(4) support data management and the development of data standards; (5) develop 
models of how sound travels in the ocean; (6) support the planning and 
implementation of regional experiments; and (7) ensure constructive engagement 
with industry, regulators, nongovernmental organizations, and the public. To 
achieve these goals, the activities of the IQOE are planned around four themes: 
 
Theme 1 - Ocean Soundscapes: Projects carried out under Theme 1 will 
describe ocean soundscapes from regional to global scales. This theme will 
include identification of the primary sound sources that contribute to each 
soundscape, empirical modeling of components of each soundscape, modeling of 
acoustic propagation, and validation of these models using ocean observation 
systems. This theme will be the main focus of efforts to measure trends in ocean 
sound levels and to define sound budgets within regions. It will also investigate 
soundscape diversity and examine the concept that the conservation of 
soundscapes may be an appropriate objective for integrated management of the 
marine environment. 
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Theme 2 - Effects of Sound on Marine Organisms: Theme 2 includes projects 
designed to plan and carry out experiments to study the effects of sound on 
marine organisms. This may include experiments to make regions quieter and to 
observe the responses of marine organisms to quieting. This theme will include 
the use of planned experiments as well as opportunistic studies using post hoc 
statistical modeling to test for effects. This theme is the main vehicle through 
which the biological significance of sound will be assessed and, where possible, 
this will be focused on estimating dose–response relationships so that 
assessments of the effects of sound can be predictive, with special emphasis on 
the effects of sound on populations and ecosystems. Much of this theme will rely 
on the use of a small set of representative species. 
 
Theme 3 - Observations of Sound in the Ocean: Observing sound in the ocean 
will be the focus of work done under Theme 3 to coordinate and standardize 
existing acoustic observing systems, while adding sound measurements to 
existing and future observing systems, and to encourage technical innovation in 
the measurement of sound. This theme will develop data standards—where these 
do not already exist—and will promote observation of the key biological and 
physical variables. Much of the data management needed by the IQOE will be 
managed from within this theme.  
 
Theme 4 – Industry and Regulation: Theme 4 develops the methodology for 
noise monitoring within regulatory regimes. This theme will include efforts to 
examine the operational management of sound in the ocean through risk analysis 
by, among other approaches, defining appropriate thresholds for disturbance, 
damage to marine life, and harm to marine ecosystems. It will also help regulators 
to measure compliance, and industry to maintain its activities, by providing 
innovative solutions to problems presented by regulation. This theme will 
integrate and apply the results from the other three themes. 
 
 3.1 IQOE Working Groups 
 
 Five active working groups have been formed within the IQOE to progress 
key topics in alignment with the IQOE mission.  Each working group (WG) is 
equally balanced in membership with IQOE Science Committee members, non-
IQOE Science Committee members, and international participants.  Each working 
group is co-chaired by an IQOE Science Committee member and a non-IQOE 
Science Committee member (http://www.scor-int.org/IQOE_WGs.htm). 
 
Working Group 1 - Standardization: Standardization of experimental protocols 
and observational techniques and calibration of instrumentation (such as acoustic 
recorders) enable comparison of results. IQOE WG 1 will recommend best 
practices for experiments, observation, reporting, and other means to ensure that 
results are comparable and can be integrated to standardize data across large 
spatial and long time scales. 
 
Working Group 2 - Data Management and Access:  A goal of the IQOE is to 
create time series of acoustic data in key locations of the global ocean to 
document how sound in the ocean has changed over time. The IQOE aims to 
notably increase the openly available and easily accessible acoustic observations 
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and related biological and experimental results. IQOE WG 2 will develop data 
management and data access policies for scientists and data centers involved in 
the program. 
 
Working Group 3 - Arctic Acoustic Environment:  The Arctic Ocean remains 
relatively pristine acoustically. However, the warming and decrease in ice cover 
across its basins will change its acoustic properties. Meanwhile, oil and gas 
exploration, shipping, tourism, and other noise-producing activities may increase. 
IQOE WG 3 aims to produce an acoustic baseline against which future sound 
increases can be compared. 
 
Working Group 4 - Acoustic Measurement of Biodiversity on Coral Reefs:   
Coral reefs are hyper-biodiverse areas of the global ocean, important to human 
society, and endangered by local, regional, and global changes. Assessment of 
biodiversity of reefs is hindered by the requirement for frequent observations by 
human divers. However, many reef organisms make sounds that can be measured 
continuously. IQOE WG 4 aims to develop the potential to monitor sound on 
coral reefs continuously to help characterize reef biodiversity. 
 
POGO Working Group:  This complementary WG of the Partnership for 
Observation of the Global Oceans aims to implement specific elements of the 
IQOE Science Plan related to capabilities of POGO member institutions, 
including approaches to assess the impact of noise exposure and acoustic 
monitoring methods and means to implement and improve these approaches, as 
well as better understanding of broad-scale issues related to ocean noise and 
human influences.  One of the key tasks of this working group is to advocate for 
acoustic technology to be integrated into ocean observation systems. 
 
 3.2 Ocean Sound: an Essential Ocean Variable (EOV) 
 
 An application to include Ocean Sound as an Essential Ocean Variable (EOV) 
will be submitted to the Global Ocean Observing System, Biology and 
Ecosystems Panel in Fall 2017.  Although ocean sound is a physical measurement 
and characteristic of the marine environment, the Biology and Ecosystems Panel 
was deemed most appropriate for submission because the majority of the products 
derived from its measurement have direct or indirect biological and ecosystem 
applications (Table 1).  The Ocean Sound EOV will forge major advances in our 
understanding of ocean sound, the effects it has on marine life, and how acoustic 
monitoring can be used to assess biodiversity and ecosystem health.  The 
observational scale of component networks (Fig. 1) will allow for the study of 
phenomena ranging in scale from single acoustic events to long-term trends in 
ambient sound (Fig. 2). 
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Name of EOV 

 
Ocean Sound 

Sub-Variables 
 

sound pressure p(t), particle motion (displacement, velocity, 
acceleration)  

Derived Products  
 

Sound field and trends, sound pressure levels, spectrum levels, 
band levels (e.g. octave band), soundscape (characterization of the 
sound field including detections of sources - anthropogenic, abiotic 
and biotic), source levels, biodiversity indicators; (see ISO standard 
18405) 

Supporting variables  
 

Sources:  distribution and characteristics of anthropogenic, abiotic 
and biotic sources 
Propagation parameters: sound speed profiles, ocean currents and 
other physical oceanographic phenomena, boundary conditions 
(e.g. sea surface roughness, sea ice characteristics (e.g. roughness 
and thickness), sea floor (bathymetry, geoacoustic properties)) 
Receivers: sensitivity of the hydrophone as a function of frequency 
and directionality of the receiving system 

Contact/Lead Expert(s) 
 

www.IQOE.org
 

 
Table 1.  EOV information. 

 
 
 

 
Fig 1.  Observational scales of the Ocean Sound EOV component networks. 
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Fig 2.  Scales of phenomena to be addressed by the Ocean Sound EOV. 
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Abstract: Multibeam echo sounder data from Kongsberg EM 1002 and EM 710 (70–
100 kHz) acquired between 2003 and 2014 were processed using QPS Fledermaus Geocoder 
Toolbox (FMGT) to produce backscatter mosaics and maps of estimated grain size. The 
regions surveyed (the Oslo fiord, the North Sea and off the coast of Mid-Norway) measured 
36 000 km2, with depths up to 600 m. Ground truth data acquired in 2004–2015 consisted of 
64 gravity cores and 151 Van Veen grab samples.  Particle size analysis was conducted on 
125 sediment samples. Correlations between backscatter, estimated grain size and seabed 
sediment properties are examined in the paper. The Pearson’s correlation coefficient squared 
was 0.46 between estimated and measured median sediment grain size in a subset of the data; 
the estimated grain size was in general coarser than measured. The 2 mm limit of the 
estimated grain size in the Angular Range Analysis of FMGT was reached in areas of coarse-
grained sediments. The correlation between backscatter and the geoacoustic parameters 
(sound speed, density) averaged over the upper 20 cm of the cores varied significantly with 
region, from absent to strong. The correlation coefficient squared was 0.70 between 
estimated grain size and core density off the coast of Mid-Norway. To conclude, estimating 
the grain size using FMGT worked well as a method to characterize the seafloor of the 
surveyed regions. 

Keywords: Multibeam echo sounder, seabed, backscatter, reflectivity, sediment, grain size, 
ground truth, angular range analysis, correlation coefficient, sound speed, density  
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1. INTRODUCTION  

During many years there has been an increasing interest in exploiting the possibilities of 
using multibeam echo sounder data to classify the seabed. The paper studies this question 
using data from Norwegian waters. In an earlier study single-beam echo sounder data from 
the northern North Sea has been investigated [1]. 

2. MATERIAL AND METHODS 

2.1. The study area 

The study covers three regions along the Norwegian coast: the Oslo fiord (2500 km2), the 
northern North Sea (21 500 km2) and off the coast of Mid-Norway (12 000 km2), in total 
36 000 km2. All three regions have varying topography with depths up to 600 m.  

 

 
Fig. 1: Map showing the extent and bathymetry [2] of the three regions in the study.  

2.2. Acoustic and ground truth data 

In total 2 TB of multibeam echo sounder data has been acquired since 2003 in the three 
regions, and used to produce high-resolution bathymetric charts. The data was collected with 
Kongsberg EM 1002 at frequency 95 kHz and Kongsberg EM 710 at 70–100 kHz. The use of 
different versions of the processing unit software (1.2.0–2.3.7) and in the beginning different 
ping modes complicated the data analysis. Later shallow mode was default setting. 

Backscatter data was processed using Fledermaus Geocoder Toolbox from QPS. The 
output was 20 m gridded raster maps of seabed reflectivity (backscatter mosaics), and 
estimated mean grain size using Angular Range Analysis (the method provides a single grain 
size value for each side of the swath). Ground truth was collected at 215 stations using a Van 
Veen grab sampler and two types of gravity corers. The sediment sampling took place in 
2013 and 2015 in Mid-Norway, in 2013 in the Oslo fiord and between 2004 and 2008 in the 
northern North Sea. 
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Map values averaged in ArcGIS over circles of radius 20 and 100 m around each ground 
truth sample were correlated with sediment type and geoacoustic parameters of the seabed.  

In total 60 sub-samples of 151 grab samples and 65 sub-samples of 64 sediment cores 
were analysed with respect to grain size distribution, using sieving to separate coarse and fine 
sediments. The mud fraction (grain size < 63 m in diameter) was analysed with 
Micrometrics Sedigraph 5100, Micrometrics Sedigraph III 5120 or Malvern Mastersizer 3000 
at the University of Bergen.  

The sediment cores were sent through a GEOTEK Multi Sensor Core Logger for 
measurements of mainly gamma density, sound speed and sound speed amplitudes. The 
sound speed values were corrected to 25C and 1 atm in the study. All the 151 grab samples 
were analysed rudimentarily. 

 

Region 
Min Md 

() 
Max Md 

() 
Mean Md 

() 
Min SG 

(%) 
Max SG 

(%) 
Mean SG 

(%) n 

Oslo fiord 1 9.5 6.4 ± 2.7 3 90 26 ± 30 26 
Northern North Sea 0.9 11 6.6 ± 2.6 1 100 27 ± 31 45 
Mid-Norway 2013 1 8.2 4.6 ± 2.3 6 79 47 ± 26 26 
Mid-Norway 2015 1 7.2 4.8 ± 1.9 3 100 36 ± 25 21 

Table 1: The measured median grain size given as 2( ) log ( ) / (1 mm)dM D   , where D is 
the particle diameter in mm, and fraction of sand/gravel SG for the 118 unimodal sediment 

samples analysed for grain size distribution. Mean values are listed with standard deviations; 
n is the number of samples. 

3. RESULTS AND DISCUSSION 

The overall backscatter in the three regions varies from about 6 to 60 dB (Fig. 2). The 
EM 1002 values were manually adjusted in the North Sea to match the EM 710 data. The 
estimated grain size in two of the regions varies from 1 to 9, which are the lower and 
upper bounds in FMGT.  

3.1. Correlations between acoustic and sediment parameters 

The Pearson’s correlation coefficient squared (r2) gives the proportion of variability in the 
y values that is explained by linear relationship with x. There is a strong correlation between 
estimated grain size and backscatter with r2 = 0.71 for 104 of the bottom stations in the Oslo 
fiord and off the coast of Mid-Norway (Fig. 3). The number also includes stations which grab 
samples have been analysed rudimentarily only. Stations with estimated grain size equal to 
1 and above 8.8 have been removed, in addition to one outlier.  

Including the stations with low/high estimated grain size, clearly the grain size boundaries 
are reached at 26 out of 130 stations (Fig. 3). The variation in backscatter is large for these 
stations. Photos of the five grab samples with estimated grain size above 8.8 all show fine-
grained sediments (mud), supporting the high estimated grain size. The measured median 
grain size of the six sediment samples (one  from a grab sample and five from sediment 
cores) with estimated grain size above 8.8 is coarser, between 6.2 and 8.2, while the 
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backscatter varies significantly, from 35 to 25 dB. The small amount of coarser grains is 
affecting the backscatter, but apparently not the results of the FMGT Angular Range 
Analysis.  
 

   

  

Fig. 2: Backscatter (upper) and estimated grain size (lower) in the Oslo fiord and off the 
coast of Mid-Norway (upper). The estimated grain size is compared with measured median 

grain size of the surface sediment samples. 
 
The samples with estimated grain size equal to 1 have backscatter > 20 dB. All the 

grab samples have stones at the surface, while the texture of the sediment varies significantly 
(Fig. 4). The fraction of sand/gravel in the sediment samples is from 14 to 100 %; the 
measured median grain size is from 1 to 7. Hence with the echo sounders used, the 
sediment layer is necessary not visible when the surface contains stones. 

The outlier mentioned above has low backscatter (29.1 dB) and low estimated grain size 
(0.8). There was a 2 cm thick surface layer of muddy sand above a gravelly sand sediment 
layer. Unfortunately, no sediment sample was taken for particle size analysis. The backscatter 
is consistent with the surface layer, while the estimated grain size matches the sediment layer. 

It is strong correlation between estimated and measured median grain size with r2 = 0.46 
(n = 50), when removing stations with estimated grain size equal to 1 and above 8.8, and 
stations with backscatter standard deviation above 2.5 dB averaged over circles of radius 
100 m (Fig. 3). In general the estimated grain size is coarser (lower) than the measured. The 
correlation is even stronger between the fraction of sand/gravel and the estimated grain size 
with r2 = 0.53 (n = 50). 

Estimated grain size versus water depth show moderate correlation with r2 = 0.13 for the 
104 stations. 
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Fig. 3: Backscatter and measured median grain size versus estimated grain size for 
stations in the Oslo fiord and off the coast of Mid-Norway. The acoustic data are averaged 

over circles of radius 20 m  
 

Fig. 4: Photos of grab samples from stations with estimated grain size equal to 1. 
 

The correlation is varying with region for the selected parameter sets, as listed in Table 2. 
Strongest correlation is observed in the Oslo fiord. The correlation is much weaker off the 
coast of Mid-Norway, especially the correlation between backscatter and the sediment 
parameters.   

3.2. Correlations between acoustic and geoacoustic parameters 

The core sediment sound speed and density were averaged over the upper 20 cm and 
correlated with backscatter and estimated grain size for the three regions separately and 
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overall (Table 3). The correlation is strong in the Oslo fiord, and varying from strong to 
absent off the coast of Mid-Norway, depending on which parameters are correlated. Overall, 
strongest correlation is experienced between core density and estimated grain size, and 
weakest between core sound speed and backscatter. Averaging the backscatter in circles of 
radius 100 m instead of 20 m, affects the overall correlation coefficients negligible.  

 
Parameter set SG (%) 

BS (dB) 
SG (%) 
Mz () 

Md () 
Mz () 

Md () 
BS (dB) n Region 

Oslo fiord 0.72 0.65 0.59 0.66 18 
Northern North Sea 0.43 – – 0.27 40 
Mid-Norway 2013 0.12 0.47 0.46 0.18 16 
Mid-Norway 2015 0.16 0.44 0.28 0.05 16 
Overall 0.29 0.53 0.46 0.23 

Table 2: Pearson’s correlation coefficient squared (r2) between physical and acoustic 
parameters. SG − fraction of sand/gravel, Md − measured median grain size,  

BS –backscatter, Mz – estimated mean grain size and n – number of samples. Estimated grain 
size for stations in the North Sea is excluded from the data set.  

 
Parameter set  (g/cm3) 

Mz ()
c (m/s) 

Mz 
 (g/cm3) 
BS (dB)

c (m/s) 
BS (dB) Region 

Oslo fiord 0.55 (13) 0.43 (9) 0.61 (13) 0.47 (9) 
Northern North Sea – – 0.00 (13) 0.38 (8) 
Mid-Norway 2013 0.70 (9) 0.22 (7) 0.24 (9) 0.00 (7) 
Overall 0.46 (22) 0.18 (16) 0.07 (35) 0.04 (24) 

Table 3: Pearson’s correlation coefficient squared (r2) between geoacoustic and acoustic 
parameters (core density  and core sound speed c). The number of samples n is given in 

parenthesis. 

4. CONCLUSIONS 

Using Fledermaus Geocoder Toolbox has proven to be useful in seabed classification of 
three regions off the coast of Norway. Strong correlation is observed between estimated grain 
size and measured median grain size, and also between estimated grain size and core density 
averaged over the upper 20 cm. The correlation between backscatter (seabed reflectivity) and 
the sediment parameters varies with region.  
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Abstract: Offshore wind, wave and tidal stream renewable energy developments generally 
occur in shallow water. If close to shipping lanes these areas may have been mined in past 
conflicts, but if away from shipping lanes they may have been used to dump obsolete and 
unwanted Unexploded Ordnance (UXO). In either case, a potential threat to shipping 
remains and appropriate mitigation is needed. The first step is to survey the area in 
question and identify likely hazards, and the only practical tool for such surveys is sonar. 
However, there are difficulties. Over the intervening period, these objects are likely to 
have become encrusted with marine growth, making them indistinguishable from naturally 
occurring features such as rocks, or they may have been buried by sediment, impenetrable 
to conventional minehunting and sidescan sonars. This paper will paper will review 
results from a number of projects aimed at solving this problem ranging from the joint 
Anglo-French Buried Mine Sonar programme dating back to the 1980s, through the pan-
European SITAR project (Sea floor Imaging of Toxicity and Assessment of Risks caused by 
buried waste) to the commercial SEApara AUV mounted compact sub-bottom profiler. It 
will be explained that, even more important than the hardware, including the use of 
parametric arrays, appropriate acoustic waveforms must be chosen that give both seabed 
penetration and adequate resolution to classify the objects that may be detected as 
potential hazards or not. Finally, the paper will review the acoustics associated with such 
problems and discuss potential solutions, looking particularly at new approaches that may 
speed up surveys and enhance their reliability. 

Keywords: Sonar, UXO, mine, minehunting, localisation, parametric array, Mills Cross, 
interferometry, monopulse, Ricker pulse  
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1. INTRODUCTION  

Unexploded ordnance (UXO), unexploded bombs (UXBs), or explosive remnants of 
war (ERW) are explosive weapons (bombs, shells, grenades, land mines, naval mines, 
cluster munitions, etc.) that did not explode when they were employed or which have been 
deliberately dumped and still pose a risk of detonation, sometimes many decades after 
they were used or discarded.  

In addition to the obvious danger of explosion, buried UXO remnants can cause 
environmental contamination. With the passing of time, weapon casings corrode and 
decay and munitions-related chemicals such as explosives and perchlorates can enter soil 
and groundwater or, in the present case, the seabed. 

1.1. The Problem 

Where UXOs present a threat they need to be located and then neutralised by physical 
removal, controlled explosion or simply marking their position. At sea, mines have 
traditionally been detected using their magnetic signature – visual detection in the sea can 
often be limited to a few metres, as in Fig.1. However, many mines have non-magnetic 
casings, specifically to avoid detection, or the casings may have oxidised to the extent that 
there is little or no detectable magnetic material remaining. Alternatively, they may have 
become buried in sediment to the extent that there is little or nothing visible on the 
surface. Fig.2 shows a semi-buried box discovered during the SITAR project [1], and it is 
clear that such an object is not easy to distinguish visually. 

The alternative is sonar, the approach employed by minehunting vessels, although this 
has its own limitations. Mines may be indistinguishable from natural features such as rock 
or, again, they may be buried. This presents a problem for sonar systems because low 
frequencies are required to penetrate the seabed, but high frequencies are needed to 
resolve enough detail to make a distinction between natural and man-made objects.  

 
 

 
 

Fig.1: Close-up video image of a mine in 23m water depth. 
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Fig.2: Video image of semi-buried box in 71m water depth. 
 
It should, of course, be pointed out here that dolphins have no trouble detecting buried 

fish, even with their very high frequency sonar [2,3]. 

1.2. Some History 

It is of interest to note that this problem is far from new, and has worried the author to a 
greater or lesser extent throughout his career. Table 1 lists the most relevant projects 
worked on over the past three and a half decades.  
 

Date Organisation Project 
~1980 Sperry/AUWE/GESMA Buried Mine Sonar 
1983-1988 Bath University PhD – Effect of fluctuations on beamforming

SMH Mine Countermeasures Section 
2002-2004 Bath University SITAR 
2005-2010 SEA & GESMA SEAPara 

Redermor 2 biomimetic waveforms 
2010-2016 Ultra Electronics Forward Look Sonar 

Table 1: Relevant projects worked on by the author. 

2. A POTENTIAL SOLUTION 

Parametric arrays represent a solution that deals with two problems – surveying the 
seabed for (potentially buried) targets and precise localisation of the target, once detected. 
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2.1. Parametric Arrays 

Parametric arrays have been understood since the 1960s [4], but only occasionally 
implemented. The principle is that if two signals are transmitted at a high enough level, 
distortion products will be generated with frequencies that are the sum and the difference 
of the two original frequencies. This allows the possibility that two very high, slightly 
different, primary frequencies can generate a very low difference frequency component, 
with a narrow beamwidth, but hardware that has the much smaller dimensions (and 
weight) required for the same beamwidth at the higher frequencies.   

The low frequency beam can be used to detect buried objects, but a limitation arises if 
the primary frequency beams interact with the seabed [5]. For this reason, the distance 
between the primary transmitter and the seabed must be maintained, albeit at the cost of 
high frequency absorption over the intervening distance. 

One of the primary frequency transmissions can, however, by used to precisely 
determine the seabed depth. 

3. LOCALISATION 

Having detected a potential object of interest, it is then necessary to determine its 
precise location before any action such as neutralising a mine can be carried out. There are 
a number of potential options that can be combined with a parametric array for obtaining 
the required high degree of angular resolution, including interferometry, monopulse and 
the Mills Cross: 

3.1. Interferometry 

Interferometry obtains the object position from the phase difference between the 
received signals from two spatially separated receivers. 
 

 
Fig.3: Geometry of interferometric localisation. 
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From Fig.3 it is may be determined that the phase difference  between the two signals 
at either end of the baseline B is a function of B and its orientation , the wavelength  
and the target height h: 
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If the quantities B, , r1 and  are known (or can be estimated), then the target height h 

can be obtained from the measurement of the interferometric phase difference, . Its 
location in the horizontal plane is derived from the usual sonar metrics. 

3.2. Monopulse 

Monopulse is a concept referring to precision direction finding with a pulsed source of 
radiation [6]. The direction of the pulsed source, whether it is a scattering target or an 
active beacon, is determined by simultaneously comparing the signals detected via two or 
more receiver beams. The main reason for its development was that signals that are 
fluctuating, for whatever reason, might lead to significant errors in receiving systems that 
require many pulses to be processed to extract directional information. If the angular 
measurement is based on one pulse rather than many, however, pulse-to-pulse amplitude 
fluctuations of the signal have little or no effect on angular accuracy Although strictly a 
receiving concept, monopulse has been applied primarily in the field of active radar, and 
to a lesser extent, active sonar. A basic explanation of the operating principles, along with 
typical system descriptions, will be found in any competent radar textbook (e.g. [7]). 

 

 
 

Fig.4: Two main monopulse configurations: co-located squinted beams in (A) for 
amplitude comparison and displaced receivers in (B) for phase comparison. 

 
Monopulse systems as described by Rhodes [6] may operate by an amplitude 

comparison of squinted beams, as shown schematically in Fig.4(A), or by a phase 
comparison between two displaced receiving elements, as in 4(B) (squint is a radar term 
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referring to two beampatterns which diverge by a small angle—the squint angle). This 
comparison may be either additive or multiplicative. In the so-called sum-and-difference 
implementation, the difference between the left and right beam outputs, PL and PR (the 
‘difference beam’), is also found to be proportional to θ over a limited range. To make the 
output independent of variations in signal strength, the result is normalized by dividing by 
the sum of PL and PR (the ‘sum beam’) or some other representation of the received level. 

The normal phase comparison implementation is essentially an interferometer and, 
again, the output is approximately proportional to θ over a limited range. 

Variations of the method are found in normal mammalian hearing [8], and in biological 
contexts phase or time comparison is usually referred to as inter-aural time difference 
(ITD) and amplitude comparison as inter-aural intensity difference (IID), respectively. 

3.3. Mills Cross 

The original Mills Cross Telescope, shown in Fig.5, was a two-dimensional radio 
telescope built by Bernard Mills in 1954 at the Fleurs field station of the Commonwealth 
Scientific and Industrial Research Organisation (CSIRO) near Sydney, Australia [9]. Each 
arm of the cross was 1500 feet (450m) long and when the voltages of the two arms were 
multiplied a pencil beam was formed, but with rather high sidelobes. 
 
 

 
 

Fig.5: The original Mills Cross radio telescope 
 

 
Fig.6: Example shaded Mills Cross beam pattern, steered off centre. 
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The term is now used for any array comprising two arms at right angles, but it is the 
multiplicative processing [10] that is needed to achieve maximum directivity.  An example 
Mills Cross beampattern is shown in Fig.6. In minehunting applications, the result is often 
obtained with orthogonal linear transmit and receive arrays, and such an approach would 
be appropriate in the present context. 

4. WAVEFORMS 

The high level and frequency dependence of absorption in the seabed mean that any 
transmitted waveform is likely to be highly distorted by the time an echo is received. 
Conventional chirps are often used in seabed penetrating systems, but a detector based on 
a matched filter does not perform well because of this distortion. 

There are more robust waveforms and one of the most popular is the Ricker pulse, 
sometimes called a Mexican hat and shown in Fig.7 

 
 

 
 

Fig.7: Ricker pulse, or Mexican hat waveform. 
 

A Ricker pulse is a zero phase wavelet with a central peak and two sidelobes. It is the 
normalised second derivative of a Gaussian function and, interestingly it is its own 
autocorrelation function, so the output of a matched filter for a Ricker pulse remains the 
same as the input. These features mean that such a pulse suffers little or no distortion on 
passing through the seabed. 

5. DISCUSSION AND CONCLUSIONS 

In this paper, various approaches to detecting and localising buried UXO in the seabed 
using sonar have been considered. It is clear that the main requirements of seabed 
penetration and object classification are superficially incompatible – the first requires low 
frequencies and the second high frequencies. This can be overcome to a large extent by 
appropriate choice of waveforms and the Ricker pulse is a popular candidate and has been 
described here, along with some of its features. Also considered were approaches to 
localising buried targets aimed at achieving maximum resolution with a minimum of 
array/transducer hardware. Of the three methods examined, it is believed that only one, 
interferometry, has been used in the applications of interest. 
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Abstract: Marine Renewable Energy is developing fast, with hundreds of prototypes and 
operational devices worldwide. Two main challenges are assessing their environmental 
impacts (especially in near-shore, shallow environments) and ensuring efficient and 
effective maintenance (requiring specialised ships and fair-weather windows), compounded 
by the lack of long-term measurements of full-scale devices. We present here broadband 
measurements (10 Hz to 32/48 kHz) acquired at the Falmouth Bay Test site (FaBTest, UK) 
from 2010 onwards, for a 16-m ring-shaped Wave Energy Converter, in waters up to 45 m 
deep. This period covers baseline measurements, including shipping from the neighbouring 
English Channel, one of the busiest shipping lanes in the world (ca. 45,000 ship transits 
annually) and the full period of installation and energy production, including maintenance 
episodes. Acoustic signatures are measured as Sound Pressure Levels (e.g. for impacts) and 
time/frequency variations (for condition-based monitoring via Acoustic Emissions). They 
change through time, depending on weather and modes of operation. Long-term 
measurements are compared with modelling of potential variations in this complex 
environment and with laboratory experiments. These are used to outline the varying 
acoustic contributions through the life cycle of a typical wave energy converter, yielding 
insights for other wave devices in other environments. 

Keywords: Life Cycle Assessment, Acoustic Emission, Offshore Renewable Energy, Wave 
Energy Converter, Condition Based Monitoring. 
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INTRODUCTION  

Offshore Renewable Energy (ORE) has been identified as a key player in tackling the 
energy problems of the 21st century. From energy security, to greenhouse gas emissions, to 
powering isolated communities, offshore energy (including offshore wind, wave and tidal) 
is a significant part of the solution. It is forecast that world-wide the ocean energy industry 
will be worth £76 billion by 2050 also providing an economic benefit [1]. This potential is 
being actively pursued by the majority of coastal countries including USA, China, and 
Japan. The UK is a world leader in this emerging industry, with efforts focused around 
coastal areas such as Cornwall, Pembrokeshire and Scotland.  

Two challenges currently hindering the growth of ORE are the assessment of the 
environmental impact of devices and the high risk and cost of effective and efficient 
maintenance activities. Devices are often located near to shore and in shallow depths making 
the acoustic impact of devices more difficult to quantify and model without data specific to 
that environment. Maintenance offshore traditionally relies upon specialist vessels, perfect 
weather conditions and significant budget, but new research suggests that continual 
condition based monitoring of OREs (called Acoustic Emission) could be possible in the 
underwater environment. Furthermore, these two applications of underwater acoustics could 
be realised with the same sets of data and multiple data processing techniques, doubling the 
value of the data [2].  

Unlike other studies (eg. [3–6] ), this acoustic study was conducted on a full-scale device 
over a period of just under 2 years, providing insight into seasonal effects upon both the 
underwater acoustics and the device operation. In this paper the WEC, its environment and 
a timeline of events are presented. An overview of the results from each period of activity 
(pre-installation, installation, operational/non-operational, condition based monitoring and 
decommission) is then provided to aid in the discussion which focuses on the “life cycle” 
of the device and its underwater acoustic emission.  

THE WEC AT FABTEST 

The Wave Energy Converter (WEC) considered in this paper is the Bolt-2 Lifesaver from 
Fred Olsen Renewables [7]. It is a doughnut-shaped floating WEC as shown in Fig. 1. The 
floating platform has a 16-m outer diameter and a 10-m inner diameter, with 1-m height and 
a mass of 55 tons. While the platform has the capacity to install 5 Power Take-Off (PTO) 
systems (Fig. 1b), only 3 were installed during this trial period as shown in Fig. 1a. During 
operation, the PTOs were moored to the seabed with a primary mooring line and a five-
point secondary mooring system was attached to the device.  

Lifesaver was deployed at the FaBTest facility (Falmouth Bay Test Facility, 
www.fabtest.com) in Falmouth, UK.  Falmouth Bay is located at the western entrance to the 
English Channel with a large and deep natural harbour. It welcomes considerable local 
commercial shipping and recreational boating activities while also being located next to 
busy shipping lanes. The test facility itself is a 2.8-km2 test area situated 3 – 5 km offshore 
as shown in Fig. 2. This nursery site is sheltered by the Lizard Peninsula from the prevailing 
SW wind and swell, and exposed to long fetch waves from the E-SE providing a moderate 
wave climate with peak tidal surface currents of ~0.8 ms-1. FaBTest is supported by the 
University of Exeter and Falmouth Harbour Commissioners.   
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Fig. 1:  a) Lifesaver on site at FaBTest, Falmouth, UK. Credit: Duncan Paul, Falmouth 

Harbour Commissioners, 2013. b) Power Take-Off System for Lifesaver. 

 
Fig. 2: Falmouth Bay Test Facility (blue) within Falmouth Bay, Cornwall, UK.  

The depth of FaBTest varies from 15 m at its northern boundary to 50 m at its south-
eastern boundary. The seabed varies with rock, maerl gravel, subtidal sand/gravel and 
subtidal sand/mud from north to south respectively [8].  

To collect passive acoustic data from the WEC Autonomous Multichannel Acoustic 
Recorders (AMAR, Jasco Applied Sciences) was chosen for its high storage capacity (1 TB) 
and ease of deployment.  Two AMARs were used back to back to ensure continual 
monitoring (while one recovered and uploading data, the other deployed). 90-day 
deployments took place between 13th June 2012 and 4th November 2013 (although data 
between 9th April 2013 and 4th June 2013 was lost). The AMARs were located 200 m from 
the WEC, 10 m above the seabed and in depths of 25 – 45 m. Recordings were taken for the 
first 30 minutes of every hour at 64 kHz allowing a frequency range of 10 Hz – 32 kHz to 
be collected. 

a)                                                                        b)  

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  823



 

The main component to the AMARs were omnidirectional hydrophones with a nominal 
sensitivity of -165 ± 5 dB re 1 V/µPa and 24-bit dynamic resolution. The hydrophones were 
calibrated before deployment and upon return with recorded accuracies of ±1.32 dB and 
±0.7 dB for the 2 hydrophones. This is close to the ±1 dB operational accuracy expected in 
typical offshore conditions [9].  

Wave data was collected from a Seawatch Mini II directional wave buoy located 150 m 
from the AMAR location [10]. Wave data was sampled at 2 Hz for 1024 s of every 30 
minutes. This data was important to be able to correlate background ambient noise detected 
with in-situ wave conditions.  

The AMAR was deployed from 10th March 2012 to 4th November 2013. Baseline 
measurements were recorded from 11th March 2012 to 25th March 2012. Installation activity 
was recorded from 25th March 2012 to 29th March 2012. The WEC was then in place from 
29th March to 30th December 2013. Fig. 3 graphically shows this information, as well as the 
operational/non-operational activity of the WEC and the number of PTOs active at any time. 

  

 
Fig. 3 Top chart shows the time periods and number of each AMAR deployment where 

white spaces indicate no recording. The bottom chart shows the time periods of different 
activity periods at the FaBTest site including baseline, installation activity and 

operational periods from 29th March 2012 to 30th December 2013. The number of PTOs 
active for each operational activity period are also shown. From [11]. 

RESULTS 

Over the last 5 years, the University of Bath and the University of Exeter have been 
collaborating on projects that focus on the Falmouth Bay area. The sections below 
summarise the relevant measurements along with associated publications. 

1.1. Pre-Installation 

Before the WEC was deployed at FaBTest, a study was conducted into the noise from 
shipping in the Falmouth Bay area [12]. Merchant concluded that the shipping could be 
separated into two distinct groups, low frequency sound from distant shipping of a stable 
nature, and a higher amplitude and variable component from local vessel activity. By 
separating the two during analysis using an adaptive threshold to the Sound Pressure Level 
(SPL), the absolute and relative Sound Exposure Levels (SELs) of shipping could be 
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described. In the frequency range 0.01 – 1 kHz the 24-hour absolute SEL was 157.0 dB re 
1 µPa2 s compared to an estimated 142.6 dB re 1 µPa2 s in the absence of intermittent 
shipping noise.  

The study of the Lifesaver WEC began with a “baseline period” that lasted 2 weeks, 
before the installation of the device at FaBTest. It was found that mean 30-minute sound 
levels ranged from 34 dB re 1 Pa2 Hz-1 at 47,964 Hz to 113.4 dB re 1 Pa2Hz-1 at 76 Hz.  

Results from [11] suggested that Falmouth Bay (classed as having high anthropogenic 
activity) is overall quieter than other similar published sites which could be due to reduced 
contribution from distant shipping given the shape of Falmouth Bay. 

Sources of noise were found from Shipping, sonar like sounds and snapping shrimp 
during the 2-week pre-installation period.  

1.2. Installation 

The “installation period” lasted 5 days and includes all activities that were associated 
with the installation of the WEC at FaBTest, including, but not limited to the presence of 
work vessels and the laying of anchor chain. No drilling or pile driving was required, and 
hence the WEC is classed as having minimal installation requirements. This technique is 
typical for attenuator/point absorber devices that float on the sea surface [13]. Installation 
activity was noted during 20% of the recording from during the 5-day installation period.  

Installation activity was found to increase sound levels by a mean difference of 6.9 dB 
between the installation and pre-installation activity periods in the frequency range 10 Hz - 
48 kHz (comparing like for like data in terms of wave conditions). The lowest frequency 
ranges (10 – 100 Hz) was found to exhibit the greatest difference (of nearly 20 dB) between 
pre-installation and installation periods, but the loudest received levels were recorded in the 
frequency range of 100 Hz - 1 kHz. 

1.3. Operational and Non-Operational Periods 

The WEC was non-operational (ie. inactive and not producing power) during high and 
extreme wave conditions (to reduce the risk of damage to the WEC) as well as during low 
wave conditions where it shut down at wave heights 0.4 - 0.6 m Hs [14].  

Sound metrics during these periods were calculated over long time periods (either an 
entire deployment or several deployments) due to the inability to identify differences over 
a few days. Comparing operational and non-operational broadband SPLRMSs are 
inconclusive with some deployments indicating louder overall levels during operational 
activity and some during non-operational activity. This indicates that there is no overall 
effect of the WEC on the broadband SPLRMSs at this location which is likely due to the many 
other sources of noise in Falmouth Bay. From 10 Hz to 32 kHz the mean difference between 
median PSD levels during operational and non-operational activity was just 0.04 dB. 
However, this was higher between 10 Hz - 100 Hz where the mean difference was great 
than 0.46 dB. 

This low level difference has been previously noted for Wavestar and attributed to 
moving parts being located above the sea surface [5], although this particular conclusion 
was drawn from only 57 minutes of data.  

1.4. Condition-Based Monitoring 
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Acoustic Emission is a long-used technique for Condition-Based Monitoring (CBM) of 
moving parts but recently work has explored using this technique underwater and utilising 
the low attenuation of sound in water as a sound propagating tool, allowing for a remote 
sensing technique.  

The operational status and “log book” from the device developers was matched to the 
30-minute acoustic files and engineering features were able to be identified.  

The acoustic signature in Fig. 4 is the active PTO system during WEC operation. There 
are 0.5-s bursts up to 90 dB re 1 µPa2 Hz-1, mostly between 100 Hz and 1 kHz. The three 
peaks in this signal correspond to vibrations in the primary mooring system induced by high 
sea states. Their period is approximately 6 s, matching the period of oscillations in the 
primary mooring. Tonal components at 30, 60, 80 and 100 Hz, reaching 90 dB re 1 µPa2 
Hz-1 are also attributed to the device generator. This processing required very detailed time 
frequency analysis of the data, which in this case was visually inspected. This signature was 
only detected when averaged measured wave heights were above 0.9 m, the minimum 
needed for the operation of the device.  

 

 
Fig. 4: Typical acoustic signature identified due to the Power Take Off of Lifesaver WEC. 

The STFT plot (31.25 Hz frequency bandwidth, 50% overlap, flat shading) shows 
variations in frequencies with time, and the colour coding details the relative magnitude of 

the power spectrum. 

1.5. Decommission 

Although this data does not include recordings from the decommissioning period of the 
WEC at FaBTest, it can be assumed to be similar to the installation period. The use of 
vessels, movement of anchors and other equipment would be almost identical during 
installation and decommission for this WEC and therefore the acoustic signatures can be 
assumed to be very similar.  
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DISCUSSION AND CONCLUSION 

Each period of activity for the WEC has different acoustics properties that are of interest 
and therefore multiple processing techniques are required to fully understand the data. Table 
1 shows the activity periods and the length of time data was collected for. It also states the 
timescale of interest when processing the data for trend and feature identification. For 
example, pre-installation the timescale of most use for processing was 24+ hours for SEL 
calculations. During installation, intermittent periods of vessel activity led to feature 
identification on a timescale of minutes. To understand the overall effects of operational 
activity of the WEC, processing took place over entire deployments of ~90 days. This is in 
stark contrast to the processing periods for condition based monitoring where very detailed 
time-frequency analysis was required to extract features relating to engineering processes.  

 
Activity Period/Purpose Length of time 

data collected for
Timescale for data 
processing trend 
identification 

Relevant data 

Pre-installation 2 weeks Days All 
Installation (& 
Decommission) 

5 days Minutes 20% 

Operational/Non-Operational ~90 days per 
deployment 

90+ days See Fig. 3 

Condition Based Monitoring ~90 days per 
deployment 

< Seconds All 

Table 1: Timescales used for the identification of trends within different periods or 
purposes of data from the WEC at FaBTest.  

A few authors have identified interesting engineering features within acoustic data such 
as in the Lysekil Project where an incorrectly assembled WEC jut 20 m from the recording 
equipment was found to be the cause of high frequency, high amplitude bursts of sound that 
were clipped [6]. Recordings from the Pelamis device (at 333 m distance) included 
“clanking”, “banging” and a “rattling” noises that occurred throughout the data set [3]. In 
both cases, no direct link was made between the signatures found and the possibility of 
underwater acoustic emission CBM.  

The life-cycle of a WEC has not previously been studied in detail, especially the acoustic 
properties. This study presents long term acoustic monitoring of a WEC from pre-
installation to decommission and the key acoustic properties and features identifiable during 
these periods. The largest difference in sound level was between pre-installation and 
installation periods, where sound levels increased by a mean difference of 6.9 dB in the 
frequency range 10 Hz - 48 kHz. The difference between operational and non-operational 
periods was small, with the mean difference between median PSD levels just 0.04 dB (10 
Hz to 32 kHz) and 0.46 dB comparing just low frequencies (10 Hz - 100 Hz). However, on 
the short time scales required for condition based monitoring, significant 0.5-s bursts up to 
90 dB re 1 µPa2 Hz-1 are detected mostly between 100 Hz and 1 kHz.  
Future work will focus on the modelling of the signatures found here to understand their 
propagation properties in a shallow underwater environment.  
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Abstract: Wave energy has the potential to contribute to the UK’s energy mix, producing 

electricity without producing carbon dioxide. This will have benefits in combatting global 

climate change, however, the technology may have local negative effects on the 

environment. A key concern is the potential for underwater noise pollution. Wave energy 

converters are a novel technology and little is known about the underwater sounds 

produced.  

A wave energy converter (WEC; BOLT Lifesaver, Fred Olsen Ltd.) was deployed 

at the Falmouth Bay marine renewable energy test site (FaBTest). The underwater sound 

levels were recorded at this site for a two-week baseline period, a five-day installation 

period and intermittent operational and non-operational activity from March 2012 - 

November 2013 resulting in 14 months of underwater sound recordings. 

The wave energy converter sounds are often masked by shipping noise in 

Falmouth Bay. Previous research suggests the effect of this WEC on underwater sound 

during power production is minimal [1]. The aim of this paper is to test this using statistical 

models to quantify the effect of the wave energy converter on underwater sound during 

installation and operational activity.  

 

Keywords: Marine renewable energy, underwater noise, wave energy converter,  
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1. INTRODUCTION  

The UK benefits from a large potential renewable energy resource with the best wind, 

wave and tidal resources in Europe [2]. Wave and tidal energy are considered necessary if 

the EU is to meet its renewable energy targets [3] and wave energy has the potential to 

contribute considerably to the UK's energy mix [4]. In the UK, a variety of wave energy 

devices have been deployed, or are in the planning stages, in Cornwall [5], Scotland [6] and 

Wales [7]. 

The marine environment is under pressure from multiple sources including climate      

change [8, 9], ocean acidification [10, 11], pollution [12, 13] and overfishing [14, 15]. 

Therefore, there is a need to develop the marine renewable energy industry as sustainably 

as possible. Possible negative environmental effects include collision and changes to the 

benthic and water column environment [16] and a key concern is the potential for 

underwater noise to affect marine life [17]. 

Underwater sound was recorded during trialling of a wave energy converter (WEC) in 

Falmouth Bay, UK. A single passive acoustic monitoring (PAM) device recorded in close 

proximity (~200 m) to the device over a 17-month period. We compared periods of 

operational activity with periods of non-operational activity at close points in time. 

 Initial analyses suggested the effect of this WEC on underwater sound during power 

production is minimal [1]. On average, there was a negligible difference between the PSD 

levels between power production during operational activity and periods of inactive status 

during non-operational activity. However, there was an increased difference within the 

frequency range of 10 – 100 Hz [1].  

Statistical modelling, such as linear regression modelling, is routinely used in the life 

sciences; but less so in the engineering and acoustics literature. It offers advantages in 

assessing effects as they are quick to perform and indicate the direction and significance of 

relationships. Modelling was used in the open source programme R to test statistically 

whether the WEC had a detectable difference on the underwater sound levels.   

2. METHOD  

Location 

The WEC and PAM devices were deployed at the Falmouth Bay Test Site (FaBTest) on 

Cornwall’s south coast, UK (Fig. 1), a nursery test site for marine renewable energy devices. 

It is located within the Port of Falmouth, but outside a Special Area of Conservation [18]. 

After noise monitoring, a proposed Special Protection Area for wintering seabirds was also 

designated [19]. 

Falmouth Harbour and its outer Bay supports a busy commercial port with 1,193 ship 

arrivals in 2012 [20] and 738 in 2013 [21], of which most visiting vessels are tankers or dry 

cargo ships. Falmouth Bay is located adjacent to the international shipping lane through the 

English Channel. 

Host ecosystems support a diverse range of marine species including bottlenose dolphins, 

harbour porpoises [22], basking sharks [23], grey seals and fish along with Annex 1 EU 

Habitat Directive habitat and species including reef features and Maerl. 
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The wave conditions at FaBTest range from 2 - 11 s wave period and from 0.1 - 6 m 

significant wave height (Hs; average of the tallest one-third of the waves) from March 19th 

2012 to 5th March 2014. 

The WEC 

The WEC is a point absorber developed by Fred.Olsen Renewables (Fig. 1). BOLT 

Lifesaver has three power take off (PTO) units, positioned above the sea surface, which are 

each moored independently to the seabed, on a ring-shaped hull which has a diameter of 16 

m [24]. During the trial at FaBTest, the WEC was inactive and not producing power during 

high and extreme wave conditions as well as during low wave conditions where it shuts 

down at wave heights of 0.4 - 0.6 m Hs and below [25]. There were a total of 1,468 

production hours and the longest continual power production period was 24 days [25]. 

 

Fig.1: The Fred.Olsen BOLT Lifesaver wave energy converter deployed at FaBTest. 

The PTOs are marked with downward arrows. Picture credit: 2013 Duncan Paul, 

Falmouth Harbour Commissioners 

Passive acoustic monitoring 

 

Two Autonomous Multichannel Acoustic Recorders (AMA$ G2; Jasco Applied 

Sciences Ltd.; 24-bit recording using manufacturer-calibrated GeoSpectrumM8E 

hydrophones) were deployed alternately at the FaBTest. They were programmed to record 

for the first 30-mins in every hour from June 2012 – November 2013 at a sampling 

frequency of 64 kHz (effective recording frequency range 10 Hz – 32 kHz). A pistonphone 

was used (type 42AC; G.R.A.S., Denmark) to test the system's response at 250 Hz, which 

was a maximum of 1.3 dB different to the expected value by the end of the study. AMARs 

were deployed using a syntactic foam flotation collar (Jasco Applied Sciences Ltd), with 

the device floating in the water column ~10–15 m from the seabed at depths ranging from 

approximately 30 to 45 m. The hydrophone on each AMAR was covered in a cloth shroud 

(hat). This shroud was used in all but the first deployment (Table 1). 
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Deployment 

number 

Date of deployment Position 

(degrees; 

WGS84) 

Number of days 

of recording 

Number of 

30-min files 

1 13th June–20th 

August 2012 

N50.098889 

W04.995278 

68.0 1634 

2* 20th August–8th 

November 

2012 

N50.100409 

W04.996118 

81.4 1954 

3* 8th November 

2012–9th 

January 2013 

N50.100633 

W04.995900 

62.1 1489 

4* 9th January–11th 

March 

2013 

N50.101256 

W04.996308 

61.4 1474 

6* 4th June–8th 

August 2013 

N50.100283 

W04.997333 

77.0 1848 

7* 8th August–4th 

November 

2013 

N50.100167 

W04.998050 

98.2 2311 

*During deployments 2 to 7, the hydrophone cage was covered with a cloth shroud to 

reduce flow noise. 

Table 1: Deployment history of AMARs in Falmouth Bay. 

Acoustic data processing  

Custom MATLAB scripts were developed to process the acoustic data (The Mathworks, 

Massachusetts). A fast Fourier transform (FFT) function was applied to the waveform data, 

in 1 s segments with a 50% overlap using a Hann window. The hydrophone response curves, 

provided from the manufacturer’s calibration, were interpolated to provide hydrophone 

sensitivity value per 1 Hz and used to calibrate the data. A scaling factor of 0.5 was applied 

which removes the effect of the Hann window on the resulting amplitude [26]. A noise 

power bandwidth correction of 1.5 was also applied to give the frequency resolution of 1 

Hz [26, 27]. The mean of the square pressure values (pRMS) were calculated per minute per 

Hz and stored. Once all averaging was completed, the square pressure values were converted 

into decibels (dB) with a reference pressure of 1 µPa. 

To calculate third octave levels for each 30-min acoustic recording, the mean minute 

square pressure values were summed together, within the frequency bands to give a third 

octave level per band for 1 minute for every half hour file. Third octave bands with the 

centre frequencies 63 Hz and 125 Hz have been identified as the indicators for the EU’s 

Marine Strategy Framework Directive (MSFD) under Descriptor 11; energy and noise. The 

resulting values were then converted to dB, once all processing and averaging was 

completed. The mean square pressure (pRMS
2), or arithmetic mean, has been used in line 

with the latest recommendations [28]. 

Broadband sound pressure levels (SPLRMS) were calculated for overlapping (50%) 1-s 

segments. These were averaged (median) for each 30-minute sound file before being 

converted to decibels.  

Differences in sound levels were calculated by subtracting a set of mean or median 

values per 1 Hz from another in decibels to give a difference in sound levels in decibels per 

1 Hz. 
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Tide and wave data  

Tidal data (flow rate; metres s−1) for the location of the AMAR deployment were 

obtained from the POLPRED depth-averaged high- resolution UKCSModel CS20-15HC 

(horizontal resolution approximately 1.8 km; National Oceanography Centre (UK)).Wave 

height data were obtained from a Seawatch Mini II directional wave buoy (Fugro 2010) 

deployed at the FaBTest site, approximately 150 m from the AMAR location. The wave 

buoy sampled at a frequency of 2 Hz for 1024 s every 30 min. These data were processed 

using proprietary software (WaveSense, Fugro OCEANOR AS, Norway) to provide a mean 

significant wave height for each 30-min period [29]. 

Statistical analyses  

30-minute sound files were assigned “Operational” status where at least one PTO was in 

active status. Where the device was inactive, the status “Non-operational” was assigned. 

Information regarding status was provided by the device developer. Data were excluded 

from this analysis where the wave height was <0.5 m as the WEC did not produce power 

below this height. This resulted in 3,192 datapoints for non-operational status and 1,832 

datapoints for operational status.  

Linear mixed effects modelling was used in the R environment using the package lme4 

[30]. The mixed effects approach facilitates the inclusion of random effects, as well as the 

fixed effects (the explanatory variables of interest). We include the deployment number as 

a random effect, to take into account potential differences in deployment characteristics 

such as location. We modelled the deployments with varying intercepts, or mean values. 

The mean sound levels varied with season so this was also included as a random effect. The 

status, wave height and tide speed were included within the model as fixed effects.  

The median SPLRMS were tested for autocorrelation and was found to be present. 

Autocorrelation within variables can increase type I errors, where the null hypothesis is 

rejected (no relationship) when it is true [31]. 

Subsets of data were modelled with increasing time intervals. The model residuals (the 

difference between the predicted and observed values) were checked for autocorrelation. 

An interval of 4 hours was chosen as this reduced autocorrelation in the residuals while 

maintaining a sufficient sample size.  

RESULTS  

Broadband SPL  

The median sound level during non-operational activity, for all data points with wave 

height >0.5 m Hs was 105.1 dB re 1 µPa. The median sound level during operational activity 

for all data points with wave height >0.5 was louder at 105.3 dB re 1µPa. However, the 
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model results indicate that this increase in sound level was not related to operational activity 

(Table 2). 

Status, wave height and tide speed all had a significant effect on the median broadband 

sound level. This relationship was positive with wave height and tide speed, where tide 

speed and wave height increase the sound level also increases. However, the operational 

status was found to be associated with quieter levels of underwater sound as compared to 

non-operational status (Table 2). 

The median wave height for operational activity was 1.1 m Hs, this is greater than the 

median wave height during non-operational activity of 0.9 m Hs. This could explain the 

increased sound level during operational activity as compared to during non-operational 

activity.  

The correlation between the fitted values and the observed values is considered 

reasonable (Spearman’s rank correlation, ρ= 0.58, p<0.001) 

  

Fixed effect Estimate Standard error df t value p value 

Status (Operational) -0.514 0.21 1228.9 -2.41 0.016 

Wave height (Hs; m) 0.581 0.17 1343.5 3.34 0.001 

Tide speed 3.046 0.56 1341.1 5.40 <0.001 

Table 2: Model results for median broadband SPLRMS for operational and non-

operational activity. 

Third octave levels 

The median third octave level with centre frequency of 63 Hz was 79.4 dB during non-

operational activity and was louder at 81.0 dB during operational activity. However, the 

results from the model indicate that the contribution from the wave energy converter is not 

significant (p is >0.05).  

As with the broadband SPLRMS, both the wave height and tide speed had significant 

positive effects on the 63-Hz band third octave level (Table 3).  

The correlation between the fitted values and the observed values was lower than 

observed for the broadband SPLRMS (Spearman’s rank correlation, ρ=0.50, p<0.001).  

 

Fixed effect Estimate Standard error df t value p value 

Status (Operational) 0.301 0.39 1347.5 0.767 0.443 

Wave height (Hs; m) 4.568 1.09 1344.8 4.187 <0.001 

Tide speed 3.370 0.33 1348.0 10.065 <0.001 

Table 3: Model results for third octave levels with centre frequency 63 Hz for 

operational and non-operational activity. 

 

DISCUSSION 

The modelling results support the initial analyses which suggested that operational 

activity of the wave energy converter had overall a minimal effect on the underwater sound 

levels in Falmouth Bay, UK. Surprisingly, the model results indicate that the median 

broadband SPLRMS were quieter during operational activity as compared to non-operational 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page 826i



 

activity. The reasons for this are unclear, but could be related to the wave height as the wave 

energy converter was switched off during the highest waves.  

Further work includes testing additional sound parameters and refinement of the 

modelling method. However, statistical modelling in R represents a useful method to assess 

the effect of renewable energy on underwater sound.  
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Abstract: The effect of pile driving noise on the marine environment is an important factor 

in environmental impact assessment of planned marine structures, such as ports, bridges 

or offshore wind farms. Numerous models have been developed to predict the noise levels 

to be expected from such activities and to advise suitable mitigation measures to concur 

with different national and international regulation. A recurring problem in the validation 

of such models is the availability of acoustic measurements, as this is both costly to obtain 

and difficult to share across different research groups due to commercial sensitivity. To 

address this problem and compare a number of existing models, the first COMPILE 

workshop was organized by the Hamburg University of Technology (TUHH) and the TNO 

in 2014. A generic benchmarking case was then specified to compare various modelling 

approaches. Simulation results were compared at various depths and ranges between ten 

meters and fifty kilometres and the broadband results of all models were found to be in 

very good agreement, for this relatively simple case. In this contribution, the benchmark 

case for a second workshop (COMPILE II) is presented. The COMPILE II case was set up 

by TUHH, TNO and E.ON Climate & Renewables and is based on a real-life example, 

allowing for a model validation based on measurements. A detailed discussion of all 

relevant model parameters for the pile and the environmental conditions will be given as 

well as a description of the desired model outputs for later comparison to measured 

quantities. 

Keywords: Pile Driving, Numerical Simulation, Benchmark, Validation 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  829



 

1. INTRODUCTION  

Offshore pile driving is the state of the art foundation technique for many offshore 

structures, such as harbours, jettys, and offshore wind farms. The emitted noise levels 

from such marine pile driving activities are an environmental concern due to the 

potentially high encountered sound pressure levels, cf. de Jong and Ainslie [1], Lippert et 

al. [3], Halvorsen et al. [3], Dähne et al. [4], or Kastelein et al. [5]. To evaluate potential 

risks and to configure suitable mitigation measures, accurate noise level predictions for 

planned marine constructions are a key requirement. 

 

Several numerical models have been developed for the prediction of the impulsive sound 

field from impact pile driving, see for example Reinhall and Dahl [6], Zampolli et al. [7], 

Tsouvalas and Metrikene [8], Lippert and von Estorff [9], or Fricke and Rolfes [10]. 

  

Comparing the different existing models is complicated by the absence of an analytical 

solution for the problem, on the one hand, and often the lack of available measurement 

data, on the other hand. The absence of measurement data is in large parts due to the fact 

that performing the offshore measurements needed to fully validate a numerical model is 

very cost intensive. In addition, the majority of the existing data on marine pile-driving 

noise have restricted availability for public use due to confidentiality agreements.  

 

To compare the different existing models, the use of a generic benchmark case was a 

first step, which led to the definition of such an example and the organization of the first 

COMPILE workshop. In June 2014, the workshop took place at the Hamburg University 

of Technology (TUHH), with seven different models, contributed by international research 

groups from six different countries. The comparison was based on a generic benchmark 

case without noise mitigation, and the results of all presented models we found to be in 

remarkable agreement for this rather academical example. A case description, as well as a 

short description of each model and a comparison of the main results can be found in 

Lippert et al. [11]. 

 

At the end of the workshop, it was agreed by all participants that a real-life offshore 

example and actual measurement data would be the logical next step. Such data has now 

become available, provided by E.ON Climate & Renewables. It forms the basis for the 

COMPILE II case, which will be described in the following. Measurement data for model 

validation is available at the (in Germany) mandatory 250 m, 750 m, and 1500 m distances 

at a height of 2 m above the seafloor . Representative sound pressure time series, and one-

third octave (base 10) (i.e., decidecade) band spectra will be derived from 25 consecutive 

hammer blows. Consequently, the series’ maximum, minimum, and mean SEL / SPLpeak 

as well as their standard deviation will be provided for model validation. 

 

All relevant information will also be made available at 

https://www.tuhh.de/mub/compile. 
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2. DESCRIPTION OF THE COMPILE II CASE 

In the present case, a real-life pile driving scenario without noise mitigation measures will 

be considered and measurement data will be used for validation of the final model results. 

The task focuses on calculating SELs and SPLs for a real-life pile driving configuration. 

Optionally, depth-dependent intensities and energy fluxes can be determined to provide a 

better model insight. In contrast to the first COMPILE case, cf. Lippert et al [11], many of 

the relevant modelling parameters are deliberately not explicitly dictated within this 

document.  

 

Instead, participants have to decide on how detailed certain problem aspects should be 

modeled and derive the modeling input, which is required for their specific modeling 

approach, from information that is typically available for a noise prognosis prior to pile 

driving. 

 

Pile geometry and used hammer 

 

The general shape of the pile has been chosen corresponding to the real-life pile for which 

the measurements were taken. It consists of two cylindrical and one conical section and is 

schematically depicted in figure 1, alongside an indication of the bottom parameters. The 

geometric parameters are defined in table 1. The pile material is steel.   

 

For those strikes that will be used for the validation of the modelling results, the pile was 

driven using the impact hammer Menck MHU-3500S, with an energy of 1525 kJ. 

 

In contrast to the first COMPILE case, no specific forcing function is given for the second 

case, but only the used hammer type. The corresponding forcing functions can e.g. be 

derived using GRL-WEAP or similar models or by any other approach deemed to be 

appropriate by the participant. If participants do not have access to such models, 

Alexander Gavrilov from Curtin Universities Centre for Marine Science and Technology 

kindly offered to provide his Matlab code to derive an approximation of the forcing 

function (A.Gavrilov@curtin.edu.au). 

 
Fig.1: Schematic overview of the pile geometry and environmental parameters 
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Table 1: Geometry parameters of the pile 

 

Property Symbol Unit Value 

Total pile length  m 75 

Pile penetration depth  m 30 

Pile segment 1 

Segment length  m 42 

Pile outer diameter  m 6.5 

Pile wall thickness  m 0.09 

Pile segment 2 

Segment length  m 20 

Pile outer diameter  m Linear interpolation (6.5-5) 

Pile wall thickness  m 0.09 

Pile segment 3 

Segment length  m 13 

Pile outer diameter  m 5 

Pile wall thickness  m 0.09 

 

 

Environmental conditions 

 

The water depth at the pile is Hpile = 39 m. At the first sampling point at 245 m distance, 

the water depth is H1 = 39 m, at the second sampling distance at 747 m the water depth is 

H2 = 37 m and at the third sampling distance at 1481 m, the water depth is H3 = 32 m.  

 

For all depths further than Position 3 (for which no measurement data is available 

anymore), a generic constant depth of 32 m is to be assumed. In between the specified 

ranges, the depth can be obtained by linear interpolation. The water column can be 

assumed to have an iso-velocity profile.  

 

From a geo-technical survey at the pile location, the soil data indicated in figure 1 and 

table 2 could be derived, given as qualitative description and measured cone resistance qc. 

For a more detailed discussion of the properties of the different mentioned soil types, see 

Wentworth [12], Adeyeri [13], Shepard [14, p. 151-158] and Schlee [15]. 

 

Table 2: Geo-technical survey data 

Depth [m] Type1  Approx. qc [MPa] 

0 – 5 Loose to medium dense sand 0 - 10 

5 – 6.5 Dense to very dense sand 10 - 40 

6.5 - 9 Sandy clay 10 

9 – 11.5 Dense to very dense sand 10 - 40 

11.5 – 19 Sandy clay 10 

19 – 35.5 Very dense, silty sand > 50 

35.5 – 50.5 Medium dense to very dense silty sand 20 - 50 
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Sampling points and quantities 

 

Mandatory sampling distances for this case have been chosen in accordance with the 

existing measurement data and are depicted in figure 2 (left side). Note that all depicted 

evaluation points are relative to the seafloor at each specific range. This is accounting for 

the fact that all measurements were taken 2 m above ground. Relative to the sea surface 

this means that at 250 m the receiver is located in a depth of 37 m, at 750 m it is in a depth 

of 35 m and at 1500 m and 5000 m distance it is in a depth of 30 m. 

 

Sampling distances and sampling depths have been chosen according to relevant research 

and international offshore wind turbine foundation requirements. Following the 

conventions of COMPILE I, all distances and heights have been defined with respect to 

the pile center and seafloor (at the pile), respectively. 

 
Fig.2: Left: Mandatory sampling points / Right: Optional sampling points 

 

 

In figure 2 (right side), the optional sampling points are depicted. All participants are 

encouraged to also provide the quantities of acoustic time pressure p(t), sound exposure 

level (SEL) and peak sound pressure level (SPLpeak) at these points. 

 

The sound exposure level (SEL) is defined as  

 

 
 

with  and . The zero to peak sound pressure level is defined as  

 

 
For the above equations, the sound pressure p(t) is understood to be low-pass filtered in 

the frequency range 0-2.5 kHz. The time window should be long enough to contain most 

of the energy of a blow. At the same time, it should be kept to a minimum to prevent 

calculation times that are unnecessary long/impractical. From different measurement 

results it can be observed that the spectral density falls off quickly above 2 kHz. In order 

to capture information for acoustic frequencies at least up to 2 kHz, all models should 

yield pressure and velocity solutions with a time step of 1/5000 s (corresponding to a 

Nyquist frequency of 2.5 kHz) or smaller. 
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The sound pressure spectrum resulting from the Fourier transform 

 

 
 

should also be provided, as well as the SEL in decidecade bands (see ISO 18405 
definition). 
In addition to these quantities, all participants are encouraged to compute all or some of 

the following quantities. The particle velocities vr(t) and vz(t) and their frequency domain 

counter parts defined as,  

 

 
 

 
 

In analogy to the first COMPILE case, it is also encouraged to compute the time-

integrated intensity vector I,  

 

 
 

and the time-integrated equivalent plane wave Intensity Ieq, 

 

 

 

at the points specified in figure 2, and the energy flux through a cylindrical surface 

concentric with the pile E,  

 

 
 

and the time integrated equivalent plane wave energy flux (based on equivalent plane 

wave intensity) Eeq, 

 

 

at the ranges specified in figure 2. 
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3. SUMMARY 

With this real-life benchmark case and the direct comparison of the modelling results to 

actual measurements, it is believed that valuable insights can be gained both on the  

underlying physics and the applicability and limitations of the different modelling 

approaches. 

 

All interested institutions and companies are invited to join the workshop and submit 

results for the described case. Currently, the workshop is scheduled for 14 November 2017 

in Hamburg, Germany. If you wish to receive further information or have any further 

questions please visit https://www.tuhh.de/mub/compile or send an email to 

s.lippert@tuhh.de, marten.nijhof@tno.nl, and tristan.lippert@tuhh.de. 
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Abstract: Baseline ambient sound level assessment is important in quantifying the potential 
impacts of additional noise contributions from tidal energy infrastructure on the marine habitat. 
Static acoustic sensing in high-flow conditions is complicated by flow-noise, or pseudo-sound, 
generated by low frequency pressure fluctuations due to turbulent flow over the surface of a 
hydrophone.  In October 2016, a four-element horizontal hydrophone array was deployed in the 
Minas Passage in the Bay of Fundy during a period from maximum ebb to slack tide.  Minas 
Passage experiences turbulent flow with mean speeds greater than 2 m/s and a tidal range 
greater than 13 meters and is the site of an in-stream tidal energy test facility.  Observations of 
spectral slope and horizontal spatial coherence are used to track the masking effect of 
turbulence across frequency and flow speed.  The array's performance is quantified by an 
empirical relationship between current speed and the critical frequency, defined as the frequency 
at which flow-noise ceases to mask the true ambient noise.  Coherent processing (beamforming) 
is applied and shown to improve the performance of the array by exploiting the incoherent 
nature of the flow-noise.  Array measurements were compared against simultaneous co-located 
single hydrophone Lagrangian (drifting) measurements.  The baseline ambient noise field is 
assessed and a quantitative prediction of low frequency performance of an array with an 
arbitrary number of elements is proposed. 

Keywords: Flow noise, ambient noise, acoustical array, tidal channel, and passive acoustic 
monitoring 
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1. INTRODUCTION  

Tidal power utilities are currently leasing seafloor space within the Minas Passage in the Bay 
of Fundy with aspirations of converting the energy of the region's tidal currents into electricity, a 
trend that has been supported by favourable projections of the Passage's tidal energy capacity [1]. 
Stakeholders, regulators, and tidal power companies are interested in establishing baseline 
ambient noise measurements in the Minas Passage, against which turbine noise pollution will be 
measured. However, the utility of ambient sensing is limited by pseudo-sound, or flow noise, 
generated on the surface of a hydrophone in turbulent water. Barclay and Buckingham [2] 
describe the exploitation of uncorrelated flow noise to identify pseudo-sound in deep ocean 
ambient noise measurements. The objectives of the present research are: (1) Use spectral analysis 
and spatial coherence to identify and characterize flow noise at low frequencies (< 500 Hz) and 
(2) use coherent averaging (beamforming) to improve the performance of a linear hydrophone 
array by suppressing flow noise and enhancing the measurement of ambient noise. 

2. FIELD WORK 

Field work was completed on October 27, 2016, near the Fundy Ocean Research Center for 
Energy (FORCE) site in the Minas Passage of the Bay of Fundy. The deployment period spanned 
roughly four hours, from 12:00 ADT to 16:00 ADT. This experimental window captured the 
transition from ebb tide to slack tide.  

A linear hydrophone array was streamed behind the MV Nova Endeavour, which was 
anchored to the seafloor in the Minas Passage. The array was positioned 15 meters below the sea 
surface using a depressor. Four hydrophones were simultaneously sampled over a four hour 
period and processed by an analog-to-digital converter (ADC) on board the MV Nova 
Endeavour. The linear array was constructed by GeoSpectrum Technologies, and contains four 
sequentially spaced hydrophones with a horizontal configuration. Each hydrophone pair is 
separated by a distance d = 17 cm. The array hydrophones were set to simultaneously sample at a 
rate of 96.038 kHz with an acoustic bandwidth of 48.019 kHz. 

3. DATA ANALYSIS 

The output of a hydrophone is defined as  

)()()( tnttx iii   
(1)

where xi is the recorded time series on each ith hydrophone, σi is the sound field's ambient 
components, and ni is the locally generated flow noise. Importantly, ni and σi are uncorrelated. 
Furthermore, the inherent randomness of flow noise makes ni incoherent with respect to nj.  

The power spectrum, or spectral density, is defined as 
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where Xi is the Fourier transform of xi, ω is angular frequency, * denotes a complex conjugate,  
< > indicates an ensemble average, and T is the observation interval. All Fourier transforms are 
windowed by a Hann function. The Fourier transform is 216 points long and contains 99 degrees 
of freedom. 

Locally generated flow noise and the ambient sound field are inseparable, however we can 
describe their relative prevalence with the theoretical signal-noise ratio (SNR) where we are 
defining ambient sound as the signal, and flow noise as the noise. By taking the Fourier 
transform of (1) and substituting into (2), we find the SNR for a single hydrophone (SNRH):  
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We use a broadside beamformer to coherently average the channels on a linear array. Since we 
are measuring ambient noise in an axially symmetric environment, this is an appropriate choice. 
The SNR for the coherent array (SNRA) is 
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where l is the number of elements across the array, d is the nearest neighbour element separation, 
and c is the local sound speed. Comparing (5) to the result derived for a single hydrophone, 
given by (4), we see that the beamformed array improves the signal-to-noise ratio by a factor of 
K/l. Furthermore, (5) indicates that array performance improves with an increasing number of 
hydrophones, l. For an array with 4 elements, at broadside, K/l = 7/4. 
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The broadside beamforming analysis applied to the linear array generates artificial spectral 
density gain. As a result, an array gain formula is applied to the beamformed results to correct 
the inflated values. The array gain formula presented here is adapted from Cox [3], such that 

lAG log20  
(8)

 
4. RESULTS 

Signal levels (Fig. 1) are relatively high in fast flowing water and low in slow flowing water. 
The mid-to-high-frequency band is less affected by flow noise and is quiet relative to lower 
frequencies (< 10 Hz). Evidently, flow noise is prevalent below 100 Hz.  The wind speed varied 
between 3.2 and 6.2 m/s with a mean of 5.0 m/s. The hydrophone power spectrum contains 
multiple episodes of mid-frequency noise. These signals are attributed to ship noise generated by 
the small vessel used in the GuardBuoy drifter tests. Additionally, the abrupt shift in spectral 
density at 90 minutes is due to equipment reconfigurations.  

The PSPD, adapted from Merchant et al. [4], facilitates the broad-scale assessment of a 
hydrophone's spectral density over entire deployment periods. The PSPD for each hydrophone 
on the array are constructed by compiling histograms across the entire deployment period.  

The PSPD follows a spectral slope of f--5/3 below 10 Hz, behaviour analogous to 
Kolmogorov's turbulence theory. A steepened spectral slope of f-m, previously identified by 
Bassett et al. [5] (where m > 5/3), persists between 10 and 100 Hz, a result of small-scale 
turbulence. The PSPD results show that ambient noise is dominant above 300 Hz, where signal 
levels are markedly low. An electronic system noise floor persisted at about 60 dB re µPa 
throughout the deployment.  

We define the spectral critical frequency as the frequency at which the flow noise and ambient 
noise contributions to the recorded signal are equal in power. As such, the spectral critical 
frequency marks the transition from the flow noise region to the ambient noise region in Fig. 2. 
Below the spectral critical frequency flow noise signal contamination is severe and above the 
spectral critical frequency the signal is composed of a mixture of both flow and ambient noise. 
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Fig 1: Power spectrum for channel 0 on the array. The spectrum is plotted over the 
deployment period across a range of low-to-mid frequencies. The spectrum begins at maximum 

ebb tide and ends shortly after slack tide, as shown by the current speed time series. Power 
decreases with current speed over the deployment period. 

 

 
 

Fig 2: Fixed single hydrophone power spectrum probability density over the entire 
deployment period. Turbulent flow noise is prevalent < 10 Hz (where wavelengths >> sensor 
size), with a spectral slope of f-5/3, while turbulence interacting with the hydrophone's finite 
volume (in the 10 Hz to 100 Hz band) yields a spectral slope of f-m. The ambient sound field 

dominates at frequencies > 300 Hz. Coloured lines represent individual spectra recorded at the 
time after deployment indicated in the legend. 

 
Flow noise is uncorrelated and propagating ambient noise is highly correlated at low 

frequencies. Therefore, the spatial coherence results (Fig. 3) are partitioned into two distinct 
regions: a flow noise region and an ambient noise region. Visual assessment suggests that flow 
noise is consistently present at low frequencies and can be prominent at higher frequencies (> 
600 Hz). Such coherence boundaries are the basis of the coherence critical frequency, which is 
the highest frequency at which flow noise can be detected. 
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Fig. 3: Spatial coherence over the experimental period. Magnitude coherence is expected to 

tend to unity as the fixed hydrophones become relatively co-located. However, uncorrelated flow 
noise on each phone breaks that relationship. The extent of incoherent flow noise increases with 
current speed. Channel 0 - 1 (a) and 0 - 3 (b) are shown as examples. Results hold to all other 

channel combinations. 

The spectral critical frequency of the coherent array output is compared to the fixed single 
hydrophone spectral and coherence critical frequencies in Fig. 4. The standard deviations of the 
spectral slope and spatial coherence critical frequency regressions were extracted from the 
averaged fits, while the standard deviation of the coherent array critical frequency regression was 
calculated from the data during the regression. 

The coherence critical frequencies are relatively high, while spectral critical frequencies (both 
fixed single hydrophone and coherent array) are relatively low. This is attributed to the more 
sensitive nature of the coherence-based method. Above coherence critical frequencies we can be 
confident that there is no contamination of the ambient noise field by flow noise. Conversely, the 
fixed single hydrophone and coherent array spectral critical frequencies show where flow noise 
and ambient noise have equal power. The coherence and spectral critical frequencies serve as the 
respective upper and lower bounds of different noise regimes. Importantly, the coherent array 
output contains significantly lower critical frequencies than the fixed single hydrophone, 
indicating that the broadside beamforming approach lessens the extent of flow noise within the 
measurements.  

Fig. 5 illustrates the relationship between spectral critical frequency and the number of 
hydrophone elements on an array across a range of current speeds. We observe an inverse 
relationship between spectral critical frequency and hydrophone count showing and increasing 
ability to measure low frequency noise with an increase in number of array elements. 
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Fig. 4: Comparison of fixed single hydrophone spectral critical frequency (green), array 
spectral critical frequency (blue), and coherence critical frequency (red) as a function of current 
speed. Uncertainties are one standard deviation (shaded). Coherence critical frequency, f’c, 
separates region I, where flow noise is negligible, and region II, where flow and ambient noise 
are both present, while spectral critical frequency, fc separates regions II and III, where flow 
noise dominates. The coherent array effectively suppresses flow noise, as indicated by its lower 
boundary relative to the fixed single hydrophone.  

 
 
Fig. 5: Relationship between spectral critical frequency, fc, and the number of elements on a 

linear array over a range of current speeds. Dashed lines are lines of best fit for each current 
speed fc distribution and have been extended to illustrate the marginal benefit of a longer array. 
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Abstract: To achieve image-quality resolution, imaging sonars operate in the ultrasonic 
regime at frequencies on the order of 300 kHz up to 1.5 MHz. Although there are no known 
instances of harm or adverse effects caused by imaging sonars to divers, it is known from 
diagnostic ultrasound that human exposure to ultrasonic energy can be harmful. The risks 
identified in diagnostic ultrasound have apparently never been examined for imaging 
sonars. The risks posed by a diver hand-held imaging sonar are examined here in light of 
the metrics used in diagnostic ultrasound, especially the thermal and mechanical indices 
(TI and MI respectively).  One imaging sonar in particular is assessed. Its ultrasonic field 
was characterized by direct measurement under anechoic conditions at the Defence R&D 
Canada Acoustic Calibration Facility and MI and TI were conservatively applied to assess 
the risk of harm to divers who may be exposed to the ultrasonic beam of the sonar during 
dive operations. This report reviews the exposure characteristics of ultrasonic fields and 
their connection to metrics commonly used by sonar engineers, the indices of diagnostic 
ultrasound, the experimental setup and results, and the implications for safe standoff and 
exposure time. The methodology can be applied to other ultrasonic sonar makes, models 
and technologies for imaging sonars and diver detection sonars. 

Keywords: Imaging Sonar, Diver Handheld Sonar, Ultrasonic Safety, Diver Ultrasonic 
Safety   
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1. INTRODUCTION 

Imaging sonars provide visual-style real-time imaging of an underwater scene. They 
operate in the ultrasonic regime, at frequencies on the order of 300 kHz up to 1.5 MHz, 
depending on the imaging technology used. The high frequencies are required to achieve 
relatively high acoustic resolution of a scene (typically less than 1 ⁰ beam resolution) in a 
compact, light-weight low power sonar transducer. They are among highest frequencies 
used by sonars. There are no known cases of harm or sensation of effect caused to divers by 
imaging sonars. From medical diagnostic ultrasound, however, it is known that exposure to 
ultrasonic energy can be harmful. The ultrasonic risks of diver exposure have never been 
examined. Existing sonar safety recommendations focus on hearing and underwater blasts 
(references [1] to [5]), which do not apply to ultrasonic sonars.  

The purpose here is to summarize the assessment [6,7] of the ultrasonic safety for the 
Teledyne Blueview P450-45 series imaging sonar in Fig. (1), which features in a version of 
the diver hand-held sonar package made by Shark Marine Technologies (not shown) that is 
currently deployed for operational use by the Canadian Fleet Diving Unit. The method used 
for that sonar could be applied to other classes of imaging sonars. 

 

 
Fig. 1: The Teledyne BlueView P450-45 sonar head [8]. Two mounting positions were used for anechoic 
ultrasonic field measurements: horizontal mounting (left) for far-field measurements (beyond 2 m from the 
sonar face), and vertical mounting (right) for near-field.. The sonar beam direction (axis)  is indicated by the 
arrow.  

The P450-45 sonar operates in the 300 kHz to 600 kHz frequency band. Two similar 
blazed (echelon) arrays are collocated in the sonar head, covering the right and left 
horizontal fields of view, roughly 22.5 ⁰ to either side of the sonar axis. The patented 
technology splits the broad frequency spectrum into angular beams of different frequency. 
Overlapping 500 kHz beams from both arrays are directed along the axis of the sonar, and 
300 kHz beams are directed toward the outer edge of sonar coverage. The ultrasonic metrics 
deal mainly with the ability of the field to heat and disrupt the biomaterial through which 
the ultrasound propagates. The sound field metrics used here are taken from the sonar [9,10] 
and ultrasonic literature in references [11] to [16]. 

2. ULTRASONIC THREMAL INDEX 

Ultrasonic waves are potentially harmful through the heating delivered to biomaterial, 
which depends on the intensity of the ultrasonic sound waves, on the absorption of that 
energy by the biomaterial, and on the time duration of exposure. The risk of harm is 
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correlated with the intensity of the ultrasonic waves, particularly with the spatial-peak 
temporal-average intensity . Safety guidelines in ultrasonic diagnostics set maximum 
limits on the Thermal Index ( ) defined [11, 19-25] as the energy  of the ultrasonic waves 
delivered to a location in the body, divided by the energy ⁰ that, under the same test 
conditions, would raise the temperature of bone or tissue by 1 ⁰C.  

Diagnostic ultrasound uses three different classes of thermal indices [12, 19] for soft 
tissue, bone, and cranial bone, based on different thermal model absorption and specific heat 
for each. Since any part of a diver may be exposed to the sonar beam under uncontrolled 
conditions, a new model of heating was required. The general method of thermal modelling 
was developed for diagnostic ultrasound in [11, 15] was adapted in [26] to diver exposure 
under uncontrolled exposure conditions, with the result that < _ ° ,   in which _ ° = 1ln 10 ∆    Wcm  (1) 

in which  is the spatial-peak pulse-average acoustic intensity of the sonar in W/cm2 
(i.e., highest intensity measured in the ultrasound beam averaged over the time duration of 
the pulse), _ °  is the  conservatively estimated in [26] to raise the biomaterial of 
the diver by 1 °C,   is the ultrasonic frequency expressed in MHz,  is the pulse length 
in seconds,  is the ping frequency in Hz, and ∆  is the exposure time of the diver in 
seconds. Example values of _ °  are given in Table (1). Here _ °  errs on the safe 
side inasmuch it assumes that the diver biomaterial is particularly susceptible to heating—
a combination of the high ultrasonic energy capture (the attenuation) of bone together with 
high temperature sensitivity (low heat capacity) of fat—, and it assumes that the diver is 
motionless in a stationary sonar beam, without a dive suit or equipment, while nevertheless 
undergoing no cooling (neither diffusion or perfusion of heat). These assumptions suffice 
if, as we shall see, the resulting conservative safety recommendations to not significantly 
impact the operational use of the sonar.  

 

 
Table 1: Example _ °  conservatively estimated three ultrasonic sonars in [26]. The 

blazed array sonar is the P450-45 sonar assessed in this work. 

3. ULTRASONIC MECHANICAL INDEX 

Ultrasonic waves are potentially harmful through the mechanical effects that they may 
have, which include (1) macrostreaming (induced flow) in vessels filled with a moderately 
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absorbing liquid due to the transfer of momentum from the propagating wave to the liquid, 
and (2) harmful energy released in the collapse of transient gas bubbles by means of 
cavitation, causing capillary haemorrhaging in soft tissues [13, 15, 31]. The risk of 
mechanical harm is correlated with the mechanical index [12, 13, 18] = _  (2) 

in which _  is the peak rarefaction (under) pressure expressed in MPa. For divers, 
there is a risk of bubble formation in the blood during decompression. The mechanical 
bioeffects of ultrasound generally increase with the presence of bubbles and air cavities 
[29]. 

 
 

Fig. 2: (Left) example spectrogram and time series 4 m on axis of the sonar in relative 
units. (Right) Measurements of sound pressure level (SPL) on the axis of the sonar. 

4. ULTRASONIC SAFETY RECOMMENDATIONS 

Leading safety recommendations for diagnostic ultrasound are summarized in references 
[12, 19, 20, 21, 24, 25]. The Canadian Ministry of Health [19] safety recommendations will 
be used here, namely: 
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5. RESULTS 

Space does not permit a detailed account of measurement method and results. The full 
report [6] should be consulted for details. Fig. (2) illustrates the kind of time domain wave 
forms that were measured and the sound pressure level (SPL, dB re 1μPa) measured along 
the axis of the sonar. The resulting safe exposure time and distances (the main result of the 
work) are summarized in Fig. (3) in terms of the thermal and mechanical indices computed 
from the measured data. 

 
Fig. 3:  The safe exposure time and distance, conservatively estimated, for a diver 
on the axis of the P450-45 sonar. 

6. CONCLUSIONS AND RECOMMENDATIONS 

The main result is Fig. (3). It shows that:  
1. The strongest ultrasonic exposures occur along the axis of the sonar beam, with higher 

exposures closer to the sonar face.   
2. At all distances from the sonar, the ultrasonic effects fall within the safety 

recommendations for mechanical effects (mechanical index < 1.9), and for thermal 
effects under continuous exposure of 1.63 minutes or less (thermal index < 1.5). 

3. At distances greater than 1 m from the sonar, the thermal effects for exposure times up 
to 10 minutes fall within the safety recommendations (thermal index < 1.5).   
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4. In the event of bubble formation in the diver body during decompression, at distances 
greater than 0.60 m from the sonar, the ultrasonic mechanical effects fall within the 
safety recommendations ( < 0.5). 

The thermal effects of the ultrasonic field produced by the P450-45 leads to the maximum 
exposure times as a function of distance for = 1.5 in Fig. (3):  
5. The exposure is highest close to the sonar face, at distances less than 40 cm, where a 

conservative estimate of the maximum safe exposure time for = 1.5  is ∆ = 1.63 
minutes.  

6. The exposure decreases quickly with increasing distances  from the sonar face, with , ∆ = (1 m, 10 min) and (2 m, 40 min) for instance.   

The safety assessment is considered to be conservative (erring on the side of caution) 
inasmuch as: 
7. The safe exposure regime ( < 1.5) was taken from medical diagnostic ultrasound 

applied to the particularly sensitive developing fetus during pregnancy. 
8. The model [26] of the power required to raise temperature 1 ⁰C assumes relatively large 

attenuation (highest energy capture) for bone and relatively low heat capacity (highest 
temperature sensitivity) for fat, with no need then (as in diagnostic ultrasound) to 
consider where the ultrasonic illumination falls and passes through the body. 

9. Significant mitigating factors against thermal effects were ignored, namely: the 
protection against ultrasonic waves provided by a diver’s suit and other equipment; 
cooling of the diver by immersion in water;  and the time variation, and hence reduced 
average exposures, that can generally be expected owing to the motion of both the hand-
held ultrasonic sonar beam and of the exposed diver. 

Additional points to be made in conclusion are:  
10. Very close proximity of a diver to the face of the sonar will certainly ruin the sonar 

image of a more distant scene. No scene imaging or navigation could be carried out 
with a diver within 1 m of the sonar face, for instance. The P450-45 sonar furthermore 
cannot create an image of scenes cloer than about 2 m. Maintaining a safe standoff of 
distance of 1 m therefore does not interfere with imaging operations.      

11. The intense part of the P450-45 sonar beam is much smaller than the field of view of 
the sonar. The cross-sectional diameter of the intense portion of the sonar beam is given 
by the effective diameter . At a distance of 10 m, for instance, the effective 
diameter of the sonar beam is 93 cm, corresponding to ±2.6 ⁰ beam width.  

12. The eye is known to be vulnerable to ultrasonic exposure.  Direct exposure of the eye 
was not considered to be a safety risk for divers properly wearing a diver’s mask. Divers 
should be cautioned to avoid direct exposure of the eyes to the sonar beam close to the 
sonar.  

13. One could take steps to remove the conservative assumptions used here in the thermal 
index, but there is no need to do so if the present constraints on exposure level and time 
do not interfere with dive operations with a sonar. If the conservative safety limits do 
interfere with diver operations, then the safety limits should be revisited and adjusted, 
taking into account of the mitigating that cooling by water temperature difference and 
flow will have, as well as the protection that a wet suit or dry suit provide.  

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  852



14. The exposure of divers who may be pregnant is not recommended owing to the higher 
vulnerability of the fetus. 

15. Fresh water is less attenuating of ultrasound than seawater. Slightly stronger fields are 
expected in freshwater, but these effects will be negligibly small over the small 
distances, close to the sonar face, where the ultrasonic field poses its risk. 

16. Ultrasonic fields can be reflected from hard flat surfaces, redirecting the beam, 
reflecting back toward the diver using the sonar for instance. Divers should be made 
aware of the possibility of redirection of the sonar beam by reflection.  

17. These safety recommendations are conservative and are not expected to limit sonar 
operations in any significant way.    

The quantitative analysis could be applied to other ultrasonic sonars that divers may face, 
other imaging sonars, diver detection sonars, sidescan sonars, or multibeam sonars.   
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Abstract: The acoustic response of a planar panel with a simple structure is determined 
by near field measurement in a laboratory tank using 1-D linear and 2-D planar arrays in 
parallel with the face of the panel. A parametric array source is used in order to measure 
very wide frequency responses and to reduce the effects of the edges of the panel. The 
panel consists of two 400 mm by 400 mm parallel stainless steel plates mounted either 
side of a vertical grid of 20 air-filled cylindrical tubes, equally-spaced with a separation 
of 20 mm. The panel is also measured in two other configurations: the two plates with the 
tubes removed and the tubes with the plates removed. The periodical effects of the 
structures on the scattering by the panels are identified and finite element simulations of 
forward and backward scattering are compared to the measured data. 
 
Keywords: Near field scan, structured panel 

1. INTRODUCTION  

Characterisation of far field acoustic responses of complex panels directly by 
measurement is difficult mostly due to practical limitations. Alternatively, the acoustic 
response can be measured in near field and the results can then be projected to far field. In 
order to achieve the purpose, a panel with different structures was measured with near 
field scans to determine its response to incident acoustic waves generated by a parametric 
array [1,2]. The parametric array can generate very wide bandwidth signal and a narrow 
beam width. The wide band signal allows quick measurement over the band and the 
narrow beam width reduces the edge diffraction of the finite panel used in the 
measurements [3,4]. The scans were carried out in both a 1D line and a 2D plane in 
parallel with the panels with a constant range step so that spatial FFT can be applied to 
obtain the direction response of the panels. The results in terms of transmitted and 
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received signal, as well as insertion loss and echo reduction were compared with 
numerical prediction by a finite/boundary element model. 

2. SET UP OF NEAR FIELD SCAN 

A diagram of the measurement arrangement in the tank is shown in Fig. 1 and it 
consists of a parametric array transducer, a corprene acoustic filter, the test object and a 
small hydrophone. Two scan planes are shown in the diagram: one in front of the test 
object, for the measurement of echo reduction, and the other behind the test object for the 
measurement of insertion loss. In the diagram the hydrophone is shown positioned for an 
insertion loss scan. One carriage is used to mount the parametric array transducer and the 
other to mount the hydrophone. The acoustic filter and test object are deployed in position 
by hanging them from poles fixed across the top of the tank. Due to the buoyancy of the 
acoustic filter and the requirement for it to be as vertical as possible, it is necessary to 
hang weights from the two bottom corners. 

 
2.1 Equipment 
The parametric array transducer was driven with a 60 kHz centre frequency raised cosine 
bell modulated pulse having a primary frequency of 1 MHz. The signal was then passed 
through the acoustic filter to truncate the array by removing the 1 MHz primary. A Reson 
TC4035 hydrophone was used to monitor the resulting 60 kHz broadband pulse. This 
hydrophone was chosen for its small size to enable the desired scan resolution to be 
achieved. The signal from the hydrophone was then captured by a National Instruments 
PXI-5922 digitiser and saved.  
 

Fig. 1. Scan measurement setup. 
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2.2 Measurements 
Software was written to move the hydrophone in either a line or plane and capture the 
received waveform at each scan position for later analysis. The planar scans were of a 
300 mm x 300 mm square in the centre of the test object having a resolution of 3 mm, but 
high-resolution horizontal line scans were also made with a step size of 1 mm. In order to 
determine the effect of the presence of the test object, for each measurement setup 
configuration (echo reduction or insertion loss), two scans were made: one with the test 
object present and one without.   
 
 

2.3 Test object 
Three test objects were used in the tests. They are referred to as Panel, Rods and Plates 
respectively. The Panel consists of twenty air-filled, stainless steel tubes, sealed at each 
end, between two thin stainless steel plates. The tubes are 5.4 mm in outer diameter with 
0.5 mm thick walls and are spaced 20 mm apart. They are held vertically in place by a bar 
at each end. The steel plates are 400 mm x 400 mm and have different thicknesses: one 
1 mm and the other 1.5 mm. The separation between the plates is adjustable and was set to 
34 mm (i.e. each plate at a distance of 17 mm from the rod centres) for all scans. Together 
with the described arrangement, additional scans were made for two other test object 
configurations: one with the plates removed, referred to as Rods, to determine the effect of 
the tubes and supporting bars only, and another with just the two steel plates, referred to as 
Plates, and no tubes in between. 

3. MEASURED AND MODELLED RESULTS 
The measured data are processed by spatial FFT to obtain the response of the panels as a 
function of frequency and angle. The results are also compared with a finite/boundary 
element package, PAFEC [5]. The modelling uses infinite long tubes and plates in vertical 
direction instead of their finite heights, reducing a 3D problem to a 2D and hence 
achieving a much shorter run time. However, this introduces errors in the results since the 
effects of wave reflections at the ends of the tubes and plates are neglected. 
  

Fig. 2 shows the comparison of transmitted and received signals on the centre axis of the 
Panel. Good agreement between model and experiment is obtained for the transmitted 
signal, but although the agreement for the reflected signal amplitude is reasonably good 
for the most part, there is significant difference at frequencies of between 90 kHz and 110 
kHz. The reason for this disagreement is not yet known.  
Fig. 3 shows the results for the Rods. Again, good agreement between model and 
experiment is obtained for the transmitted signal, but there is some disagreement for the 
reflected signal amplitude at frequencies of between 90 kHz and 110 kHz. The sharp 
resonances observed at some frequencies in the modelled results are the result of 
resonances in the tubular rods which are damped in practice and are not observed in the 
measured data. 
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Fig. 3 Transmitted and reflected signals “on centre axis” of the Rods

The echo reduction (ER) by the Rods is plotted in Fig. 4. The upper plots present the 
modelled response while the lower plots show the measured. It is interesting that the ER at 
the centre of the directional response is higher than that along the peaks of the diffraction 

grating lobes above the cut off frequency. This means that the scattering in the diffraction 
grating lobes is much stronger than that at the mirror direction for the Rods. However, it 
was observed that ER is at similar level in the measured data for the mirror reflection and 
the scattering of the diffraction grating lobes. This is likely to be caused by bending of the 
filter which distorted the acoustic field.  

 
The effect of the two elastic rod resonances at 45.5 kHz and 128 kHz is clearly seen in the 
modelled data, but not in the measured data. The measured data also show the mirror 
reflection as a vertical cone shaped strip at the centre of the bottom left plot, and at 90o at 
the bottom right plot. The plots are not symmetrical mainly due to the distortion of the 
filter. One of the diffraction grating lobes is at the correct location while the other one 
shifted slightly both in frequency and angle. The measured data show stronger reflection 
from the Rods than that predicted by the model. 
 

Fig. 2 Transmitted and reflected signals “on centre axis” of the Panel 
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Fig. 5 shows the modelled and measured data results for the Panel. The effects of the 
plates on the ER are more clearly revealed by the modelled data in the top left plot of the 
figure. However, there is little evidence of the plates in the measured data due to the 
bending of the thinner plate. The diffraction grating lobes can be seen with three spots in 
the two horizontal lines above and below the mirror reflection line in the measured data in 
the bottom left plot.  
 
The modelled and measured insertion losses (IL) of the Rods are plotted at the top and 
bottom sections in Fig. 6, and the Panel (plates and rods) in Fig. 7. The general trend of 
the IL is very similar to that of ER for the Rods which have high loss in most areas except 
in the normal incidence direction, and along the diffraction grating lobes. There is little IL 
in the normal direction at low frequencies with an increasing loss at higher frequencies as 
expected. The difference in IL is about 25 dB between the peaks at the normal direction 
and along the diffraction grating lobes in the modelled data, whereas the difference is 
down to about 15 dB in the modelled data due to the distortion of the acoustic field. 

4. SUMMARY 
Measurements were carried out with three simple structured panels to characterise their 
acoustic response as a function of frequency and angle by near field scan. Modelling of the 
scattering from the panels were also used to compare with the measured data. There are 
reasonably good agreements in general but with some discrepancies between the measured 
and modelled results.  
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Fig. 4 Modelled response vs measurement for echo reduction: Rods 
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Fig. 5 Modelled response vs measurement for echo reduction: Panel 
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Fig. 6 Modelled response vs measurement for insertion loss: Rods 
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Fig. 7 Modelled response vs measurement for insertion loss: Panel 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  863



UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  864



 

 DISCRETE TIME TECHNIQUES FOR DIGITAL HYDROPHONE 
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Abstract: A digital hydrophone is an acoustic acquisition system comprised of a sensing 
element, amplifier, acquisition subsystem and means for communicating a digital 
representation of the received signal. The entire system is integrated into a single 
waterproof enclosure which becomes part of the acoustic environment. Since the operator 
does not have access to the analogue hydrophone output, calibration signal amplitudes 
must be determined from the digital output alone. The requirements for calibrating 
analogue hydrophones still apply, however additional challenges to be overcome include: 
Synchronization of the digital output signal to the projector and reference hydrophone 
waveforms; accurate determination of test tone amplitudes from data sampled at rates 
close to the Nyquist-Shannon limit; low-frequency amplitude errors caused by improper 
signal gating, and accommodating the waterproof enclosure, which in some cases may be 
too large for a standard test tank, and which may affect acoustic compliance. Sources of 
amplitude error as high as 1 dB at low frequencies and up to 6 dB for certain higher 
frequencies are identified. Specific recommendations are given to address the challenges 
identified. 

Keywords: Digital Hydrophone, Calibration 
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1. CALIBRATION OF DIGITAL HYDROPHONES 

Best practices for calibrating analogue hydrophones, including those with integrated 
preamplifiers, are well established[1]. Digital hydrophones, in contrast to their analogue 
counterparts, incorporate several functions into their waterproof enclosure, including 
amplification, signal conditioning, data acquisition, and in some cases even digital signal 
processing. Despite the obvious similarity between discrete-time sampled and continuous 
time systems, there are subtle differences which must be respected. 

1.1. Digital Hydrophone Overview 

There are important differences between digital hydrophones and their analogue 
counterparts: 

 Sensor voltage and current nodes are inaccessible so calibration of the instrument 
must be made with respect to the digital output only. 

 Larger housing due to incorporation of signal processing electronics.  This may 
impose lower frequency limits on non-free-field measurements. 

 Reciprocal operation is generally not supported, in which case a standard reference 
hydrophone will be required. 

At the time of this writing, free-field calibration by comparison to a standard reference 
is the best available method for digital hydrophone calibration.  Test signal amplitude 
must be determined from the output digital data stream alone, and the resulting sensitivity 
determined is thus a measure of the sensitivity of the discrete, quantized output of the 
instrument relative to the level of the applied continuous-time pressure stimulus. 

1.2. Digital Sensitivity 

A standard method of stating the sensitivity of digital hydrophones is needed.  Some 
vendors continue to use units of dB re V / µPa, referring to the voltage sensitivity at a 
point in the signal chain after any amplification and analogue signal conditioning, at the 
point where the analogue signal is sampled.  The relationship between signal voltage and 
digital counts is not implied. Units of dB re µPa-1 have also been proposed[2], though in the 
case of fixed point digital representations since it is unclear whether the unit value is a 
single count, full scale positive or some arbitrary count value. 

Some laboratories resolve this ambiguity by stating the result in dB re count2 / µPa2.  
While this addresses the ambiguity present in reciprocal µPa, this can also result in 
significant confusion if an instrument is capable of multiple digital resolutions (for 
example, 16-bit and 24-bit). 

Regardless of the method used, the details of the digital encoding must also be made 
known, including the format and resolution of the result (fixed or floating point), most 
positive and least negative digital values returned (e.g., [-223, 223-1], [-1.0, 1.0), etc.) and 
in the case of sensitivity specified in dB re V2 / µPa2, a suitable gain factor (e.g., 6.0 V / 
224) for conversion from digital counts to input-referred volts. 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  866



 

1.3. Equipment Setup 

The observations and recommendations in this work are derived from efforts to 
produce a commercial quality calibration facility for routine calibration of hydrophones 
against a standard reference unit.  Because no standard exists for calibrating digital 
hydrophones, we were required to bootstrap the calibration for our reference unit by 
separately calibrating the element and digital signal chain.  The uncertainty associated 
with acoustic interference from the equipment housing remains a significant concern. 

 

 
Fig. 1: Experimental Setup 

 
The experimental setup is shown in Fig. 1. The calibration tank is a 6000-litre 

fiberglass tank housed in a purpose-built outbuilding.  A rubber mat helps to isolate the 
tank from building vibration.  Behind the walls, ceiling, and floor, a wire screen mesh 
installed during construction to reduces electrical interference. Temperature is carefully 
maintained at 18 ºC, chlorine concentration at 0.5 ppm, and pH is maintained between 6.5 
and 7.0.  Aside from occasional vacuuming with a siphon hose, the water in the tank is not 
otherwise circulated or filtered.  As water evaporates it is replaced with tap water that has 
been held in settling tanks. 

A digital projector is located on the fixed central post extending down from the ceiling, 
with the reference and unit under test suspended from a hub that can be rotated by 180 
degrees.  As shown in Fig. 1, the reverb-free distance is approximately 0.41 m.  A pulley 
system lifts the equipment out of the water when required.  The superstructure above the 
waterline is aluminium, and the support posts extending below are plastic. It has been 
suggested that glass fibre would provide superior support[3] and this is a planned upgrade.  

1.4. Calibration Procedure 

Two sets of measurements are made for each horizontal orientation of the hydrophone 
to be tested.  In the first measurement, the reference is on the left-hand support with the 
unit under test on the right; in the second measurement, the positions of the instruments 
are swapped by rotating the frame (the projector does not rotate).  The process assumes 
that projector directivity is constant but not negligible, that the test tone amplitudes may 
vary slightly between measurements, and that hydrophone and reference horizontal 
orientations is maintained when the frame is rotated.  
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Let p1, p2 be the projector amplitudes of the first and second measurements; let DA and 
DB be the relative directivity (gain) associated with the left and right fixture positions, and 
let MR and MH be the sensitivities of the reference and hydrophone, respectively.  If VHB1 is 
the amplitude recorded by the hydrophone in position B on measurement 1, VHA2 is the 
amplitude recorded in position A on measurement 2, etc., so that 
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In each measurement, the digital projector generates a series of 200 test tones organized 
as 5 series of 20 frequencies each, with each frequency repeated twice, once in phase and 
once in quadrature.  The hydrophone and reference record each series in .wav format for 
later processing. 

The projector, reference and unit under test are synchronized to a pulse-per-second 
(PPS) signal that has been pulse-width modulated to encode time and date information in a 
50-bit record each minute.  The hydrophone, reference and projector sample clocks, time 
and date are all locked to the PPS reference signal, so that each one-minute record is 
sample accurate to ±125 ns. 

2. DISCRETE TIME TECHNIQUES FOR AMPLITUDE DISCOVERY 

Only the reverb-free portion of each test tone after allowing for finite projector 
bandwidth and Q can be used as a repeatable, bandwidth limited test source[1].  In addition, 
there are additional constraints which must be observed when attempting to approximate 
continuous time amplitudes from sampled data.  

2.1. Low Frequency Techniques 

At low frequencies, projector Q, SNR and a limited number of full cycles all contribute 
sources of error.  While not strictly arising from the sampled nature of the test signal, these 
effects are presented here as part of a comprehensive approach to the automated 
determination of test tone amplitudes. 

Limited SNR (projector amplitude and limited bandwidth limit accuracy at lower 
frequencies) suggests that amplitudes determined using the entirety of valid sample data 
will be of higher accuracy than calculations based on one or two peak values.  For this 
reason, peak and peak to peak methods are discouraged. 
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Fig.2: RMS phase-dependent error normalized to cycle-RMS level. 
Figure 2 shows the result of calculating the RMS level of a signal over a period of less 

than one cycle.  Two extremes of phase alignment are plotted against the number of 
samples accumulated in the mean.  Notice that the cumulative RMS total is equal to the 
cycle RMS only at half-cycle multiples.  The uneven appearance of the graph is due to 
normally distributed noise added to both cycles to simulate the effect of 20dB SNR. 

2.2. Orthogonal Test Signal Pair 

If a pair of test tones are generated, as in the present system, such that the relative phase 
difference between them is 90 degrees, the instantaneous power sum (see Fig. 2) of the 
two signals is theoretically constant. 

Consider two test tones with an orthogonal phase relationship, period , and amplitude 
 so that the mean squared amplitude is /2. The absolute phase delay  is unimportant, 

provided it is constant. Uncorrelated noise amplitudes  and  are superimposed on the 
two tones. Now let  represent the variation in amplitude between the two tones.  
Computing the square of both tones, integrating over a single period, the sum of the results 
is twice the mean squared level plus the mean squared amplitudes of the three error 
sources assumed: 1 ( + ) ∙ cos 2 + + + ( − ) ∙ sin 2 + += + + + (2)

The various error sources , , , can be constants, orthogonal frequency components 
or uncorrelated noise sources since all these will, at least statistically, produce equal 
variances when integrated as shown. 

We can recover the original tone amplitude by calculating the discrete-time Fourier 
series coefficients[4] from the in-phase and quadrature test tones.  This method is superior 
to the straightforward RMS calculation because only power in the test tone frequency 
range is considered.  Referring to (3), let k be the number of complete tone periods in N 
samples, k and N integers, and with I and Q vectors containing the sampled waveforms in 
units of µPa, then Lp is the recovered sound pressure level. 

= 10 log 1 + 1
 (3)

 In addition to offering inherent rejection of DC offset, the above method also provides 
out of band rejection with a bandwidth of approximately / , where  is the sample rate 
and  is the number of samples over which the DFT is calculated, above. 

2.3. High Frequency Considerations 

At frequencies near half the sample rate, , aliasing effects limit the maximum test 
tone frequency  for which RMS calculations will give accurate results.  The number of 
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samples required to achieve an accurate estimate of amplitude to within 1.0 dB is 
approximately: < 12 − 12.2 ×  (4)

When using two tones in quadrature, there is no restriction on the tone frequency that 
will give accurate results, including exactly half the sample rate (though the acquisition 
system probably employs an anti-aliasing filter which obviously must be respected). 

It might be tempting to estimate frequency amplitudes from the observed peak or peak 
to peak values.  When the test tone period is a multiple of the sample rate certain phase 
offsets will produce curious results.  Despite appearances, the waveform in Fig 3a does not 
have a DC offset, and Fig 3b has an amplitude of exactly ±A. 

Fig.3: Aliasing at frequencies well below fs/2: a) Left, fs/3, b) Right, fs/4 

3. CONCLUSION 

Accurate calibration of digital hydrophones requires the accurate determination of test 
tone amplitudes at frequencies very close to half the sample rate.  The use of a pair of test 
tones with a relative phase separation of 90 degrees in conjunction with DFT post-
processing provides an accurate estimate of the test tone level even in the presence of 
external interference, system noise and dc offset.  Modifying the test tone frequencies so 
that  complete cycles of the test tone occupy exactly  samples, the  samples chosen to 
be within the projector Q-limited and reverb-free interval, will further reduce processing 
error. 

The result of the calibration will yet fail to be meaningful without a standard method 
for characterising the output level.  Until a standard exists, for whatever units are used to 
express the result, the specific dc transfer characteristic and digital sample resolution of 
the quantization stage must be specified. 
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CHALLENGES IN THE CALIBRATION OF MARINE AUTONOMOUS 
ACOUSTIC RECORDERS  

G Hayman, S P Robinson, L. Wang, T Pangerc, J Ablitt, P D Theobald 

National Physical Laboratory, Hampton Road, Teddington, UK 

Contact: S P Robinson, email: stephen.robinson@npl.co.uk 

Abstract: There has been an increasing use of autonomous acoustic recorders for absolute in-
situ measurement of sound in the marine environment. The technology has developed rapidly 
utilising recent improvements in mobile microprocessors and data acquisition systems, and 
currently there are a number of commercial off-the-shelf units available to the user. Whilst 
offering the enhanced ability to monitor acoustic signals autonomously for extended periods, 
such recorder units introduce a number of measurement and calibration challenges in addition 
to those associated with the calibration of individual hydrophones. In this paper, 
methodologies are presented for the calibration and characterisation of autonomous recorders 
to determine the key acoustic performance characteristics, including the absolute system 
sensitivity as a function of frequency and direction. Consideration is given to effects due to the 
proximity of the recorder body to the measuring hydrophone on the frequency and directional 
response of the overall system. The need for enhanced traceability is particularly acute at 
frequencies below 1 kHz where high-amplitude anthropogenic sources of greatest concern 
radiate much of their sound energy. A discussion is provided of the EU EMPIR UNAC-LOW 
project, and how the work described here feeds into a European initiative to provide improved 
traceability and more robust metrology infrastructure to catch up with the rapidly evolving 
legislative framework. 
Keywords: calibration, acoustic recorders  

1. INTRODUCTION 

A common driver for the measurement of sound in the ocean is the requirement for monitoring 
marine noise in support of regulation for the protection of the marine environment. For absolute 
measurements of sound, the measurements must be traceable to common standards, with the 
performance of the measurement system one of the crucial factors governing the quality of the 
measured data [1]. There has been increasing use of autonomous acoustic recorders in recent 
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years for absolute in-situ measurement of sound in the marine environment [2]. The technology 
has developed rapidly utilising recent improvements in microprocessors and data acquisition 
systems, and currently there are a number of commercial off-the-shelf units available to the 
user. Whilst offering the enhanced ability to monitor acoustic signals autonomously for 
extended periods, such recorder units introduce a number of measurement and calibration 
challenges in addition to those associated with the calibration of individual hydrophones. These 
include the need to treat the autonomous acoustic recorder as a complete system, providing a 
traceable calibration which includes the hydrophone, hardware, signal processing, the digital-
to-analogue conversion, and software processing used to produce the sound data file. This 
requires significant modifications to the standardised calibration procedures traditionally used 
for individual hydrophones. There is a need to provide the traceability for the absolute 
measurement of sound in the ocean using autonomous recorders so that noise monitoring 
strategies and in-situ source characterisations are underpinned by robust metrology. The need 
for enhanced traceability is particularly acute at frequencies below 1 kHz where high-amplitude 
anthropogenic sources of greatest concern radiate much of their sound energy.  

2. CONSIDERATIONS IN CALIBRATION OF ACOUSTIC RECORDERS 

2.1  Challenges in the calibration of acoustic recorders 
 
A number of challenges are presented by the calibration of marine autonomous acoustic 
recorders [3,4]: (i) typically, no access to the individual components of the autonomous noise 
recorders - a “black-box” system calibration often being required; (ii) no access to “live” 
analogue signals that are typically available in traditional transducer calibration procedures, 
thus requiring post processing of a “recording” acquired during the calibration (makes some 
measurements difficult, eg directivity); (iii) for recorders with hydrophones fixed to the body, 
free-field performance may be affected by body resonances in the frequency range 300 Hz to 
1 kHz, and also (at kilohertz frequencies) by diffraction and reflection of incident sound waves 
by the recorder body; (iv) difficulties in determining key performance metrics such as self-
noise (for measurement of low ambient levels) and dynamic range (for high amplitude signals). 
 
2.2 Configurations for recorders 
 
Several configurations exist for marine autonomous acoustic recorders, broadly categorised 
into two formats: (a) recorders with the hydrophone(s) rigidly attached to the recorder body, or 
with the hydrophone(s) attached with a short cable in close proximity to the body; or (b) 
recorders where the hydrophone(s) are separated from the recorder body with an extension 
cable so that they are remote from the body. In both of the above configurations, shown 
schematically in Figure 1, the hydrophones either may or may not be detachable from the body, 
depending on whether the cable is hard wired to the recorder body, or attached via a detachable 
electrical connector. In the first configuration type (a), the recorder must be calibrated as one 
system while the hydrophone is attached to the device, since this is how it is deployed. This 
can pose particular calibration challenges for free-field calibration where sound waves 
interacting with the body may influence the measured sensitivity. If the hydrophones are not 
detachable from the body (a common feature with this configuration), low frequency pressure 
calibration may also be made logistically difficult because the entire body must be supported 
when inserting the hydrophone into a calibration chamber. In the second configuration, 
although the calibration required is still that of the whole recorder system (the combination of 
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hydrophone(s) and electronic components), because the 
hydrophone is deployed remotely from the recorder, this offers 
the possibility of calibration of the hydrophone separately from 
the recorder body. In some respects, this simplifies the acoustic 
calibration because the influence of the recorder body on the 
performance is minimised. However, in this case the separate 
calibrations of the hydrophone and recorder must be combined 
to form the overall system sensitivity. In doing this, the overall 
system sensitivity may not just be the simple sum of the 
hydrophone and recorder sensitivities, and care must be taken to 
take account of any electrical loading effects. Another 
configuration involves a so-called “digital hydrophone”, where 
the hydrophone has on-board preamplification and ADC 
functionality and may have some on-board recording capability, 
with the digitised signal also transmitted via cables for storage 
and/or further processing (again, with no access to analogue 
signals) 
 

 
2.3 Calibration principles 
 
The calibration of hydrophones is the subject of a comprehensive international standard, IEC 
60565:2006, covering frequencies between 0.01 Hz and 1 MHz [5], and also an American 
national standard over nominally the same frequency range: ANSI/ASA S1.20:2012 [6]. 
Although there are, at present, no standards describing the calibration procedure for underwater 
autonomous acoustic recorders, the performance testing and characterisation of underwater 
autonomous sound recorders may be undertaken using the same basic principles that underpin 
the methods for hydrophone calibration.  
Full system calibration versus separate hydrophone calibration 
Since the end user requirement is for a full system calibration so that the acoustic data recorded 
by the system may be “calibrated” in full, this must be the objective of any calibration method. 
For systems where the hydrophone may be detached from the recorder, the hydrophone may 
be calibrated independently [5 -7]. Note that this latter scenario is typical of certain types or 
recorder which are compatible with a range of separate hydrophone models available from 
commercial hydrophone suppliers. 
No access to live analogue signals 
In general, the lack of access to “live” analogue signals requires post processing of a 
“recording” acquired during the calibration. This means that during calibration, instantaneous 
processing of signals is not possible, and instead a recording is made of the acoustic signal 
insonifying the recorder hydrophone. This requires modifications to the typical measurement 
procedure to allow post-processing of the acoustic signal waveforms, and prevents common 
signal acquisition techniques such as real-time coherent averaging of time domain signals. Note 
that the above post-processing is required even if the recorder electronics are being calibrated 
by electrical signal injection techniques. 
Free-field calibration and the influence of the recorder body 
For scenarios where the hydrophone may be detached from the recorder, the free-field 
calibration of the hydrophone becomes relatively straightforward and is covered by existing 
standards [5]. For recorders with hydrophones fixed to the body, free-field performance may 
be affected by body resonances in the frequency range 300 Hz to 1 kHz, and is affected at 
kilohertz frequencies by diffraction and reflection of incident sound waves by the recorder 

 
Fig. 1: Two typical recorder 

configuration categories
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body. Free-field calibration poses additional difficulties from: (i) achieving free-field steady-
state conditions in test tanks of limited dimensions due to limitations on available echo-free 
time; and (ii) suitable mounting of the recorders in the required orientation without the 
mounting or clamping method influencing the diffraction around the body or the resonances 
inherent within the recorder body. 

3. LOW-FREQUENCY PRESSURE CALIBRATION 

There are well stablished methods for the pressure calibration of hydrophones at low 
frequencies [5], and these may be applied to recorders. Here, only the hydrophone is exposed 
to the sound field. The pressure calibration is performed in an enclosed volume (chamber), 
where the dimensions of the chamber are very small compared to the acoustic wavelength. In 
such a situation, the sound pressure may be regarded as constant throughout the chamber [5-
7]. Typically, this is a relative calibration method where the sensitivity of the acoustic system 
under test is determined by comparison to a calibrated reference device, which may be a 
hydrophone or microphone [5]. Sometimes, the chamber is air-filled, containing both a 
microphone and the hydrophone, which are simultaneously exposed to the same acoustic 
pressure. For an air-filled chamber, the volume may be driven by a piston or speaker driver. 
The method is suitable for calibrations at low frequencies, and should be able to cover the range 
5 Hz to 300 Hz, where the sensitivity of a hydrophone is the same in air as in water for small 
acoustically-hard hydrophones. The method may be used as an absolute method where the 
pressure in the chamber is determined from the displacement of a piston source [8.9], or as a 
relative method where the hydrophone is calibrated with reference to a hydrophone or 
microphone. Alternatively, it is possible to use part-air and part-water filled chamber, with a 
piston used to drive a small air cavity above the water and a reference microphone used to 
monitor the pressure in the air cavity. The sound pressure is the same in both air and water, and 
such a chamber can operate at higher frequencies than a purely air-filled chamber [5,7]. The 
applicability of using an air-filled chamber for pressure calibrations by comparison as applied 
to underwater autonomous marine recorders has been previously demonstrated [3,4].  The set 

up includes mounting the 
recorder hydrophone in the 
coupler along with a 
reference microphone. Both 
acoustic systems are 
subjected to tonal signals 
over the frequency range 
between 20 Hz and 315 Hz. 
The microphone signal 
measurements are made in 
real time in response to the 
individual tonal signal 
stimulus, while the recorder is 
set to record the entire 
frequency sweep, as non-
compressed audio files. 
These are analysed in post-

processing and the peak-to-peak voltage levels at each frequency are determined. The 
calibration of the entire system is then determined by dividing the recorded signal amplitude 

 
Fig. 2 Low-frequency calibration results for commercially available recorders 
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by the known acoustic pressure. The sources of uncertainty in the method include the 
calibration of the reference microphone (or hydrophone); uncertainty in electrical 
measurements (components may be minimised if voltage ratios are measured using same 
measuring channel); the gain of any hydrophone amplifiers used; lack of uniform acoustic 
pressure in the chamber at high frequencies; thermal conduction between air and chamber walls 
at very low frequencies; air leakage around piston and venting of the microphone diaphragm, 
at very low frequencies. If the method is used in an absolute sense with a piston driver, the 
uncertainties due to the reference device are eliminated but there are additional sources from 
measurement of piston displacement, piston area and chamber volume. The high frequency 
limit is caused by the non-uniform pressure field in the chamber when radial and length modes 
become established.  
Figure 2 shows the results of calibration of a number of commercially available recorders using 
the above method. The results show varying degrees of low frequency roll-off in response due 
to high-pass electronic filters with different settings. Some recorders have the capability for the 
roll-off of the filters to be set by the user using hardware or software controls.  

4. FREE-FIELD CALIBRATION 

Free-field conditions ideally require a medium that is free of reflecting boundaries (or 
scattering objects) such that only outgoing waves from the source are present. However, 
calibrations are commonly undertaken in laboratory test tanks which are quite reverberant 
[5,7]. To enable free-field acoustic conditions to be realised, time-gated signals are often 
employed to make measurements at discrete acoustic frequencies. In the conventional 
arrangement, measurements are made on the steady-state portion of the received signal, with 
time-gating techniques used to isolate the direct-path signal from reflections from the tank 
boundaries and the water surface. In such measurements, the steady-state signal available for 
analysis is limited in time both by the arrival of boundary reflections, and by start-up transients 
caused by the resonant behaviour of the transducers under test, and potentially by scattering 
around the body of the receiver (such as the recorder body). If the signal received at the 
measuring hydrophone does not reach steady-state conditions during the available echo-free 
time, it is not possible to observe the steady-state directly. This means that for a given tank size 
and transducer Q-factor, there will be a lower limiting frequency below which it is not possible 
to make measurements by conventional means.  
To test the full free-field response of the recorders, free-field calibration methods must be 
established. It is possible that the recorder could be used as one of the three transducers in an 
implementation of three-transducer spherical-wave reciprocity calibration (with the recorder 
used as the receiver-only device, often labelled “H” in the procedures and standards) [5-7]. 
However, a more practical solution would be to undertake a comparison calibration with a 
calibrated reference hydrophone. At NPL, laboratory test tanks, and an open-water facility are 
available to support free-field recorder calibration. The latter is a fully instrumented floating 
laboratory situated on a freshwater reservoir (20 m depth) allowing free-field measurement to 
around 200 Hz. Both facilities use calibrated reference transmitters and hydrophones that can 
be used to test the system performance of autonomous recorders up to high kilohertz 
frequencies, and enable measurements to be made as a function of incidence angle (directional 
response measurements). By making multiple measurements with the recorder mounted in 
different orientations, it is possible to build up a picture of the three-dimensional directional 
response. This enables the effect of scattering from the recorder on the measured sound field 
to be quantified. For recorders where the hydrophone may be detached from the recorder body, 
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the free-field calibration of the hydrophone may be undertaken independently using the 
methods described in international standards [5]. One additional difficulty for recorders with 
fixed hydrophones is that the wave interactions with the body will increase the time required 
for a steady-state response to be achieved (analogous to an increase the Q-factor of a 
hydrophone). This will increase the echo-free time required for calibration, which in turn will 
increase the free volume required in the calibration facility. 
 

It is desirable that the system sensitivity be invariant with frequency over the frequency range 
of interest (i.e. that it possess a “flat response”), to within an accepted tolerance. The flat system 
sensitivity of is important because the recorder needs to be able to record all the frequency 
components of interest in order to faithfully represent the acoustic signal. For a recorder with 
a hydrophone that is separately deployed from the recorder body, this requirement is not 
difficult to satisfy at frequencies up to tens of kilohertz. However, many of the commercially 
available devices consist of the hydrophone mounted either directly to the recorder body or 
close to it via a relatively short electrical cable. The recorder body is typically an air-filled 
cylinder that can scatter the acoustic signal and cause perturbation of the response at kilohertz 
frequencies. The combination of the direct and reflected waves causes interference, the nature 
of which will change depending on the frequency and the arrival angle for the sound wave. 
This can be a significant hindrance when the intention is to use the underwater autonomous 
recorder to measure sound from a particular direction. Similarly, if the hydrophone has a guard 
deployed around it (a protective cage to prevent damage of the element by impacts), this can 
influence the response at kilohertz frequencies. The combination of the direct and reflected 
waves causes interference, the nature of which will change depending on the acoustic 
frequency, thus causing fluctuations in the sensitivity with acoustic frequency (see Figure 3). 

 
Fig 3. Comparison of frequency responses of a free-cabled hydrophone with a recorder with hydrophone fixed to the 

body in a direction side on to the body (upper plot) and end on to the body (lower plot). 

 
Fig. 4. Comparison of directional responses of recorder with hydrophone close to the recorder body and the same 

hydrophone on an extension cable at frequencies of 2 kHz (upper plot) and 44 kHz (lower plot). 
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This problem is most acute for narrow-band signals received from a specific direction at 
kilohertz frequencies, where the fluctuation in sensitivity may be significant, and is less severe 
at frequencies below 1 kHz (though resonances in the body of the recorder may still have an 
influence). This is less of an issue for measurements of underwater sound in one third octave 
bands, where a degree of frequency averaging of the sensitivity will occur [3,4]. For the same 
reasons outlined above, the proximity of the recorder body can cause interference, which will 
change depending on the arrival angle for the sound wave. This can lead to significant 
perturbations to the directional response compared to that for the hydrophone alone. It has been 
shown that at kilohertz frequencies the recorder/hydrophone combination is not 
omnidirectional [3,4], and hence the sensitivity varies with angle of incidence, making the 
determination of the correct sensitivity challenging. Figure 4 illustrates the effect on a typical 
recorder geometry for hydrophone and recorder body. This problem is most acute for narrow-
band signals received from a specific direction at kilohertz frequencies, where the fluctuation 
in sensitivity may be significant. At frequencies below 1 kHz, the effect is less severe, though 
there remains the possibility of an effect caused by resonances in the body of the recorder [16].  

5. EMPIR PROJECT 15RPT02: “UNAC-LOW” 

Work directly relevant to the calibration to marine acoustic recorders is being undertaken in a 
current European project (EMPIR PROJECT 15RPT02: “UNAC-LOW”). The goal of the 
project is to develop the European Metrological Capacity in underwater acoustic calibration 
for acoustic frequencies below 1 kHz by providing traceable measurement capabilities to meet 
the need for calibration of hydrophones and autonomous underwater acoustic noise recording 
systems. The project will develop the scientific and technical research capabilities in the field 
within Europe, and provide an improved metrology framework to underpin the absolute 
measurement of sound in the ocean in support of regulation and EU Directives, such as the 
Marine Strategy Framework Directive (MSFD) for which traceability is currently lacking. This 
project addresses the following scientific and technical objectives: 
• To develop traceable measurement capabilities to meet the need for calibration of 

hydrophones at frequencies between 20 Hz and 1 kHz; 
• To develop calibration methods and traceability for calibration of acoustic noise 

recorders and systems used for long-term ocean acoustic monitoring at frequencies 
between 20 Hz and 1 kHz; 

• To develop strategies for long-term operation of the measurement capabilities including 
regulatory support, research collaborations, quality schemes and accreditation, 
contributing to development of a coherent metrology strategy for Europe within this 
field. 

Partners in the project are Tubitak (Turkey), NPL (UK), DFM (Denmark), FOI (Sweden) and 
CNR-IDASC and ISPRA (Italy). The overall aim is improved traceability for hydrophone 
calibration which will provide manufacturers and users with vital confidence in measurement 
results. New methods for calibration of autonomous recorders will provide manufacturers with 
important feedback on key performance metrics for the first time, leading to development of 
improved system performance and validated calibration methods and better uncertainties. The 
new calibration guidance developed by the project will also be directly used by calibration 
laboratories, which will assure traceability of measurements performed by end users of recorder 
systems. More details about the project may be found on the project web-site: http://empir-
unaclow.com/ 
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Abstract: Hellenic Centre for Marine Research (HCMR) has been appointed under a 
ministerial decision as a responsible organization for carrying out the required actions 
for the monitoring of the quality of the Greek marine waters in the frame of the 
implementation of the law which concerns the National Strategy for protection and 
management of marine environment according to the EU Directive 2008/56/EU (Marine 
Strategy Framework Directive, MSFD). One of the aforementioned actions is underwater 
noise monitoring under the Descriptor 11, which is one of the eleven qualitative 
descriptors describing the Good Environmental Status (GES) of EU marine waters. In this 
context, key issues and their interconnection in implementing underwater noise 
monitoring in Greek waters, such as available and new infrastructure, existing knowledge 
and experience, associated national and European projects, strategic collaborations as 
well as next steps will be mentioned and discussed. 

Keywords: Underwater noise, MSFD, monitoring, Greek marine waters, national strategy  
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1. INTRODUCTION  

Anthropogenic noise in the marine environment has been increased over the last 100 or 
so years due to the growing of diverse activities (commercial shipping, industrial activities 
including oil and gas exploration and production, commercial fishing, development of 
marine renewable energy etc.) [1]. Anthropogenic underwater noise, officially listed as 
source of pollution, is acknowledged as a very complex global issue that needs to be 
efficiently addressed. The Marine Strategy Framework Directive (MSFD, 2008/56/EC), a 
European policy-level initiative aiming to achieve Good Environmental Status (GES) of 
the European marine environment by 2020, has included underwater noise by means of 
Descriptor 11 (D11: “Introduction of energy, including underwater noise, is at levels that 
do not adversely affect the marine environment”), which is one of the eleven descriptors 
characterizing GES. EC, recognizing the difficulties associated with field measurements 
and continuous monitoring of underwater sound, as well as the lack of data on current and 
historical noise levels at many European eco-regions (especially in the Mediterranean 
Sea), publishes updated reports, elaborated by the MSFD Technical SubGroup on 
Underwater Noise (TSG Noise), providing guidance for the Member States; see [2], [3]. 

Hellenic Centre for Marine Research (HCMR), which just in 2017 was designated as 
the responsible organization for implementing underwater noise monitoring under MSFD 
requirements, has been undertaking sound monitoring activities since 2008 by introducing 
smart hydrophones (Passive Aquatic Listeners) in its in-situ monitoring infrastructure. 
However, due to the lack of sustainable funding schemes, there are considerable 
knowledge gaps as regards underwater noise data in the Greek Seas. Furthermore, Greece 
has to face the challenge of harmonisation with the new EC Directive 2017/845 and 
Decision 2017/848 (repealing Decision 2010/477/EU) within a short time interval. As 
concerns D11, the recent EC Decision clarifies monitoring levels, units of measurement 
for the criteria and use of the criteria for two elements (anthropogenic impulsive and 
continuous low-frequency sound in water). Accordingly, Member States should establish 
threshold values for these levels through cooperation at Union level, taking into account 
regional or subregional specificities, and the outcomes of these criteria should also 
contribute to assessments under Descriptor 1. 

In this work, an attempt was made to present the key issues in implementing MSFD 
monitoring requirements as regards D11 for Greek marine waters. To this end, it is 
considered appropriate to provide at first a brief history of the Greek reporting to EC in the 
MSFD framework and the relevant harmonisation of national legislation. In the following 
section, the treatment of the D11 criteria and indicators will be mentioned. Next, the 
existing infrastructure, experience, and results will be presented. A brief description of 
important collaborations and related projects will follow and next steps will be discussed.  

2. GREEK MSFD REPORTING AND LEGISLATIVE FRAMEWORK 

Greek legislation was harmonised with the MSFD 2008/56/EC in June 2011 (Law 
3983/2011). Based on the national reporting for Art. 8, 9, 10, and related reporting on 
geographic areas and regional cooperation (Art. 3/4 & Art.5/6) [4], Greece approved the 
relative environmental targets and indicators for the marine waters for each descriptor in 
November 2012 (Decision No. 1175, B2939/2012). As regards D11, the environmental 
target was set as “the control of the energy levels in order them to not affect adversely the 
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marine environment” and the environmental indicator was set as “the measurement of 
underwater noise and estimation of effects on species, populations and main functional 
groups”. The EC comments on national reporting [4] were the following: GES definition 
was assessed as partially adequate; GES was defined at descriptor and criteria level but did 
not cover clearly the criteria and indicators of the 2010 EC Decision and no thresholds 
were defined; the initial assessment was limited to a collection of information from 
existing literature without a clear objective to assess current status; no initial assessment 
was undertaken on the level of pressure from underwater noise (Descriptor 11), but 
sufficient justification was provided for this issue; the environmental target of D11 was 
considered inadequate, due to the fact that it is higher-level objective rather than a target, 
it is not smart (no thresholds or dates have been provided), target and the indicator are not 
completely consistent, and it is unclear how they will achieve GES [5]. The EC 
recommendations on the aforementioned national reporting were that Greece should 
improve GES definition, address knowledge gaps identified, further develop its 
approaches to assessing (quantifying) impacts from the main pressures, ensure that the 
targets cover all relevant pressures, are smart and sufficiently ambitious [6].  

The economic crisis which stroke Greece had a huge delay effect – among others – on 
the normal progress of MSFD-related obligations. Just in November 2016, Greece 
approved the monitoring programmes for the continuous estimation of the environmental 
status of the marine waters (Decision No. 126635, B3799/2016) associated with the 2011 
Law. The Special Secretariat for Water (SSW), Ministry of Environment and Energy, was 
designated as the competent authority for the formulation and the coordinated 
implementation of the monitoring programmes, and as responsible to communicate these 
programmes to EC. Furthermore, in the above Decision, the criteria and associated 
indicators for D11 were aligned with the ones suggested by TSG Noise for impulsive and 
continuous noise and with 2010 EC Decision. In December 2016, SSW submitted the 
Report on the monitoring programs of Greece for the Implementation of the Article 11 of 
the MSFD [7] and within a month (January 2017) the designation of competent and 
responsible bodies and definition of their obligations concerning the monitoring 
programmes were published in the Government Gazette (Decision No. 126856, 
B11/2017). In this Decision, the budget allocated for the MSFD monitoring programmes 
in the period 2014-2020 was about 8 M€ (see also Section 6). Also, Hellenic Centre for 
Marine Research (HCMR) and the Fisheries Research Institute (FRI) were designated as 
the responsible organisations for conducting the required actions regarding monitoring of 
the quality of the marine waters (HCMR being solely responsible for D11), under the 
supervision, coordination, evaluation and control of SSW.  

3. CRITERIA AND INDICATORS  

In this section the criteria, the related indicators and actions for D11, as mentioned in 
the Report on the monitoring programs of Greece for the Implementation of the Article 11 
of the MSFD [7], will be briefly described. Following the TSG Noise suggestions, Greece 
has adopted two criteria for D11, one related to the low and mid frequency impulsive 
sounds (criterion 11.1) and one related to the continuous low frequency sound (criterion 
11.2).  

The environmental indicator corresponding to criterion 11.1 is 11.1.1: “The proportion 
of days and their distribution within a calendar year, over geographical locations whose 
shape and area are to be determined, and their spatial distribution in which source level or 
suitable proxy of anthropogenic sound sources, measured over the frequency band 10 Hz 
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to 10 kHz, exceeds a value that is likely to entail significant impact on marine animals”. In 
Greek marine waters, there is no established network or action for monitoring and/or 
accessing low and mid frequency impulsive sounds. The main accessible noise sources 
from such sounds may generated from seismic surveys for hydrocarbon exploration or 
research purposes. Given that the legislative framework related to the exploitation of 
offshore potential as renewable energy source is not mature yet, records concerning 
activities related to construction of offshore wind farms are not foreseen in the near future. 
Consequently, what is proposed is establishing a noise register with activities related to 
loud impulsive sounds, i.e. measured over the frequency band 10 Hz to 10 kHz, exceeding 
the energy source level 186 dB re 1 μPa² m² s or zero to peak source level 209 dB re 1 
μPa² m² over the recorded areas. The aforementioned values are the thresholds suggested 
by TSG Noise as regards the categories “airgun” and “other pulse sound source”. HCMR 
has recently contacted the Hellenic Hydrocarbons Resources Management (HHRM), the 
company providing the management of the Greek hydrocarbon resources, which has both 
historical and recent seismic data library/database. Both organisations are looking forward 
to a fruitful cooperation on creating the aforementioned noise register to address 
appropriately not only the indicator 11.1.1 as stated above, but also its updated version as 
stated in the recent EC Decision 2017/848.  

The environmental indicator corresponding to criterion 11.2 is 11.2.1: “Trends in the 
annual average of the squared sound pressure associated with ambient noise in each of two 
third octave bands, one centered at 63 Hz and the other at 125 Hz, expressed as a level in 
decibels, in units of dB re 1 μPa, either measured directly at observation stations, or 
inferred from a model used to interpolate between or extrapolate from measurements at 
observation stations”. In this context, monitoring of continuous low frequency sound will 
be carried out: i) at five sites (one in Ionian, three in Aegean and one in Levantine Sea) by 
hydrophones (systems) incorporated to the national infrastructure of the POSEIDON 
monitoring network; ii) considering sound propagation models simulating shipping noise 
propagation, given that shipping noise is a main source of continuous low frequency 
sound. More details on the direct measurements at observation stations will be given in 
Section 4, while information on modelling actions will be given in Section 5. 

4. EXISTING INFRASTRUCTURE, EXPERIENCE AND RESULTS 

The POSEIDON monitoring, forecasting and information system for the Greek Seas 
(www.poseidon.hcmr.gr), implemented and maintained by HCMR, has included passive 
underwater acoustic measurements as part of its real-time operations. Specifically, low-
duty-cycle long-term passive acoustic listeners (PALs) have been deployed on two 
operational buoys, one off Pylos in the Ionian Sea and the second off Athos in the northern 
Aegean Sea (see Fig. 1) at 500 m and 200 m depths respectively. The communication 
between the instruments and the surface buoy’s CPU was achieved through an inductive 
modem that allowed the real-time data transmission through the POSEIDON 
telecommunication network [8]. Those PALs were equipped with a broadband, low-noise 
hydrophone (100 Hz to 50 kHz) and a real-time embedded operating and signal processing 
software for detecting and interpreting the sound spectra and providing sound 
classification and estimation of environmental, anthropogenic and biological parameters 
[9], [10]. For example, spectra consistent with vocalizations of cetaceans are present in the 
PAL data at both Athos and Pylos. High-frequency clicks and marine mammal calls can 
be identified by examining acoustic levels at 20 and 30 kHz (see, e.g., Fig. 2a). Figure 2b 
summarizes cetacean detection at Athos, showing that animals are present (vocalizing) 
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1%–3% of the time, with a higher level of detection during December–February. Of 
course, they need to be vocalizing to be detected, and so this is the minimum level of 
presence.  

 

 
Fig. 1: Location of PAL deployments on HCMR POSEIDON buoys  

 
 

Fig. 2: (a) Data points from the Athos PAL during days 350–370 of 2008 (15 Dec 2008–4 
Jan 2009) showing the classification of the clicks (black x) from the wind speed (gray 

dots). Cetacean (probably striped dolphin) detection is shown using a comparison 
between sound level at 20 kHz and 30 kHz; (b) Summary of cetacean detections at Athos 

site during 2008. 
 

Although several time series of the above measurements are available from 2008, the 
scope and the corresponding sampling strategy were different from the one required 
according to the rationale of the Commission Decision 2010/477/EU. Furthermore, the 1/3 
octave band centered at 63 Hz was not included in PALs recording capabilities. The first 
Greek results related to the indicator D11.2.1 were produced in the frame of EU FP7 
project PERSEUS (coordinated by HCMR, Institute of Oceanography) [11], where one of 
its main objectives was to implement the principles and objectives put forward in the 
MSFD and promote them across the Southern European Seas. During 2013 a PAL system 
deployed on the buoy of the Saronikos gulf (see Fig. 1) for almost eight (8) months. 
According to TSG Noise recommendations [2], the hourly and daily bulk statistics, i.e. 
geometric and arithmetic averaged Sound Pressure Level (SPL) and 5th, 50th and 95th 
percentiles, have been computed from each sample, which is a 4-minute of 4.3 sec average 
SPL. The daily average SPL of the 2013 deployment measurements, the corresponding 
bulk statistics and the cumulative distribution plot of the 1/3-octave band centered at 125 
Hz are shown in Figures 3a and 3b.  

Motivated by including the sound monitoring of 1/3 octave band centered at 63 Hz, the 
PAL was upgraded to a new, long-term, miniaturized system, equipped with a high-

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  885



 

sensitive low-power broadband hydrophone with linear working frequencies down to 5 Hz 
and up to 90 kHz, advanced electronics and battery technologies, high internal data 
storage components (up to 128 Gb), capabilities of controlling the sampling strategy and 
automated sound analysis software classifying the sound source and providing a summary 
message about the marine environment. First results similar to those of Figures 3a and 3b 
for the 1/3-octave band centered at 63 Hz, obtained during a 2014 PAL deployment at 
Saronikos gulf, can be found in [11].  
 

 
 

Figure 3a: Daily average SPL and corresponding bulk statistics (arithmetic and 
geometric average, 5th, 50th and 95th percentile) obtained from the PAL measurements 

during the 2013 deployment   
 

 
 

Figure 3b: CDF plot of the daily average SPL measurements taken at the 1/3-octave band 
centered at 125 Hz obtained from the PAL measurements during the 2013 deployment 

5. RELEVANT PROJECTS AND COLLABORATIONS  

A strategic collaboration for the efficient implementation of MSFD monitoring for D11 
is that between HCMR and Foundation for Research and Technology-Hellas (FORTH). 
The Institute of Applied and Computational Mathematics (IACM) of the latter, and 
especially the wave propagation group, has a considerable expertise on basic and applied 
research in underwater acoustics by developing methods and tools for acoustic modeling 
and monitoring of the underwater environment; see, e.g., [12]. IACM-FORTH is a partner 
in the recently EU funded quietMED project (“Joint programme on noise (D11) for the 
implementation of the Second Cycle of the MSFD in the Mediterranean Sea”), which aims 
to improve the level of coherence and the comparability of the implementation of the 
Second Cycle of MSFD as regards D11 implementation in the Mediterranean Sea by 
enhancing cooperation among MS, the Barcelona Convention and other third non-EU 
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countries. The critical role of both HCMR and FORTH as regards monitoring and 
assessment of underwater noise was the motivation for a bilateral agreement (MoU) with 
specific mention to MSFD.  

HCMR is the coordinator of the EU project MEDCIS (“Support Mediterranean 
Member States towards coherent and Coordinated Implementation of the second phase of 
the MSFD”), which was recently funded under the same programme call as quietMED 
project (DG ENV/MSFD Second Cycle/2016). In the frame of this project HCMR has a 
close collaboration with the School of Naval Architecture & Marine Engineering of 
National Technical University of Athens. One of the MEDCIS outputs will be a 
methodology contributing in defining the ocean shipping noise footprint applied to the 
pilot area of Hellenic-Italian adjacent waters (including areas visited by dolphins, sea 
turtles and large pelagic), characterized by marine traffic of ferry lines connecting Italy 
and Greece as well as larger commercial ships. The methodology will be based on detailed 
numerical simulation of the radiated noise from specific vessels and acoustic modelling 
work.     

The contribution of EU FP7 project PERSEUS to the Greek noise monitoring under 
MSFD was mentioned in Section 4, where the most representative results related to the 
D11.2.1 were presented.  

Last but not least, important is expected to be the contribution of EMSO (European 
Multidisciplinary Seafloor and water column Observatory) European RI, one of the targets 
of which is the implementation of MSFD. In this connection, a smart hydrophone, 
appropriate for continuous monitoring of ambient noise and marine life at a wide 
frequency range is planned to be set up during the first stage of the implementation of 
POSEIDON-Pylos observatory, which is consisted of a deep-sea seafloor and water 
column platform with acoustic connection to a surface buoy. The responsibility of this 
initiative has been undertaken by HCMR, which is an EMSO member. 

6. NEXT STEPS  

As mentioned in Section 2, there is a considerable delay on the progress of the national 
MSFD-related obligations. The unstable economic ground in Greece during the last years 
was the main cause of an over-two-years delay on submitting the report on the monitoring 
programmes. Furthermore, starting of the implementation of the monitoring programmes 
requires specific time-consuming steps. At present, a bilateral cooperation agreement 
contract has been signed between HCMR and FRI, whereas HCMR is solely responsible 
as regards appropriate actions for D11. A tripartite agreement among the competent and 
responsible parties (SSW, HCMR and FRI) is on the way. The procedure also includes the 
call of the implementation of the monitoring programme, the compilation of the technical 
bulletins and an open international tender for the participation of organisations with 
expertise on specific topics, such as marine mammals for D11 and D1. The latter is very 
important, since collaboration of HCMR with experts on marine mammals is more than 
essential as regards the assessment of the these descriptors. In short, starting of the 
implementation of the monitoring programmes cannot be accurately defined; however, it 
could not be later than the beginning of 2018.   

Apart from the aforementioned foresights as regards the time plan of the monitoring 
programmes and the tight time limit for the first review of the initial assessment and 
determination of GES (mid 2018), one has to mention the limited budget for the MSFD 
monitoring programmes (see Section 2). Less than 8 M€ have been totally allocated for a 
period of six years, eleven descriptors with a significant number of new parameters and 
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locations to be monitored, and two implementing organisations with associated external 
experts’ collaborations (e.g. NGO’s specialised on relevant topics).   
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Abstract: A prediction model for shipping noise in the Eastern Mediterranean Sea is 
presented combining AIS data for ship locations/characteristics, environmental data and 
acoustic propagation codes. Taking into account typical acoustic emission characteristics 
of travelling ships, prevailing temperature and sound-speed distributions subject to 
seasonal variation, as well as the exact bathymetry in the area, range-dependent 
propagation calculations are carried out. Results for the geographical distribution of 
noise levels at various depths are produced and periodically updated on an hourly basis. 

Keywords: Underwater noise, shipping noise, propagation modelling 
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1. INTRODUCTION  

Noise due to ship traffic is a substantial component of ambient noise in the sea, and 
dominates in the low-frequency range, below 500 Hz. Travelling ships are sources of low-
frequency acoustic waves which propagate efficiently through the water mass and thus 
affect underwater noise levels at large distances from the major shipping lanes.  

In recent years the European Union introduced the Marine Strategy Framework 
Directive (MSFD) aiming at the establishment of good environmental status in the sea 
areas surrounding Europe. The MSFD addresses, among others, underwater noise 
pollution [1] and requires the monitoring of continuous low-frequency (63 and 125 Hz) 
noise through measurement by observation stations and/or with the use of models if 
appropriate. 

The Eastern Mediterranean Sea is characterized by heavy ship traffic, with major 
shipping lanes connecting, among others, the Sicily Strait, the Adriatic Sea, the Black Sea 
and the Suez Canal. The measurement of ambient noise distribution over time and space in 
such a large sea area with complicated bathymetry and coastline poses serious challenges. 
Acoustic propagation modelling in combination with advancements in the availability of 
ship tracking data can be supportive in this respect.    

The propagation of sound in water is influenced by changes in temperature and 
pressure (also by changes in salinity albeit to a much lesser extent). E.g. the warming of 
surface layers in summer causes strong sound-speed gradients leading to downward 
refraction and thus affect noise levels close to the surface [2]. The complicated bathymetry 
also plays a significant role in acoustic propagation giving rise to bottom losses and 
acoustic blockage effects.  

In earlier times the lack of sufficient information about distant ship traffic was a 
hampering factor for operational modelling of shipping noise in open sea areas. In this 
connection early modelling approaches were mainly of statistical nature [3] or relied on 
certain navigation scenarios [4]. In recent times ship traffic data have become readily 
available through the Automatic Identification System (AIS) and the corresponding ship 
tracking services offering world-wide coverage [5]. 

The present work describes a prediction model for shipping noise in the Eastern 
Mediterranean Sea combining AIS data for ship locations/characteristics, environmental 
data and acoustic propagation codes. Typical acoustic emission characteristics of 
travelling ships are taken from the literature. A wave-theoretic range-dependent acoustic 
propagation model relying on adiabatic-mode theory is used. Concerning the 
environmental parameters, the seasonal temperature variation in the water column as well 
as the bathymetry and bottom composition are accounted for.  

The geographical distribution of noise levels at various depths is estimated and 
periodically updated on an hourly basis. Some of the results can be found on the internet at 
the address http://www.iacm.forth.gr/shipnoise 

2. AIS DATA 

The primary purpose of the Automatic Identification System (AIS) is collision 
avoidance. All ships of 300 gross tonnage and above are equipped with VHF systems 
broadcasting their characteristics (ship name, type, location, navigation status, speed, etc.) 
and receiving the corresponding characteristics of nearby ships. In recent years, ship 
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tracking services relying on land and satellite based AIS stations/receivers have been 
developed. In this way ship traffic data for any sea area are available in near real time. 
Information about ship type and navigation status contained in the AIS data can be used to 
infer on sound emission levels of each ship. By combining these data with the bathymetry 
characteristics and the prevailing propagation conditions in the area of interest and by 
applying acoustic propagation codes the distribution of noise in the area of interest can be 
estimated. 

In the context of this work, an AIS receiver was installed at FORTH (Heraklion, Crete) 
and was integrated into the MarineTraffic network, a web-based ship tracking service 
(www.marinetraffic.com). In response MarineTraffic kindly provides ship traffic data 
from terrestrial and satellite AIS receivers covering the Eastern Mediterranean Sea on a 
continuous basis. A typical picture of ship traffic in the area is shown in Fig. 1. 

 
Fig.1: Snapshot of ship traffic on 1 June 2017 in the Eastern Mediterranean Sea,           

based on AIS data. 

3. NOISE MODELING  

3.1. Source levels 

Travelling ships are sources of underwater noise. The noise is generated by the 
propellers, the main engines and the auxiliary machinery, as well as by hull vibrations. 
The characteristics of the produced sound depend on ship type, design and construction, 
maintenance status, navigation conditions (speed, load, etc.). The emitted sound along a 
particular direction can be described by the source level spectral density as a function of 
frequency (acoustic signature) measured in dB re 1 μPa2 / Hz @ 1m. 

Data on typical acoustic signatures for different ship types can be found in the 
literature. Recent studies [6]-[9] are based on the combination and analysis of underwater 
acoustic measurements and simultaneous AIS data of large numbers of travelling ships, 
taking into account propagation characteristics of the measurement sites. Despite the 
detailed analyses the reported spectral levels are characterized by large variability, 
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reaching 25 dB in some cases. These differences may be due to the different measurement 
setups and vessels involved.  

The spectral source level values given by McKenna et al. [6] and Basset et al. [7] are 
used in the following as the basis for noise predictions at the frequency of 100 Hz, as they 
lie close to the middle of the variability intervals. According to those studies, average 
spectral source levels are about 155 dB re 1 μPa2/Hz @ 1m for tankers and cargo ships, 
150 dB re μPa2/Hz @ 1m for passenger ships, 145 dB re 1 μPa2/Hz @ 1m for fishing 
vessels, 140 dB re 1 μPa2/Hz @ 1m for auxiliary vessels. 

Ideally, each individual ship should have its own set of acoustic signatures 
corresponding to different navigation / load conditions and different azimuthal directions, 
which should also be updated from time to time. Such detailed data are collected for some 
types of naval vessels – and usually remain classified – but are not available for 
commercial vessels. In any case the focus of the present work is not on the acoustic 
signatures but rather the pilot application of AIS data for real-time estimation of ambient 
noise levels over a large sea area. Better and more representative acoustic signatures for 
the involved vessels will lead to more accurate noise estimation results. In the lack of such 
data the typical sound emission levels mentioned above will be used. 

3.2. Acoustic propagation  

For long-range propagation calculations each ship is considered as an omnidirectional 
source (point source) at a depth of 9 m, a representative value taking into account that ship 
draught values may vary from a few meters up to about 20 m for large vessels under full 
load [7], [9].  

The bathymetry of the Eastern Mediterranean Sea is taken from the ETOPO1 database; 
this is a 1 arc-minute global relief model of the Earth's surface that integrates land 
topography and ocean bathymetry. For the acoustic calculations a 2/60 deg grid is adopted 
(resolution 3.6 km). Ship positions in the horizontal are rounded to the nearest grid point 
and their acoustic intensities are accumulated assuming incoherence. 

A simplified model is used for the temperature distribution assuming seasonal 
dependence and dependence with depth. Further the bottom is considered to be 
homogenous and acoustic with sound speed 1800 m/s, density 2 gr/cm3 and attenuation 1 
dB/λ. Thus, range dependence is only due to bathymetry. For the calculation of the 
acoustic field the KRAKEN normal-mode code [10] is used and the adiabatic approach 
[11], [12] is applied. The fact that different locations differ only in the water depth allows 
for categorization of different areas according to the water depth and the use of 
precalculated eigenvalues and eigenfunctions to accelerate calculations.  

The seasonal variation of the temperature (and sound speed) profile is taken into 
account through a parametric model combining a linear velocity profile, 1510 m/s at the 
surface and 1570 m/s at 4000 m depth (typical winter profile in the Mediterranean), and a 
linear heating profile for the upper 150 m layer, starting from zero at 150 m depth and 
reaching its maximum at the surface. The velocity variation on the surface is taken 
between 1510 m/s (winter - zero heating) and 1545 m/s (summer - maximum heating). 

Thus, on each day of the year a typical temperature (and sound-speed) profile is 
calculated which determines the acoustic environment. For this environment the 
eigenvalues and propagating modes are calculated and stored for different water depths to 
cover all areas of interest, from the shallowest to the deepest. Then for every hour of the 
day, corresponding to a different source distribution, the acoustic field at any location 
(receiver location) in the basin is calculated by combining eigenvalues and eigenfunctions 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  892



 

at each source and each receiver location, as well as at the locations along the path 
connecting source and receiver, retaining the minimum number of propagating modes 
along the path (mode stripping), and incoherently adding the acoustic intensities 
contributed by the various sources. The number of sources (ship groups) in the Eastern 
Mediterranean Sea typically ranges between 1500 and 3000, whereas the number of grid 
points (3.6 km resolution), where the acoustic field is calculated, is about 120000, 
resulting in a very large number of source-receiver combinations. In this connection the 
acoustic field calculations are carried out on a cluster using a parallel computation scheme.  

4. NUMERICAL RESULTS  

Some results are presented in the following for the predicted noise levels due to 
shipping in the Eastern Mediterranean Sea. The ship distribution of Fig. 1, counting a total 
of 2130 ship groups, is used as the basis for the calculations. Fig. 2 shows the 5% and 95% 
percentile values,  i.e. the noise levels exceeded 95% and 5% of the time respectively,  at a  

 
Fig.2: Predicted spectral noise level (dB re 1μPa2/Hz) distribution on 1 June 2017 in the 

Eastern Mediterranean at the depth of 50 m and frequency of 100 Hz – 5% (top) and 95% 
(bottom) percentile values over 24 h. 

5%

95%
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depth of 50 m and frequency of 100 Hz. It is interesting to see that the noise levels are 
high in shallow water areas, close to major ports and shipping lanes, e.g. in the south- 
eastern part of the basin near the port of Alexandria and the entry of the Suez canal or in 
the Aegean Sea, whereas they are lower in the deep-water areas of the Eastern 
Mediterranean Sea, e.g. in the deep Ionian basin. A physical explanation of this behaviour 
can be given in terms of the lower amplitudes of the propagating modes in deep water, as 
contrasted to the higher amplitudes in shallow water. The major shipping routes can be 
identified in the 95% percentile results. 

In order to see the effect of the propagation characteristics on the noise level 
distribution, Fig. 3 shows the predicted spectral noise levels for the ship distribution of 
Fig. 1 using two extreme sound-speed profiles, the winter linear profile and the summer 
profile with maximum heating at the surface. The first sound-speed profile is upward 
refracting, whereas the second one has a minimum at 150 m depth and a strong 
temperature (sound-speed) gradient causing downward refraction at shallower depths. It is 
seen in Fig. 3 that the noise levels at 50 m depth  for  summer  propagation  conditions  are 

 
 

Fig.3: Predicted spectral noise level (dB re 1μPa2/Hz) distribution at the depth of 50 m and 
frequency of 100 Hz, corresponding to the ship traffic of Fig. 1 assuming winter (top) and 

summer (bottom) propagation conditions.  

Summer 

Winter
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 Fig.4: 
Predicted spectral noise level (dB re 1μPa2/Hz) distribution at the depth of 100 m and 

frequency of 100 Hz, corresponding to the ship traffic of Fig. 1 assuming summer 
propagation conditions.  

much lower, especially in the deep-water parts of the basin. This is the effect of the strong 
downward refraction taking place in summer in the upper layers, where the sound sources 
are located. It is remarkable that this refraction effect is felt so clearly by the low 
frequency of 100 Hz (wavelength of 15 m). Based on the above argumentation the 
acoustic energy in summer should be found in deeper layers. Fig. 4 shows the predicted 
spectral noise level at a depth of 100 m. It is clear from this figure that the acoustic energy 
is directed to the deep. Results like these are produced on a systematic and continuous 
basis and are updated hourly and can be accessed at www.iacm.forth.gr/shipnoise. 

5. CONCLUSION / SUMMARY 

The measurement of ambient noise distribution over large sea areas with complicated 
bathymetry and coastline such as the Eastern Mediterranean Sea and its variability in time 
and space poses serious challenges. Acoustic modelling can be supportive in this respect. 
The combination of propagation models with environmental and AIS data enables the 
prediction of shipping noise distribution in near-real time and allows for the study of the 
influence of various factors, e.g. environmental variability or acoustic emission 
characteristics. A combination of prediction models with actual noise measurements at 
selected locations is the most appropriate approach for monitoring noise levels over large 
sea areas with the complex characteristics of the Mediterranean Sea.  

In this work a normal-mode approach (adiabatic approximation) is combined with AIS 
data and typical emission characteristics using a simple environmental model accounting 
for the bathymetry of the Eastern Mediterranean Sea to produce predictions of the 
shipping noise distribution at various depths in near-real time. Applications of the results 
include the environmental characterization of particular marine areas, the performance 
analysis of sonar systems, etc.  

A significant source of uncertainty for the predicted noise level distributions has to do 
with the acoustic emission characteristics of the contributing ships. Each particular vessel 
has a different emission level and directivity pattern depending on its design, maintenance 
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status, load, navigation conditions etc. Acoustic models such as the one presented here can 
account for all these characteristics. Nevertheless, the presently available data on acoustic 
emissions refer to typical levels depending on ship type and subject to a large amount of 
uncertainty. The significance of the accurate knowledge of the emission characteristics 
and its impact on noise estimation accuracy can be assessed with the present modelling 
approach. 
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Abstract: Underwater noise pollution directly impacts a wide variety of marine species. 
Falmouth Bay, UK is an active commercial port with a nearby shipping lane. Ship traffic 
predominantly transits the centre of the bay affecting the sound levels as recorded from a 
single location [1]). The degree to which this extends throughout Falmouth Bay is 
unknown. Understanding the characteristics of underwater noise that marine organisms 
are exposed to is vital in assessing the impact. 
  To date, fine-scale mapping of marine and estuarine noise pollution has been 
constrained due to a lack of appropriate technology. As such, our understanding of the 
impacts of noise pollution on wildlife remains limited, and localised conservation 
management options remain unexplored. Data on the spatial variability of marine noise 
pollution can inform marine conservation and management strategies. For example, quiet 
regions may be identified which could then be protected through mitigation measures. 
Furthermore, biological noise data is increasingly being considered as a measure of 
biodiversity and fine-scale data offers advantages in this respect. 

FoAM Kernow, in collaboration with sound artist Kaffe Matthews, have 
developed a “Sonic Kayak” system to record GPS-located underwater sound while 
kayaking. The kayak system offers advantages in fine-scale, directed spatial coverage as 
compared to traditional systems and causes limited disturbance. In addition, the person 
recording the data does not need professional training, enabling a citizen-science 
approach. 

We present preliminary findings from developing and testing the Sonic Kayak 
system. This research will build on previous work on the underwater noise pollution in 
Falmouth Bay from a single location [1-3] and allow a detailed assessment of the 
potential impact on marine species throughout Falmouth Bay. With a sufficient volume of 
data, current levels can be established from which future trends may be identified. 
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1. INTRODUCTION  

A kayak-based system, called a “Sonic Kayak”, was initially developed for fine-scale 
temperature recording and sonification (conveying information using sound). Changes in 
temperature detected by a thermistor on a cable underneath the kayak were sonified and 
played through speakers fixed to the top of the kayak. An on-board GPS allows the 
subsequent mapping of the logged temperature data. A low-cost hydrophone was also 
attached to the system, allowing the sounds received to be played through the speakers in 
real-time in addition to the temperature sonification. The Sonic Kayaks were launched at 
the British Science Association Festival in Swansea in 2016 where participants collected 
temperature data in Swansea Bay [4]. The fine-scale temperature data is intended to 
provide information useful in the research of such topics as climate change and harmful 
algal blooms. 

The Sonic Kayak system also has the potential to collect fine-scale underwater sound 
recordings. Typically, underwater sound data is collected either from static passive 
acoustic monitoring devices (as in [1, 3, 5]) or from drifting devices which travel with the 
prevailing current. Drifting devices have been used to record variations in underwater 
sound with habitat [6] and are used in high tidal flow environments to reduce flow noise 
[7]. Underwater sound recordings are also made from towed devices from boats although 
these are typically used in research topics such as cetacean detection (e.g. [8]) as opposed 
to recording of the ambient sound due to the vessel noise. Recording underwater sound 
data while paddling a kayak offers an advantage in a greater spatial coverage as compared 
to static devices. In contrast to drifting devices, which also offer increased spatial 
coverage, the locations of data collection are chosen. Additionally, a kayak causes 
minimal disturbance to wildlife as compared to a vessel with an engine and the person 
recording the data does not need professional training, enabling a citizen-science 
approach. 

Shipping noise affects shallow coastal locations, such as in [1]. Sound propagation can 
be very complex in such shallow areas as there are as a variety of sources and increased 
interactions with the sea surface and seabed by the sound waves [9]. The sound levels 
therefore may vary considerably spatially throughout the area. Understanding the 
characteristics of underwater noise that marine organisms are exposed to is vital in 
assessing the impact on marine species. The Sonic Kayaks have the potential to gather 
data to be used in mapping marine noise in such areas.  

Given the potential applications we therefore developed the Sonic Kayak to record 
underwater sound and tested the concept in the region of Falmouth, Cornwall, UK. 

2. METHOD  

The Sonic Kayak system consists of a Raspberry Pi 2, temperature sensors, a GPS, 
speakers, pre-Amp, sound card, a battery and a hydrophone (Fig. 1). Audio from a 
DolphinEar DE-PRO Balanced Hydrophone was recorded continuously through Pure Data 
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(an open source visual programming language) to a USB flash drive (16 bit recording, 0 
dB gain, single .wav audio file per kayak trip). The hydrophone has a recording bandwidth 
of 10 Hz – 22.5 kHz with an approximately flat (±2 dB) response 20 Hz - 20 kHz (-6 dB at 
10 Hz and 24 kHz). 

Fig.1: Sonic Kayak system consisting of: i) speakers, ii) box containing electronics, iii) 
weight and iv) hydrophone 

 
Recording of underwater noise from two Sonic Kayak systems was tested in Penryn 

river, Cornwall in March 2017 on an incoming tide (Fig. 2). Initial tests indicated that 
paddling noise could be detected. Therefore, the sampling procedure was to collect 
unpolluted samples by pausing paddling periodically. However, the conditions were windy 
(> 20 mph gusts forecast) and pausing paddling for recording proved challenging. The 
speakers on board the kayak allow underwater noise to be heard in real time. For our 
purposes of testing, this allowed us to pause paddling when hearing sounds of interest, for 
example, boats. 

Data processing 

Tones at frequencies 10 Hz, 60 Hz, 200 Hz, 1 k Hz, 10 kHz and 20 kHz were recorded 
through the entire recording system (Raspberry Pi, pre-Amp and sound card). The voltages 
of these tones were assessed using an oscilloscope and correction factors calculated. The 
values were interpolated using a linear interpolation method in MATLAB (2016b; The 
Mathworks) to provide a value per 1 Hz (10 Hz – 20 kHz).   

The hydrophone sensitivity is not available (but the response is approximately flat), 
therefore only relative dB levels are calculated. A fast Fourier transform was applied 
sequentially to 1 s segments (Hann window, 50% overlap). The calculated correction 
factor is applied during this process. The results are converted into dB with reference to 1 
µPa once all calculations are complete. 

i) 

iii) 
iv) 

ii) 
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The root-mean-square Sound Pressure Levels (SPLRMS) were also calculated (1 s 
segments, 50 % overlap) for the frequency range 10 Hz – 20 kHz for the periods of paused 
paddling. The mean SPLRMS was calculated per period of paused paddling and then 
converted to dB.  

3. RESULTS  

Recordings were made from two separate Sonic Kayak systems on the same trip 
resulting in two audio files of ~2 hours each. However, there was an error with one of the 
kayak’s GPS and this one did not record.  

During power-up there is some electrical noise which requires exclusion. There was 
also some additional self-noise at several specific frequencies present throughout the 
recordings (peaks at the frequencies 3,798 Hz, 4,138 Hz, 7,925 Hz, 8,679 Hz, 11,712 Hz, 
12,809 Hz, and 20,679 Hz). The source of this is unclear but possibly from the Raspberry 
Pi itself, or the GPS, as other potential sources, such as the sound card, were excluded.  

Paddling produces sound in a wide frequency range from 10 Hz -5 kHz. We paused 
paddling periodically to collected unpolluted recordings and when sounds of interest were 
heard, such as vessels, through the onboard speakers.  

Vessels were detected several times. Often, they were heard through the speakers 
before they were seen. The vessels were at a range of distances from the kayak. Fig. 2 
gives the sound characteristics of one such vessel event. The mean SPLRMSs for each 
section of paused paddling varied considerably by ~15 dB re 1 µPa throughout the test 
trip.  

Fig. 2: a) Mean power spectral density of the vessel noise given in b) giving the average 
relative sound levels per 1 Hz.  b) Spectrogram of vessel noise displaying the sound levels 

per 1 Hz over time. 
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4. DISCUSSION 

We collected a continuous sound recording, with associated GPS locations, from 
kayaks using low-cost equipment. During a test kayak on Penryn river, we found a range 
in broadband sound levels of ~15 dB demonstrating the potential of this system in 
mapping underwater sound. 

The paddling noise was found to be a limitation as it masked other sources of sound 
within a broad frequency range. Taking short unpolluted recordings was possible by 
pausing paddling. It is not uncommon for short samples to be taken during research e.g. 5 
second samples from 3 minute recordings in [10] and 2 minute recordings per 30-mins in 
[11]. Drips from the paddles while pausing also pollute the recordings, this can be 
prevented by keeping the paddles inside the kayak. Electrical self-noise within several 
narrow frequency ranges were identified during testing. These occurred at frequencies 
higher than typically occurring from shipping, however, some biological sounds, such as 
from snapping shrimp, does occur at these frequencies. Therefore, particularly for the 
purposes of eco-acoustics, further work to identify the sources and eliminate them would 
be beneficial.   

The hydrophone was deployed with a weight 1 m below the surface. While a kayaker 
is paddling, the hydrophone will not be vertical. However, when pausing to record 
samples, the hydrophone is expected to be approximating the full depth. Tidal flow may 
also affect the depth and sound recording. When pausing paddling, the kayak will drift a 
little with the tide, therefore reducing tidal flow and associated pseudo-noise. Changes in 
temperature are sonified which also can be heard in realtime through the speakers. This 
provides some indication of the location of the hydrophone in the water column – a 
decrease in temperature is heard when the hydrophone sinks when pausing paddling.  

In addition to mapping shipping and other anthropogenic sources of sound, there is 
potential for the Sonic Kayak to be used for mapping biological noise. Underwater sound 
can provide information regarding the organisms present and physical characteristics and, 
at the scale of metres to kilometres, is thought to be an environmental cue for larval 
settlement [6]. Therefore, variations in sound over this scale are important for ecosystems. 
Eco-acoustics is an emerging field in the marine environment whereby acoustic indices are 
used as indicators of biodiversity [12]. Such acoustic indices have been used in the 
terrestrial environment (e.g. [13-15]). The Sonic Kayak system could be used to record 
underwater ambient sound over a variety of habitats.  
     Future research includes further refinement and data collection. The Sonic Kayak 
system has great potential in mapping anthropogenic and biological noise. Furthermore, as 
the speakers allow a kayaker to hear underwater sounds in realtime, the system could also 
be a valuable public engagement tool.  
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Abstract: Offshore pile driving noise has gathered more and more attention during the 
last decade. Especially the huge number of monopile foundations for wind turbines 
contribute to the noise emission into the water column. Besides monopiles, also jacket 
structures can be found as foundations for e.g. transformer stations or service platforms in 
wind farms and at deeper locations, e.g. for oil and gas platforms. A general difference 
between monopiles and skirt piles that are often applied for fastening jacket structures is 
the identification of the critical scenario for underwater noise prognosis. For monopiles, 
the highest noise levels are observed at final embedment, when the highest hammer energy 
is applied. While monopiles have a certain stick-out above the sea surface at the end of 
piling, the top of skirt piles is submerged at final penetration. Thereby, the increasing 
hammer energy with penetration depth and the simultaneously decreasing free pile length 
in the water make it hard to define the critical scenario from an acoustical point of view. 
In this contribution, the measured underwater noise levels of four submerged skirt piles 
for a transformer station are compared to the levels that have been predicted by a 
comprehensive FE modelling approach before the offshore installation started. Thereby, 
the FE model included a careful derivation of the excitation force by the hammer as well 
as a detailed layered soil profile and noise mitigation measures. Based on the results from 
measurement and simulation, it is possible to gain a valuable insight to the development of 
underwater noise with increasing embedment of submerged skirt piles. 
Keywords: Pile driving noise, offshore constructions, simulation, prediction, 
measurement, finite element method 
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1. INTRODUCTION  

Offshore pile driving noise gained increasing importance during the last decade, in part 
due to the growth in offshore wind farm construction activities. Within Europe, 
developments on regulatory requirements regarding underwater noise are related to the 
European Union’s Marine Strategy Framework Directive (MSFD) [1] that was adopted in 
2008. As described in this directive, the emission of noise in the waters under the 
jurisdiction of Member States of the European Union is to be seen as pollution. Within the 
OSPAR Convention for the Protection of the Marine Environment of the North-East 
Atlantic and its counterpart for the Baltic, BIAS (Baltic Sea Information on the Acoustic 
Soundscape), guidelines and legislation are being developed that regulate our dealing with 
the marine environment. This recognition of underwater noise due to pile driving has led 
to the definition of sound-related restrictions by a number of national authorities in 
Europe. Most notably, these restrictions define the maximum allowable sound levels 
emitted from the vibrating pile into the water column during pile driving, which may not 
be exceeded. Such limitations are, for example, set by the permitting authorities of 
Belgium, Germany and the Netherlands. A number of noise mitigating measures have 
been developed by the industry in order to meet those limitations, see e.g. [2][3]. 

 
In wind farm construction, especially the installation of a large number of monopiles as 

foundations for the wind turbines contributes to the noise emission into the water column. 
Besides monopiles, also jacket structures can be found, e.g. as foundations for transformer 
stations or service platforms (see Fig. 1). Jacket structures are also used at deeper locations 
for oil and gas and other platforms. In the wind industry, jackets are typically founded on 
so-called skirt piles in a post-piling approach: After placing the jacket itself on the sea bed, 
piles are inserted into the skirt sleeves, which are tubular sections at the lower end of the 
legs of the jacket structure, and driven to final penetration depth. 

Fig.1: Typical example of a skirt pile jacket before installation, with the skirt sleeves 
visible at the lower end of the jacket legs. 

 
A general difference between monopiles and skirt piles is the identification of the 

critical scenario for underwater noise prognosis. For monopiles, the highest noise levels 
are typically observed at the final embedment depth, when the highest hammer energy is 
applied. At the end of piling, the monopiles still have a certain stick-out above the sea 
surface. In contrast, the top of skirt piles is submerged at final penetration depth. Thereby, 
the increasing hammer energy with penetration depth and the simultaneously decreasing 
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free pile length in the water column make it hard to define the critical scenario from an 
acoustical point of view: The excitation force on the pile head increases ( higher noise 
levels), while the sound directly radiating from the pile into the water reduces with pile 
submersion ( lower noise levels). In this contribution, the noise levels that have been 
predicted by a FE model prior to the actual offshore installation are compared to the levels 
measured later on during installation of the submerged skirt piles for a transformer station. 

2. DESCRIPTION OF THE SITE-SPECIFIC BOUNDARY CONDITION 

For the project described in this paper, four skirt piles with an outside diameter of 
2.44m (96”) and a length of 82m were driven into the sandy sea bed through the jacket 
structure, which was placed in 40m water depth. Each of the piles was driven to a final 
penetration of 65m below sea bed. Consequently, the pile top crossed through the water 
line at about 42m penetration, and was at a depth of 23m below sea level at final 
penetration. Driving was executed with a submersible MENCK MHU-3500iS hydraulic 
impact hammer of the latest generation, operated at varying energy levels of up to 2000kJ 
to match the gradually increasing driving resistance. 

 
In order to comply with the applicable noise level limitations, a combination of noise 

mitigation measures was applied. Close to the pile, a so-called grout annulus bubble 
curtain (GABC) was generated by blowing air into the annulus between the skirt sleeve 
and pile. Within the annulus, the air bubbles were protected from the current resulting in a 
stable air-water mixture that acted as an impedance barrier to the pressure waves 
generated by the pile during each hammer strike. At the top of the annulus, about 10m 
above sea bed, the bubbles drifted out and were subjected to the current, carrying them 
away from the pile. The main noise mitigation measure consisted of a double big bubble 
curtain (DBBC) and was located at a greater distance from the pile, enabling it to capture 
water-borne as well as soil-borne sound waves (see Fig. 2). 

Fig.2: Situation during pile driving: hydraulic hammer visible on top of a skirt pile, 
with the double big bubble curtain (DBBC) active. 

 
Bubble curtains are commonly applied in wind farm construction. The system 

comprises a weighted air hose with nozzles at regular intervals, laid out around the pile 
driving location on the sea bed. A continuous air supply from a compressor array on a 
dedicated vessel generates an air curtain surrounding the piling site, again acting as an 
impedance barrier. The hose layout is project specific; in this case, an elongated semi-oval 
shape was chosen with its long axis in line with the prevailing tidal current, with a spacing 
between the two hoses that slightly exceeded the water depth. 
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3. NUMERICAL MODELLING OF PILE DRIVING NOISE  

The finite element method (FEM) is used to model the sound propagation due to the 
pile driving both in water column and soil (see [4-6]). To predict the sound emission into 
the water column, an approach has been chosen that splits the calculation into one main 
model and two pre-calculations to ensure for a high precision along with tolerable 
calculation times. In a first step, the pile excitation force due to the hammer impact is 
determined in a separate pre-calculation FEM model, which takes the pile, the impact 
hammer, the anvil as well as the contact parameters between the different components into 
account at a very high level of detail [7][8]. In contrast to common approximation 
procedures, which are often used to estimate the excitation force (e.g. following Deeks and 
Randolph [9]), a far more detailed description of the excitation force acting on the pile 
head is possible with the chosen approach. The model explicitly takes into account the 
mass and geometry of the ram weight, the anvil and further possible components between 
hammer and pile head. The contact parameters, which significantly influence the 
characteristics of the excitation force, have been specifically derived for offshore pile 
driving. Due to this approach, the high-frequent signal contents are also considered, which 
is an important prerequisite for accurately determining the resulting noise emission. 

 
The excitation force is used as an initial boundary condition for the main propagation 

FEM model, which is 2D rotational symmetric and consists of the pile, the surrounding 
water column and the different soil layers. The radial extension of the model is usually 
1km. The mesh properties are chosen in a way that signal frequencies up to a maximum of 
1kHz are taken into account, as the energy transfer from typical offshore piles into the 
water column occurs significantly low-frequent at around 100-150Hz. The soil, which – as 
a secondary transmission path pile  soil  water – gains importance especially when 
considering sound mitigation systems, is represented by linear-elastic elements. Besides 
the propagation of the occurring pressure waves, this approach also includes the 
developing seismic shear waves. The coupling between pile and soil is realized by a 
special contact (see [10]), which allows for a precise modelling of the energy transmission 
from the pile into the soil. An impedance boundary condition is applied at the free water 
surface to enforce total reflection, while at the lateral edge of the water column and at the 
edges of the soil layers non-reflective boundary conditions have been realized to ensure a 
reflection-free propagation of the pressure waves out of the computational domain. As the 
linear-elastic modelling does not reproduce the energy losses due to plastic deformations 
caused by the pile-soil interaction, corresponding Rayleigh damping parameters for these 
losses are determined in a further separate pre-calculation model based on an extended 
Wave Equation Analysis of Pile Driving (WEAP) approach. Therefore, an additional 
implementation of the radial displacements is added to the conventional WEAP scheme 
and the pile head force derived in the first FE pre-calculation is used [11]. 

 
The DBBC is considered by integrating two non-reflecting impedance boundary 

conditions vertically into the water column, which act like perfectly absorbing, concentric 
enveloping surfaces surrounding the pile. These boundary conditions represent an 
optimally working DBBC that ideally absorbs the emitted pressure waves within the water 
column. Practical realizations are more or less capable of achieving this maximum 
mitigation potential. For the project at hand, an additional GABC that was not included in 
the numerical model has been applied on-site to ensure the necessary reduction. 
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The mentioned approaches and procedures that the calculation model is based on have 
been validated within the frame of profound offshore measurement campaigns and allow 
for a reliable prediction of the pile driving noise emissions into the water column. The 
applied modelling approach corresponds to the latest procedures that have been 
successfully developed in the BORA project [12]. Within BORA, the described modelling 
approach has been comprehensively validated by measurements during construction of the 
wind farms BARD Offshore 1 (tripiles), Global Tech I (tripods) and Borkum Riffgrund 01 
(monopiles). Altogether, the numerical models were able to reproduce the measured sound 
levels with very high accuracy [13-15]. Therefore, the model can be regarded as validated 
for a variety of boundary conditions regarding pile diameter and water depth. For further 
details on the modelling as well as on the validation it is referred to [7][8][12-15]. 

4. INTERPRETATION OF THE MEASUREMENT DATA AND COMPARISON 
TO THE NUMERICAL PREDICTION RESULTS 

In Fig. 3, the development of the sound exposure levels (SEL) over penetration depth is 
shown, which have been measured on-site for all four skirt piles at 750m distance to the 
jacket centre. Furthermore, the SEL levels as predicted prior to the offshore installation by 
the FE model are inserted into the diagram for scenario 1 (pile head flush with the sea 
surface) and scenario 2 (final penetration depth). Note that all SEL levels have been 
normalized to a hammer energy of 2000kJ to allow for a better comparison. 

 

 
Fig.3: Predicted SEL levels  for scenario 1 (pile head flush with sea surface) and 

scenario 2 (final penetration depth) versus measured SEL levels     over penetration 
depth at 750m distance. All levels normalized to 2000kJ. 

 
It can be observed that the predicted SEL fits very well with the noise levels that have 

later on been measured on-site. Due to the additional application of a GABC that was not 
included in the model, however, the measured levels are slightly lower compared to the 
predicted ones. This corresponds with experiences from other projects, where the extra 
mitigation effect of an additional GABC has been reported to be about 1dB to 3dB. 
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Between the four different piles, a certain variance in the noise levels can be observed. 
On the one hand, this is due to slightly different distances between the piles and the fixed 
measurement position. Due to the specific characteristics of the wave guide and 
corresponding interference effects, the logarithmic decay of the levels with range is only 
met as a general trend. In practice (both in measurement and simulation), a more or less 
pronounced oscillation about the decay curve is observed, with dedicated minima and 
maxima. For the current site, the possible deviation of the SEL ±50m around the 750m 
position has been determined to +0.0dB/-2.6dB by the numerical model. Furthermore, 
possible shading or scattering effects by the jacket structure may have occurred for some 
of the piles. On the other hand, every pile encounters slightly different soil conditions 
during piling, which also have a direct influence on the resulting underwater noise. 

 
For all four piles, a certain systematic regarding the development of the SEL with 

penetration can be observed that is divided into four more or less pronounced phases: 
(i) Phase 1 shows a decreasing trend of the SEL at the beginning of the pile driving for 
penetration depths between 5m to about 10/15m. This effect is caused by the change in 
pile‐soil interaction, due to which the pile toe reflections of the impact pulse strongly 
reduce within the first meters of penetration, as a considerable damping of the signal only 
occurs in the embedded part of the pile. (ii) In phase 2, the SEL is constantly increasing 
for penetration depths of 15m to about 25m, as the proceeding embedment of the pile 
leads to a higher radiation of energy into the upper soil layers. (iii) Within phase 3, this 
effect fades away, as most of the energy radiated from the deeper parts of the pile will be 
subject to attenuation along their comparably long soil propagation paths. Therefore, the 
SEL (normalized for energy) remains fairly constant over the entire penetration interval of 
phase 3. (iv) Phase 4 finally begins, as the pile head is flush with the sea surface at a 
penetration depth of 42m. From this point on, the free pile length in the water constantly 
reduces. Per 50% reduction of the remaining stick-up above the sea bed, a reduction of 
about 2.5dB can be observed in the measurement data. This effect is reproduced by the 
numerical model: The reduction of the free pile length in the water from 40m (scenario 1) 
to 17m (scenario 2) results in a decrease of the normalized SEL from 159.5dB to 156.9dB. 

 
As the actual hammer energy is not constant, but increases with pile penetration, phases 

1 to 3 are usually not relevant for dimensioning the mitigation measures. With the applied 
hammer energy profile of this particular case, the most critical noise emission occurs when 
the pile head is flush with the sea surface (scenario 1). The free pile length then 
corresponds to the water depth, while already considerable hammer energies are applied 
(here: 1400-1600kJ). Once the pile head starts to submerge, the resulting decrease of the 
SEL is more pronounced than the increase due to raising of the hammer energy. The 
hammer energy at final penetration depth (scenario 2) has been 2000kJ, which results in a 
ΔSEL of +1.0/1.5dB compared to 1400/1600kJ in scenario 1, while the reduced free pile 
length from 40m to 17m yields a ΔSEL of -2.6dB. For the considered project, scenario 1 
can therefore be regarded as the critical setting from an acoustical point of view. 

5. CONCLUSIONS 

In the current paper, the development of underwater noise with the increasing 
embedment of submerged skirt piles has been investigated. A comparison of the predicted 
SEL levels, which have been computed with a detailed numerical model before the 
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offshore installation started, with measurement data recorded during piling of four skirt 
piles showed a very good agreement for the two different considered penetration depths. It 
has been shown that the applied numerical model is capable of accurately reflecting the 
effect of the decreasing free pile length in the water column on the noise levels. 

 
The development of the SEL with penetration follows a certain systematic. Four 

dedicated phases could be identified, which are each characterised by typical effects. 
Based both on simulation and measurement, scenario 1 (pile head flush with the sea 
surface) in phase 4 could be identified as the critical scenario for noise prognosis in the 
regarded project. However, as the SEL difference of scenario 1 and 2 depends on the 
applied hammer energy profile, still both scenarios have to be analysed in future projects. 
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OPTIMUM SPACE-TIME FILTER PERFORMANCE USING A REALISTIC 
NOISE MODEL OF THE AMBIENT ENVIRONMENT 
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Abstract: To evaluate the reliability of underwater acoustic communication systems, it is typically 
assumed that the noise at the receiver follows a white Gaussian noise distribution. In this work, a space-
time underwater acoustic noise model in the 100-10 kHz frequency band is used to estimate the 
performance of a multi-hydrophone receiver in a coherent communication system. The objective is to 
reliably transmit in a shallow water environment a frame of information over a narrow band centered 
around 2 kHz.  
A space-time ambient noise model developed in this work is intended to represent shallow water 
environments, and includes the effects of shipping noise, surface motion, and turbulent flow.  The model 
also includes the effect of correlation as a function of vertical position.  The space-time noise coherence 
in a vertical array of hydrophones is extracted over the bandwidth of interest using a shallow water 
model. To validate the noise model, it is compared with real measurements of ambient noise taken near 
the Halifax Harbour. A 5-element vertical line array is deployed, in a shallow environment. 
Interestingly, it is found that the noise is generally isotropic. 
To evaluate the communication link performance, the signal of interest is modelled in software. The 
signal contribution at the input of the receiver is added to the measured noise signal.  A minimum mean 
square error (MMSE) adaptive space-time equalizer is used to obtain optimal weights.  Because the 
noise contains a space-time signature, it is found that detection reliability relies on the ability of the 
filter to separate the two signals.   

Keywords: Ambient Noise, Spatial Coherence, Optimum Combiner 
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1. INTRODUCTION 

Underwater acoustic communication reliability is sensitive to the channel conditions, particularly in 
shallow water environments. To reduce sensitivity, an array can be used at the receiver to improve the 
signal-to-noise ratio. While uncorrelated additive noise is often assumed in the design of communication 
systems, the array gain depends on the correlation of the noise at each element.  

 
In this work, a discrete-time wideband ambient noise model using stochastic processes will be 

described to represent realistic noise conditions.  The model combines the underwater noise P.S.D. [1], 
and spatial coherence [2] of ambient noise sources.  An instantiation of the model will be realized for 
shallow environments from derivations proposed by [3].  It will be validated by comparing it with real 
measurements.   

 
Also, an adaptive minimum mean square error (MMSE) equalizer will be used to mitigate the 

presence of noise and interference on a five-element vertical line array.  Adaptive filters have been 
demonstrated to be a necessary element of the receiver. For example, in [4] a decision feedback 
equalizer is employed to combat severe multipath time-varying conditions. Also, in [5] a least mean 
square (LMS) algorithm with a variable step size was proposed to combat ambient noise with variable 
power.  In the proposed work, a simple linear adaptive filter originally described in [6] is used to obtain 
the spatial weights that will minimize the mean square error between the transmit sequence and its 
estimate at the output of the spatial combiner.  The structure of the filter is used to analyze the array 
gain in presence of ambient noise in a limited transmission bandwidth. The filter can easily be enhanced 
to a space-time equalizer to combat multipath arrival and frequency selectivity.   

 
The rest of this paper is organized as follows: in Section 2, the space-time model will be described, 

in Section 3, the array gain is presented, and finally, in Section 4, the work will be summarized.  

2.  A SPACE-TIME NOISE MODEL 

In this Section, a space-time noise model will be developed. In Section 2.1, a classification of noise 
sources is reviewed. The noise sources are classified depending on their spectral content, and an auto-
regressive filter is presented to model the transient behavior of noise. In Section, 2.2, well established 
space-time stochastic model is reviewed. The model is applied to assess the characteristics of ambient 
noise obtained during a measurement campaign taken near the Halifax Harbour.   

2.1. A transient model of wideband noise 

Ocean ambient noise is random in nature. Due to the randomness of ambient noise, studies have relied 
on stochastic approach in analyzing these noise sources. Urick in [1] characterized the spectrum of 
ambient noise into three bands. The power spectrum of ambient noise is found to have different integral 
power over different frequency band of interest. In this work, we assume that the noise in the band of 
interest will be dominated by volume noise which is largely dominated by an isotropic noise field.  

A discrete-time model to generate a space-time noise sequence is estimated by an autoregressive model. 
First, to ensure stationarity of the process, a Dickey-Fuller test was run on of the noise data obtained 
from a sea-trial. Having established stationarity, an autoregressive (AR) model is described which 
characterizes the noise in time and space. From [7], a two-dimensional AR field is described by 
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where 1 2( , )k k  represents the order of the model over spatial and time dimensions respectively, ( , )x m n   
is the output of the process, and ( , )u m n  is the two-dimensional white noise input field 2(0, )u . The 

coefficients ( , )a i j  which estimate the process are obtained from the Wiener-Hopf equation 1r R a , 
where a  is a vector of all ( , )a i j  and r  is obtained from the observations of the process . The variance 

2
u  is obtained from 2 (0)n r ar   . As described in [8], a better estimate of the process is obtained 

with higher orders of 1 2,k k . To fully quantify the effect of noise on an acoustic array, the procedure 
described in [9] for signals with tunable correlation characteristic in time and space was used. The 
results of figure (1a) and (1b) represents the 2D cross-correlation as a function of space and time, 
obtained through simulation and data measurements respectively.  

 

Figure (1a): 2D correlation from data measurements     Figure (1b): 2D correlation from an AR process 

2.2. Characterization of ambient noise measurements 
In this Section, well established models to characterize the shallow water models applicable for volume 
noise are reviewed, and the power spectral density (P.S.D) and the spatial coherence are analyzed to 
quantify the noise content at different points in space.   

In [2], Cron and Sherman developed a space-time correlation function to model surface noise in the 
deep ocean. The authors assume a randomly propagating noise field with the same statistical properties 
for all noise sources, distributed over a sphere of radius , for a receiver lying just beneath the sea 
surface. Cox in [10] extended the earlier work by Cron and Sherman for homogeneous noise fields, 
composed of a superposition of uncorrelated plane waves, arriving at sensors with arbitrary orientation 
from different directions. To characterize the noise resemblance at two points in space, an important 
figure of merit has been recognized to be the spatial coherence 12 , as a function of frequency.  For a 
cross power spectral density, 12S , a P.S.D. at point 1, 11S , and a P.S.D at point 2, 22S , the spatial 

coherence 12 12 11 22S S S  .  

Ambient noise data was collected from the Halifax Harbour at a shallow water location with an 
approximate depth of 14 meters. The properties of the seabed in this region of the Harbour were 
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extracted from the existing data in [11] and [12]. The loss parameter 2 1 (10) 40vc In f   , where 

2 0.4556f   in ( )dB m kHz . The sediment porosity ( 2 4)s g gN P u u    , where  is defined 
as the grain size,  is the packing factor of a random arrangement of surface spheres and Δ is the rms 
roughness measured about the mean surface of the grains. 

The vertical line array consists of five hydrophones separated by /2. The power spectrum of the 
colored noise obtained from measurement is shown in figure (2a). The P.S.D of these noise sources 
closely compare with Urick’s equation for equivalent volume noise. To model shallow water conditions, 
a theoretical model presented by Deane and Buckingham in [13]  for spatial coherence was validated 
against measurements, with the geo-acoustic parameters of the Harbour as input for the model. 

The spatial coherence shown in Figure (2b) confirms that for local breaking waves, the cross-spectral 
density of the noise sources, at pairs of hydrophones may be decomposed into real and imaginary 
components. While the spatial coherence equation Error! Reference source not found. is applied for 
homogenous fluid sediment, the sediment values obtained from the data in [14] suggests that the 
percentage constitution of the bottom boundary of the experimental region is about 90% sand and 75% 
gravel which is generally described as a veneer. This explains the subtle deviation of the coherence 
function at frequency values greater than 3kHz .  

 

Figure (2a). Ambient Noise P.S.D   Figure (2b). Comparison of coherence functions 

 

Figure 3. 2D noise autocorrelation at 10-minute time intervals 
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The 2D autocorrelation of the measured noise process is also analyzed over short window spans within 
a 10-minute interval.  Note that for this analysis, the noise spectrum is limited to the 400 Hz bandwidth 
around the 2-kHz frequency of interest.  Two consecutive windows are shown in Figure 3 as 
representative of the process.  As can be observed, the ambient noise does contain multipath arrival, 
originating generally from broadside. The characteristics of this noise process will affect the 
communication performance as will be demonstrated in the next Section.  

3. IMPACT ON THE COMMUNICATION PERFORMANCE 

In this work, a digital filter is realized at the output of the spatial array to maximize reliability in presence 
of ambient noise.  The system is steered electronically and an MMSE filter originally described by 
Winters in [6] is implemented. This objective of this filter is to maximize the signal to noise and 
interference ratio (SINR) at the output of the combiner.   

 
To assess the array gain in controlled conditions, a data transmission frame )(tx  is modelled in Matlab.  
The received signal vector at the VLA is n(t)hr(t)  )(tx . It is sampled at a rate on the order of 10.24 
kHz. Binary information is modulated using phase shift keying and is up-converted at a center frequency 
of 2048 kHz.  After pulse shaping, the waveform occupies a bandwidth of 400 Hz. To evaluate the effect 
of correlated noise, the signal arrives at the receiver at an impinging angle φ with respect to the plane 
of the VLA, such that the channel vector with normalized amplitude is 

])cos()1(exp(...)cos(exp(1[   Mjjh  for λ/2 separation between elements.    

The spatial filter combines the output of the VLA to form a signal estimation of the transmit signal 
(t)ttx rw T

v )()(ˆ  , where the optimum weights )(tT
vw solve the popular Wiener-Hopf equation defined 

in [15] as vvv pRw 1 . Note that vR is the ambient noise covariance matrix ][E H
v nnR    and vp is 

the correlation vector between the desired sequence x(t) and the received vector y(t) such that 
][E rp  xv .  

 
Figure 4. Spatial filter array gain as a function of angle of arrival 

In practice, an adaptive filter [15] is realized to train the filter coefficients and update the weights 
dynamically.  A recursive least square algorithm is used to reduce convergence time. Also, to combat 
the effect of frequency selectivity, the spatial filter is enhanced with a time domain adaptive equalizer. 
The array gain of the MMSE filter is evaluated as a function of the impinging gain of the signal on the 
array.  The performance of the adaptive MMSE filter is also compared to that of the theoretical 
performance of a fixed beamfomer in presence of uncorrelated AWGN noise source.  When the noise 
is not correlated in either space and time and the signal is fully correlated, it is expected that the SNR 
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gain at of the array is equal to 10 log 7.0n dB . However, when the impinging signal is received in 
presence of the ambient noise measured the performance is much better.  This can be attributed to the 
fact that the noise is correlated in both space and time.  In fact, the array performs best when the signal 
arrives from endfire with an array gain approximately equal to 14 dB, while the array gain is worst, at 
broadside, with an array gain slightly better than 8 dB.  As can be observed, there is a significant benefit 
in implementing adaptively steered space-time filters to combat ambient noise, even in narrowband 
conditions.  

4. CONCLUSION 

In this paper, the impact of realistic ambient noise on the design of a communication receiver is 
analyzed.  A 5-element vertical line array is deployed in shallow water, and the noise characteristics are 
extracted. Space-time correlation is demonstrated, and it is shown that the noise process follows a 
temporal variation.  Finally, an MMSE space-time filter is compared to a fixed beamformer, and it is 
found that the performance is significantly improved over all angles of arrival.  
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Abstract: Acoustic transient noise measurement is important to detect and analyse 
the sound source. According to traits of underwater acoustic transient signal, a new 
measurement method of underwater acoustic transient noise based on complete 
complementary wavelet ensemble empirical mode decomposition with adaptive noise
（CCWEEMDAN）and Power-Law was proposed in the paper. Firstly, a new 
noise-assisted signal decomposition algorithm named CCWEEMDAN was presented 
based on CEEMD. Then, the CCWEEMDAN method was employed to decompose the 
noise containing transient signal into the Intrinsic Mode Function (IMF) domain, 
other noise was suppressed by adaptive ensemble empirical mode decomposition, this 
method achieved better spectral separation of modes and with fewer screening 
iterations and extremely low computational cost. In addition, in order to acquire the 
starting point and lagging edge of transients signal, Power-Law detector was applied 
to detect the certain order of Intrinsic Mode Function containing short-term burst 
signal. The Monte Carlo simulation examples of typical underwater transient signal 
and sea trial data processing results show that the detector which based on 
CCWEEMDAN and Power-Law can effectively suppress the background interference 
without a priori knowledge, extract transient signal with the SNR gain higher than the 
conventional Power-Law detectors, and reduce false alarm probability in a certain 
extent. 
Key words: underwater acoustic countermeasure; underwater acoustic transient 
signals detecting; CCWEEMDAN; Power-Law detector 
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1. INTRODUCTION 

Ocean acoustic survey is not only the basis of the research on 
physical knowledge of underwater acoustic channel, but also provides a basis for the 
design of sonar equipment. Explosive sound source is the most commonly used signal 
source in ocean acoustic survey, and a typical transient signal of blast wave signal. 
The first task is to detect the explosion wave in the process of ocean surveying 
acoustic data. The purpose of this paper is to study the transient signal automatic 
detection method to improve the efficiency and quality of ocean underwater acoustic 
survey data processing. 

Transient signals are characterized by short duration, fast waveform decay rate and 
strong instabilities in the frequency domain, it is very difficult to design a 
high robustness transient signal detector, especially in the underwater complex and 
changing background environment. Transient signals have time-varying 
characteristics. The main method of detection of transient signal is time-frequency 
analysis method, such as the time projection to the time-frequency joint domain on the 
analysis, the main means are short-time Fourier transform (STFT), Gabor linear 
transformation, Wigner-Ville bilinear distribution WVD), wavelet transform (Wavelet 
Transform), etc. [1]Aiming at the detection of underwater transient signals, many 
scholars have conducted in-depth research and achieved good results. Stefannia [2] 
proposed a detector based on transient signal of higher order moment with the 
anti-Gaussian noise characteristics of the high-order moment. Boashash [3] analyses 
the detection performance of a transient signal detector based on a Wigner-Ville 
time-frequency distribution and a detector based on a higher order spectrum. WANG 
Zhen et al. [4] proposed that the optimal detector is Mx (Nuttall's "Maximum" 
Detector) detector based on the detailed analysis and comparison of the performance 
of six detectors. However, the assumption of the detector is that the duration and 
average power of the signal are known, which is contrary to the fact that the duration 
of the transient signal, the signal waveform structure, the background noise spectrum, 
and the relative spectral density function are unknown. So the optimal detector can’t 
be found [5]. In view of the actual application scenario, Nuttall et al. Proposed a 
DFT-based nonparametric transient signal detector: power-law detector, which is 
better for the detection of transient signals generated by unknown physical processes 
[6]. 

Based on the above research, this paper proposes a method to detect the 
underwater transient signal based on the completely complementary wavelet noise 
assisted lumped empirical mode decomposition and power-law detector. The method 
provides a self-adaptive and strong anti-noise ability, it is suitable for low signal to 
noise ratio environment and has a small amount of computing. And this method has 
passed the dual verification of simulation data and lake trial data. 

2. TRANSIENT SIGNAL DETECTORS BASED ON CEEMD AND 
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POWER-LAW 
2.1 POWER-LAW TRANSIENT SIGNAL DETECTOR 

The US Navy Underwater Warfare Centre proposed Power-Law Transient Signal 
Detector for the first time, Nuttall believed that, the problem of detection of transient 
signals in the Gaussian background can be simplified as "the problem of detecting any 
M-point signal in the DFT sequence of N-point observation data", in this case, the 
form of the transient signal, the spectral structure and the intensity are unknown, and 
M is the spectral component of the transient signal. The basic assumptions of the 
Power-Law transient signal detector are: assuming that H0 represents the absence of a 
signal, the amplitude of the DFT sequence of the time domain signal, Gaussian white 
noise, obeys the exponential distribution of the independent identically distributed; 
assuming that H1 represents the presence of a transient signal, the amplitude squared 
of the DFT sequence of the time domain signal is no longer subject to the exponential 
distribution of the same distribution. The two cases are as follows: 
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In the above formula,  ( )X t  is the square of the DFT sequence of the observed 

data, N  is the number of DFT points, and  （） is the step function, S  is the subset 
of the transient signal of size M. The probability distribution function of the transient 
signal under the assumption of H1 depends on the signal itself, thus the following 
nonparametric power-law detection method is proposed: 

1
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                                   (2) 

Among them, v  is the detection threshold, it is proved that there is a better 
detection results when the value range of v  is 1.5 <p <3 [6], when the detector to 
obtain better detection results, usually take 2.5. The test statistic is the square sum of 
the amplitudes of the DFT sequence, and a better detection performance with less 
computation can be realized, without any prior knowledge about the signal. 

The energy of the real transient signal is usually concentrated on one or several 
bands, and Wang and P. Willett [10], respectively, modify the expression. They add 
two adjacent frequency points and three frequency points, and then get two new 
power-law detection expression. 
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Well, the constant false alarm detector expression corresponding to the coloured 
noise background is: 
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As a result of the use of frequency domain continuity (Contiguity), the new 
detector performance is better than the original detector. 

2.2 COMPLEMENTARY OVERALL EMPIRICAL MODE 
DECOMPOSITION METHOD 

In general, the reception bandwidth of the receiver is greater than the frequency 
band of the transient signal, the effect of narrow-band processing method of the 
transient signal is better than that of the data processing from the entire frequency 
band. In other words, we can filter the received signal by filtering to obtain a higher 
SNR of the signal, but frequency and bandwidth of the underwater acoustic transient 
signal can’t be estimated. The conventional filter is based on the spectrum, and the 
frequency components outside the pass band of the filter are completely filtered. 
Therefore, this paper proposes a filtering method different from the traditional 
band-pass filter. In Hilbert-Huang transform, the core theory is that the intrinsic mode 
function (IMF) is derived from the data by their characteristic time scales, the he 
maximum frequency components in each local time scale are decomposed first, and 
the local frequencies in the same IMF are not necessarily equal. The resulting signal 
may be a narrowband signal, and there may be a wideband signal of a larger 
frequency range, that is, the central frequency and bandwidth of the equivalent filter 
can be based on the characteristics of the signal to achieve adaptive adjustment. In 
this paper, a signal pre-processing method based on HHT theory for fully 
complementary wavelet noise assisted lumped empirical mode decomposition is 
proposed. The adaptive noise reduction of the signal is realized by decomposing the 
received signal, and the local instantaneous energy is realized from the modal domain 
Noise reduction. 

Hilbert-Huang Transform (HHT), the core theory is empirical mode 
decomposition (EMD). EMD decomposition of the signal is decomposed into a 
limited number of IMF (Intrinsic Mode Function). Each order IMF contains different 
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frequency components, representing different harmonic oscillatory functions, and 
performing a Hilbert transform on each IMF signal to obtain the instantaneous 
frequency representing a particular physical meaning, resulting in an accurate 
expression of the frequency change. 

Empirical Mode Decomposition (EMD) has adaptive band division function, 
which has the characteristics of orthogonality, completeness and self-adaptability. Its 
physical meaning is clear and suitable for dealing with non-stationary nonlinear 
signals. [7] 

However, there are modal aliasing and energy leakage phenomena when the EMD 
method is used to deal with the intermittent signal, so that the physical meaning of the 
IMF is unclear. 

And so, an new complementary entire empirical model decomposition (CEEMD) 
is proposed based on EEMD (Ensemble Empirical Mode Decomposition) [9] in Ref. 
8. CEEMD adds positive and negative white noise to the original signal multiple 
times with the characteristics of white noise power spectral density uniform 
distribution, so that the signal has continuity on different scales And then use the 
complementary properties of the white noise of the positive and negative polarities to 
eliminate the influence of the auxiliary noise with less average number of times, and 
finally make the decomposition process anti-noise characteristic. Nevertheless, 
CEEMD still has the problem of high number of iterations and low computational 
efficiency in practical application. Therefore, this paper uses the CCWEEMDAN 
method proposed in Ref. 10 to decompose the signal to reduce the number of 
iterations and improve the computational efficiency. 

CCWEEMDAN includes the following steps: 
The definition operator (∙) is the operator of the j-order modal of the given 

signal by EMD. The operator  (∙) is defined as the residual signal after calculating 
the first order modal of the EMD. The operator (∙) is the operator of the given j-th 
wavelet decomposition by wavelet and the operator of the j-th detail signal, Gaussian 
white noise is ( = 1,2, … , ), K is the total number of times, K is even number. 
1) The target data ( ) is added to the same noise as the K / 2 amplitude and the 
noise of 180 ° different from the phase angle , respectively, the specific noise is 
obtained by wavelet decomposition, then you can construct two new mixed signal: ( ) = ( ) + ω ( ) ,   = 1,2, … , 2⁄            (5) ( ) = ( ) − ω ( ) ,   = 1,2, … , 2⁄            (6) 

2) The new data ( )  and ( )  are respectively subjected to EMD 
decomposition, then the corresponding K / 2 residual components are obtained. The 
first order residual components can be obtained after the aggregation of the residual 
components. The EMD decomposition method is given in Ref. 7. ( ) = ∑ ( ) + ( ( ))⁄              (7) 
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 Fig 1 The flow chart of CCWEEMDAN 

  

Figure2 CEEMD results        Figure3 CCWEEMDAN results 

3) Calculate the first order IMF component ( )  obtained by the signal 
decomposition: ( ) = ( ) − ( )                           (8) 

4) The K / 2 group specific noise signal is superimposed with the first order residual 
component ( ) to obtain: 
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( ) = ( ) + ( ) ,   = 1,2, … , 2⁄            (9) ( ) = ( ) − ( ) ,   = 1,2, … , 2⁄           (10) 

5) The second-order residual component ( ) is obtained by decomposing the 
mixed signal  ( )、 ( ): ( ) = ∑ ( ) + ( ( ))⁄               (11) 

 

6) Calculate the second order IMF component ( ) ( ) = ( ) − ( )                       (12) 

7) The second-order IMF component ( ) is used as the original signal, and the 
specific auxiliary noise is added and decomposed according to Step 5 and Step 6 until 
the signal can no longer be decomposed. 

The above steps are expressed in flow chart as Figure 1. 

2.3 POWER-LAW BASED ON CCWEEMDAN TRANSIENT SIGNAL 
DETECTION 

The DFT-based Power-Law Transient Signal Detector essentially utilizes the 
frequency domain aggregation characteristics of the signal, and the traditional 
Power-Law detector has poor detection results when the signal-to-noise ratio of the 
transient signal is low. In the actual ocean test data processing, in order to improve the 
detection capability of the week underwater acoustic transient signal, this paper uses 
the CCWEEMDAN decomposition method to denoise the received signal and then 
detects the wave arrival point of the transient signal. Based on CCWEEMDAN, the 
Power-Law transient signal detector utilizes the binary adaptive filtering characteristic 
of modal decomposition. The noise components in the signal are decomposed into 
low-order IMF. Compared with the energy detection in the whole band, the IMF 
obtained by CCWEEMDAN adaptive decomposition can better reflect the local 
characteristics of the transient signal, to a certain extent, a higher signal-to-noise ratio 
is obtained than the full-band signal processing in the IMF containing the transient 
signal. The complementary lumped empirical mode decomposition overcomes the 
traditional algebraic problem of empirical mode decomposition, and inherits the 
excellent properties of EMD decomposition while using the low computational 
complexity of wavelet decomposition and has high computational efficiency. The 
main steps of Power-Law detection based on CCWEEMDAN decomposition are as 
follows: 
1) Decomposing the sampled signal by CCWEEMDAN 
2) Removing the IMF component with strong noise, reconstructing the remaining 
IMF components to obtain the reconstructed signal of noise reduction; 
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3) Using the Power-Law constant false alarm detector without pre-whitening 
determined in the formula (5) to detect the reconstruction of the signal. 

3. SIMULATION EXPERIMENT 

The results of the Navy Underwater Warfare Centre (NUWC) show that typical 
underwater transient signals can be modelled by superposition exponential decay 
sinusoidal signal according to the physical mechanism of the acoustic transient signal  
The model of the transient signal adopted in this paper is the sum of the exponential 
decay sinusoidal curves at three different starting moments. The expression is:  

( )

1
( ) cos(2 ( ) )k k

K
t

k k k k
k

s t A e f t     



                    (13) 

Where = 3, kA 、 k respectively, represent the amplitude coefficient and delay  

corresponding to kth component, sampling frequency = 20480, the frequency of 

each component is = 3kHz, = 7kHz, = 4kHz, k  is the amplitude attenuation 

factor which control each component amplitude attenuation speed, the values are 700, 

600 and 400, respectively. k  is the initial phase, the value is φ_1 = 0.5, φ_2 = 0.7, 

φ_3 = 0.9, respectively. The initial moment of the transient signal is 0.025s, as shown 
in Fig.5.  

 

Fig 4 The transient signal, noisy signal and IMF component 

Fig.4 shows a number of the order of the IMF component of the signal-to-noise 
ratio of -16dB transient signal by CEEMD decomposition, with Gaussian white noise 
added to the signal, and the value of the Power - Law constant virtual alarm detector 
is 2.5. It can be seen from the comparison of the test results in Fig. 5 that the 
traditional Power-law detection method can’t detect the arrival point of the transient 
signal when the signal-to-noise ratio is -16dB. The method proposed in this paper can 
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improve the signal to noise ratio- Accurately detect the start time of the transient 
signal is 0.025s, at this time the detection statistics is much larger than other 
moments. 

 

Fig 5 Performance comparison of two CFAR detectors when SNR=-14dB 

4. SEA TRIAL DATA PROCESSING AND PERFORMANCE ANALYSIS 

In order to verify the actual detection performance of CEEMD-based Power-Law 
detector, the data of transient signal with the sea trial data is processed by the 
traditional Power-Law detection and the detection method proposed in this paper. The 
result is shown in Fig.7 and Fig.8. 

As shown in Fig.6, it’s the time-domain waveform of the transient signal recorded 
at sea. The signal length is 2.5s, the signal sampling frequency is 2048Hz, and the 
wave arrival time of the transient signal is about 1.80s. It is difficult to accurately 
judge the occurrence of the signal from the time domain plot. This paper gets a 
number of IMF after using the CEEMD decomposition method to decompose the 
signal, of which the first five order IMFs as shown in Fig.6 There are obvious waves 
to pulse in IMF1 and IMF2 in 1.80s, while the noise energy has also been greatly 
weakened. The IMF2 is subjected to transient signal detection using the method 
presented in this paper to obtain the result shown in Fig. 7. The peak value of the 
detection statistics in the figure is consistent with the arrival time of the actual signal. 
In contrast, the traditional Power-Law detector also detects the transient signal at the 
same time, but at other times the interference component is stronger, is not conducive 
to the determination of the threshold, from the statistical results, the false alarm 
probability is higher. 
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Fig 6 The waveform of underwater transient signal and its IMF component  

  

Fig 7 Performance comparison of two CFAR detectors  

5. CONCLUSION 

In this paper, based on the analysis of Power-Law transient detector, this paper 
proposes a new CEEMD-Power-Law transient signal detector based on CEEMD 
method, for the low signal-to-noise ratio, short duration and suddenness of underwater 
acoustic transient signal. State signal detector. 

The simulation and maritime record data processing results show that the proposed 
method can effectively suppress the background interference and improve the 
signal-to-noise ratio of the transient signal. It can effectively detect the arrival point of 
the transient signal without the prior knowledge of the signal. The detection result is 
obviously superior to the traditional Power-Law detection method. 
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The algorithm proposed in this paper has greatly reduced the computation of 
CEEMD process, which provides the possibility for engineering application. 
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CHARACTERIZING THE UNDERWATER ACOUSTIC 

COMMUNICATIONS CHANNEL IN SHALLOW ESTUARIES AND 
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Abstract: Underwater acoustic transducer technology is improving significantly, enabling 

wideband acoustic communications or the flexibility to shift a narrow communication band 

to a more benign carrier frequency. In the framework of a European project (ECSEL 

SWARMs), a single commercial-off-the-shelf transducer covering the 17-47 kHz band was 

selected and added to an existing underwater acoustic communications system. 

The upgraded system was consequently used to characterize the underwater acoustic 

channel by performing channel soundings for the full 30 kHz bandwidth and for several 

distances and velocities. The experiments were performed in a shallow estuary/river 

environment in The Netherlands. The results of these experiments show that long-range 

communication may actually be easier than short-range communication, as long as there is 

still a direct path and when the multipath is sufficiently damped by many (muddy) bottom 

interactions. On the other hand, this means that wideband modulations for high-speed 

communication over short ranges still need a minimum of robustness to cope with the delay-

Doppler spreading due to reflections and reverberation. Inspired by these results, a flexible 

wideband modulation and demodulation technique is developed, which is tested a-posteriori 

for the measured wideband channels by replay simulations, and compared with the in-situ 

narrowband communication performance. 

Keywords: Shallow-water acoustics, underwater acoustic communication, 

flexible wideband modulation. 
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INTRODUCTION 

In the past few years, The Netherlands Organization for Applied Scientific Research 

(TNO), supported by The Netherlands Ministry of Defence, and the Norwegian Defence 

Research Establishment (FFI) have together developed a robust physical-layer algorithm for 

underwater acoustic communication – Frequency-Repetition Spread Spectrum (FRSS) – 

that was successfully tested in various (semi) operational environments and conditions, 

achieving single-hop ranges over 5 nautical mile (nmi) in the 4-8 kHz band [1][2][3][4]. 

However, the price that had to be paid for such a robust link is a fairly limited information 

data rate of the order of 100 bit/s, which is sufficient for command & control (C2) messages 

with small data payloads (e.g., sonar contacts), but is insufficient for more data-intensive 

applications such as transfer of images taken by divers or wireless docking of Autonomous 

Underwater Vehicles (AUVs). Such applications require information data rates of at least a 

factor 100 higher, i.e., >10 kbit/s, but do not necessarily require as long (horizontal) 

communication ranges. Single-hop ranges up to 1 nmi are considered sufficient for most 

high-rate data links. 

The present paper explains the process of specifying an appropriate frequency range, 

selecting a suitable (COTS) transducer and optimizing the physical-layer algorithm for 

high-rate underwater acoustic communication. The actual algorithm development is 

explained in another paper [5], whereas in the present paper, the focus is on the 

characterization of the shallow underwater acoustic environment, which served as 

inspiration for the design of a flexible wideband modulation and as a concrete means for 

software testing. The reported research has been conducted partly in the European project 

SWARMs1 (Smart and Networking Underwater Robots in Cooperation Meshes). 

DESIGN OF A WIDEBAND HARDWARE EXTENSION OF THE NILUS NODE 

Together with suitable protocols for media-access 

control and networking, the FRSS modulation has been 

implemented on a compact software-defined underwater 

acoustic modem based on smartphone/tablet technology 

[1]. This “SoftModem” is the underwater communication 

device of the NILUS bottom nodes – lightweight 

underwater sensors developed by FFI [2] – as owned by 

The Netherlands Ministry of Defence. The modem’s wet 

end is a subsurface buoy (Fig. 1) hovering above the 

NILUS frame, about 6 m above the sea floor. The buoy 

includes the amplifier, the impedance-matching network 

and the acoustic projector. The receiving hydrophone 

with preamp is mounted on the tripod structure, 

approximately 1 m above the sea floor. 

After an extensive inventory of wideband transducers available on the market, eventually 

the omnidirectional Neptune D/26/BB broadband transducer was selected and integrated 

into the NILUS SoftModem wet end (Fig. 2). Based on (PSpice) simulations, a –3 dB 

bandwidth of about 30 kHz should be possible for this transducer after some more 

                                                           
1 Contract 662107-SWARMs-ECSEL-2014-1. 

 
Fig. 1: The NILUS bottom node, 

with software-defined modem 

(inside upper Delrin container; 

wet end in special float shape 

for stability in currents). 
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impedance matching, with the frequency band running from approx. 17 to 47 kHz and with 

a maximum source level of about 185 dB re µPa2m2. For lower frequencies, the available 

COTS transducers become too large to be mounted on a compact Autonomous Underwater 

Vehicle (AUV), and in-band AUV self-noise may then severely degrade the communication 

performance. For higher frequencies, typical AUV sonars (single/multi-beam echo sounder, 

Doppler velocity log, acoustic Doppler current profiler, obstacle-avoidance sonar, side-scan 

sonar, etc.) may interfere significantly, and communication ranges are short due to 

absorption by sea water. 

 

           
Fig. 2: Extension of the modem wet end with an additional high-frequency transducer. 

 

The actual transmit characteristics of the high-frequency (HF) extension (with impedance 

matching) have been measured in TNO’s anechoic basin (10×8×8 m3, depth 8 m; Fig. 3, 

right). The very shallow basin measurements were not conducted at full power to avoid 

damaging of the transducer by cavitation bubbles. 
 

  
Fig. 3: HF frequency response (left) measured in TNO’s anechoic basin (right). 

 
The graph in Fig. 3 provides the measured sound pressure level (SPL) for a fixed 

transmission power and at a fixed distance from the HF transducer, for various frequencies 

in the HF band and four vertical angles (30, 15, 0, –15°). Positive angles are upward in the 

final configuration where the transducer floats above the NILUS node, but for the basin tests 

the transducer was upside-down and so positive angles were actually downward. Careful 

processing was needed to separate the direct path from the (surface) reflection in the 

received signals. 

The shape of the frequency response at zero degrees corresponds quite well to the graph 

provided by the manufacturer in the calibration report. The response is better at +15°, while 

worse at +30° and –15°. For a scenario where the HF communication is between a bottom 

node and a vehicle above the node at sufficient horizontal distance, the response between 0-

15° is most important. At shorter distances, there will probably also be enough power in the 

local minima of the frequency response. 
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For the development of algorithms for 

high-speed communication in the wide HF 

band, high-quality channel soundings are 

required. Next to sufficient signal-to-noise 

ratio (SNR) at the receiver (>15 dB), this 

means that the transmitted probe signals 

should be as spectrally white (flat) as 

possible. For this purpose, the signals have 

been frequency-weighted to decrease the 

local maxima in the frequency response, see 

Fig. 4. As this goes at the expense of the 

available power, the weighting is only 

performed for the channel soundings and 

not for the actual communications. The 

receiving equalizer compensates for this. 

WIDEBAND CHANNEL CHARACTERIZATION IN SHALLOW WATER 

On 22-23 June 2016, a wideband channel-sounding campaign was performed in The 

Netherlands shallow-water estuary Haringvliet, see Fig. 5. Hereto, a variety of Linear 

Frequency Modulation (LFM) and Pseudo-Random Binary Sequence (PRBS) probe signals 

were transmitted and received over several distances, from ~100 m up to ~7 km, and for 

two relative speeds, one inbound (–3 kn, approx.) and one outbound (+2 kn, approx.). 

The impulse responses that can be derived by correlating receptions with transmissions 

provide very useful information about the acoustic communication channel and can be 

applied in replay simulators, such as FFI’s Watermark [6], for a-posteriori testing of 

communication signals in the frequency band covered by the channel soundings. 
 

 
Fig. 5: The Haringvliet estuary (NL). Bottom depth contours are included (right). 

 
The Haringvliet is basically a semi-closed river delta featuring shallow water depths 

(<20 m), a muddy bottom, fresh water (salinity ~0.1‰) and absence of significant currents, 

which makes it a suitable environment for first open-water tests. In the specific area where 

the measurements were performed, the depth was mainly between 10-15 m. 

The receiving (RX) bottom node was deployed at a local depth of about 12 m, while the 

transmitter (TX) was deployed from a RHIB at about 5 m below the surface. The sound 

speed was regularly measured to be around 1,478 m/s (iso-velocity profile). According to 

weather websites, the air temperature was ~21°C and the wind speed ~4 kn (WSW, Bf 2). 

It was a dry day on 22 June, while 23 June featured some heavy rain showers (10-20 mm) 

with thunder. 

 
Fig. 4: Unweighted (blue) vs. weighted (red) 

HF frequency response at 0°. Compared to 

Fig. 3, the response here includes the modem 

electronics. Actual in-band variation is ~4 dB 

(red line). 
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Fig. 6: Channel-sounding results on 22-06-2016 (09:51Z) for 10-s trains of 32-ms LFM pulses 

transmitted over 0.2 km distance at 0 kn rel. speed (0.002 m/s), with SNRin = 47 dB. 
 

 
Fig. 7: Preliminary narrowband (30-34 kHz) communication test results at 0.2 km for 16QAM 

symbol constellations, and FRSS with 3 redundant subbands (SNRout = 14 dB). 
 
Figs. 6 and 8 show, for a short and long distance, the spectrogram (top-left), the power 

spectral density (bottom-left), the impulse response (top-centre), the power-delay profile 

(bottom-centre), the delay-Doppler spread (top-right) and the Doppler power spectrum 

(bottom-right). All levels are normalized. The red line in the power spectral density graphs 

indicates the transmitted level, and the effects of frequency-selective fading due to 

constructive and destructive interference are clearly visible in the received levels (black). 

Frequency-dependent absorption plays a less important role in these fresh waters. 

Figs. 7 and 9 show some ‘narrowband’ communication results for the two channels in 

Figs. 6 and 8. This concerns the FRSS modulation with 3 redundant subbands, as explained 

in [1], but shifted from 4-8 kHz to 30-34 kHz, and with the original QPSK symbol 

constellation replaced by the more dense 16QAM. The middle panels of Figs. 7 and 9 show 

the constellations of the optimal demodulation results, i.e., when the training sequence 

would include the entire message. These Wiener results present the upper limit of what can 

be achieved with (linear) equalization for the considered acoustic channel. The right panels 

show the demodulation results using the Least Mean Squares (LMS) tap update algorithm 

of the more practical Decision Feedback Equalizer (DFE) employed by FRSS. The left 

Frequency  (kHz)

M
ag

ni
tu

de
  (

dB
)

15 20 25 30 35 40 45 50
-60

-50

-40

-30

-20

-10

0
Normalized power spectral density

Time delay  (ms)

R
el

at
iv

e 
po

w
er

 d
en

si
ty

  (
dB

)

-4 0 4 8 12 16 20 24 28
-40

-35

-30

-25

-20

-15

-10

-5

0
Power delay profile

Po
w

er
 d

en
si

ty
  (

dB
)

Frequency shift  (Hz)
-5 -4 -3 -2 -1 0 1 2 3 4 5

-40

-35

-30

-25

-20

-15

-10

-5

0
Doppler spectrum

Time delay  (ms)

Fr
eq

ue
nc

y 
sh

ift
  (

H
z)

 

 

-4 0 4 8 12 16 20 24 28
-5

-4

-3

-2

-1

0

1

2

3

4

5

-40 -20 0
dB 20log10(jŜ(t ;>)j)
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panels show the convergence behaviour of both the Wiener equalizer and the DFE with 

LMS, which is quantified by the evolution of the Mean-Square Error (MSE) of the 

demodulated symbols compared to the transmitted symbols. Note that the Wiener results 

are a bit ‘jumpy’, which is because a block-based Wiener equalizer has been used. Figs. 7 

and 9 show that there is still a lot to win, e.g., by using the Wiener equalizer for the (initial) 

training sequence and by updating the equalizer taps with interleaved training symbols using 

a more progressive algorithm such as Recursive Least Squares (RLS). The latter is 

computationally more complex and more prone to divergence than LMS though. 
 

 
Fig. 8: Channel-sounding results on 23-06-2016 (10:36Z) for 10-s trains of 32-ms LFM pulses 

transmitted over 7 km distance at 0 kn rel. speed (0.017 m/s), with SNRin = 27 dB. 
 

 
Fig. 9: Preliminary narrowband (30-34 kHz) communication test results at 7 km for 16QAM 

symbol constellations, and FRSS with 3 redundant subbands (SNRout = 20 dB). 
 
Somewhat surprising, the (narrowband) communication results of the present trials 

appear to be better for ‘long distances’ than for ‘short distances’, as is illustrated by the LMS 

equalizer results in Figs. 7 and 9 (right panels) which show more concentrated symbol 

clouds at 7 km than at 0.2 km. This is because of the multipath being attenuated by the many 

reflections in the shallow water with muddy bottom when the distance increases, which is 

an acoustic phenomenon called mode stripping. This hypothesis is supported by the channel-

sounding results in Figs. 6 and 8, which show that the time spread decreases for increasing 

distance (middle panels). Furthermore, the attenuation of the arrival peaks in the power 
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delay profile is matched by modelling results for a fine silt bottom. Basically, for sufficiently 

long distances, only the direct path remains, provided that there is line of sight, no 

significant stratification and still sufficient input SNR (SNRin), which is easier to deal with 

by a communications receiver than a short-distance channel rich of multipath and 

reverberation (clutter). Note, however, that the multipath extinction does not decrease the 

frequency-selective fading (left panels), which can be explained by observing that the direct 

path is actually a cluster of refracted rays that are mutually interfering. 

An important lesson for wideband / high-rate modulation development, as can be learned 

from the experiments reported above, is that also for short communication ranges a 

minimum level of robustness is still needed to cope with the delay-Doppler spreading due 

to reflections and reverberation. However, the implementation of this lesson will inevitably 

decrease the information data rate. The challenge will be to find a balance between the 

required robustness and the maximum achievable data rate. Since this will depend strongly 

on the channel at hand, a flexible and (autonomously) adaptive wideband modulation is 

required. The flexibility aspect was investigated in the EU-SWARMs project and a TNO-

internal project, and is reported briefly below, while the (smart) adaptivity will be the 

subject of the European Defence Agency (EDA) project SALSA (see, e.g., [3]). 

DEVELOPMENT OF A FLEXIBLE WIDEBAND MODULATION 

During the Haringvliet trials, successful narrowband communications were established 

for effective data rates of about 1 kbit/s, up to 7 km distance and including dynamic 

scenarios, for the FRSS modulation applying 3 redundant subbands, a 16QAM symbol 

constellation and a frequency bandwidth of 4 kHz centred around 32 kHz. The first step 

towards wideband communications is of course an extension of the frequency bandwidth to 

the full available 30 kHz. Because a simple widening of the 3 subbands will be less robust, 

because of possible synchronisation and equalization problems for the resulting very short 

symbol lengths, effort was put into the design of a flexible multi-stream version of FRSS, 

called MSFRSS. For a single stream, the original FRSS modulation will result, whereas the 

possibility to have multiple non-redundant streams keeps the individual subbands narrow, 

while still efficiently using the available bandwidth. Furthermore, the subbands of all 

streams can be shuffled with each other over the complete bandwidth, for optimally 

countering the effect of local frequency-selective fading. More details on the development 

of MSFRSS is provided in [5]. 

REPLAY SIMULATION TESTS 

In total, 12 channels were selected from the Haringvliet dataset for wideband modulation 

development. To this, 18 more channels were added from a Dutch harbour environment 

[7][5] and two Scandinavian fjords, resulting in a collection of 30 test channels to be fed to 

the applied replay simulator Watermark [6]. Although a structural benchmark exercise for 

all available channels and MSFRSS configurations of interest still has to be performed, the 

results obtained so far show that information data rates of 10 kbit/s are feasible at a variety 

of ranges. As an example, when using 20 streams of 2 subbands each and an 8PSK 

constellation, 81,920 information bits are transmitted in 8.2 s, resulting in an effective data 

rate of 10 kbit/s. These messages can be received error-free for the 7 km channel in Fig. 8 

(SNRout between 10-20 dB, median value 17 dB), while only 1 of the 20 streams contains 
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bit errors (661 of 4,096 bits) for the 200 m channel in Fig. 6 (SNRout between 4-16 dB, 

median value 13 dB, 4 dB in bad stream). 

CONCLUSIONS 

In the present paper, results for a selection of channel soundings, narrowband 

communication experiments and wideband communication simulations (via channel replay) 

were presented for a short and long range in shallow and muddy inland (fresh) waters. 

An important observation was that the long-range channel was actually easier for the applied 

communications receivers than the short-range channel, because only the direct arrival 

remained after extinction of the multipath by numerous reflections at the muddy bottom 

(mode stripping effect). This implies that a minimum level of robustness is still needed for 

short ranges when these channels are rich of multipath and reverberation. The question that 

arises here, however, is what is the definition of a short range. In shallow waters of max. 

15 m depth, as considered in this paper, a ‘short’ range of 200 m is actually quite long 

compared to the distance to the most nearby reflecting surface (i.e., the bottom and surface), 

resulting in a quite complicated impulse response at the receiver. 

With the above observation in mind, the redundant multi-band approach, equalizer 

training and error-correction of the original FRSS modulation [1] was maintained for the 

short-range high-speed modulation under development at TNO. Instead, the gain in data rate 

was achieved mainly by a significant extension of the frequency band and by switching to 

a larger symbol constellation. However, in order to avoid possible synchronization and 

equalization problems for very short symbols, the subbands were kept narrow and the wide 

frequency band was filled by multiple non-redundant streams, each consisting of multiple 

redundant subbands spread over the entire frequency band for optimally countering of the 

effect of frequency-selective fading (i.e., deep spectral nulls at arbitrary places). At the price 

of a rather complex bookkeeping, this has resulted in a quite robust high-rate modulation – 

Multi-Stream Frequency-Repetition Spread-Spectrum (MSFRSS) – that is so flexible that it 

can also be used to distinguish different Quality-of-Service (QoS) levels within the same 

message, e.g., the combination of a very robust low-rate C2/telemetry stream and less robust 

high-rate image data streams (allowing some bad pixels). More information on the 

possibilities of QoS diversity with MSFRSS can be found in [5]. 
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Abstract: Eigenray search in a two-dimensional waveguide is a feasible task, that can be 
solved efficiently through optimization of an ad hoc defined function (like, for instance, final 
ray depth deviation from hydrophone depth) over original ray elevations; in the worst case 
even when rays can be reflected backwards to the source an exhaustive search over the ray 
trajectory can be able to identify eigenrays by testing the proximity of each ray to the 
hydrophone. In three-dimensional waveguides the situation is far more complicated: the 
proximity method can be found to be very inefficient due to out-of-plane propagation and 
optimization needs to be developed over the plane of ray elevations and azimuths. The work 
presented here addresses the three-dimensional search of eigenrays based on the simplex 
method, implemented in a recent ray model; the performance of the method is discussed 
through comparisons with experimental data for a vertical line array. 

Keywords:  Three-dimensional eigenray search, Simplex optimization, Vertical line array 
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1. INTRODUCTION 

Eigenray search in two dimensions is a feasible task, which has been widely solved in ray 
tracing models in order to predict a channel impulse response. However, in real conditions, 
non linear internal waves and bathymetric features can lead to horizontal propagation effects 
which requires a three-dimensional model to produce a reliable prediction. Eigenray search in 
this context is a complicated problem due to the need to deal with ray trajectories in three-
dimensions and the associated computational burden [1,2], even when considering a  single 
hydrophone [3,4]. The problem becomes more demanding if one takes into account that real 
applications generally rely on the deployment of vertical line arrays to sample the 
propagating wave. This work proposes a three-dimensional search of eigenrays based on 
simplex optimization. It is shown that the proposed method predicts the channel impulse 
response in a feasible time; the performance of the method is also discussed through 
comparisons with experimental data for a vertical line array (VLA). 

2. SIMPLEX BASED EIGENRAY SEARCH 

Generally speaking, the simplex method allows to optimize a function with N variables 
using a geometric figure consisting of N + 1 points or vertices [6]; in two dimensions the 
simplex is just a triangle. After the initial simplex has been computed an interactive 
procedure is started using operations named reflection, contraction and expansion, which are 
driven by the optimization itself. For the case of three-dimensional eigenray search the 
optimization is started by launching an initial set of rays, needed to sweep the waveguide. 
Such rays are used to perform a candidate selection, which is critical to reduce the 
computational time. The search starts sequentially selecting four rays with launching angles 
(θi,φj), (θi,φj+1), (θi+1,φj) and (θi+1,φj+1), where θ and φ represent angles of ray elevation 
and ray azimuth, respectively. Next, the elevation angles are kept fixed, and the azimuth 
index starts to be incremented until a hydrophone is located between the rays or when the last 
index is reached, followed by an increment of the elevation index and restart of the azimuth 
search. When a hydrophone is located between the rays the launching angles are selected as 
input for simplex based optimization. With such candidate space selected, an initial simplex 
is defined using three points; for each point the Eikonal equations are solved and the 
Euclidian distance between the ray and the hydrophone position are used as the function to be 
optimized. To find the smallest distance from the ray to the hydrophone a vertical plane is 
calculated, using the normal vector between the source and the hydrophone to intercept the 
corresponding ray coordinate. If the distance is less than a given threshold the procedure is 
finished and the launching angles are used to calculate the eigenray. A problem that arises in 
this context is how to bracket an optimal point when the search space isolation is not 
guaranteed. In fact, eigenray repetition can potentially lead to a false prediction and need to 
be avoided. To this end the algorithm stores information about previously found eigenrays  
(launching angles, number of surface and bottom reflections, etc.), that is used to compare 
with eigenrays found in the vicinity of the search space. If a previous eigenray with the same 
characteristics as the new one is found the new eigenray is discarded, and the next search is 
started. The above procedure of simplex based three-dimensional eigenray search was 
implemented in TRACEO3D, which is a three-dimensional extension of the TRACEO ray 
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model [5]; TRACEO3D is under current development at the Signal Processing Laboratory 
(SiPLAB) of the University of Algarve. 

3. CALCOM’10 EXPERIMENTAL DATA 

The CALCOM’10 sea trial took place in the period of 22th to 24th June 2010 at the south 
coast of Portugal, about 12nm south-east of Vilamoura [7]. Fig. 1(b) shows a bathymetry map 
whit the geometric setup of the experiment performed during day 3. The squares represent the 
point of deployment (A2d) and recovery (A2r) of the VLA, which drifted along the black 
curve. The dotted line represents the ship/source GPS track. Six events labelled as P1, P2, P3, 
P4, P5, P6 were conducted with several acoustic transmissions. For this work the model 
predictions were tested using experimental data from the event P3, with transmissions of a 
linear frequency modulated (LFM) signal in the band of 500-1000 Hz. The VLA considered 
in this analysis is an Acoustic Oceanographic Buoy (AOB), consisting of 16 hydrophones 
equally spaced at 4 m, with the first hydrophone approximately at 6.3 m from the sea surface, 
and the deepest about 66.3 m depth. The water temperature was acquired by the temperature 
sensors array of the VLA along time and, according to the transmission time, the temperature 
data was selected to compute a mean sound speed profile, which is shown in Fig. 1(a).   

 
Fig. 1: (a) CALCOM’10 mean sound speed profile; (b) experimental site, with GPS 

estimated locations of AOB deployment and recovery (A2d,A2r), ship/source track during 
transmission events (green lines) and idealized track of transmissions (dashed blue line). 

4. RESULTS AND ANALYSIS  

Predictions with TRACEO along two-dimensional transects, and TRACEO3D using the 
full bathymetry and simplex based three-dimensional eigenray search were carried out in 
order to model the acoustic channel impulse response for the conditions of event P3,  
corresponding to the direction S1 shown in Fig. 1(b). The results are compared with the 
experimental data in order to investigate out-of-plane effects. Range corresponds to 3462 m, 
bottom depth at source position is 213 m and 111 m for the VLA position. The source range 
was derived from GPS information and the source depth from the pressure sensor at the 
source. Bottom depths for the source and VLA were calculated from bathymetry data. The 
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bottom parameters are provided in [7], indicating that sediment sound speed corresponds to 
1650 m/s, bottom density is 1.7 g/cm³ and attenuation is 1.0 dB/λ.  The predicted two-
dimensional and three-dimensional channel impulse responses for the VLA are shown in Fig. 
2(a) and (b), respectively.  

 
 

 
Fig. 2: Predicted channel impulse responses for the VLA (black lines) with: (a) TRACEO; 

(b) TRACEO3D (using simplex based eigenray search). Both predictions are plotted on top of 
experimental data (blue line).  

 
The two predictions are plotted on top of the same experimental data. Generally speaking,  

both TRACEO and TRACEO3D seem able to produce a reliable prediction of the channel 
impulse response. There are, however, important differences. While the travel times are 
similar in both cases the first and second arrivals are better predicted in amplitude with 
TRACEO3D. Additionally, for later arrivals (mainly after the 5th) the travel times start to 
differ, and some channels predicted with TRACEO3D show a better agreement than those 
predicted with TRACEO; TRACEO predictions also appear slightly delayed compared to the 
experimental data. This can be explained by taking into account that 3D eigenrays can 
expend less time arriving at the hydrophones by following an upslope/downslope path and 
partially propagating over a bottom with a depth, smaller than the one travelled along a two-
dimensional transect. This explanation is well supported by Fig. 3, which shows the arrival 
patterns for hydrophone 2, located at 10.3 m depth; the figure clearly indicates differences in 
travel times predicted with TRACEO and TRACEO3D; the corresponding eigenrays for the 
hydrophone 2 are shown in Fig. 4, and exhibit pronounced out-of-plane trajectories. Three-
dimensional model predictions indicate that the maximum azimuth deviation is about 2º, 
relative to the source-hydrophone line of sight, which is achieved with θ ≈ 15º. The fact that 
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the differences in travel times are so subtle is believed to be the result of upslope propagation 
in the P3 event, which despite the small range takes place along a significant gradient of 
bottom depth, masking the out-of-plane effects. This explanation is supported with additional 
modelling for the idealized track S2 of transmissions, shown in Fig.1(b), with the source and 
the VLA well aligned in a cross-slope direction. Source-hydrophone range corresponds to 
5500 m, bottom depth at the source and VLA positions are 175 m and 181m, respectively, 
indicating that the gradient of bottom depth is negligible for such track. The maximum 
azimuth deviation obtained from the calculations corresponds to about 5°, for an elevation 
angle θ ≈ 19°. TRACEO and TRACEO3D amplitude and delay predictions are shown in Fig. 
5, and clearly indicate that after the second arrival eigenrays calculated with TRACEO3D 
take less time to propagate than those predicted with TRACEO, and the difference between 
the predictions increases for later arrivals.  

 
Fig. 3: Arrival patterns regarding hydrophone at 10.3 m depth for:  

(a) TRACEO; (b) TRACEO3D. 
 

  

 
Fig. 4: Eigenray plots for hydrophone at 10.3 m depth from the surface for:  

(a) the vertical plane; (b) the horizontal plane; (c) perspective view.  
Notice that in (b) the x axis corresponds to 3.5km and the y axis corresponds to 80m. 

 

 
Fig. 5: Amplitudes and delays for 2D prediction in red and 3D prediction in blue 
regarding to a simulation using a hypothetical source-hydrophone position. 
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Another important issue is related to the efficiency of the simplex method: in the original 
version of TRACEO3D eigenrays were calculated by proximity; in other words, by launching 
a large number of rays one could expect to discover some of them, being close enough to the 
hydrophone. Application of the proximity method to produce predictions of the VLA 
experimental data failed completely, even when computing as much as one million rays. Such 
calculations took approximately 2776.9 s, while the (successful) simplex based method took 
only 85.3 s; TRACEO predictions took only 6.1 s, certainly less than TRACEO3D, but yet 
not necessarily the most accurate.  

5. CONCLUSIONS 

This paper presented a three-dimensional eigenray search based on simplex optimization 
for a VLA. When compared with the proximity method, the proposed search is much more 
efficient in terms of accuracy and runtime. Although significant out-of-plane effects can not 
be  unquestionable verified in the analysis of experimental data there is important evidence of 
three-dimensional effects being relevant. Moreover, the experimental data provided an 
important basis to assess the performance and efficiency of the simplex based eigenray search 
method. Furthermore, simulation results using an idealized track of transmissions suggests 
that out-of-plane effects can be expected to be more intense in cross-slope direction with 
small bottom depth gradients, with upslope propagation being able to mask such effects.  
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Abstract: Biological processes and physical characteristics associated with seagrass can 
greatly affect acoustic propagation in coastal regions. An important acoustical effect is 
due to bubble production by the plants, which can have significant impact on both object 
detection and bottom mapping sonars by increasing clutter through reflection, absorption, 
and scattering of sound. In addition to photosynthesis-generated bubbles and gas-bearing 
leaf tissue in the water column, the plant rhizomes also contain aerenchyma (gas-filled 
channels), which allow for diffusion of oxygen into the surrounding sediment. Whereas 
previous studies on the acoustic properties of seagrass have focused on sound 
propagation and backscatter in the water column, little prior work has focused on 
measurement of acoustic properties below the water-sediment interface where the plant 
rhizome and root systems exist.  To study these effects, in situ acoustic measurements were 
conducted in a bed of Thalassia testudinum in east Corpus Christi Bay, Texas, USA.  
Direct measurements of sound speed and attenuation were obtained in the water column 
above the seagrass canopy, inside the seagrass canopy, and at discrete depths within the 
sediment. A complimentary set of measurements were obtained in a bare sediment region 
located a few meters away. In addition to standard measurements of geoacoustic 
properties (sediment density, grain size, etc.), biomass was also estimated from cores 
collected at each site. Generally, the sediment beneath the seagrass bed had significantly 
lower wave speed and higher attenuation compared to the bare sediment. Frequency 
dependence of the sound speed and attenuation in the seagrass bed relative to the bare 
sediment was also investigated. 

Keywords: seagrass, sediment acoustics, underwater acoustics measurements 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  947



 

INTRODUCTION  

Environmental characteristics associated with seagrass beds can affect acoustic 
propagation in coastal regions; therefore, the presence of marine vegetation in very 
shallow water environments has the potential to affect sonar performance.1–4 An important 
acoustical effect is due to photosynthesis-related bubble production by seagrass, which can 
have significant impact on both target detection and bottom mapping sonars by increasing 
clutter. In addition to gas-bearing leaf tissue in the water column, the rhizomes contain 
aerenchyma that allow for diffusion of oxygen into the sediment.5 Furthermore, the 
rhizome and root structures contain large amounts of carbon and create layers rich in 
organic carbon within the sediment below the seagrass.6,7 This paper focuses on the effects 
of the seagrass on acoustic propagation within the sediment, as opposed to sound 
propagation in the water column, which has seen significantly more attention in past 
research.     

 
Preliminary measurements of sound speed and attenuation within the sediment beneath 

a bed of Thalassia testudinum in Corpus Christi Bay, Texas, USA were previously 
reported.8 The measurements were conducted during the winter (dormant growth season) 
at varying depths within the sediment and at a single acoustic frequency of 50 kHz.  For 
comparison, measurements were conducted in a nearby region of bare sediment a few 
meters away.  In this paper we report a new set of measurements, acquired in the same 
seagrass bed, but several months later during the summer (active growth season).   
Biomass and carbon-reserve dynamics are temporally variable over long time scales 
(seasonal and longer),7 necessitating that study of potential effects on acoustic propagation 
take into account this time dependence. This paper presents a preliminary comparison 
between the dormant and active growth seasons.  Additionally, the acoustic measurements 
in the active growth season were obtained at 50 kHz, 100 kHz, and 200 kHz to examine 
frequency dependence of the sound speed and attenuation. 

FIELD EXPERIMENT 

The field experiment site was located in east Corpus Christi Bay, Texas, USA, an area 
where the seagrass species Thalassia testudinum is abundant.  During the active growth 
season, the thick, lush canopy extended into the water column 30 cm from the 
sediment/water interface, and abundant photosynthesis bubbles were observed in the water 
column.  For comparison, during the dormant season, the canopy was much sparser and 
extended only 5 cm to 10 cm from the sediment, and bubbles from photosynthetic activity 
were not readily observed during the experiment.  The water depth at the experiment site 
was approximately 1 m, and the site was accessible by a small motorboat with a shallow 
draft.   

 
The acoustic measurements were conducted using the small, manually deployed system 

described system described in Ref. 8.  The system consisted of an acoustic source and a 
receiver affixed to a small aluminium framework.  The framework enabled insertion of the 
probes to varying depths beneath the water-sediment interface.  Additionally, the 
measurement apparatus could be supported above the sediment to obtain measurements in 
the water column.  The source and receiver were cabled back to the boat where the source 
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excitation and data acquisition electronics were operated.  During the course of the 
acoustic measurements, the water temperature and salinity were monitored so that the 
water sound speed could be calculated. 

 
First, a set of measurements was conducted in the water above a region of bare 

sediment to obtain an acoustic calibration of the source-receiver separation distance and 
the amplitude of the received signal in seawater.  Measurements were then conducted at 
depths of 5 cm to 20 cm in 5-cm increments below the water-sediment interface in the 
bare sediment region.  Next, the measurement system was moved to a seagrass bed a few 
meters away and measurements were conducted with the source/receiver pair 12-cm above 
the sediment (but within the seagrass canopy) and then at the same depths below the 
water-sediment interface as in the bare sediment case.  For both the bare and seagrass 
measurement sites, five iterations of the measurement process were conducted at slightly 
different locations (a meter or less apart) to assess variability of the measured acoustic 
parameters.  The data analysis methods used to extract the sound speed and attenuation, as 
well as error analysis related to the single source/receiver method, are detailed in Ref. 8. 

 
Four cores were collected each at the bare sediment and seagrass sites for sediment 

characterization and quantification of biomass below the water-sediment interface.  The 
cores were inserted to depths approximately between 20 cm and 25 cm into the sediment.  
Care was taken to remove the cores from the sediment while keeping the core contents 
intact.  The cores were capped underwater, stored vertically in a cooler on the boat, and 
transported back to an onshore laboratory for analysis. 

 
In the laboratory, a core extruder was used to section the cores in approximately 2-cm 

increments.  First, wet mass measurements were performed to obtain estimates of bulk 
sediment density, including the plant matter when present.  Then, the samples were dried 
and all macroscopic plant matter was removed to obtain the dry-weight plant biomass for 
each core section.  Finally, the remaining material from each core section was processed 
according to the wet-sieving procedure and subsequent steps outlined Ref. 8 to obtain the 
grain-size distribution for each core section.  The mean grain size was then calculated for 
each layer using the graphical method of Folk and Ward.9 

RESULTS 

Sound speed and attenuation depth profiles taken at 50 kHz in the active season are 
shown in Fig. 1, along with depth profiles of macroscopic biomass, bulk sediment density, 
and mean grain size.  The black curves in Fig. 1 correspond to bare sediment site whereas 
the green curves represent data from the seagrass site.  The closed circles in Fig. 1 indicate 
mean measured values, and the horizontal error bars indicate the variability (the range of 
the data) between different measurements.  The sound speed is presented as the sound 
speed ratio = c/cw, where c is the sound speed measured by the acoustic measurement 
system, and cw is the seawater sound speed obtained from measurements of the water 
temperature and salinity.  Within the seagrass canopy, the mean sound speed ratio is 0.64, 
and the horizontal error bars do not overlap with the open-water sound speed.   The 
attenuation in the canopy is 114 dB/m.  In the sediment below the seagrass bed, the mean 
sound speed ratio ranges between 0.55 and 0.88, with the minimum occurring 5 cm below 
the water-sediment interface.  In contrast, the bare sediment sound speed ratio is always 
above unity, typical for sandy sediments.  The attenuation in the seagrass-bearing 
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sediment is a maximum at 5 cm depth, taking on a value of 222 dB/m.  At greater depths, 
the attenuation in the seagrass-bearing sediment decreases and approaches that of the bare 
sediment.  In general, there is greater variability in the sound speed and attenuation 
measurements in the seagrass site than in the bare sediment site, indicated by the larger 
horizontal error bars in on the seagrass site measurements. 

 
Fig.1: Acoustic measurements at 50 kHz acquired during the active growth season for 

the bare sediment site (black) and the seagrass site (green): (a) sound speed ratio and (b) 
attenuation.  The horizontal error bars in (a) and (b) indicate the variability in the 

acoustic quantities between the multiple measurement system deployments at each site. 
Physical measurements obtained from cores: (c) dry-weight biomass, (d) bulk sediment 

density, and (e) mean grain size.  The horizontal error bars in (c), (d), and (e) indicate the 
spread of values across the four cores from each site.  The vertical error bars indicate the 
length of each core section.  The solid green line in (c) represents the mean biomass value 

in the canopy, and the shaded green region indicates the standard deviation. 
 
Differences are also seen in the sediment properties obtained from the cores.  The 

macroscopic biomass below the seagrass bed peaks at 5 cm, which is coincident in depth 
with the lowest sound speed and highest attenuation. Progressing to greater depths, the 
biomass below the seagrass bed decreases.  The bare sediment biomass is negligible at all 
depths.  The bulk density measurements indicate that the density at the seagrass site is 
24% lower than the bare sediment site at the shallowest depth into the sediment.  The 
density at the seagrass increases with depth until it is similar to the bare site density at a 
depth 15 cm.  The bulk density values are influenced by the presence of the seagrass tissue 
and associated gas volumes since no effort was made to remove the tissue before the 
density measurements were made.  Finally, the seagrass site is characterized by finer grain 
sediment than the bare site, as indicated by lower values of mean grain size, because the 
canopy damps out water currents and wave motion, allowing fine sediment particles 
suspended in the water column to settle.   

 
The frequency dependence of the sound speed and attenuation are shown in Figs. 2 and 

3. As the frequency increases from 50 kHz to 200 kHz, the sound speed ratio in the 
seagrass-bearing sediment approaches that of the bare sediment.  The sound speed ratio 
error bars in the canopy overlap the open-water sound speed at 100 kHz and 200 kHz, and 
the attenuation in the canopy is lower at these higher frequencies than at 50 kHz.  At 5 cm 
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and 10 cm in the sediment, the sound speeds are lower and the attenuations are greater in 
the seagrass site than the bare site at all frequencies.  At depths of 15 cm and 20 cm in the 
sediment and at the higher frequencies, the sound speed and attenuation measured in the 
seagrass site are statistically similar to the values measured in the bare site, indicated by 
the overlapping error bars.  

 
Fig.2: Measurements of sound speed at 50 kHz, 100 kHz, and 200 kHz (from left to 

right) acquired during the active growth season for the bare sediment site (black) and the 
seagrass site (green). 

 

 
Fig.3 Measurements of attenuation at 50 kHz, 100 kHz, and 200 kHz (from left to right) 
acquired during the active growth season for the bare sediment site (black) and the 

seagrass site (green). 
 

Comparisons of the active and dormant season sound speed and attenuation at 50 kHz 
and biomass measurements are presented in Fig. 4.  An importance difference between he 
two sets of measurements is that five independent sets of measurements were conducted at 
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each depth during the active season (green curves), but only a single set of measurements 
was taken at each depth for the dormant season (brown curves).  The horizontal error bars 
on the active season acoustic data represent the spread at each depth over all 5 
measurements whereas the horizontal error bars on the dormant acoustic season data were 
estimated from experimental uncertainties and propagation of error from Eqs. (2) and (4) 
of Ref. 8.   

There are a few stark differences between the two data sets.  Above the water-sediment 
interface in the canopy, the mean active season sound speed ratio (0.64) is lower than the 
dormant season value, which takes on a value of 0.97. The spread in the active-season 
canopy sound speed ratio ranges from values close to the dormant season, perhaps due to 
shorter leaf height at that particular individual measurement site, to values lower that 0.4.  
The mean attenuation in the canopy is similar for both sites, near 100 dB/m, but the spread 
in the active season data ranges from 32 dB/m to 195 dB/m.  Below the water-sediment 
interface, the mean sound speed ratio was general lower in the active season with the 
exception of the shallowest measurement depth in the sediment.  Also, the attenuation 
within the sediment tended to be higher in the dormant season that the active season.   

 

 
Fig.4 Comparison of the active (green curves) and dormant seasons (brown curves): 

(a) sound speed at 50 kHz, (b) attenuation at 50 kHz, and (c) biomass (shown on a log 
scale). 

 
The canopy biomass (shown on log scale in Fig. 4) in the active season is 

approximately two to three times higher than in the dormant season, likely accounting for 
the differences between the acoustic parameters from the two different measurement 
times.  The below-ground biomass in the top 2 cm of the sediment was nearly an order of 
magnitude greater in the dormant season that in the active season, and consisted of thick 
knots of rhizome tissue. Only buried leaf and sheath tissue and no rhizome tissue were 
observed at these shallow depths within the active season cores.   In contrast, no buried 
leaf and sheath tissue was observed in the sediment in the dormant season cores, and it 
was only observed above ground in those cases. Between 4 cm and 6 cm, the two data sets 
had similar levels of biomass in the sediment although primarily root material was present 
in the dormant season cores and rhizome tissue was observed in the active season cores. 
The biomass measurements indicate that below-ground biomass was generally greater in 
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the active season below about 8 cm with primarily root tissue being present.  In general, 
the type of plant tissue (e.g. root, rhizome, sheath, leaf) seems to be shifted to greater 
depths in the active season cores as compared to the dormant season cores.   This trend is 
possibly due to seasonal burial of parts of the plants (the sheaths and parts of the leaves), 
which are normally exposed in the dormant season.  As the canopy becomes taller and 
thicker in the active season, it has the capacity to damp out currents in the water column, 
allowing for suspended fine-grained sediment to settle and cover the formerly exposed 
portions of the plants. 

CONCLUSIONS 

In situ measurements of sound speed and attenuation in a bed of Thalassia testudinum 
were compared with measurements of biomass, bulk density, and mean grain size from 
cores. The measurements indicate that the presence of biomass has a complicated 
influence on the acoustic parameters above and below the water-sediment interface.  
While some of these effects likely come from direct acoustic interaction with the seagrass 
tissue itself and associated gas volumes within the tissue, the plants can have other effects 
on the propagation environment, such as diffusion of oxygen into sediment from the 
rhizomes.  More detailed characterization of the distribution of above- and below-ground 
biomass and the sediment gas content would likely provide further insight into both the 
dispersion characteristics observed in the active season measurements as well as the 
differences in below-ground acoustics between the dormant and active seasons. 
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RANGE DEPENDENT TRANSVERSAL FLOW RETRIEVAL BY A 
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Abstract: Transverse flow of inhomogeneous current produces fluctuation of the acoustic 
signal passing through it. These fluctuations vary with the CW signal frequency change 
due to variation of the Fresnel zone size. Respectively, the fluctuations of amplitude and 
phase of frequency-spaced acoustical signals are coherent at the low frequency and no 
coherent at the high-frequency band of fluctuations. The frequency cutoff of the coherence 
function depends upon the flow velocity at given fine structure of the turbulent flow. The 
measurement of the cutoff frequency allows determining the transverse current velocity. 
This method can be considered as a frequency-domain version of the conventional 
scintillation approach to the current velocity. It efficiency was verified earlier at the 
example of tidal current retrieval for the field research at Cordova Channel (Canada). 
Now we present here results of the experimental research of multi-frequency acoustical 
technique implementation to retrieve both the flow velocity and the spatial position of the 
transversal turbulent stream in a quiet environment. Besides the results of experimental 
research the paper presents a brief theory review of the method both and computer 
simulation of multi-frequency signal propagation through the variable inhomogeneous 
medium. Hereby prospective multi-frequency acoustical technology for ocean observatory 
is discussed. 

Keywords: Multi-frequency sound propagation, Signal fluctuations, Multi-frequency 
signal coherence. 
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INTRADUCTION 

Sound signal, passing through the turbulent flow, obtains fluctuations both amplitude 
and phase. Such fluctuations called as scintillations as well. Experimental research [1] and 
computer simulation [2] shows the efficiency of inversion procedure based on sound 
scintillation approach. Correlation technique for the signals propagated along spatially 
separated paths is applied in this case. When spacing between sound passes doesn’t exceed 
frozen turbulence scale, fluctuation time delay directly related to transversal flow velocity. 
Well-developed acoustical tomography method needs multiple spatially separated paths 
and spatial resolution for the environmental inversion is directly related to number of such 
paths. The complex and variable environment in ocean and especially in Arctic Ocean 
makes it very expensive and unreliable to apply conventional acoustical tomography 
technique. This paper is proposed to develop one-path tomography scheme to monitor the 
transverse current flow based on investigation of signal scintillation in frequency domain 
[3]. Therefore the proposed multi-frequency approach promises to provide the tomography 
inversion in the complex ocean environment with reduced number of acoustical paths. 
Earlier multi-frequency approach was experimentally tested for tidal current retrieval in 
the field research at Cordova Channel (Canada) [4]. Hereby we present the results of 
experimental research of range dependent transversal flow retrieval by a multi-frequency 
acoustical approach 

THEORETICAL BACKGROUND  

The transversal turbulent flow produces fluctuation of the acoustic signal passing 
through it. These fluctuations vary with the CW signal frequency change due to variation 
of the Fresnel zone size. Respectively, the fluctuations of amplitude and phase of 
frequency-spaced signals are coherent at the low frequency of fluctuations and no coherent 
at the high-frequency band. The frequency cut off of the coherence function depends upon 
the flow velocity at given fine structure of the flow. The measurement of the cut off 
frequency allows determining the transverse current velocity [3,4]. Let us consider the 
propagation through the random medium of the n CW waves of different frequencies: n  
and m  Normalised cross-spectrum (or coherence) for log amplitude   or phase S of the 
signals with carried frequencies n  and m  is: 
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Simple analysis for turbulent flow restricted in some compact area, shows that cut off 
frequency c  for the coherence function (1) will be dependent on the spatial position 0x  of 
turbulent streem and the value of it velocity U 
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where )/(2 mnmn kkkkk  . To solve arising ambiguity in definition of both U and 0x  
one could use any additional independent information, for example time delay   
between the signals of the same frequency, but received by the pair of spatially separated 
gages. That time delay will be the other function of U and 0x . 

UL
bx0  (3)

here b is a spatial gap between the gages and L  is the path length. Therefore we obtain a 
couple of independent relations (2) and (3), which define unambiguously the value U  and 
the current position 0x . It is necessary to take into the mind that frozen turbulence model 
application is restricted for turbulence drift only on several turbulence spatial scales. This 
condition leads to estimation 1 c which means the reliable spatial gap between the 
gages couldn’t exceed 2/1)/( kLb  , or gages should be spaced approximately at Fresnel 
zone dimension. For larger separation, signals received by the different gages can lose 
their coherence, for smaller separation the signals will be quite coherent and condition (3) 
loses it sense.  

As a pair gages are separated in that method no more than one Fresnel zone dimension, 
formally we could say in this paper about one-spatial path acoustical scheme. Cross-
section of each sound path should be evaluated namely by a Fresnel zone dimension and 
therefore we could consider them overlapped. We discuss here the principals and key 
features of multi-frequency one-spatial-path tomography approach to retrieve the 
transverse current flow based on investigation of signal scintillation in frequency domain. 
This principal of multi-frequency range dependent turbulent flow retrieval has been 
realized experimentally in laboratory condition. 
 
EXPERIMENT  

Experimental research has been done in air. Loudspeaker was used as a source of multi-
frequency sound signal (Fig.1). Sound signal was received by a chain of 8 microphones 
spaced with a step of 5 cm symmetrical with respect to path axis and placed at distance 
L=7.75 m from the source. Turbulent flow across the sound path was generated by a fan 
installed at 2/0 Lx   or 4/0 Lx   from the source. The width of the flow was about 1m at 
the sound path. The flow velocity U was measured by a cup anemometer and changes 
from 1.22 m/sec to 1.81 m/sec. Loudspeaker simultaneously transmitted a continuous 
signal with four discrete frequency components at 8 kHz, 10 kHz, 12.5 kHz and 16 kHz. 
Turbulent flow produces both phase and amplitude modulation of the signal. Fig.2 shows 
the effect of turbulent flow on spectrum of one of the frequency component of the signal. 
Signal fluctuations at each frequency components were processed to determine the cross-
correlation and coherence functions in accord to Eq. 1. Experimental condition provides a 
sufficient signal-to-noise ratio only for maximum velocity of turbulent flow. Records of 
the signals lasted at least of 1 min for statistical confidence. 
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Fig. 2. Signal spectrum at 16 kHz, U=1.22 m/sec. 

Fig.1. Experimental setup. 1 - loudspeaker, 2 – fan, 3 – chain of the receiving gages 
 

For the further analysis of the signal 
coherence we introduce dimensionless 
frequency 2/1)( FFF where 

mn

mn







  - dimensionless 

frequency carrier frequencies n  and 

m , 0/F  is the ratio of current 
frequency of cross-spectrum to some 
constant frequency. As the frequency of 
sound modulation by the turbulence flow 
will be dependent on the ratio of flow 
velocity to Fresnel zone size, accord to 

Eq. 2, we choose the constant frequency as 
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leads to dimensionless cut off frequency became the same for all signals 1cFF  (Fig. 3).  
Tо retrieve characteristics of the turbulent flow one needs in signal of at least two 

carrier frequencies n  and m , determine dimensionless frequency  . Further it is 
needed determine cut off frequency for coherence function for signal fluctuation at both 
frequencies c  and determine dimensionless value cFF . In our case 1cFF . This result 
should be added by the result of time delay measurements   between fluctuations of the 
signals of the same frequency, but registered by the different gages. Accord to Eq. (2,3), 
that data determine the system of two equations, which solution gives )( 0xU  and 0x .  
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Fig. 3. Signal coherence for different pairs of frequencies with respect to dimensionless 
frequency FF; а) – experiment, b) – modeling for different fluctuation spectra ),( yxc . 

 

Fig.3 shows that the cut off of the experimental coherence functions are very close each 
other at the dimensionless frequency 1cFF  for different pairs of current frequencies. 
This result corresponds to the conclusion from [3]. 

To check the experimental choice of 1cFF , the computer simulation of this process 
has been done. An approach referred in [5] was used for the simulation, where turbulent 
flow is regarded as a random sum of plane oscillations ),( yxc  with Kolmogorov-
Obukhov spatial spectrum confined in a restricted area and moving with a constant 
velocity. To verify the method feasibility to type of turbulence structure, three types of 

),( yxc power spectra with power low of (-3/3), (-5/3), (-7/3) have been investigated. As 
it was shown at Fig. 3b), the cut off frequency is independent to type of turbulence. The 
results of experimental research and computer simulation show that our choice for the 
value of dimensionless cut off frequency 1cFF  is confirmed with sufficient accuracy. 
This value is stable when turbulence spectrum variation in very wide range for power 
dependence in turbulence spectrum from -1 to -7/3. Results of U and 0x  inversion are 
shown at Table 1.  

Data, measured in experiment  

U  (m/sec) 1.22  1.39  1.81  

0x  , m 3.87 1.94 3.87 1.94 3.87 1.94 

Results of the inversion with respect to all pairs of frequencies 

U  (m/sec) 1.5 1.3 1.5 1.4 1.5 1.3 

0x  , m 3.7 1.8 4.3 1.99 3.3 1.7 

 Table 1. Results of U and 0x  inversion. 
One could see that ambiguity of turbulent flow retrieval lies in the limit of 15-20%. 

This value is dependent on the signal-to-noise ratio, which was in our experiments very 
low. To increase the accuracy of the method we recommend to use noiseless source of 
turbulent flow, apply methods for increasing sound fluctuations, for example increase 
velocity of the flow. 
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CONCLUSION 

Experimentally was shown the attempt to retrieve velocity of the turbulent flow and it 
position in the space using the analysis fluctuation spectra of the acoustical signal of 
different frequencies propagated along one path. Thus we demonstrated here the principals 
of single acoustical path tomography, where instead of multiple paths we use multi-
frequency acoustical signals. Results of experimental inversion show the more closer to 
the real measured data occurs the inversion by signals with pairs of the most close 
frequencies. Fresnel zones dimension differ no much each other and frozen turbulence 
model conditions fulfills in the best way to determination of cut off frequency.       
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Abstract: In this work, we exploit the adjoint optimal control method developed for 

geoacoustic inversions by J. S. Papadakis et al., for recovering the sound speed profile 

(SSP) in the water column. In particular, the direct propagation problem is modelled via 

the wide angle parabolic approximation (WAPE) and the cost function quantifies the 

discrepancy between the observed acoustic field and the field predicted by the model. A 

gradient descent iterative scheme is used for the minimization of the cost function. Here 

we assume that the actual SSP can be written as a perturbation of a piecewise linear 

background profile. The perturbation is a linear combination of the empirical orthogonal 

functions (EOFs) which are coming from statistical analysis of long term observations 

(historical data) and depend on the location. We calculate analytically and compute 

numerically the derivatives of the cost function with respect to all the unknown 

parameters: the three sound speeds that characterize the piecewise linear background 

profile, the depth of the minimum sound speed and the coefficients which determine the 

amplitude of the basis functions. Inversions are performed for simulated data. 

 

Keywords: adjoint optimal control method, parabolic approximation, sound speed profile, 

water column, empirical orthogonal functions. 
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INTRODUCTION 

In this work, we exploit the adjoint optimal control method developed for geoacoustic 

inversions in [1] and [2], for recovering the sound speed profile (SSP) in the water 

column. In particular, the direct propagation problem is modelled via the wide angle 

parabolic approximation (WAPE), see [3], and the cost function quantifies the discrepancy 

between the observed acoustic field and the field predicted by the model. A gradient 

descent iterative scheme is used for the minimization of the cost function. Here we assume 

that the actual SSP can be written as a perturbation of a piecewise linear background 

profile. The perturbation is a linear combination of the empirical orthogonal functions 

(EOFs) which are coming from statistical analysis of long term observations (historical 

data) and depend on the location. We calculate analytically and compute numerically the 

derivatives of the cost function with respect to all the unknown parameters: the three 

sound speeds that characterize the piecewise linear background profile, the depth of the 

minimum sound speed and the coefficients which determine the amplitude of the basis 

functions. To assess the performance of the method, two test cases are exhibited. In the 

first test case an artificial example is proposed, where we use an unperturbed piecewise 

linear SSP. In the second test case we consider five different perturbed SSPs, using the 

EOFs, see [4]. Inversions are performed for simulated data. The estimations obtained are 

compared with the actual values of the parameters.    

1. FORMULATION OF THE INVERSE PROBLEM 

We consider a two dimensional (azimuthal symmetric) sea environment which consists 

of a water column of depth Bz , constant density w , depth dependent sound speed ( )c z , 

and a semi-infinite bottom of constant density   and sound speed Bc . A point harmonic 

source is located at a depth sz  inside the water column, see Fig. 1.  

 
Fig.1: Schematic for the inverse problem. 

 

In the sequel we assume that the sound speed ( )c z  can be written as a linear 

combination of some basis functions jf  as follows  

 

  

where the coefficients ja  are the amplitudes of jf  and 0( )c z  is a piecewise linear 

background sound speed profile given by 
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with H  being the Heaviside function, 
mz  the depth of the minimum sound speed and 

0,1 0,2,c c  as follows 

 

 

 

 

 

Given the observed acoustic field obsu  on the vertical receiver array at a distance R  from 

the source, we want to estimate 
0( )c z  and 

ia , assuming that 
if  are known. 

2. THE FORWARD MODEL 

The WAPE boundary value problem is formed as follows: 
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where 0 02k f C  is the reference wave number, 0( ) ( )n z C c z  the index of refraction, 

0 1500 m/sC   the reference sound speed, f the frequency of the source and ( , )sS z z  

denotes the source term. The Neumann to Dirichlet (NtD) map boundary condition is in 

the form of a convolution integral and G  is its kernel, see [1] for more details.  

3. THE TANGENT LINEAR MODEL 

 

Taking the directional derivatives with respect to an unknown parameter p , of the 

WAPE boundary value problem we have  
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4. THE DERIVATIVE OF THE COST FUNCTION 

 

We will use the following cost function (amplitude projection) proposed in [2] 
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If we choose appropriate initial condition for the adjoint problem, using this inner product: 

0 0
( , ) ( , ) ( , ) ,

BR z

f g f r z g r z dzdr    (see [1]), then we can obtain the derivatives of J  with 

respect to our unknown parameters, in terms of the direct field u  and the adjoint field    

 

 

 

 

 

 

 

 

 

 

 

5. NUMERICAL RESULTS 

In this session we exhibit two test cases described below. A vertical array of 

equidistant hydrophones at a distance R  from the source is used, with the first and last 

hydrophone being 1mz   far from the boundaries of the waveguide, where z  denotes 

the computational step in depth ( r  is the step in range and is equal to 2m). IFD+IMP 

code is used for the numerical solution of the forward and the adjoint model and the 

steepest descent scheme for the minimization of the cost function (see [1] and [2]). 

   

5.1 TEST CASE I 

 

      We consider a waveguide which consists of a water column with a depth of 100m and 

density 1.0g/cm3, as well as a semi-infinite bottom with density 2.1g/cm3 and sound speed 

1520m/s. The source is located at 25m in depth, the array is at 3kmR   and we use a 

frequency of 50Hz. Here we consider an unperturbed SSP, see the second row of Table 1 

for the actual values of the parameters 1 2 3,  ,  ,  and .m Bz c c c c  Note that we also seek Bc  

(see [1] for the derivative of the cost function with respect to Bc ). 

 

 
mz [m] 1c [m/s] 2c [m/s] 3c [m/s] Bc [m/s] 

actual values 40 1500 1490 1515 1520 

initial values 30 1500 1500 1500 1530 

 

Table 1: Actual and initial values of the parameters for the test case I.   
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    The initial values for the steepest descent iterative optimization scheme are shown in 

the third row of Table 1. In Table 2 we show the estimations obtained for 

1 2 3,  ,  ,  and .m Bz c c c c  Note that in order to assess the efficiency of the method we show 

results with data which come from a Normal Mode (NM) code (MODE1 program).  We 

observe that when we seek the water parameters 
1 2 3,  ,   and mz c c c , assuming that 

Bc  is 

known, the estimations are in good agreement with the actual values of the parameters, for 

100 receivers (see the second row of Table 2). For 25 receivers, the estimation for 
3c  is 

quite off (see the third row of Table 2). In the last two rows of Table 2 we show that we 

can recover 
Bc  together with the water parameters. 

 

No of receivers 
mz [m] 

1c [m/s] 
2c [m/s] 

3c [m/s] 
Bc [m/s] 

100 40.3 1502.2 1494.6 1512.1 known 

25 40.1 1500.9 1490.1 1502.8 known 

25 38.8 1504.1 1485.4 1502.3 1523.9 

25 known 1503.5 1487.0 1503.1 1524.8 

 

Table 2: Results for the test case I. 

      

5.2 TEST CASE II 

 

In this test case we take into account the EOFs for the SSP representation, [4] (see also 

[5]). The waveguide consists of a water column with a depth of 400m and density 

1.0g/cm3, as well as a semi-infinite bottom with density 1.5 g/cm3 and sound speed 

1600m/s. The source is located at 50m in depth, the array is at 1kmR   and we use a 

frequency of 150Hz. Here the background sound speed, assumed known, is 1500m/s at the 

surface, 1495m/s at 100m depth and 1509m/s at the bottom. We consider five different 

perturbations of this piecewise linear profile, see blue solid lines in Fig. 2. The actual 

values of the coefficients used are shown in Table 3.  

 

SSP 1 actual 2 actual 3 actual 

1st −19.21 27.845 −11.105 

2nd −33.007 34.352 −11.008 

3rd −44.713 44.438 −14.892 

4th −25.657 32.824 −13.073 

5th −8.726 22.876 −12.001 

 

Table 3: The actual values of the coefficients. 

 

    We choose (0,0,0)  as initial guess for 1 2 3( , , )a a a  and we also use additional constraints 

1 2 3( 0, 0, 0).a a a    Note that for the IFD data the method works perfectly for 25 

receivers. For the NM data, we have to point out that the estimations obtained for 

2 3 and a a are close to the actual values of the coefficients, whereas 1a  remains 0. In Fig. 2 

we show the SSPs obtained (red dashed lines) using NM data for recovering the two 

( 2 3 and a a ) of the three coefficients. The results are for 25 receivers. We observe that 1a  

seems to affect the behavior of the SSPs on the top of the waveguide and we have to 

investigate if we can achieve an estimation for 1a  using more dense receivers there.  

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  965



 

 
Fig. 2: Actual (blue solid lines) and recovered (red dashed lines) for the five SSPs. 

6. DISCUSSION 

In this report we develop analytically and numerically the adjoint optimal control 

method for water column SSP inversion and attempt a preliminary computational 

demonstration. The goal is to invert for both the background sound speed and the 

amplitudes of EOFs with experimental data. Therefore, we have to work in the following 

two directions: study of the cost function with respect to our physical parameters and 

appropriate choice of the descent method for minimizing the cost function.  
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Abstract: Bottom bounce propagation occurs when a sound ray strikes the bottom and is 
reflected back to the surface of the water, consequently involving an annulus. The work 
focuses on the scattering problem in this annulus by a beam that is deliberately transmitted 
downwards at relatively steep angles. A scattering model based on the virtual source 
concept, including evanescent waves, has been exploited. The scattering field from a slender 
spheroid located in the typical shadow zone has been computed and analysed with bottom-
bounced incidence. Interesting scattering phenomena were observed. The results showed that 
the deep-water propagation and bottom bounce paths for the scattering waves always existed 
under the bottom bounce scheme, and that the specular scattering strength increases and 
directions differ with respect to the depression angles. On the horizontal plane, the 
propagation direction of specular scattered waves was close to the backward direction with 
increasing depression angle, which could be explained by the geometrical scattering theory. 
At depression angle of directional source ranging from 40°–50°, the bottom bounced 
scattered waves have more significant contribution at range approaching half of convergence 
range. 

Keywords: acoustic scattering, bottom bounce, deep water 
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1. INTRUDUCTION 

Active sonar plays an important role in underwater detection. When a transmitter is 
deployed close to the sea surface in deep water, most of the energy propagates along the 
reliable acoustic path (RAP)1 and refracts near the sea bottom, leading to the generation of a 
convergence zone (CZ). Limited acoustic energy could reach the zone between the 
transmitter and the first CZ. Hence, active detection in this range is problematic.  

The bottom bounce propagation path in deep water has been an attractive research subject 
for several decades2,3. This scheme may provide passive detection and localization solutions. 
According to the reciprocity principle,4 if a transmitted signal from an active source could 
propagate along the bottom bounce path, then it can arrive at the shadow zone and may touch 
the submerged object in this area. On the basis of this concept, simulations have been 
performed by deliberately directing an acoustic beam downward at relatively steep angles. A 
range annulus exists with CZs but without focusing gain. Although “the more incidence, the 
more scattering strength” is a generally accepted idea, the behavior of object scattering in this 
annulus is not well understood in active detection. 

The current study aims to investigate the behavior of object scattering with bottom-
bounced beam illumination. A slender object was located in the acoustic shadow zone of 
deep water. An acoustic beam with a depression angle was generated to simulate the beam 
reflection on the sea bottom and its propagation in the deep water. The scattering strength 
distributions were calculated with the virtual source concept, with the evanescent wave 
included inherently. Interesting scattering phenomena were observed, and physical 
interpretations were derived. The results showed that scattered field strength can be enhanced 
with a beam depression angle ranging from 40° to 50°. 

2. DEEP ANGLE BEEM 

According to Snell’s Law, the sound in deep water is reflected on the seafloor given that 
the transmitted angle is deeper than the critical angle 

(1) 
where c0 and cb are the speeds of sound at the depth of the source and the seafloor, 
respectively. Otherwise, the sound propagates along the RAP. In the case c0>cb, no critical 
depth is present, and all the transmitted waves are reflected on the seafloor. 

In this study, a directional source is utilized; thus, the pressure angular spectrum is 
represented by the source beam pattern. Once the angle that corresponds to the peak of the 
pressure angular spectrum is larger than the critical angle, most of the radiated waves travel 
downward and bounce on the sea bottom. This approach could be practically applied by 
controlling the direction of the beam. The bottom bounce configuration for active detection is 
exploited. Under such configuration, a directional source is manipulated such that the 
acoustic beam could bounce on the sea bottom and penetrate into the shadow zone. If the 
depression angle is properly selected, then the reflected beam can interact with the submerged 
object, thus enhancing the scattered echo strength. 
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3. OBJECT SCATTERING 

3.1. Acoustical environment 

In this study, a typical deep-water environment with a depth of 5000 m was considered. 
The Munk sound speed profile is considered. The sea bottom is covered with a 300 m-thick 
sediment layer with compressional wave attenuation of 0.06 dB/λ. Here, the sound speed and 
density are 1521 m/s and 1240 kg/m3, respectively, at the upper interface measured by 
Hamilton,5 and 1622 m/s and 1650 kg/m3, respectively, at the lower interface. The gradient 
of the sound speed is 0.337 s−1. The bottom is assumed as a half space from a depth of 
5300 m with a sound speed of 1622 m/s, density of 1800 kg/m3, and compressional wave 
attenuation of 0.2 dB/λ. The source is located at a depth of 100 m. A 21-element vertical 
source array with Gaussian weights was utilized for directional source simulations. The 
center frequency was 500 Hz, and the adjacent element space was 1.5 m, which was 
approximately half of the wavelength. The source strength was set to 0 dB re 1Pa @1 m. 
The horizontally transmitted ray was refracted upward at a depth of 3600 m, and the 
maximum angle along the RAP, i.e., the critical angle, was approximately 10° according to 
Eq. (1). Under this acoustical environment, the pressure angular spectrum was maximized at 
−10° to 10° (the minus sign indicates that the rays propagated upward). If the mainlobe 
direction of a source exceeds the critical angle, then the transmitted waves from the mainlobe 
may continue to go downward until they reach the seafloor.  

3.2. Scattering field from slender object 

A rigid slender spheroid with a 60 m long axis and an 8 m short axis located at a depth of 
180 m was considered as a scatterer. The source beam direction was horizontal (0° depression 
angle) and located at distances of 60 and 22 km from the object. Thus, the object was located 
in the first CZ and shadow zone, respectively. The directional source was at a 45° aspect 
angle of the slender spheroid. The scattering model named virtual source6 combined with 
wavenumber integral model7 is utilized. The scattered field is shown in Fig. 1. The scattered 
field was significantly stronger in the upper panel than in the lower panel because of the 
strong incident field in the first CZ. Similar structures on the vertical plane were also found in 
the forward and backward scattering fields. The deep-water propagation path and the bottom 
bounce path were the two main apparent propagation paths. The bottom-bounced scattered 
waves were transmitted within 25 km underneath the sea surface. These bottom-bounced 
waves showed potential applicability to active detection. However, the scattered field in the 
lower panel seemed to be weak when the object was submerged in the shadow zone, 
particularly for the backward scattered field. This phenomenon presented a challenge for 
active detection in the shadow zone. 
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Fig 1: Scattering from a submerged object in deep water with a horizontally transmitted 
beam. 

 
Given that an acoustic wave can penetrate into the shadow zone through the bottom bounce 
path, the scattered field at the transmitted depression ranging from 0° to 50° was considered. 
Some results for the scattered field are presented in Fig. 2. Under the bottom bounce 
configuration, the vertical scattered field in the forward and backward directions shown in 
Fig. 2(a) is more enhanced in comparison with that shown in the lower panel of Fig. 2. The 
horizontal scattered field in Fig. 2(b) indicates the existence of four lobes in the scattering 
pattern, which corresponded to forward scattering, backward scattering, and specular 
scatterings from two aspects of the object. The results with the depression angle ranging from 
20° to 40° in panels (b)–(c) show the strengthening of the scattered field with increasing 
depression angle. Another distinguishable difference was that the forward and specular lobes 
deviated from 0° (solid arrow direction) and 270° (dotted arrow direction) on the horizontal 
plane as the depression angle increased. Such deviation can be explained from the 
geometrical point of view. The heading angle of the slender spheroid was represented as , 
the incident grazing angle was represented as , and the local incident angle  on the object 
with respect to the long axis can be expressed as 

 

 
Fig 2: Scattered field strength with different depression angles. The object is located at a 
depth of 180 m and is close to the center of the reflected beam center. 
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(2) 
The increase in the transmitted angle led to the incidence of waves toward the lower part of 
the object, as well to the increase in the local incident angle . As a consequence, the specular 
direction was close to the normal direction of the body, and the scattered field strength 
increased. As shown in panel (d), when the depression angle was 40°, the local incident angle 
was 57°. Thus, the specular angle of 12° deviated from the 270° direction.  

3.3. Depression angle effects 

The depression angle ranging from 0° to 50° on the scattered field was analysed. In the 
simulations, 11 receivers were deployed at depth from 100 m to 200 m with equal space. The 
average values on 11 elements were used to smooth the spatial variations of the field.  

 

Fig 3: Average transmission loss of scattered waves on the receivers 
 

The transmission loss of the specular scattered signal strength is plotted in Figs. 3(a)–(e). 
The panels from the top to the bottom have depression angles of 0°, 20°, 30°, 40°, and 50° 
with the object located at a depth of 180 m and at distances of 60, 22, 16, 11, and 8 km from 
the source (almost in the center of the first annulus), respectively. When the beam was 
transmitted along the horizontal direction, the scattered field strength had a relatively large 
value because the object was in the first CZ. Some of the scattered waves were reflected from 
the sea bottom, thus enhancing the field strength at approximately 8.8, 13.2, 19.5, and 
30.5 km. When the beam was transmitted 20° downward to the sea bottom, the strength 
decreased (Fig. 3(b)) because of the reduced incident field strength. As discussed previously, 
a portion of the transmitted waves propagated along the RAP because their transmitted angles 
in the mainlobe were smaller than the critical angle. However, when the depression angle 
continued to increase above 30°, the strength was enhanced within the first CZ range, as 
indicated in panels (c) to (e). One reason for this enhancement was the slight strengthening of 
the incident field in the shadow zone as a result of the large depression angle, as presented in 
Fig. 3(f). Another reason was that at large depression angles, the waves were incident toward 
the lower parts of the object; they then scattered and propagated downward until they reached 
the sea bottom. As a result, the scattered field strength was elevated. That's to say, in cases in 
which the beam was transmitted downward, an optimum field strength enhancement was 
achieved with a 40°−50° depression angle in the range not exceeding the first CZ. 
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4. CONCLUSIONS 

Some simplifications were made, and scattering from the submerged slender spheroid was 
analysed when it was located in the shadow zone. On the horizontal plane, the propagation 
direction of the specular scattered waves was close to the backward direction as the 
depression angle increased. The scattered field showed a deep-water propagation path 
convergence at approximately 55 km. In a range not exceeding 25 km, the scattered field 
increased because of the contribution from the bottom-reflected propagation path. With a 
40°–50° depression angle, the scattered field within the first CZ range showed an apparent 
enhancement relative to that in other angles.  
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Abstract: AUVs haves been developed to conduct underwater surveys in unexplored areas 
such as those around marine volcanoes and in frozen seas that are dangerous and difficult 
to investigate with manned submersibles. Many AUVs are comparatively small, with 
various mounted measuring devices; thus, their power supply and mounting space are 
limited. Under such circumstances, an acoustic lens mounted on the bow of the AUV, was 
proposed for use as an underwater imaging sonar for obstacle avoidance. Recently, this 
acoustic lens system has attracted renewed attention due to its fast frame rate, compact 
size, and low power consumption by utilizing its own refraction effect. 

In this study, we investigated the aberration and converged sound field of a convex 
acoustic lens for installation in an AUV bow. It was assumed that the lens consisted of 
solid shell and inner liquid. Aberration was analyzed by the ray tracing method, and 
converged sound field was computed by the finite difference time domain method. In order 
to minimize the aberration and maximize the focused sound pressure, material 
combinations and shell shapes were investigated for optimal lens design. The preliminary 
analysis results showed that an effective convergence performance was obtained by a shell 
combining a spherical outer surface and aspherical inner surfaces, and with a material 
combination of syntactic foam and silicone oil or syntactic foam and fluorinert. 

Keywords: AUV, Underwater imaging sonar, Acoustic lens 
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1. INTRODUCTION  

AUVs have been developed to conduct underwater surveys in unexplored areas, such as 
those around marine volcanoes and in frozen seas that are dangerous and difficult to 
investigate with manned submersibles. Several studies have been conducted using AUV's 
underwater imaging sonar acoustic lens for obstacle avoidance. Tsukioka et al. produced a 
spherical lens for AUV mounting and succeeded in actually obtaining images in water [1].  

As the acoustic lens has refractive properties, the underwater sonar system using 
acoustic lens does not need large-scale array and a dedicated signal processing device for 
beam foaming. Thus, the acoustic lens is useful for real-time processing, miniaturization, 
and power saving. Recently, it has attracted renewed attention as a method for realizing 
underwater imaging sonar. 

In this study, we investigated the aberration of a designed underwater acoustic lens 
using the ray tracing method. The lens was assumed to be mounted on the bow of an AUV 
and its converged sound field was calculated by the finite difference time domain method 
(FDTD method). 

2. INVESTIGATION OF LENS ABERRATION 

2.1. Lens shape 

It was assumed that the acoustic lens in this study would be used in an AUV 
underwater imaging sonar system for obstacle avoidance. It was also assumed that the 
acoustic lens would be mounted on the bow of the AUV, as the bow receives the most 
water resistance, and it is desirable that its effect be as small as possible. In this study, the 
surface facing the water is a convex shape (sphere). 

In a previous study of spherical lenses, Takano analyzed the converged sound field of a 
shell-shaped diffusing spherical lens composed of two layers of different mediums by 
simulation and experiment in a tank [2]. Figure 1 shows a schematic view of a three-layer 
spherical lens mounted on an AUV bow. Each lens surface is defined S1, S2, S3 and S4 and 
each layer’s thickness is defined as T1, T2 and T3. This lens is arranged on the shell in a 
medium that has a sound speed higher than water; internal liquid has a sound speed slower 
than water. The design of the lens structure sought to eliminate sound waves from the lens 
edges, which causes spherical aberration. 
 

 
Fig. 1  Schematic view of definition of lens surface and thickness mounting on AUV bow  
(* S1 becomes the AUV bow; thus, it is a fixed spherical surface). 
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2.2. Lens optimization 

It is property of spherical lenses that spherical aberration always occurs when sound 
waves are normally incident to the lens surface. When sound waves are obliquely incident 
to the lens surface, coma aberration occurs. Both cause blurring of the obtained image. In 
order to correct these aberrations, ray tracing was performed for lenses of various shapes, 
and aberrations were investigated. The lens shape was then optimized, and the aberrations 
minimized. Table 1 shows the constants of the lens medium used. Where c is the sound 
speed, ρ is the density, Z is the acoustic impedance, γ2 is the attenuation constant, and n is 
the refractive index. 

 
Table 1: Constants of lens medium. 

Medium c (m/s) ρ (kg/m3) Z (MPa･s/m2) γ2 (dB/λ) n 
Water 1500 1000 1.500 0.0 1.00 
Syntactic foam 2206   700 1.544 0.1 0.68 
Silicone oil   990   972 0.962 0.0 1.52 
Silicone rubber 
(RTV-11) 1050 1180 1.239 0.3 1.43 

Fluorinert (FC-72)   512 1680 0.860 Unknown 
(0.0) 2.93 

 
Figure 2 shows the ray tracing results for each lens at incidence angles of 0 and 10 

degrees. Lens1 was designed by Takano. As it is composed of spherical surfaces, spherical 
aberration occurs, and it is evident that the acoustic ray is not converged on the focal point 
in Fig. 2(a). 

In Lens2, an acoustic impedance matching layer of /4 was inserted between the outer 
shell and inner medium, and the thickness of the outer shell was reduced to decrease 
transmission loss. As a result, this lens demonstrates improved acoustic converging 
performance. However, like Lens1, Lens2 is composed of spherical surfaces. Thus, 
spherical aberration is not corrected. The focal point is formed further away from the lens 
than that of Lens1 in Fig. 2(b). 

Lens3 is composed of S1 as the spherical surface, and the surfaces S2-S4 as the 
following aspheric surfaces were used to correct the aberration in Fig. 2(c). = 1 + 1 − + 1 + ・ + ・ + ・ + D・ + ・  +F・ + ・ + ・  

where r is the vertex curvature of the surface (mm-1), and K is the Korenich coefficient. 
Optimization to minimize aberrations was performed by varying r, K, and A-H in the 
above equation, and thickness T1, T2 and T3, and aspheric surfaces were obtained. 

Lens4 was made by removing the S3 and S4, and changing the inner medium to 
Fluorinert, and the aberrations were also corrected, as shown in Fig. 2(d). This lens had 
the smallest aberrations at the focal point. 
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Fig. 2  Ray tracing results for (a) Lens1, (b) Lens2, (c) Lens3, and (d) Lens4 at  

 incidence angles of 0 and 10 degrees. 

3. ANALYSIS OF CONVERGED SOUND FIELD BY FDTD METHOD 

3.1. Setting of FDTD method 

Simulations using the FDTD method were performed on the lenses described above, 
and the converged sound field was analyzed. The analytical domain was two-dimensional 
on the x-z plane, and a line sound source was arranged at a position 0.01 m from S1. A 
burst wave of 500 kHz was radiated from the line sound source, and a plane wave goes 
forward to the lens. For analysis areas other than the lens and sound source, it was filled 
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with water. The edge of the analysis domain was set so that the reflected wave did not 
interfere with the sound waves propagating through the lens using the absorption layer and 
the first order Mur’s boundary condition. 

3.2.  Results of analysis 

Figure 3 shows the sound pressure distributions of (a) Lens1, (b) Lens2, (c) Lens3 and 
(d) Lens4 at normal incidence, respectively. In Fig. 3(b), the focal point of Lens2 is 
formed more rearward than that of Lens1. Figure 3(c) shows that the focal point of Lens3 
was formed more rearward than that of Lens2. In the beam patterns shown in Fig. 4(a), 
Lens3 has the smallest side lobes compared to other lenses, although the maximum sound 
pressure at the focal point is lower than that of Lens2. Therefore, the correction of the 
aberrations contributes to the reduction of the side lobe. Figure 4(b) shows the on-axis 
characteristics. Lens4 has the largest maximum sound pressure at the focal point. Also as 
with the sound pressure distribution, the focal point of Lens3 is more rearward than the 
other lenses. 

 
 

Fig. 3  Sound pressure distribution of each lens at the normal incidence 
(a)Lens1, (b)Lens2,(c)Lens3, and (d)Lens4. 

 

 
 
Fig. 4  (a) Simulation results for beam patterns on the horizontal plane at the focal point 
(normalized by the each peak), and (b) simulation results for on-axis characteristics of the 
lens (normalized by the maximum sound pressure at the focal point of Lens1). 
 

(a) (b) (d) (c) 

(a) (b) 
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4. CONCLUTIONS  

Compared to the outer-shell diffusion-type spherical lens designed by Takano, it was 
possible to improve the maximum sound pressure of the focal point by inserting the 
acoustic impedance matching layer and by thinning the outer shell. By correcting the 
aberration using an aspherical surface and optimizing the lens, it was possible to suppress 
side lobes in the beam pattern. The focal points of Lens2, Lens3 and Lens4 were more 
rearward than that of Lens1. 

In a future research, we plan first to attempt to improve sound pressure at the focal 
point. In the lens of the outer-shell diffusing type lenses, as sound waves are diffused 
outside the lens, it is impossible to converge all the sound rays of the entire aperture of the 
lens, resulting in a decrease in focused sound pressure. Like Lens1 and Lens2, Lens3 had a 
spherical surface S1, and used a material with high sound speed for the outer-shell. 
Therefore, the area of the sound rays path through the lens aperture was narrowed to 
suppress spherical aberration, and thickness was also increased, so that the maximum 
sound pressure was lower than that of Lens2. In addition, Lens4 did not use the entire 
aperture. In the near future, we will try to improve the maximum focused sound pressure 
by determining the ideal material for the lens, and so on. 

In addition, in future work we will attempt to secure the angle of view at oblique 
incidence of sound waves. In both Lens1 and Lens2, the spherical lens was independent of 
the incident angle of sound waves, the focus sound pressure was the same at all incident 
angles, and a wide angle of view could be ensured. However, as Lens3 and Lens4 used the 
aspheric surfaces, they depended on the angle of incidence of sound waves, and the angle 
of view was narrowed to about 10 degrees. We will also study the design of lenses with a 
large angle of view. 
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Abstract: The ωk algorithm is a true broadband, wide-beam and high-squint imaging 
algorithm. In the treatment of squint problem, the two-dimensional wavenumber domain tilt 
caused by the non-zero Doppler center, made the azimuth wave number processing more 
complex, which reduces the data utilization efficiency and image quality. Aiming at the 
problem of broadband squint SAS data imaging, we propose a method for Doppler centroid 
correction by simply multiplying the phase term in the range wavenumber domain and 
azimuth space domain, and then constructs an equivalent SAS side-looking geometry model 
by constructing a new wavenumber domain coordinate system. Then, interpolation is 
performed in the distance wavenumber domain and the azimuth wavenumber domain 
respectively, and the two-dimensional wavenumber domain data under broadband squint 
condition is transformed into equivalent side-looking data, and ultimately focus the image 
using the classic ωk algorithm. The algorithm can realize the image focusing and avoid the 
large amount of zero-padding and data movement in the algorithm of distance migration 
under squint condition, and improve the data utilization and processing efficiency. Point 
target simulation data processing verifies the effectiveness and practicability of the 
proposed algorithm. 

Keywords: SAS Imaging; Wide-band; Squint; Wavenumber Domain Coordinate Rotate; 
Modified ωk Algorithm 
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1. INTRODUCTION 

At present, some typical SAS [1] mostly work in broadband or ultra-wideband 
conditions. Multi-receiving array SAS is generally used in order to overcome the single-
array SAS which cannot simultaneously obtain high azimuth resolution and high mapping 
rate problem, Firstly, the echo data of multi-receiving array are preprocessed and then 
imaged by single-array SAS rapid imaging algorithm[2].The ωk algorithm(ωkA) is a true 
broadband, wide beam and high squint imaging algorithm. In squint conditions, additional 
processing is required for Doppler frequency beyond the azimuth bandwidth [3] , generally 
the azimuth data being zero-padded to extend the azimuth spectrum width, which simplifies 
azimuth spectrum folding and Doppler centroid change[4], but it will increase the 
computational complexity. 

 In view of the superior ability of the ωkA to deal with squint data, this paper presents 
an improved ωkA for striped broadband squint SAS imaging. Firstly, the constraint relations 
of two-dimensional wavenumber spectrum are analyzed in broadband squint mode. Then 
the Doppler center frequency is corrected to zero frequency in the distance wavenumber and 
the azimuth space domain, and the analytical form of the two-dimensional wavenumber 
spectrum of the SAS echo signal after zeroing is deduced, the azimuthal compression factor 
introduced by the resampling of the azimuth spectrum and Taylor series expansion 
approximation of two-dimensional spectrum in [5]  is removed. Furthermore  the concept 
of rotating ωkA used in SPOTLIGHT SAR is introduced, by rotating the coordinate axes of 
the two-dimensional wavenumber domain, the equivalent side-looking geometry SAS 
model was constructed, the method of transforming the azimuthal coordinate axis in the 
rotating ωkA of SPOTLIGHT SAR is simplified by using Doppler zeroing. Lastly, the 
rotation and STOLT interpolation of the data in the new coordinate system are completed 
by interpolating the azimuth wavenumber and the range wavenumber respectively. Finally, 
two-dimensional inverse Fourier transform is used to realize image focusing. By using the 
improved RMA to process point target simulation data, the validity and practicability of the 
proposed method are verified.     

2. IMAGING GEOMETRY MODEL AND  IMPROVED  ωkA BASED ON 
WAVENUMBER COORDINATE ROTATION 

The geometrical model of broadband squint SAS imaging is shown in Figure 1. ( , )x r  is 
the slanting plane, the x-axis represents azimuth, and the r-axis represents distance. The 
sonar travels in the positive x-axis at the velocity xV , the position of the sonar is denoted 
by X , the beam width is BWq , the beam center oblique angle is ,r cq , the closest distance 
between the point target P and the sonar track is 0R , the slant distance of the center of the 
beam sweeping the target is rR , suppose that point B is the center point of the selected 
imaging zone, and the distance between point P and B in azimuth direction is nX .  minR  is 
the closest distance to the strip region, and maxR  is the farthest distance of the strip region. 
Assuming when the center of the beam sweeps point B, the position of the sonar is the 
coordinate origin of the synthetic aperture process. 

As shown in Fig. 1, the demodulated echo signal is, 
( ) ( ) ( ) { } 2

0 0, ; 2 / exp( ; ) ( ; )4 / exp ( ; ){ ( 2 / ) }r r r r rass X A w X c w X j fR R R R R R RX c j X ct t p pm t= - - -  (1) 
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Where ( )rw Χ is the envelope of the transmitted signal, ( )aw Χ is the azimuthal envelope, 0f  
is the carrier frequency, c is the wave velocity, and m  is the transmit signal frequency 
modulation rate. Using the POSP, the echo signal can be transformed to the range 
wavenumber domain and the azimuth space, and after ignoring the amplitude term, 

{ }
2 2

exp( , ; ) ( ) ( exp( )
16

) ( ; ) r
R r r r a R r

K c
K X jK X jSs R W K w X R R

pm
- -=               (2) 

Where 04 ( )
R

f f
K

c
tp +

= ， 04
R c

f
K

c
p

= ，
4

r

f
K

c
tp

= ， R Rc rK K K= + . 

 

Figure 1 Geometric relationship of squint SAS 
In the squint condition, the Doppler center is first zeroed in the range wavenumber 

domain and azimuthal space domain. According to the Fourier transform nature, the formula 
(2) multiplies the correction term ,exp( sin )R r cjK Xq-  to complete the Doppler center zero 
processing[6], namely, 

{ } ,

2
'

2

exp( , ; ) ( ) ( ) ( ; ) exp( siexp( )
16

n )r
R r r r a r R r cRSs R W K w X R R

K c
K X jK X K Xj j q

pm
--= -    (3) 

The expression after further transforming the equation (3) to the two-dimensional wave 
number domain is, 

2 2
_ _ _ ,

2

0 _

2

,0 ,( ) ( ) ( sin( , ) exp( sin )) ( )( sin
1

)
6x base r r a x base R x base R r c x base R r c n r r c
r

R K W K W K j K K K R j
K c

SS K jK K X Rq q
m

q
p

= -- - + - + +   (4) 

From (4), it can be seen that the Doppler centroid processing only changes the support 
region of the azimuth Doppler wavenumber, and the expression of the two-dimensional 
wavenumber domain is consistent with that before zeroing. 

At this point, the azimuthal wavenumber center is zeroed in the range wavenumber and 
azimuthal space domain. Analysis of the center of the wavenumber correction term 

,exp( sin )R r cjK Xq-  shows that the Doppler center frequency zeroing process causes the 
spatial point target of the range direction to produce a translation with distance ,sint r cX q  , 
where tX  is the azimuth position of the imaging area object relative to the center point 
object . For example, the distance to the point target located at , 0( sin , )n r r cX R Rq+  becomes 

0 ,sinn r cR X q+ . At the same time, the azimuth position in the two-dimensional wavenumber 
domain is coupled with the range wavenumber, which can be seen in formula(4).  

The method of rotation in the wavenumber domain can effectively solve the problem of 
position change after Doppler centroid processing and the coupling of range wavenumber 

B 

  
rR

P nX

xV
x

0R

,r c BW

maxR

minR

o

r
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and azimuth position. Finally, it can be interpolated to obtain the equivalent side-looking 
data under the new coordinate system. Coordinate rotation is shown in Figure 2. 

 
Figure 2 Wavenumber domain coordinate rotation diagram 

We construct the two-dimensional space rotation matrix to complete the mapping of the 
original two-dimensional wavenumber spectrum to the new two-dimensional wavenumber 
spectrum. 

Let 2 2
_ ,( sin )r R x base R r cK K K K q= - + ,  _ ,sinx x base R r cK K K q= + ,  '

,sinn n r r cX X R q= + , 
the formula (4) can be expressed as: 

,

2

0 ,

2
'( , ) sin ex( ) ( ) c( op )s

16r r a x R r c r r r c x n
r

r x W K W K K jK R
K c

SS K jK XK jq
pm

q= -- - -          (5) 

To construct the rotation matrix of two-dimensional space coordinates, the relationship 
between 0 0( , )x yK K and ( , )x yK K  is: 

0 , ,

0 , ,

cos sin
sin cos

x r c r c x

r r c r c r

K K
K K

q q
q q

ι ω ι ωι ω-κ ϊ κ ϊ κ ϊ=κ ϊ κ ϊ κ ϊ
κ ϊ κ ϊ κ ϊλ ϋ λ ϋλ ϋ

                    (6) 

which is, 
2 2

0 , , , _ , , _ ,cos sin cos ( sin ) sin ( sin )x r c x r c r r c x base R r c r c R x base R r cK K K K K K K Kq q q q q q= - = + - - + (7) 
2 2

0 , , , _ , , _ ,sin cos sin ( sin ) cos ( sin )r r c x r c r r c x base R r c r c R x base R r cK K K K K K K Kq q q q q q= + = + + - + (8) 
From (7) ,(8) can be obtained, 

2 2
0 0r R xK K K= -                             (9) 

Therefore, in the new coordinate system ' '( , )x r , the two-dimensional wavenumber field 

0 0( , )x rK K of the echo can be expressed as: 

2 2
0 0 , 0

2 2

1 ,0 00 ,( ) ( ) c( , ) sin os ( sin )exp( )
16r r a x R r c x n r c R x r n r

r
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p
q

m
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At this point, the two-dimensional echoes in the wavenumber domain become a side-
looking pattern. The new azimuth wave number can be interpolated firstly, and the 
wavenumber spectrum corresponding to the new azimuth wavenumber can be obtained by 
the formula (7), that is 
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2 2
_ 0 , , 0 ,cos sin sinx base x r c r c R x R r cK K K K Kq q q= + - -                (12) 

And then use the classical STOLT interpolation to calculate the wave number spectrum 
corresponding to the distance wave number 2 2

0 0r R xK K K= - . The expression of the echo 
on the two-dimensional wavenumber domain is, 

0 0 , 0

2 2

2 0 0 , 0 ,( , ) sin exp(( ) ( ) cos ( sin ) )
16r r a x R r c x n r c y r n

r
cy rx W K W K K jK

K c
S X jK RK XS K j

pm
q q q= -- - - +  (13) 

The coupling problem between the range wavenumber and the azimuth space is solved 
by the rotation of the wavenumber domain. The two-dimensional wavenumber data are 
transformed into the linear phase term of the coordinate position in the direction of the range 
wavenumber and the azimuth wavenumber, and the image focus processing can be 
performed by a two-dimensional IFFT. Further, the spatial coordinate rotation of the image 
is performed to eliminate the rotation of the target position due to the rotation of the 
wavenumber domain coordinates, which belongs to the category of image processing and 
can be realized by simple coordinate rotation in image processing, we will do not go into 
details. 

3. SIMULAITON  

We choose a typical parameter of broadband squint SAS, and verify the validity of the 
improved RMA by processing the point target echo simulation data. The SAS parameters 
are shown in Table 1. 

Center frequency 150kHz Aperture of element 0.2m 
Speed of sound 1500m/s Platform speed 0.4m/s 

Transmit signal bandwidth 20kHz Squint angle 20° 
Pulse Width 20ms Pulse repetition interval 0.1s 

Table 1 SAS system main parameter settings 
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       (a)Target imaging results            (b)Contour lines near the target 

Figure 3 The imaging results of improved algorithm 

In Figure 3(a), the coordinate position of object 1 5~T T  after imaging is rotated, which 
is consistent with the algorithm analysis in this paper. The rotation can be eliminated by 
image correction.  Figure 3 (b) shows that the target main lobe and side lobes are distinctly 
separated from each other and are in the shape of a standard cross, consistent with the 
contour of the side-looking pattern, indicating the good focusing effect. 
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4. CONCLUSION 

This paper presents an improved ωkA algorithm for broadband squint SAS imaging. 
Firstly, Doppler centroid correction is performed in the range wavenumber domain and 
azimuth space. Then, a new wavenumber domain method is constructed by using coordinate 
rotation to transform the two-dimensional wavenumber domain data into equivalent side-
looking data. Finally, two-dimensional inverse Fourier transform completes image focusing. 
The algorithm avoids the large amount of zeros and data movement needed by the classic 
ωkA in handling squint data, improves the utilization of echo data, and provides a new idea 
for SAS imaging processing of strabismus data. At the same time, the Doppler centroid can 
be corrected by Doppler central mean by the method when the Doppler center is changing 
rapidly, and the absolute change of the Doppler center can be adjusted to the variance of the 
mean value,The method reduces the azimuth sampling rate requirement, reduces the number 
of zeros when the azimuth spectrum expands,which simplifies the imaging process when 
the Doppler center changes rapidly. When the angle of squint angle is increased, the 
amplitude of the sidelobe increases due to the influence of the precision of Sinc 
interpolation, but it can be suppressed by windowing. At present, there are many 
interpolation algorithms used for STOLT interpolation, but the effect is not very 
satisfactory, resulting in image results subject to a certain degree of restrictions, which calls 
for further studies. 
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Abstract: Doppler beam sharpening(DBS) is a technique to improve radar azimuth 
resolution. This paper introduces the technology field of sonar, to promote forward-
looking sonar azimuth resolution. 1, The DBS signal model is established, and the 
relationship between the theoretical azimuth resolution and the wavelength, the length of 
the array, the azimuth angle and the range is analyzed. 2，The incompatibility of the DBS 
technology in forward-looking sonar is compared with the DBS technology in radar , and 
the beam dwell time is improved by the method constrained beam width.3,To ensure the 
signal coherent superposition in one unit of range resolution unit, the range migration 
correction with the variable range is used.4，The correspondence between the frequency 
and the angle is established, to calibrate the coordinate position of the target. Finally, the 
simulation results show that the DBS technique can effectively improve the azimuth 
resolution of the forward-looking sonar.. 

Keywords: DBS, forward-looking sonar, azimuth resolution 
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1. INTRODUCTION  

Two-dimensional sonar imaging technology is divided into two categories: real 
aperture imaging (RAI) and synthetic aperture imaging (SAI). Real aperture imaging sonar 
mainly consists of side scan sonar and forward-looking sonar. Side-scan sonar equipment 
is simple, cost-effective, widely used in marine mapping. However, side-scan sonar mode 
operation using positive side, there is a side-looking mode operation fatal drawback: the 
presence of dead zones below the platform. The principle of synthetic aperture sonar is 
different from the real aperture sonar, but its work mode is also used in positive side view 
mode work, therefore the bottom of the platform inevitably there is a blind spot. In order 
to overcome the problem of the existence of a blind spot in the side-scan sonar and the 
synthetic aperture sonar, it is common to use forward-looking sonar as blinded sonar. 

The forward-looking sonar belongs to real aperture imaging sonar, whose azimuth 
resolution is limited by the wavelength, aperture ratio and distance, such that beam width 
of SEABAT7128 is 0.5 degrees, and the azimuth resolution has been as low as 1.25m at a 
distance of 150 meters. The resolution of forward-looking sonar is seriously mismatched 
with the resolution of synthetic aperture sonar, and the resolution of the international 
mainstream synthetic aperture sonar has reached 3cm. The only effective way to improve 
the resolution of classical array is to increase the ratio of aperture to wavelength, at the 
cost of increasing the number of channels, the size of the array and the complexity of the 
equipment. 

Technique of Doppler Beam Sharpening (DBS) [1-6] for enhancing radar azimuth 
resolution divides the echoes in the same beam into a set of "Doppler beams" by Doppler 
analysis, and the ratio of the original beam width to the Doppler beam width is called the 
"sharpen ratio". A new generation of airborne pulse Doppler radar with DBS can provide a 
clearer radar map of the local ground in the long distance ahead of time, with a sharpening 
ratio of 32-64. 

This paper introduces the idea of radar DBS technology into forward-looking sonar to 
improve the azimuth resolution of forward-looking sonar.  

2. SIGNAL MODEL OF THE FORWARD LOOKING SONAR 

SAR imaging algorithm is used to solve the problem of imaging algorithm of the 
forward-looking radar. However, unlike forward-looking radar, the forward-looking sonar 
does not satisfy the assumption of non-stop-go-stop so it can’t copy the SAR imaging 
algorithm. First, it is necessary to establish the accurate delay history under the condition 
of non-stop-go-stop of the forward-looking sonar. The geometry of forward looking sonar 
is shown in figure 1. 
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Fig.1: The geometry of forward-looking sonar. 

 
Ignore the position of the transmitting and receiving array in the height direction, the 

horizontal coordinate zero at the receiving array axis of symmetry. Assuming that the 
number of elements is even, the position of the left transmitting element is / 2TLx N d   , 
the position of the i th receiving element is  / 2 / 2ix N i d d    , the sonar is uniform 
motion in a straight line, *,i Lt  is the accurate delay of the  i th receiving element, the 
position of the target is 0( , )P r x ,and 0x  is 0 , the accurate delay history can be obtained by
： 

*,( )TL i i LR R r ct   (1) 

 
Substituting 2 2TL TLR x r   and  22 *,( )i i i LR r x r vt     into (1)， *,i Lt  is given by  

2
*,i L

B B ACt
A

 
  (2) 

 
where  2 2A c v  ，   2 2TLB c x r r v    ，  2 2TL iC x x   

3. THE METHOD OF REALIZING DBS IN THE FORWARD LOOKING 
SONAR 

The working geometry of the forward looking sonar is shown in figure 2. At the 0 
moment, the azimuthal angle, looking down angle and cone angle are , ,   , respectively. 
The position of the target P is  ,0r . 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  989



 

v

 
Fig.2:  The working geometry of the forward looking sonar 

 
When the location of sonar is ( )X t vt , the instantaneous slant range ( ; )R t r 为 can be 

written by  

       2
22 2( ; ) 2 cos cos sin

2
vt

R t r r vt r vt r vt
r

         (3) 

 
According to (3), Doppler phase history is given by  

   2

24 ( ; ) 4( ; ) cos sin
2
vtR t rt r r vt

r
   
 

 
      

  
 (4) 

 
According to (4), Doppler frequency can be obtained by  

   
2 2 0 ,

1 2 2 cos 2( ; ) ( ; ) cos sin sin
2

d d d l
vt vtd v v vf t r t r f f

dt r r
   

   
 

       
 

 (5) 

 
Equation (5) shows that equation (3) can be written in terms of time-independent term 

and the term that is linearly related to time. The biggest difference with synthetic aperture 
sonar is that DBS only uses difference of Doppler frequency to distinguish targets, which 
is belong to non-focus synthetic aperture imaging, so the resolution is inferior to focused 
synthetic aperture imaging. But the signal processing of the synthetic aperture imaging is 
complexity and the signal processing of DBS technical is simple. 

The relation between Doppler frequency and azimuthal and pitching angle in terms of 
(5) can be written by 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  990



 

0
2 cos cosd
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(6) 

 
Assuming that there are two scattering points in the same beam when   is constant, 

and the difference of Doppler frequency is caused by the difference of azimuthal angle, 
the difference of Doppler frequency can be formulated as follows: 

0
2 sin cosd
Vf   


     
(7) 

 
Then the azimuthal resolution can be written by  

2 sin cos
f

V


 
 

   (8) 

 
Where f is frequency resolution, which is the reciprocal of the coherent accumulation 

timeT ( 1f T  ). Assuming that the number of coherent pulses and the pulse repetition 
interval are N , PRI respectively, then the azimuth resolution is 

1
2 sin cosV N PRI



 

 


 (9) 

 
According to (3)，the bandwidth of Doppler frequency is obtained by 

 
2,
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T

d d l
vTvB f
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   (10) 

 
According to the theory of signal processing, the frequency resolution should be greater 

than the bandwidth of Doppler frequency. 

d fB   
(11) 

 
Then 

 
22 1sin

vTv
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The maximum coherent accumulation time can be obtained from the equation  (12). 
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 / 2 / sinsT r v   
(13) 

 
According to (13), the synthetic aperture length can be given by  

sin / 2s sL T v r      
(14) 

 
Then the azimuthal resolution in range r  can be obtained by 

/ 2
2

cr s
s

r r r
L
       (15) 

 

4. THE CHARACTERISTICS OF DBS IN THE FORWARD LOOKING SONAR  

Compared with radar, forward-looking sonar has the following differences in DBS 
implementation: 

a. The difference in scanning mode 
Radar usually adopts mechanical scanning, that the beam width is fixed and it is 

sequential scanning, so the signal processing is more complicated when dealing with DBS. 
The forward-looking sonar uses multi-beam mode that the beam is simultaneous. The 
forward-looking sonar has the narrow central beam which is the high resolution, and  has 
the width edge beam which is the low resolution. This feature is the advantage of the 
forwarding-looking sonar in DBS technology DBS. 

b. The range migration correction 
Range migration correction for radar is not necessarily necessary[7], but forward-

looking sonar has to do range migration correction because of large variability and high 
range resolution. 

cos cos
2

s
Cv T
B

     (16) 

                           
c. Pulse repetition frequency is low 
The pulse repetition frequency (PRF) of radar is very high and the number of pulses 

involved in coherent accumulation is large, but the PRF of forward-looking sonar is very 
low, which brings two problems: First, the Doppler frequency is highly ambiguous. 
Second, the number of pulses involved in coherent accumulation is very low. 

 
5. SIMULATION RESULTS 

To verify the validity of the DBS algorithm in the paper, simulations are carried out in 
this section. The system parameters are listed in Table I. 
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Carrier frequency 200kHz Antenna length 0.375m 
Bandwidth 50kHz Beam direction angle 150 
Pulse width 0.5ms Target A coordinate (200m,14.50) 
PRI 400ms Target B coordinate (200m,150) 
Velocity 1m/s Target C coordinate (200m,15.50) 

Table 1: Simulation Parameters. 

 
Fig. 3 shows the result of processing three simulated point target for different azimuthal 

angles. The results verify the validity of the DBS algorithm in the forward-looking sonar. 
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Fig. 3. Simulated the forward-looking sonar data processed using DBS. 

6. CONCLUSION 

This paper introduces the idea of radar DBS technology into forward-looking sonar to 
improve the azimuth resolution of forward-looking sonar. First, the “non-stop-go-stop” 
signal model of the forward-looking sonar is established. Then the DBS algorithm is 
applied into the forward-looking sonar and the characteristics of DBS algorithm in the 
forward-looking sonar. Finally, the simulations verify the validity of the DBS algorithm in 
the forward-looking sonar. 
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 PHYSICALLY BASED SONAR SIMULATION AND IMAGE 
GENERATION FOR SIDE-SCAN SONAR 
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Abstract: The paper describes a method to generate side-scan sonar images from any three-
dimensional geometry and vehicle path. These generated images can be used for evaluation 
of reconstruction algorithms or for training purposes (be it human or for deep neural 
networks). 
To achieve this, we use the open-source modeling tool Blender in conjunction with the 
Mitsuba renderer and a custom sonar signal processing stage. 
The basic workflow is to model any geometry and vehicle path in Blender. The geometry 
information is then exported to a scene description format, which the Mitsuba renderer is 
able to read. From there, we let Mitsuba perform raytracing on the scene and obtain various 
scene maps: per-pixel distances to the surface elements in the scene and per-pixel 
information about the normal vector of the surface element. 
Given that information, a physically based sonar simulation is done by modeling the travel 
of individual sound packets to the surface elements. This simulation can be done in a 
multitude of ways: For chirped sonars or continuous-frequency sonars and it can be done 
coherently or incoherently. An available sonar beam pattern is also taken into account in 
the simulation to correctly model the narrow beam of a side-scan sonar. Due to the generic 
modelling, the simulation is not restricted to a single device and realistic measurements can 
be simulated as the generated images exhibit the typical speckle noise characteristic which 
is a problem in many applications. 

Keywords: Side-scan, sonar, simulation, geometry, speckle, trajectory, FM, CW 

UACE2017 - 4th Underwater Acoustics Conference and Exhibition

Page  997



 

1. MOTIVATION 

Obtaining ground truth in sonar is difficult for many reasons, the main issues being the 
huge efforts to create and place exactly known sonar targets with large dimensions and to 
have exact repeatability in terms of vehicle trajectory. Therefore, a simulation environment 
is necessary to provide means to evaluate different configurations and settings. Furthermore, 
a simulation tool allows to train humans or algorithms with the possibility to generate lots 
of training images from a scene. The need for a flexible side-scan sonar simulation as a 
forward model became evident for the task of reconstruction [1] [2]. 

There has been quite some work in sonar simulation: Riordan et al. [3] show a sonar 
simulation in slices of a dynamically refined triangular mesh. More real-time oriented is the 
simulation of Pailhas [4], while the simulation of Groen [5] is more targeted to SAS 
applications. A very sophisticated simulation using tube paths instead of simple rays was 
shown by Gueriot et al. [6]. For our application a raytracing solution seemed to be the best 
tradeoff between complexity and realism, which is why the simulation ideas are partly based 
on the work of Bell et al. [7] [8]. 

This paper details a method how any geometry in Blender can be used as a basis for sonar 
simulations. 

2. WORKFLOW 

2.1. Outline 

The process to create the simulated sonar images is a multi-step process and is outlined 
as follows. Details to each step are given in the following sections: 

1. Create 3D ground truth scene geometry in Blender 
2. Set up camera (sonar) parameters and vehicle trajectory as camera path 
3. Render the animation 
4. Obtain resulting scene description files (XML) and model (serialized) files  
5. Batch process scene files to apply sonar rendering settings to all files of animation 
6. Set up sonar simulator settings 
7. Process sonar files 
8. Stack resulting side-scan sonar lines to obtain the classic side-scan data view 

 
Fig. 1: Blender UI with scene of a tilted shipwreck of a patrol boat on the seafloor. 
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2.2. Preparations 

We use the Mitsuba raytracing renderer to extract all the necessary geometry information 
from the scene. Therefore, the Mitsuba Blender Plugin1 is a prerequisite for the subsequent 
steps. It is responsible for the creation of the scene files, which are later used for the sonar 
signal creation. 

2.3. Scene geometry 

The scene setup basically consists of any geometric elements that are allowed to be 
imported into Blender. The scene in Fig. 1 and Fig. 2 has mainly two parts: a seafloor using 
Blender’s perlin noise surface generator and a freely available 3D ship model2. The ship 
model consists of approximately 41000 vertices and 80000 triangular surfaces. The seafloor 
consists of about 1,000,000 vertices and 2,000,000 edges and triangles. 

In the shown scene in Fig. 1 the ship length is 56 meters, the width is 10.5 meters while 
the seafloor is 203 meters long and rather flat (height variation 0.1 meters between lowest 
and highest point). 

2.4. Camera and trajectory 

The simulation uses the blender concept of a camera to capture all the items the sonar 
“sees” in the scene. The camera setup defines the field of view the sonar can maximally 
ensonify, whereas the exact application of a sonar beam pattern happens later in the process. 
It is advisable to use not too large viewing angles as the sonar contributions from near to 
the outer edges are diminishing for a sharply focused side-scan beam, while it greatly 
increases processing time. The main lobe and the most important side lobes should be inside 
the field of view (see Fig. 2). 

The camera path in Blender describes the vehicle trajectory and any motion that can be 
applied to a camera in Blender can be used for the simulation. 

 
Fig. 2: Detail view of modelled path with the narrow viewing “wedge” the sonar 

ensonifies. In this case the vehicle trajectory is modelled as a spline curve. 

                                                           
1 https://blenderartists.org/forum/showthread.php?270335-Addon-Mitsuba-Blender-Plugin-(26-Nov-15) 
2 Find the model e.g. via search on Yobi3D: https://www.yobi3d.com/q/3d-models/pboat?page=1 
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The rendering step creates scene files for the Mitsuba renderer and executes them. The 
visual results obtained are only a by-product, the serialized geometry files and XML scene 
files are the important part for the sonar signal generation. 

2.5. Prepare for sonar calculation 

The created scene files are batch-processed in order to change the renderer from 
parameters that are only useful for generation of visually appealing files to parameters useful 
in sonar processing. The XML file entries that are changed in this step are:  

Firstly, the sample count per pixel is reduced to one. In contrast to optical imaging where 
anti-aliasing techniques are used to make visually nice-looking smooth edges, we need 
geometry information from exactly one single object that is hit by a ray. It is detrimental to 
have averaged distance (and surface normal) information on the edge pixels, because that 
leads to “ghost” sonar echoes from non-existant objects. 

Secondly, for sonar processing we want to use Mitsuba’s multichannel integrator instead 
of a “visual” integrator to obtain distance and normal maps of the scene, i.e., this results in 
a “sonar camera” that returns geometric information like distance to surface and surface 
normal for each pixel. 

3. SONAR SIMULATION 

The sonar simulation itself is subdivided into three parts that are detailed in the following 
sections in this chapter. 

3.1. Beam pattern 

We model the side-scan sonar as an ideal rectangular membrane, i.e., the angular 
directivity   is given as: 

This is calculated at each pixel position of our “sonar camera”, and use that to weight the 
incoming signal from that pixel. 

 
Fig. 3: Directivity pattern of rectangular membrane mapped to image pixel coordinates 

with 
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The simulation default parameters model a side-scan sonar with opening angles of 1° 
(azimuth) by 50° (elevation) at 400 kHz, which should be fairly representative of a typical 
mid-to-high frequency side-scan sonar. This equals transducer membrane sizes of about 190 
mm by 3.8 mm. The resulting pattern is shown in Fig. 3. 

3.2. Source signal generation 

It is assumed that the generated pulses do not suffer from compression effects on the 
conversion from electrical power to mechanical power. That is, for the simulation of 
constant frequency (continuous wave, CW) we use sinusoidal waves. All the waves are 
windowed by a flat-top Blackman-Harris window that is a good compromise between 
maximizing transmitted energy and side lobe suppression. 

We do not exploit the fact that the signal is band-limited and could do with sub-nyquist 
sampling as it is done, e.g. in [7]. The reason is that we also want to allow the simulation of 
chirped sonars (frequency modulated, FM). While they typically do not use the full 
bandwidth, we do not want to restrict the simulation abilities. This should however be 
considered as an area for potential future speedup. 

We use the following waveform ( ) for linearly chirped FM sonars with base frequency 
 and rising , depending on the bandwidth : ( ) = +  =  ( ) = sin(2 ( + )  ) = sin(2 ( + 2 )) 

Additionally, we offer an exponential chirp where the instantaneous frequency is given 
as ( ) = : ( ) = sin(2 ( )  ) = sin(2 − 1ln ) 

In order to see the influence of the speckle noise, the simulation can be done in the actual 
carrier frequency or in the baseband. 

For the purpose of creating sonar images for a shape estimation method [1] [2] the 
simulation can also output speckle-free images by using only windowed rectangular pulses. 

3.3. Time domain signal processing 

Signal processing is performed in the time domain by combining all the contributions 
from each ray. The simulation offers to do incoherent processing or coherent processing for 
the CW pulses by using the analytic signal. The signal is then lowpass-FIR-filtered. The FM 
simulation performs pulse compression for the chirp signals. 

One can also choose whether the simulation should also employ a perfect time-varying 
gain or not. 
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4. RESULTS 

4.1. Test scene 

A simplistic anchor mine is represented by three balls and a cube. The sonar passes by 
the mine and its main lobe is directed roughly to the mooring of the mine. This test scene is 
depicted in Fig. 4. 

 
Fig. 4: Scenario for comparison of wave simulation modes in oblique view (left) and 

top view (middle). View perpendicular to the vehicle motion path (right), i.e., the sonar 
"look" direction. The closely spaced colored spheres with rods depict the vehicle position 

and the sonar main lobe orientation. The coloring changes over time for better 
visualization. 

The resulting sonar data using different simulation modes is detailed in the next section. 

4.2. Simulation modes 

The simulation results for the different available modes in the simulation framework are 
shown in Fig. 5 – Fig. 7. Aside from the speckle noise seen in the carrier frequency 
simulations, the linear FM baseband image shows the smearing effect introduced by the 
pulse length separately. The SNR is also higher on the FM image than on the CW image 
which is to be expected due to pulse compression. 

A simulated image of a sunken shipwreck in a slightly rippled seafloor is shown in Fig. 
8 and Fig. 9. 

 
Fig. 5: Sonar baseband images. Left: No-speckle-mode (basically showing a perfect 

sonar image). Right: linear FM in baseband 
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Fig. 6: Sonar images in carrier. Left: linear FM (4x contrast enhanced), CW with 

incoherent processing (4x contrast enhanced) 

  
Fig. 7: Left: CW with coherent processing (3x contrast enhanced). Right: pixel 

brightness distribution for incoherent CW image.  
 

Fig. 8: Shipwreck from Fig. 1 and Fig. 2 in an FM baseband simulation using a 
straight vehicle trajectory. 

Fig. 9: Shipwreck from Fig. 1 and Fig. 2 in an incoherent CW simulation using a non-
straight (slightly curved) trajectory causing image distortions 
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5. OUTLOOK 

The presented framework could also be used for simulation of other scanning sonars like, 
e.g., mechanically scanning imaging sonars. 
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Abstract: Synthetic aperture sonar (SAS) increases the along-track resolution in sonar im-
ages by coherent combination of collected pings. SAS interferometry is a technique for estimat-
ing time delay differences between images at different locations and/or at different times. For a
SAS system with two arrays displaced by a vertical baseline, interferometry can be used to esti-
mate the seabed depth in high resolution. The interferogram has phase ambiguities and must be
unwrapped. For wideband systems the absolute phase-difference can be estimated directly for
signals without noise, but with limited signal to noise ratio we may still get phase wrap errors.
Therefore, we use local phase unwrapping to correct these remaining wrap errors. We suggest
an approach to the local phase unwrapping using a sliding window weighted median over the
phase difference image to estimate the correct wrap for each pixel. As weights we suggest using
the probability of the initially selected wrap being correct, and we also develop an estimate for
this probability. We apply our method on real data from a WWII dumping site with complicated
wreck structures and scattered unexploded ordinances (UXOs). The data was collected with a
HISAS 1030 SAS system mounted on a HUGIN autonomous underwater vehicle. We compare
the results to the initial phase-difference images and to other local phase unwrapping results.

Keywords: Synthetic aperture sonar, Interferometry, Phase unwrapping
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1. INTRODUCTION

Synthetic aperture sonar (SAS) is a signal processing technique which increases the along-track
resolution in sonar images by coherent combination of collected pings [1]. The field of SAS
is very similar to its counterpart synthetic aperture radar (SAR) [2], and SAS technology has
gained popularity in many applications related to high resolution imaging and mapping of the
seabed.

SAS interferometry is a processing technique for estimating time delay differences (or ab-
solute phase differences) between images at different locations and/or at different times [3].
For a SAS system with two arrays with a vertical baseline (displacement between sensors),
interferometry can be used to estimate the seabed depth or the bathymetry [4].

For wideband systems, the absolute phase-difference can be estimated directly, for example
by using the complex cross correlation (CCC) technique [4]. Even with conditions giving a
generally high signal to noise ratio (SNR), other measurement and processing conditions can
reduce the effective SNR [5]. In particular, seafloor with rapid changes in depth may cause
reduced SNR due to the unknown geometry. Therefore we normally cannot avoid all wrap
errors on complicated objects, even with wideband processing. Thus in practice, there will
often be some occurrence of wrap ambiguities in the phase differences. To reduce these we
perform local phase unwrapping after estimating the phase differences.

We present an approach to the local phase unwrapping using a sliding window weighted
median over the phase difference image to estimate the correct wrap for each pixel. As weights
we suggest using the probability of the initially selected wrap being correct, and we develop an
estimate of this probability.

In Section 2 we describe the sliding window weighted median phase unwrapping and the
method for estimating the probability density function of the selected wrap being correct. In
Section 3 we use real data to compare our proposed technique to a sliding window median
unwrapper without weighting. We show that the sliding window weighted median phase un-
wrapping using probability of correct wrap as weights outperforms the unweighted method. In
Section 4 we summarize and discuss our findings and conclude our paper.

2. METHODS

We process the SAS images from the upper and lower bank of an interferometer setup by ap-
plying a back projection algorithm. Then we calculate a perliminary unwrapped interferogram
with cross correlation based interferometry [4, 6]. After these steps the local unwrapping re-
mains before using the final interferogram to derive the bathymetry.

The probability of correct wrap is estimated based on the derivation of a closed form ex-
pression for the Improved Ziv-Zakai lower bound from [7]. Whereas the Cramér-Rao lower
bound describes the lower bound for the accuracy of the phase estimate, the Ziv-Zakai lower
bound function describes the lower bound for the combined probability of incorrect wrap and
the accuracy within each wrap. We use the SNR and the number of dependent samples as in-
puts, which are obtained from the output of the complex cross correlation function. In addition,
the number of wraps considered affects the lower bounds. We have considered ±5 wraps for
calculating the probabilities in this article, after observing no changes in the end result when
considering a larger number of wraps.

The first input is the estimated and bias-corrected SNR from the maximum coherence. The

biased SNR is estimated by the maximum coherence γ̂ as SNR = |γ̂|
1−|γ̂| [3, Ch. 4.3]. This is

then bias-compensated by using a-priori knowledge of the expected bias at any given coherence
value [8].

The other input is the half-width of the cross correlation function, giving the number of de-
pendent samples. We estimate the half-width of the cross correlation function from a parabolic
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fit to three points centered around the peak cross correlation value. This half-width represents
the number of dependent samples, and should equal a value of one sample if critically sampled
and full bandwidth is used to obtain full resolution. Windowing, noise and imperfections in
the transmitted signal reduces the bandwidth. In our real data we have measured values in the
proximity of about three to four samples in areas we consider to be full resolution. We find
this to be a plausible value for real data which contains additive noise and have had windows
applied in the preprocessing step.

For evaluating the wrap of each pixel, we use values from a sliding window centered around
the pixel. If a window for the pixel (xi, yi) is represented by the image coordinate vectors Xi

and Yi, the included pixels are defined by Xi = [xi−Nx/2, xi+Nx/2] and Yi = [yi−Ny/2, yi+
Ny/2], but restricted to be within the bounds of the image size. This means that we trim the size
of the sliding window close to the edges, so fewer values are included for these pixels. This
approach was chosen because we observed less edge effects with our data set when trimming
the window instead of including the wraps of pixels further away from the current one.

3. RESULTS

In this study we test our method on real data from wreck number five in a data set from a chem-
ical munitions dump site in the Skagerrak sea, collected by the Norwegian Defence Research
Establishment (FFI) on behalf of the Norwegian Coastal Administration [9].

In Figure 1a we show a complicated section of the wreck consisting of seafloor in the lower
part, the close-to-vertical hull side, the deck level and a mast or similar debris coming out from
the deck level, suspended in the water column. In Figure 1b we show the corresponding co-
herence γ̂, which yields the SNR. In Figure 1c we show the estimated number of dependent
samples from the half-width of the cross correlation function. Pixels in which no half-width
could be determined are flagged as invalid, shown in dark blue. We observe that the maximum
values are around 5 samples, while most values seem to be about 3.5 to 4.5 samples. In Fig-
ure 1d we show the final probability of correct wrap values. These values are the weights which
we use directly for the weighted median unwrapper.

In Figure 2 we show the bathymetry for the same image section as a fusion image, where
the backscatter value, as we show in Figure 1a, is used as intensity and the bathymetry dictates
the color. In Figure 2a we show the raw bathymetry without any local unwrapping. We notice
significant wrap errors on both the relatively benign areas of seafloor as well as on the wreck
structure. Comparing this to the coherence in Figure 1b, we confirm that the wrap errors seem
more frequent in areas with lower coherence, i.e. lower SNR. Note that the reverse slope on
the hull side decreasing towards the deck level is the layover region, and is not a phase wrap
error, but an inherent geometric ambiguity due to the measurement setup. In this area the
probability of correct wrap is reported high. The origin of these depth errors are the ambiguous
measurements and not wrap errors, and our method is not intended to remedy these.

In Figure 2b we show the same fusion image, but after applying a local (unweighted) median
unwrapper using a 17x17 pixels sliding window. This method works well to reduce the wrap
errors, but larger clusters and consistent areas of wrap errors remain. In Figure 2c we show
the same local median unwrapper, but with the window size increased to 25x25 pixels. This
furthermore reduces the remaining wrap errors, but introduces issues on the complicated struc-
tures of the wreck as the window size is growing larger than size of the areas with consistent
depth. The most significant example is in position (100.5,−49.5) at the suspended mast, on
which a new wrap error is introduced after unwrapping when the larger window size is used.

In Figure 2d we apply our weighted median unwrapper using the same 17x17 pixels window
size as in Figure 2b. The seafloor is much better resolved all the way to the start of the layover
region, showing a sharp edge which is more plausible than in Figure 2b. Notice, however, that
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many of the wrap errors seen as green clusters on the seafloor in Figure 2b have been wrapped
past the seafloor depth, and are shown as clusters in the darkest blue color. Furthermore, the
transition area from seafloor to hull side on the left side of the image is largely flagged as invalid
due to too low probability of correct wrap. The deck level shows major improvement, due to
the high probability of correct wrap on the pixels where we actually have good depth estimates.

Still using the weighted median unwrapper, but increasing the window size to 25x25 pixels,
we show a further improved bathymetry in Figure 2e. The negative effect of increasing the
window size is not as much of an issue as with the unweighted median unwrapper because the
probability of correct wrap is used. Many of the obvious wrap errors are correctly unwrapped,
both on the seafloor and the deck level.

In Figure 3a and 3b we show the fusion bathymetry of the full wreck with unweighted and
weighted median, respectively. At this scale, the effect of using the weighted median unwrapper
is best seen on the deck level of the main structure, and in the consistency of the layover regions.

(a) Image (b) Coherence

(c) Dependent samples (d) Probability of correct wrap

Fig. 1: SAS image, maximum coherence, measured number of dependent samples and the

estimated probability of correct wrap for detail from the leading hull side of the wreck.
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(a) No local unwrapping

(b) Median filter 17x17 px (c) Median filter 25x25 px

(d) Weighted median filter 17x17 px (e) Weighted median filter 25x25 px

Fig. 2: Fusion bathymetry detail from the leading hull side of the wreck with a mast or similar

debris sticking out, suspended at roughly the same height as the deck. The layover region is

clearly visible as a gradient decrease in depth from the first response, before the actual deck

depth is prevalent again after the layover region. The panels display different unwrapping

strategies and different sizes of the unwrapping window, as indicated by each subfigure caption.
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(a) Median filter 17x17 px

(b) Weighted median filter 17x17 px

Fig. 3: Fusion bathymetries of the full wreck with unweighted and weighted median local

unwrapping.
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4. DISCUSSION AND CONCLUSIONS

We have developed an estimate for the probability of correct wrap in each pixel, and demon-
strated its application on local SAS interferogram unwrapping. We have demonstrated an im-
provement on example data, showing that our method provides a more consistent and more
plausible bathymetry than a regular median unwrapper. Furthermore, the weighted method is
less sensitive to failing when increasing the size of the median window, because samples with
bad wraps do not affect the result as much when they have low probabilities of correct wrap.

Using the weighted median unwrapper with our proposed probability of correct wrap as
weights, we produce a more credible SAS bathymetry than when using a regular median un-
wrapper. In our example data, the seafloor, deck level of the wreck and the suspended details
sticking out from the wreck have more consistent depth values with the weighted median un-
wrapper, regardless of the window sizes tested.

The weighted median unwrapper also works better with larger window sizes, as the inclusion
of samples with wrapped depth measurements are weighted down and do not affect the result as
much as we see with the regular median unwrapper. Still, there is an issue with layover regions
where the depth measurement is wrong, while the probability of correct wrap is reported high.
However, the origin of these depth errors are the ambiguous measurement and not wrap errors,
and our method is not intended to remedy these.
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Abstract: This paper presents an improved Interactive Multimode Multiple Hypothesis 

Tracking based on Track before Detect (IMM-MHT-TBD) method for reducing the clutter 

and false alarms rate of target detection. It designed for high mobility targets detection in 

clutter environment, that Multiple Hypothesis Tracking based on Track before Detect (MHT 

–TBD) method, however, is not competent via a data association to remove wild spots and 

save useful data. IMM-MHT-TBD shows an excellent performance by maintenance and data 

association in clutter environment. Simulation results show that IMM-MHT-TBD can solve 

the problem of tracking high mobility targets effectively. 

Keywords: Target tracking, MHT, IMM-MHT 
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1. INTRODUCTION 

Clutter is a common interference in underwater acoustic detection, especially for tracking 

targets since it leads to false alarms. The sonar tracks targets by comparing the received 

signal with the detection threshold. It becomes hard while the targets’ signal is covered by the 

clutter.  

Researchers have proposed various target tracking technologies in order to suppress the 

effect of clutter and reduce the false alarm rate. Such as three dimensions [1] matched filter 

technology, which has a strong ability to track the targets with low SNR. However, it needs 

too many matched filters and leads to exhaustive search easily. Hough [2] transform 

technology can reduce the amount of calculation greatly, but it is sensitive to Doppler. 

Multiple Hypothesis Tracking（MHT） is a kind of Track before Detect (TBD) [3] 

technology that could remove wild spots in clutter environment and save useful data via data 

association method [4]. For high mobility targets, the tracking success rate of MHT-TBD 

significantly reduced. An improved MHT-TBD method based on interacting multiple model 

(IMM-MHT-TBD) is considered in this paper, which combines interacting multiple model 

with multi hypothesis tracking [5]. It shows an excellent performance in high mobility targets 

tracking by maintenance and data association in a clutter environment. 

This paper is organized as follows. The principle of MHT is reviewed and summarized in 

section 2. In section 3, we introduce the principle of IMM-MHT. Preceding the concluding 

remarks, a comparison of two method by simulation is presented in section 4. 

2. PRINCIPLE OF MHT-TBD 

Multiple Hypothesis Tracking (MHT-TBD) is based on NN algorithm and the concept of 

‘cluster’ given by Bar-Shalom[6]. The hypothesis concept proposed by MHT algorithm is 

almost the same as the probability of joint event proposed by Bar-Shalom, except that the 

MHT algorithm not only considers the possibility of false alarm for each echo, but also the 

possibility of new target appearance. It assumes that each echo comes from existing targets, 

clutter or new targets. It constructs an association hypothesis tree orienting the measurement. 

When the data association is in conflict, it makes a decision to delay judgment, and next, uses 

the characteristics of Bayesian posterior probability to calculate and evaluate the probability 

of each branch of the hypothetical tree. For tracking targets effectively in the dense clutter 

environment, MHT constantly prunes small probability hypotheses and merge the same 

hypotheses. The algorithm of Murty[7] is applied in this paper. If there are -1km hypotheses at 

time 1k  , then the number of hypotheses at time k  can be limited to km . After the above-

described small probability pruning retains m  hypotheses. This procedure can greatly reduce 

the amount of  hypotheses in data association, and the problem that amount of hypotheses in 

data association increases over time can be solved effectively. m  is a variable parameter set 

in advance.  

There are four main processes of MHT: the generation of clusters, the generation of 

hypotheses, probability calculation of hypotheses, and hypotheses pruning [9]. 

When the number of sonar sweeps, the number of sonar echo measurements, and the 

number of targets within the range of sonar observations are increasing, the number of 

hypothetical quantities generated increases exponentially. Computational complexity bring 

great trouble to the algorithm. It is necessary to calculate the probability of the generated 

assumptions, and then pruning the assumptions based on the calculated results. 

3. PRINCIPLE OF IMM-MHT-TBD 

IMM-MHT is a method that combines interacting multiple model with multi hypothesis 

tracking to track the high mobility targets. The flow chart is shown in Figure 1. 
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Fig.1: The flow chart of IMM-MHT-TBD. 

IMM-MHT contains two aspects, one is the principle of IMM (reference) and the other is 

the differences between MHT and IMM-MHT. The differences are mainly introduced in this 

section. 

(1) The generation of new clusters 

 When the motion model [10] of the target is determined, the predicted values of state are 

different and the corresponding innovation will be different according to the Calman filtering. 

Therefore, the matrix of clusters will change. If increase the number of motion models and 

new targets, the computation will be increased greatly. Considerate the application, the 

change of motion model is not considered when generate the clusters. The matrix of clusters 

here is the same as the previous. 

(2) Generate the hypotheses. 

(3) Calculate the probability of hypotheses. 

(4) Prune the hypotheses. 

(5) Weight calculation of the motion model:  

When associate the i th measurement with the r th target which motion model is j  and the 

motion model of other targets is L , the probability   is 
, ,r j L k

i irP w                                                                 (1) 

where
kP  is the probability of hypothesis at time k , irw  indicates that the i th measurement 

fell into the observation area and it’s associated with the r th target.  

According to the likelihood function in MHT, the likelihood function of the r th target is 
j

k  at time k . The motion model of the r th target weights: 

       11 / cj j j

k k kr r r                                                       (2) 

where c  is the normalization coefficient. 

(6) Update the error covariance and the states of the targets. 

4. COMPUTER SIMULATION 

To compare the performance of MHT and IMM-MHT on tracking target, this section 

conducts a computer simulation. The root mean square error (RMAE) of Monte Carlo 

simulation is used to measure the effect of the algorithm here. 
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kx  is the actual value of Target states, ˆ
kx  is the prediction value of  tracking process, and 

N  is the number of measurements. 

The mean value of RMSE after J times Monte Carlo simulation is  
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                                                (4) 

The mean square error of RMSE after J times Monte Carlo simulation is 
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                                           (5) 

The simulation environment is based on two-dimensional planes. The state vector is 

, ,, , ,k k k x k k yX x v y v   , the four data correspond to X, Y axis coordinates of the target and 

components of the target velocity in the two directions. The unit of position is m and the unit 

of velocity is m/s,  0 1000,200,1000,200X  . The target maintains uniform motion, The 

target lasted 100 seconds. It turned right at 20-40s, turned left at 60-80s and it kept linear 

motion in the rest of time. The false alarms obey the uniform distribution, and the value of 

probability negative logarithm is 5e-8. The nodes of hypotheses generated every time is M=3 

and the depth is N=3. The detection probability is 0.9DP   and the sampling frequency is 

1Hz. The initial trajectory is shown below. 

 

 
Fig.2: The initial trajectory. 

Model set: One model of CV and two models of CT [11]. The jump probability matrix in 

the model set is p . 

0.9 0.05 0.05

0.1 0.8 0.1

0.05 0.15 0.8

 
 


 
  

p

                                           (6) 

The prior probability of each model is  1 0 0.30u  ,  2 0 0.30u   and  3 0 0.40u  . The 

noise variance is 
210 /m s , the initial covariance is  

    60 10 1000,500,1000,500P diag   . 
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Fig.3: The estimation trajectory of IMM-MHT.        Fig.4: The probability curve of each model. 

        
Fig.5: RMSE of X.                                                  Fig.6: RMSE of Y. 

Figure 3 shows the target estimation trajectory of IMM, Figure 4 is the probability curve 

of each model, and it shows the probabilities of each model over time. Figure 5 and 6 shows 

that the RMSE values of the X and Y coordinates are estimated in 200 times Monte Carlo 

simulation in this case. 

Table 1 and table 2 show the contrast for RMSE of the position estimation. in 200 times 

Monte Carlo simulation between MHT and IMMMHT. 

Distribution 

Probability of 

 Clutter 

Mean Value of RMSE /m Mean Value of 

Running Time 

/s 

Tracking 

Success Rate /% X Y 

2e-7 — — — 0% 

5e-8 60.62 73.14 15.68 67.80% 

2e-8 51.03 67.25 9.47 90.20% 

 
Table 1: Monte Carlo simulation comparison of MHT with different distribution probability of clutter. 

 

Distribution 

Probability of 

 Clutter 

Mean Value of RMSE /m Mean Value of 

Running Time 

/s 

Tracking 

Success Rate /% X Y 

2e-7 55.65 89.27 49.68 7.6% 

5e-8 56.65 61.27 23.47 90.80% 

2e-8 41.85 46.89 13.89 98.20% 
Table 2: Monte Carlo simulation comparison of IMM-MHT with different distribution probability of 

clutter. 
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It can be seen from the results that the tracking success rate will reduce greatly when the 

target is high mobility in MHT, but IMM-MHT shows a more stable performance. The mean 

value of RMSE of IMM-MHT is also improved. However, the tracking success rate of both 

NHT and IMM-MHT are reducing largely when the density of clutter increases further. 

5. CONCLUSION 

MHT is a kind of target tracking technology which is based on TBD, and it can remove 

wild spots in clutter environment and save useful data. This paper proposed an improved 

method called IMM based on MHT. It shows an excellent performance in high mobility 

targets tracking by maintenance and data association in a clutter environment. Computer 

simulation is conducted for the proposed scheme. When the motion model of the target is 

single, MHT can eliminate the false alarms. For the high mobility target, IMM-MHT has a 

smaller tracking failure rate than MHT.  
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Abstract: The aim of this work is to produce an accurate attitude-trajectory estimate for a 
Forward Looking Sonar (FLS) based on the optical flow between consecutive sonar frames. 
The attitude-trajectory can be used to locate an underwater platform, such as an Autonomous 
Underwater Vehicle (AUV), to a degree of accuracy suitable for navigation.  The attitude-
trajectory estimation is performed in three steps.  Firstly, a selection of optical flow estimation 
techniques are applied to estimate a pixel displacement map between consecutive sonar frames 
in the native polar (range/bearing) format. From this displacement map, a reduced set of 
comparative statistics are produced.  The second step finds the best match for the displacement 
map statistics when compared to displacement maps for a set of modelled sonar sensor 
motions within an expected motion range. Thus, from the model, an estimate of the incremental 
sensor motion between frames is made.  Finally, using a weighted regularised spline technique 
to integrate the incremental motion, an attitude-trajectory is generated for the sonar sensor. 
To assess the accuracy of the attitude-trajectory estimate, the FLS frames are registered to a 
global Cartesian grid, building a mosaic of the underwater scene. 

Keywords: Forward Looking Sonar, registration, mosaic, navigation. 

1. INTRODUCTION 

With high resolution forward looking sonars (FLSs) there has been an interest in using 
techniques akin to the optical vision systems for navigation underwater [1] [2].  In such 
systems the navigation is based on the inter-frame registration.  The sonar sensor motion 
estimation can also be based on comparison/registration of pairs of sonar frames [1] [2] [3] 
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[4].  There are however problems when applying optical registration techniques to FLS 
images.  Such images usually have a low resolution and typically have a low signal to noise 
ratio (SNR).  With a single illumination point and the native polar format of FLS frames, for 
relatively simple sonar sensor motions the map of pixel movements can become complicated 
[5].  An efficient approach for optical image registration (pixel displacement estimation) is 
based on the optical flow, which relates to the brightness variation within a scene and in time 
[6].  This paper proposes an algorithm to estimate the motion of an underwater platform based 
on the optical flow between consecutive FLS frames.  The work in this paper proposes a 
method for estimating the pixel displacement map (DM) between a pair of FLS frames.  This 
DM is then converted into the sonar sensor inter-frame motion, which is based on representing 
a DM via a small set of statistics.  This set is compared to statistics pre-computed for modelled 
motions within an expected motion range.  A method is further proposed that uses weighted 
regularised splines to integrate the inter-frame motions into an attitude-trajectory estimate for 
the sonar sensor.  To validate the attitude-trajectory estimate, a mosaic of an underwater scene 
was built from a real in-field FLS dataset [7]. 

2. ESTIMATION OF INTER-FRAME DM 

The estimation of the inter-frame DM is based on a selection of optical flow estimation 
techniques applied to two frames represented in the polar (range/bearing) format.  The 
processing is divided into the coarse (pixel-wide) and fine (sub-pixel) displacement estimation. 

Coarse displacement  estimation - Signal model and sparse recovery.  For inter-frame 
registration we consider a reference and a target frame from the FLS.  We assume that any 
pixel in the target image is a convolution of the reference image and an unknown pixel-specific 
kernel.  The support of the kernel is defined by the dynamics of the underwater platform and 
the sonar frame rate.  In this simplified model we consider all other distortion artefacts, such 
as revealed or occluded pixels, as measurement noise.  The task is to identify the kernel at any 
given pixel location.  To do this a square patch (1313 pixels) is taken from the target frame 
in the vicinity of the pixel location of interest.  This patch should be sufficiently large to allow 
kernel identification at low SNRs, but small enough to consider the kernel invariant.  The 
measurement patch is part of a linear system of equations, where the reference frame is used 
to build a dictionary of pixel-wide patch motions.  This system has a sparse solution with a 
small number of non-zero coefficients, estimated using the Orthogonal Matching Pursuit 
(OMP) [8].  The coefficient with the highest magnitude defines the coarse DM. 

Coarse displacement  estimation - Selection of sample points.   To reduce the number of 
sample points (1/17 of the number of pixels in the frame), and hence the complexity, in our 
algorithm the reference image intensity is used as a probability density function for generating 
the sample points as described in [9] [10]. 

Coarse displacement  estimation - Mode filter.  A square aperture mode filter is used to 
propagate the sample values, whilst reducing outliers.  This builds a DM for the whole frame. 

Coarse displacement estimation -  Forward and backward DM comparison.  A DM is 
estimated for the motion in the forward direction (from the reference to target frame), and in 
the backward direction (from the target to reference frame).  A comparison between these two 
estimated DMs allows validation of the registration because one should be the reverse of the 
other [11].  The comparison for every pixel position is made, if the magnitude of the sum of 
the forward/backward displacements is less than a threshold then the forward estimate is 
retained.  The pixel locations where the displacement estimate is not retained are interpolated, 
taking the value of the nearest (in terms of pixels) accepted estimate.  Thus, an estimate of the 
coarse displacement is associated with each pixel location in the reference frame. 
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Fine displacement estimation. Adaptive filters have been widely used in signal processing 
applications for system identification [12], and so are a good candidate technique to apply to 
the optical flow problem [13] [14] [15] [16].  Here an adaptive filter is used to identify the 
convolution kernel, related to the pixel motion, to a sub-pixel precision.  The adaptive filter 
algorithm used is an exponentially weighted recursive least squares (ERLS) [12].  The adaptive 
filter works most effectively if the change in the convolution kernel from one adaptive iteration 
to the next is a slow evolution.  To achieve this, the pixel order is altered.  A permutation table 
is created using an order derived from a pseudo-Hilbert space filling curve [10] and the DM.  
The input to the adaptive filter is a sequence of square pixel apertures (regressor vectors) from 
the reference frame, in the order determined by the permutation table.  For each pixel position, 
the adaptive filter produces an estimate of the convolution kernel (77 coefficients) [17] [12].  
The fine pixel displacement is estimated using interpolation, assuming a continuous 2-D 
convolution kernel [18].  An initial fine DM is then created from the sum of the coarse and 
fine pixel estimates, to which a median filter is applied to produce the fine DM. 

3. ESTIMATION OF THE INTER-FRAME SONAR SENSOR MOTION 

The fine displacement estimation has produced the DM ̅( ), where = [ ( ), ( )] is a 
pixel position (beam angle and range, respectively) in the reference frame.  The algorithm 
described in this section estimates an inter-frame motion vector  using ̅( ).  Firstly, we 
describe a preprocessing of ̅( ) to select an area  of the frame that contains information 
relevant to the dominant motion of the sensor. We then introduce the motion model and 
establish the relationship between the motion parameters ( ) and the DM.  The motion 
estimation is then formulated as a least squares (LS) problem.  This LS problem can be solved 
using standard optimization techniques.  However, a significantly more efficient method for 
real-time processing is firstly to transform the DM into a small vector of auxiliary statistics, 
and then to apply a dichotomous coordinate descent (DCD) search to match the statistics with 
a set of precomputed modelled 'statistics'. 

Preprocessing of the fine DM.  The purpose of the preprocessing is to remove unreliable 
parts of the DM.  The first of two steps is a thresholding of the reference frame, this is based 
on computing a histogram of intensity, and choosing a predefined quantile, for example 35%.  
The second step is based on processing the DM only at pixels kept after the first step.  In this 
processing, a histogram for magnitudes of the displacements is computed, to which Tukey's 
rule [19] is applied to identify outliers.  The outlier pixels are also removed from further 
processing, thus finally identifying a reliable set  on the reference frame. 

The motion model.  There are six possible degrees of motion of the sonar sensor, which are 
translations in axes , ,  and rotations around each axis.  We assume that the altitude  is 
constant and predefined.  The platform roll (rotation around ) and pitch (rotation around ) 
are considered negligible.  Therefore, we consider only translations Δ  and Δ  in  and  and 
rotation Δ  around  for estimation: = [ , , ].  The displacement is described by a 
model model( , ) = ( ) − ( )( ), ( ) − ( )( ) , where ( ) = [ ( )( ), ( )( )] 
is the new pixel position after the modelled motion and ∈ .  The pixel position is 
transformed from polar coordinates in the reference frame to Cartesian coordinates on the 
seabed.  The motion  is transformed into a new position on the seabed.  The new position is 
then transformed back to polar coordinates ( ). 

Estimation of the motion vector .  The motion can be estimated by solving the LS 
optimization problem: LS = arg min  ( ), where the LS cost function is given by 
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( ) = ∑ ̅( ) − model( , )∈ .  Obtaining the solution to the LS problem has high 
complexity because, for an iterative LS solver, a model DM must be regenerated multiple 
times using the complicated non-linear transforms for every pixel ( ) ∈ . 

DM dimension reduction and DCD search.  To reduce the complexity of the inter-frame 
motion estimator, the fine DM ̅( ), ∈ , is represented by a small number of statistics (12 
in our example) as follows.  Four histograms are computed from the DM: ±( ) = hist{ ̅( )(ξ), ξ ∈ ±}, j=1,2, where  and  denote parts of  for positive and 
negative beam angles and ̅ ( )(ξ) denotes the th coordinate of vector position ̅( ).  For each 
of the histograms, three quartiles are computed, thus twelve parameters in total; we denote all 
of these quartiles as a vector .  The vector  is then compared with vectors model( ) 
computed on a grid of motions ∈  to find the best match, where  is a grid of sensor 
motions bounded by the dynamics of the platform.  Specifically, the modelled DMs for all 
possible sensor motions ∈  are pre-computed, and for each of them we store the twelve 
'statistics' as was described above.  The match is based on the minimization of the Euclidean 
distance ( ) = ‖ − model( )‖ :  S = arg min ∈   ( ).  The solution of this 
minimization problem can be found using an exhaustive search over the grid.  In our example, 
the cardinality of   is | | = 97 × 256 × 301 ≈ 8 × 10  which results in approximately 10  
addition and multiplication operations to find S.  To further reduce the complexity, we 
propose to use the DCD search [17] on the grid .  With the DCD search, the complexity is 12log | | ≈ 275 multiplications and additions.  The result of the processing described above 
when applied to all frames in a sequence of  frames is a sequence of motion vectors { } .  
We also retain the values = ( ).  These will be transformed into a set of weights { }  
that characterize the accuracy of the inter-frame motion estimation. 

4. ATTITUDE-TRAJECTORY ESTIMATION 

The aim is now to produce an estimate of the sonar sensor attitude and position at any time 
 within an experiment.  The incremental movements = ( ), ( ), ( )  need to 

be processed to produce positions and attitudes ( ) = [ ( ), ( ), ( )] that are in a 
coordinate system fixed on the seabed; where = frame and frame is the frame interval.  
Firstly, we represent ( ) as a smoothed spline found as a trade-off between an error in the fit 
to the data points and smoothness of the spline.  One efficient way is to use P-splines [20].  
The spline is given by ( ) = ∑ ( − ( − 1) ),  ( ) is a cubic B-spline [21],  
the number of basis functions,  are basis expansion coefficients, and in our example  = frame/4.  The angular velocity ′( ) is then given by ( ) = ∑ ( − ( − 1) ), 
where ( ) = ′( ).  To find the spline coefficients , a weighted LS optimization problem 
with a penalty is formulated as follows.  For P-splines, the smoothness penalty is efficiently 
calculated using the difference in the values of the spline coefficients themselves [20].  The 

cost function takes the form = ∑ frame ( ) − ( ) + ∑ ( ) , 
where > 0 is a regularization parameter,  is the th difference operator.  In our example, 
we use = 2, i.e. = − 2 + .  Having obtained the spline ( ) we are able 
now to rotate the incremental motions ( ), ( ) onto the seabed coordinate system.  The 
same spline integration procedure as described above is then applied to find the smoothed 
splines ( ) and ( ).  The dynamics of the system can be incorporated into the smoothing 
regularisation, for instance the regularising parameter  can be increased until the attitude-
trajectory conforms to a maximum expected acceleration of the platform. 
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5. DAM INSPECTION EXAMPLE DATASET 

The example dataset is from the inspection of a dam wall, [7] [22].  Fig. 1 shows a mosaic 
of 1596 frames from a single track along the dam wall.  Using the sensor's estimated attitude-
trajectory, the interpolated pixel from each frame is projected onto the seabed with reference 
to a fixed Cartesian coordinate system.  It can be seen that using the estimated attitude-
trajectory for the sonar sensor a coherent mosaic can be produced, with small details in sections 
of the image showing good registration. 

6. CONCLUSION 

In this paper, we have proposed a method for estimating the attitude-trajectory of a FLS 
sonar sensor.  The proposed method initially estimates the displacement map (DM) that 
describes the motion of individual pixels between frames.  By comparing the inter-frame DM 
with those generated analytically from modelled sonar sensor movements, a change in attitude 
and position for the sensor is estimated.  The complexity of the DM comparison is reduced by 
representing each of the DMs with a set of summary statistics, and the search complexity is 
further reduced by means of a dichotomous search.  The use of smoothing splines (P-splines) 
is proposed for the integration of the motion and smoothing the result with reference to the 
physical system dynamics. From this, an attitude-trajectory for the sonar sensor is estimated.  
In assessing the accuracy of the estimated attitude-trajectory for the sonar sensor, a coherent 
mosaic has been produced, with small details in sections of the image showing good 
registration. 
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Fig. 1 A mosaic of 1596 frames showing a track along a dam wall (track motion is predominantly in negative  direction).  
The sonar sensor trajectory is shown in red and the attitude at every 30th frame is shown as a blue arrows 
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Abstract: Conventional beamforming is a signal processing technique that can provide 
unambiguous ray arrival directions from high signal-to-noise ratio recordings from a transducer 
array, provided the spacing of the array elements does not exceed half of a signal wavelength. 
When the array element spacing is significantly larger than a wavelength, spatial aliasing may 
cause conventional methods to fail. Frequency-difference beamforming [Abadi et al. 2012] was 
developed to overcome the effects of spatial aliasing by utilizing a surrogate field at a below-
band frequency generated from a quadratic product of recorded complex field amplitudes at 
different frequencies. This below-band frequency (the difference frequency) can be chosen 
specifically for the needs of the user and is limited only by the frequency resolution and the 
recorded signal's bandwidth. In this presentation, the performance of frequency-difference 
beamforming is presented for three shallow ocean scenarios involving realistic multipath 
propagation. First, the performance of frequency-difference beamforming is presented in a 
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simulated ocean channel that is 106 m deep and downward refracting, with a 56 m long, 16 
element vertical receiver array placed 3 km away from an 8-element source array. Here, 
frequency difference beamforming is applied to 11 kHz to 33 kHz frequency sweep signals and 
compared with conventional beamforming applied to similar signals one decade lower in 
frequency. Second, frequency-difference beamforming results are presented for vertical array 
measurements made in a nominally-identical ocean sound channel. Lastly, frequency-difference 
beamforming is investigated for horizontal arrays in simulated environments with range- and 
position-dependent sound speeds and depths, and varying receiver position uncertainty. In all 
three cases, it was found that frequency difference beamforming could be successful when 
conventional in-band beamforming was not. [Sponsored by ONR and NAVSEA] 
 
Keywords: Beamforming, Frequency Difference, Sparse Array 
 
INTRODUCTION 

Conventional (or Bartlett) beamforming methods have been used for decades in determining 
source location or direction of arrival from an acoustic receiver array output. Many advanced 
methods have been developed in this time, particularly with the goal of sidelobe suppression and 
increased resolution [1,2,3,4]. Many sources exist that provide a thorough overview of these 
methods [5,6,7], so further review is left to the reader. 

Common beamforming methods rely on a receiver array geometry that is non-sparse, 
meaning the spacing between receivers is comparable to the wavelength of the signal of interest. 
As sparsity increases, i.e. the receiver spacing becomes much larger than the signal wavelength, 
sidelobes interfere with the actual source beam, distorting the output until the source location can 
no longer be determined. With few exceptions [8,9], methods correcting for array sparseness do 
not seem to exist. Recently, frequency-difference beamforming [10] was introduced as a method 
to beamform with a sparse array for use with blind deconvolution methods. Here, frequency-
difference beamforming is demonstrated to be a reliable means of beamforming with a sparse 
array. First, a brief overview of frequency-difference beamforming is provided. Next, 
simulations are used to evaluate performance with shallow-water horizontal arrays. Lastly, 
shallow-water vertical array experiments provide actual ocean measurements to validate against. 

 

BACKGROUND 

Conventional beamforming utilizes a simple weighted sum of receiver array outputs to locate 
a source. The outputs, ( ) (time domain) or ( ) (frequency domain) from the jth receiver 
element, combined with a weighting vector ( ) or ( ), provide the output ( ) using 

 ( ) = ( ) ∗( )  (1)
   

  ( ) = ∙ ⁄  or ∗( ) = − ⁄  (2)
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where ω is the frequency in radians, c is the sound speed, and  and  are the source and 
receiver locations, respectively. The choice of ( ) depends on plane-wave (eq. 2a) or 
spherical-wave (eq. 2b) beamforming. Often a 1/  amplitude weighting is used, but for 
simplicity, it is not included here. 

Frequency-difference beamforming is structured similarly, but rather than using the direct 
receiver outputs, a function called the “autoproduct” is used. Equation 3 defines the autoproduct 
for ray-based propagation, which is simply the frequency-domain product between a receiver 
output at two different frequencies, using the complex conjugate of one of them. 

 ∆ = ( ) ∗( ) = ( ) ( ) ∗ ∆ +   (3)
 

Here,   is the amplitude of the lth ray path at the receiver. The result is that the autoproduct 
creates a phase term at a difference frequency, ∆ = − , which can be seen in more detail 
in [10] and [11]. One can beamform with the autoproduct at the out-of-band difference 
frequency, rather than the in-band frequencies used in conventional beamforming. 

 ( , , ) = ( ) ∗( ) ∗( )  (4)
 

By beamforming at the lower, out-of-band difference frequency, beamforming outputs 
comparable to lower frequency, in-band signals can be achieved. Figure 1 demonstrates this with 
a simple example of conventional beamforming outputs from a near-field, constant sound speed 
experiment with 1.5 inch receiver spacing using a 0.20 ms, 10 kHz pulse ( ⁄ = 0.254), and a 
0.20 ms, 140-180 kHz sweep ( ⁄ = 4.06 at 160 kHz). The third panel also used the 140-180 
kHz sweep, but with frequency-difference beamforming at ∆ = 10 . The expected source 
location is marked with a black circle, and the beamformer peak with either a red or white circle.  

 
Fig. 1: a) Conventional beamforming on a 10 kHz pulse, b) conventional beamforming on a 140-
180 kHz sweep, showing multiple peaks in the window and c) frequency-difference beamforming 

on a 140-180 kHz sweep with Δf = 10 kHz. 
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This example clearly illustrates that frequency-difference beamforming in a free-space 
propagation scenario can produce outputs comparable to conventional beamforming, when the 
in-band conventional beamforming matches the difference frequency used on a higher frequency 
signal. 

 

HORIZONTAL ARRAYS IN SHALLOW WATER 

Towed horizontal arrays are of practical importance in many applications. In the following 
simulations, performed using the Bellhop and Kraken Matlab codes (provided by HLS 
Research), the sound channel geometry and downward-refracting sound speed profile are 
borrowed from a Kauai Acomms MURI 2011 (KAM11) experiment, shown in Figure 2. 
However, a single receiver depth is chosen and the receivers placed at varying ranges from the 
receiver, simulating a horizontal array. The source is kept at 3km for all cases shown here and 
the results are examined for two geometries: 5 m receiver spacing with a 5° arrival angle, and 50 
m receiver spacing with 55° arrival angle. The simulated signals consist of 100 ms, 1-3 kHz 
frequency sweeps, making the receiver spacing either 6.7 or 67.7 wavelengths apart at the 2 kHz 
center frequency. The receiver and source depths considered are 50 and 90 m, respectively, 
chosen for prevalence of multipath propagation.  

 
Fig. 2: KAM11 shallow-water geometry. For the horizontal array case, a single source depth 

and receiver depth are chosen with varying range. 

Figure 3 shows the beamforming output from the two cases considered. Each plot compares 
frequency-difference beamforming at 150 Hz or 15 Hz using the 1-3 kHz bandwidth, 
conventional beamforming over 1-3 kHz, and conventional beamforming on a 150 or 15 Hz 
signal (i.e. an in-band frequency that matches the difference frequency). It is clear that 
frequency-difference beamforming provides a result that will likely behave more robustly than 
the conventional high-frequency output. Though the conventional output correctly localizes the 
source, it is evident that this output could deteriorate with added uncertainty due to the lower 
peak-sidelobe ratio, especially in the 55° case, in which the peak-sidelobe ratio is insignificant. 
In addition, frequency-difference beamforming provides an output comparable to that of 
conventional beamforming at an in-band frequency matching the difference frequency, with 
overlapping sidelobes and comparable peak-sidelobe ratio for the smaller-angle case.  
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To evaluate the method’s robustness, the same cases are considered, but the individual ray 
paths are varied by applying random delays to account for varying environmental conditions, 
channel geometry, or receiver array geometry. The delays are determined by choosing a new 
Gaussian random variable centered around zero for each path. This is repeated at multiple  
standard deviations for the random variable, a total 100 times at each standard deviation. The 
outputs for both beamforming methods are compared by considering the error in the location of 
the beamformer peak for each trial. Figure 4 shows the error for all 100 cases of each standard 
deviation. These plots make it clear that frequency-difference beamforming significantly 
outperforms conventional beamforming for the lower-delay values and they both fail with higher 
delays. In general, it appears that frequency-difference beamforming performs well (i.e. only 
several “failure” cases) if the product between the average standard deviation of the delays and 
the difference frequency remains at approximately 0.20 or less. 

 

 
Fig. 3: Comparisons of beamforming outputs for a horizontal array with a) 5m spacing and a 

source at 5° and b) 50m spacing and a source at 55°. The frequency-difference beamforming (red 
lines) at 150 (left) and 15 Hz (right) difference frequency, conventional in-band beamforming 

(dotted black lines), and conventional beamforming (blue lines) using 150 (left) and 15 Hz 
(right) signals, are all compared with the expected arrival angle (vertical dashed line). 

 

 
Fig. 4: Beamforming error for 100 trials of each delay std. dev. with frequency-difference (red) 

and conventional (blue) for a) 5m spacing, 5° arrival and b) 50m spacing, 55° arrival. 
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VERTICAL ARRAYS IN SHALLOW WATER 

Frequency-difference beamforming has proved robust in simulations, demonstrated further in 
an analysis not included in this proceeding [12]. Here, experimental data from KAM11 is 
considered, using 100 ms, 11.2 – 32.8 kHz frequency sweeps sent in a geometry equivalent to 
that in Figure 2 (using the full vertical array). For the experimental case, low-frequency signals 
were not available for comparison with frequency-difference beamforming. Fortunately, with the 
source signal known, an impulse response is attainable, which can be used to construct a wide-
band impulse response. This was done by locating peaks in the impulse response, recording the 
amplitude and timing of each peak, and generating an impulse response with a wide-band ray 
path corresponding to each peak. This method provides an impulse response that can be used to 
simulate propagation of a signal at any desired frequency. Figure 4 provides an example of this 
using data from KAM11. In this example, the 11.2 – 32.8 kHz sweep is used to generate an in-
band conventional beamforming output (dotted black curve), which does not provide any clear 
direction-of-arrival indication. The wide-band impulse response described above is used to 
simulate propagation of a 1700-2300 Hz frequency sweep, the output of which is used for 
conventional beamforming over the full bandwidth at 25 Hz increments (solid blue curve). The 
11.2 – 32.8 kHz sweep is used again to generate the frequency-difference beamforming output 
using difference frequencies averaged from 1700-2300 Hz at 25 Hz increments. 

 
Fig. 5: a) Experimental impulse response from a source depth of 90m and b) the corresponding 

beamforming outputs for the simulated 1.7-2.3 kHz frequency sweep with conventional 
beamforming (dotted black line) and the experimental 11.2-32.8 kHz frequency sweep with 

conventional beamforming (blue line) and frequency-difference beamforming (red line). For the 
purposes of comparison, different axes are used on either side of the beamforming plot to 

accommodate different dynamic range. 
 

This example clearly demonstrates that the frequency-difference beamforming with the 
actual measured data produces an output comparable to that which would be expected from 
conventional beamforming with a lower-frequency signal in the same environment, with some 
losses to dynamic range but reliable source localization. This results are comparable for another 
15 data sets obtained over two days at various source depths. 
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CONCLUSIONS 

Frequency-difference beamforming has been shown to work well in sparse-array conditions 
where conventional beamforming methods struggle. Simulations in a downward-refracting 
shallow water environment with a horizontal array support this conclusion and demonstrate the 
robustness of the frequency-difference method where conventional methods fail. Additionally, 
data from the KAM11 experiment supports the robustness of frequency-difference beamforming 
based on an expected, lower-frequency conventional beamforming output. 
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Abstract: Turbulence and other inhomogeneities in the water column cause fluctuations in 
propagating acoustic signals in the same way that turbulence in the interstellar medium 
causes stars to twinkle. The amplitude fluctuations bring about signal fading and failure 
to detect targets well within the theoretical range of the system. Phase fluctuations, 
however, cause loss of directivity and angular resolution in receiving arrays, spreading of 
transmitted beams, variations in the apparent arrival direction of signals and fluctuations 
in their arrival time. Fluctuations also result in an occasional high peak in the signal 
amplitude, allowing sources or targets to be detected at ranges much greater than 
predicted by the conventional sonar equation. This paper examines two approaches to 
predicting the probability of such signal peaks. The first is taken from astronomy and 
models the underwater medium as a random phase changing screen, or sequence of phase 
screens separated by a distance equivalent to the width corresponding to the length scale 
at which the medium remains correlated. The second approach is to apply catastrophe 
theory to look at how regions of high amplitude move in space. For example, the surface 
of a swimming pool focuses the light above it to form bright lines on the bottom, known as 
caustics. These patterns move in time and space following the random variations 
occurring at the surface. The predictions of these two theories will be compared, and 
estimates made of the increase in detection range that might be obtained using these 
occasional high peaks in any realistic scenario. 

Keywords: Twinkling, Fluctuations, Variability, Scintillation, Phase Screen, Turbulence, 
Inhomogeneity, Random Medium 
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1. INTRODUCTION  

Turbulence and other inhomogeneities in the water column cause fluctuations in 
propagating acoustic signals in the same way that turbulence in the interstellar medium 
causes stars to twinkle. The amplitude fluctuations bring about signal fading and failure to 
detect targets well within the theoretical range of the system. Phase fluctuations, however, 
cause loss of directivity and angular resolution in receiving arrays, spreading of 
transmitted beams, variations in the apparent arrival direction of signals and fluctuations 
in their arrival time. Fluctuations also result in an occasional high peak in the signal 
amplitude, allowing sources or targets to be detected at ranges much greater than predicted 
by the conventional sonar equation.  

Such signal peaks may be of interest to users of sonar systems as they could lead to 
detection of a target at much greater range than would be suggested by conventional 
modelling based on spherical (or cylindrical) spreading. This paper examines two 
approaches to predicting the probability of such signal peaks occurring within a given time 
period, along with their likely amplitudes. 

2. THE ASTRONOMICAL BACKGROUND 

There are at least two ways to tackle the problem employed in astronomy. They are the 
phase screen model and catastrophic optics, and can be briefly explained as follows: 

2.1. Phase Screens 

Back in the last century, a theory was presented [1], which explained the twinkling of 
stars as due to layers in interstellar space, or in the earth’s upper atmosphere, with moving 
refractive index spatial structures that refracted the light from distant stars, focusing the 
light into bright spots that passed across the field of view. These layers were later called 
phase screens [2]. 

The fluctuations in perceived intensity of light passing through a single phase screen is 
relatively easy to model using the distorted wavefront emerging from the phase screen as 
the initial source [2], then assuming spherical spreading as the light propagates through a 
uniform medium to the observer and evaluating the effects of interference between light 
emanating from different parts of the screen. However, for both the starlight case and for 
underwater acoustics, this is not realistic but is an excessive simplification. 

One possible way round the problem is to represent the medium as a succession of 
elementary slabs of width corresponding to the length scale over which the refractive 
index fluctuations in the medium, and hence the acoustic fluctuations, remain correlated. 
Each region is then approximated by a phase-shifting screen at its centre, and these 
screens are considered to impose independent random phase changes on the propagating 
wavefronts. See Fig. 1, taken from Uscinsci and Spivack [3], for an explanatory diagram. 

The result obtained in this manner represents a single ‘look’ at the fluctuating medium 
and its effect on a propagating wavefront; the whole process must be repeated at regular 
intervals if it is required to represent the effect of a continuously varying medium on an 
acoustic wave over a period of time. 
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Fig.1: A random medium showing an elementary slab and the central screen onto 

which the phase of the slab is projected. 

2.2. Catastrophic Optics 

The phase screen method explained how amplitude at a fixed point in space varies with 
time (hence ‘twinkling’).  We can also consider how regions of high amplitude move in 
space; for example, the surface of a swimming pool focuses the light above it to form 
bright patterns on the bottom. Another beautiful example is the cusp-shaped curve that 
sometimes appears on the surface of a cup of coffee (or tea or mug of beer) in bright 
sunlight; it is caused by the reflection of the sun’s rays from the inside of the cup. 

In these cases, the regions of high amplitude, or caustics, are structurally stable, which 
means that they move smoothly as the medium varies in time – they neither pop in and out 
of existence nor jump from place to place.  

Such insights provide the key to mathematical analysis of the caustics: structural 
stability allows the application of catastrophe theory. 

Catastrophe theory was originally developed by Thom [4] and applied to wave 
propagation by Berry [5]. The theory is derived from topology, the branch of mathematics 
concerned with the properties of surfaces. 

2.2.1. Classification of Caustics 

There are seven elementary catastrophes, which describe all possible discontinuities in 
phenomena controlled by up to four factors. Three examples are shown graphically in Fig. 
2 (after Zeeman [6]). 

3. CATASTROPHES IN WAVE PROPAGATION 

To illustrate the theory, consider the focussing that occurs as a wave propagates 
through free space from a randomly curved wavefront. This is equivalent to a wave from a 
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Fig.2: Graphical representation of first three elementary catastrophes, showing surfaces 

where the first derivative of the control function is equal to zero. 
 

point source moving through a random medium and it can be shown that catastrophe 
theory applies to this situation [7]. 

3.1. The Diffraction Integral 

So far, we have ignored interference effects: it has been assumed that increased 
amplitude will be observed where rays intersect. This is true in the particle interpretation 
of light or when vanishingly small wavelengths are considered, but to accurately model 
sound and light waves where the wavelength is fixed, interference must be accounted for. 
To do this, consider the complex wave amplitude   (r,t)  A(r,t)ei r,t , which encodes the 
amplitude A and the phase . Attention is restricted to waves for which phase can be 
decomposed as   (r,t)  (r)t , with  the (constant) angular frequency. 

Naive attempts to account for interference lead to the semi-classical approximation, 
where each ray is considered to have an amplitude and phase, and the rays are interfering. 
However, this approach leads to predictions of infinite amplitude at a caustic, with zero 
amplitude on one side of it, which conflicts with what is physically possible and with 
modelling assumptions – for example that � satisfies a wave equation, so must at least be 
continuous (see Berry [8]). Indeed, this kind of issue led many mathematicians working in 
the field of random media to focus on the multiple phase screen approach [9]. 

The potential usefulness of catastrophe theory was too useful to readily abandon, so the 
diffraction integral was introduced as a potential fix. For this, the complex wave function 
is expressed as an integral: 

 

    
() C l1/ 2eikl(y 0 ; )dy0





  (9) 

 
where we have moved to two dimensions for simplicity, taking X to be the coordinate in 
the main propagation direction (previously Z) and setting    Y / X . C is a constant and k is 
the wavenumber, 2π/λ, for wavelength λ. 

It is possible to evaluate C [7], but since the wavelength is assumed small, so that k is 
large compared to l, the integral can be reduced to the approximation 

 

    
() R1/ 2 k

2 i










1/ 2

eikR J() (10) 
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where R is the focal distance (the typical distance at which caustics begin to form) and J is 
the integral 

 

    
J()  eik(y 0 ; )dy0





  (11) 

4. APPLICATION TO SONAR 

In the previous Section, we moved between three spatial coordinates (X,Y,Z) and two, 
dropping the Z. Henceforth, only the two dimensional case will be considered. 

As previously discussed, Nye [7] showed that there is a duality between a wave 
propagating from a randomly curved wavefront in free space, and a wave propagating 
from a point source in a random medium. Thus, we are able to identify wave amplitude for 
our (random medium) purposes as being of the form (10), calculated above for a wave in 
free space, with associated diffraction integral J of the form (11), for φ the standard 
potential associated with one of the catastrophes. 

In the present case, we have just one control dimension - range (or, equivalently, time) 
so the elementary catastrophe of interest is a fold, with 

  
(y0;)  1

3
y0

3 y0. Substituting 
into the expression for ψ, and, noting that the integrand for J is odd so that we can restrict 
our attention to the real part of the integral over the positive real numbers. Thus 

 

    
 ()  2 k

iR









1/ 2

(k )1 3eikRAi(k 2 31 3) (12) 

 

where the Airy function Ai is defined by   Ai(s)  1
 cos( 1

30
 t 3  st )dt  

4.1. Parameters for sonar in water 

The parameters R and α must now be identified. It is assumed that the values of ε and lc 
associated with the random medium are known: ε is defined as rate of dissipation of 
kinetic energy per unit volume and lc is a representative scale size for the random medium. 
More precisely, it may be assumed that the medium is a Gaussian random field V(r) with 
correlation function     C(r)  V ( r  r)V ( r ) , where the angle brackets denote an ensemble 
average. Then lc is a minimum distance such that C(r) is negligible for |r| > lc and, for 
example, if     C(r)  e(- r 2 a2 ), lc could be taken as 2a 

To identify R and α in terms of lc and ε the aforementioned duality can be exploited 
[10.] The same diffraction integral can be obtained by considering a wave propagating in 
free space with wavefront (x0,y0) at time t = 0, where 
 

    
x0  f ( y0 )  2

2R
y0

2 
1
3
 y0

3  (13) 
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The aim is to identify R and α in the free space case in terms of quantities which can be 
calculated from lc and ε in the random medium case. 

4.1.1. Free space case 

Here, R is the focal length, defined as the typical distance from the wavefront to the 
first caustic (the mean free path) 

For α, Metzger et.al. [11] use the fact that, writing vy for fluid velocity in the y 
direction, there is an extremum of vy at caustics. This leads to a value of y = (-2αR2)-1 at a 
caustic, so the typical velocity of rays at a caustic is vtyp = (4αR2)-1.  

4.1.2. Random medium case 

Recall that the medium is assumed to be a Gaussian random field V(r) with correlation 
function C(r). The crucial point is that the random medium can be approximated as 

Gaussian white noise dWt with parameter   
2  v0

3 yy C(x, y)dx


 . This 
approximation, derived by Kulkarny and White [12], leads to a system 
 

    

1
v0

dy
dx

 vy ,
dvy

dx
dWt  (14) 

 
from which it follows that vy is a scaled Brownian motion and y is the integral of 

Brownian motion. Evaluating the stochastic integral, it is found that y is Gaussian, with 
mean zero and variance σ2t3/3. Thus, the typical transverse movement of a ray in the 
random medium at time t scales as σ2t3/2. The assumption is made that caustics occur when 
a typical ray has deflected by around the correlation length lc of the medium, so if tc is the 
time until caustics appear, then 

 
tc

3 2  lc  (15) 
 
Next, vtyp must be identified in the model. Recall, vy is Brownian motion, scaled by σ, 

so estimating a typical value from the standard deviation gives 
 

    vtyp  t1/ 2  (16) 
 

Since σ itself is not a readily measurable quantity, it must be related to the kinetic 
energy of the random water flow, ε. It is found that [13] 

 

  
2  2 lc

1 (17) 
 
Combining the results above gives 
 

    R   2/ 3 lc vtyp  
2/ 3 (18) 
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4.1.3. Final Amplitude Scaling 

Equating the two models, it is found that α scales as   
2/ 3 lc

2. Recall, from (12), that 
 

    
 ()  2 k

iR









1/ 2

(k )1 3eikRAi(k 2 31 3) (12) 

 
The Airy function Ai is bounded, taking values of modulus less than 1. It is then 

possible to estimate the intensity I of a sound wave near the caustic as 
 

    I  (k / R)(k)2/ 3 (19) 
 
Substituting the expressions obtained for R and α gives the final result 
 

    
I  (klc )1/ 3 2/ 9  ( / lc )1/ 3 2/ 9  (20) 

5. IN CONCLUSION 

In this paper, the peaks that occur in signals that are fluctuating due to propagation 
through a turbulent medium have been examined. It has been found that peaks will appear 
at a typical range R, evaluated in (17) in terms of parameters of the medium, and the 
intensity, given by (20) in terms of parameters of both the medium and the signal. 

This information allows the detection range for a target in a random medium, derived 
from the modified  intensity in (20) to be compared with the range predicted by 
conventional modelling based on cylindrical or spherical spreading. 
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AN UNCERTAINTY ASSESSMENT OF THE EFFECT OF USING FM 
PULSES ON MBES DEPTH MEASUREMENTS 
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Abstract: The most recent generation multi-beam echosounders (MBES) allows to transmit 
Frequency Modulated (FM) signals, in addition to the more conventional Continuous Wave 
(CW) pulses. In this contribution, the effect of using these FM pulses for bathymetric 
measurements is investigated. Advantage of using FM signals is that measurements can be 
taken at long ranges, due to the use of long pulse lengths combined with matched filtering at 
reception. However, it is found that using FM pulses results sometimes in a loss of the quality 
of the depth measurements. An important contributor to the errors when using FM signals is 
the Doppler frequency shift of the received signal, inducing errors in the matched filtering 
and beamsteering. The latter, however, also holds when using CW signals. A second 
contributor is the baseline decorrelation, resulting from not having an infinitely small 
footprint. Due to the larger pulse lengths of the FM signals, also the footprint is larger and 
consequently the effect of baseline decorrelation is more pronounced for FM signals. Here, 
we consider a situation of relevance for measurements in the Dutch North Sea (water depth 
of 50 m and ship dynamics corresponding to a typical winter season sea state). For this case, 
the uncertainty induced by the Doppler frequency shift, both for CW and FM signals, is found 
to contribute significantly to the MBES total error budget. The effect of baseline 
decorrelation depends fully on the signal shape and parameters.  

Keywords: multibeam echosounder,baseline decorrelation,bathymetric uncertainty, Doppler 
effect 
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1. INTRODUCTION  

The modern Multi-Beam Echo-Sounders (MBES) are able to not only transmit continuous 
wave (CW) signals, but also frequency modulated (FM) pulses. In contrast with the 
expectations, using the FM pulse has resulted in noisier depth measurements compared to 
their CW counterpart ([1] and [2]). Potential sources for this phenomenon are the Doppler 
effect (affecting both the beamsteering and matched filtering) and baseline decorrelation ([3] 
and [4]). The former stems from the constant movement of the ship affecting the received 
signal. The latter is due to the slightly different received signals at the two subarrays, used for 
determining the phase difference of the received signals in the interferometry step, reducing 
the coherence between the signals and negatively affecting the quality of the phase estimates. 
The effect of baseline decorrelation has been studied specifically in [2] and expressions were 
derived for quantifying the uncertainty in the MBES depth measurements due to the baseline 
decorrelation for CW and FM pulses. It was found that the errors in the estimation of the 
phase difference due to the baseline decorrelation is higher for FM than CW signals, 
indicating that the baseline decorrelation is a factor potentially contributing to a degradation 
in the quality of the depth measurements when switching to FM.  

In the present contribution, we have extended the analysis to a shallow water configuration 
of relevance to the marine environment typically encountered on the Dutch Continental Shelf, 
and a high frequency MBES (200-400 kHz). We have considered the two error types 
identified and compared them to the total uncertainty inherent to MBES depth measurements 
to investigate whether a degradation on bathymetric measurements due to the use of FM 
pulses is expected for these type of environments. Knowledge regarding these uncertainties is 
not only of importance for the planning of bathymetric surveys, but also when using the 
bathymetric measurements for morphological studies and for discriminating different types of 
sediment ( [5], [6]). 

2. MODELING THE IMPACT OF FM SIGNALS ON DEPTH UNCERTAINTIES 

The only difference between processing of the CW and FM pulses is that matched filtering 
is applied at reception for the FM signals. This is done by correlating the, potentially 
Doppler-affected, received signal and a replica of the transmitted FM signal. Small 
mismatches in emitted and received signals that are due to Doppler shifts, do not change the 
general output of the matched filtering and the amplitude, however, the maximum of the 
matched filter output is shifted in time (range-Doppler coupling) ([7]). The maxima of the 
matched-filtered signals ya and yb on subarrays a and b (see Fig. 1) read as  

a

shift e r
y c

v v v Tt f
c B

a+ +
= −  and 

b

shift e r
y c

v v v Tt f
c B

a+ −
= −       (1) 

where ve and vr are the speeds of the array centre at emission and reception as projected on 
the beam direction, respectively. vα is the rotation speed which in this contribution is assumed 
to be zero. c and fc  indicate the speed of sound in the water and centre frequency of the 
signal. B and T are the signal bandwidth and pulse duration, respectively. The average of 
these two time shifts is the expected shift in the estimate of the two-way-travel time. By 
applying the error propagation law, the following expression is derived for the resulting 
uncertainty in the depth ( [8])  
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where 
, Doppler

2
, arvd ts is the depth uncertainty induced by the Doppler effect . P and θ are the 

pitch and beam angle with respect to the depth axis, respectively. 2
rvs indicates the 

uncertainty in the transducer speed at reception (here it is assumed that the uncertainty at 
reception is equal to that of transmission).  

 

Fig. 1: Geometrical configuration considered. The figure is based upon figures from [2]. 

The Doppler effect also introduces an error in the beamforming, as the delays applied 
consider the frequency of the signal without the presence of the Doppler. Thus, the time 
delays applied do not take the speed of the transducer into consideration, i.e. instead of the 
full rc v va+ + and rc v va+ −  on the sub arrays a and b, respectively, only the speed of sound 
c is considered. This results in a difference between the steering angle aimed for and that 
obtained (θs)  as ( [2]) 

1

2

1sin [sin (1 )] sin tan
1 sin

r r r
s s

v v v
c c c

δθ θ θ θ θ θ θ
θ

−= − = − − ≈ − = −
−

  (3) 

This error is equal for CW and FM signals. The error in the beamsteering due to the 
Doppler effect induces an error in the bathymetry. 

As mentioned before, for the interferometry step the difference between the phases of the 
two signals as received at the subarrays is determined as a function of time. The time 
corresponding to the null phase difference is the two way travel time. The two signals arrive 
from slightly different angular directions and hence decorrelation occurs which is referred to 
as the baseline decorrelation ([2]). As the signal footprint gets larger (resulting in a more 
directional backscattered signal) the decorrelation increases. The coherence coefficient (µ), 
see [2], [4] and [9], can be used to quantify the effect of the baseline decorrelation on 
estimates of the phase difference ([10]). The uncertainty in the estimates of the phase 
difference results in an uncertainty in the estimation of the zero crossing and depth 
measurements. The former is inversely proportional to the slope of the line fitted through the 
phase measurements over N number of samples ([11]).  

3. RESULTS 

 To quantify the depth uncertainty induced by the Doppler effect and baseline 
decorrelation, we considered a water depth of 50 m, of relevance for the Dutch environment. 
The EM2040c was considered with centre frequency of 300 kHz and large bandwidth (20 
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kHz). The distance between the two interferometers was assumed to be 34 cm. To derive the 
speeds at the transmission and reception, use is made of positioning data acquired in the 
North Sea (Cleaver Bank area) in 2013, see Fig. 2. This area is located at a ~160 km distance 
North-West of the Dutch coast and is one of the most studied areas of the Dutch part of the 
North Sea. Due to the rough sea state during the data acqusition, the projected speed on the 
beam direction varies significantly.  

  

Fig. 2:Projected Speed at transmission (left) and reception (right) for two beam angles for 
2000 pings. The horizontal red dashed lines indicate the maxima and minima of the speeds. 

Shown in Fig. 3 are the bathymetric uncertainties (random vertical uncertainty, RVU) due 
to the use of FM and CW pulse shapes. The constant movement of the MBES transducer 
induces an error in the beamsteering irrespective of the signal type (the black dashed curve). 
When the FM signal is used, an error in the estimation of the travel time occurs due to the 
matched filtering, see the blue dotted-dashed curve in the right frame of Fig. 3. The combined 
effect for the FM pulse is also shown by the red curve. Increase in the pulse length and 
bandwidth result in increase and decrease in the error due to the Dopplerized matched filter 
respectively. However, changing the pulse length and bandwidth do not affect the error due to 
the beamsteering.  

  

Fig. 3: Depth uncertainty due to the Doppler effect shift for CW (left) and FM (right) pulse. 
The bandwidth and pulse length of the FM pulse are assumed to be 20 kHz and 6 ms, 

respectively. 

Shown in Fig. 4 is the final depth uncertainty due to the baseline decorrelation for CW and 
FM pulses with different specifics. For the CW pulse (right frame), the standard deviation 
increases with an increase in the pulse length. With regards to the two FM pulses (left frame) 
with equal bandwidths and differing pulse length, the standard deviation coincides due to the 
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equal pulse lengths of the two matched filtered signals, see the squared pink and dotted 
dashed curves in left frame of Fig. 4. Widening the bandwidth of the FM pulse decreases the 
standard deviation due to the decrease in effective pulse length. It is seen that the effect of 
baseline decorrelation on the depth uncertainty fully depends on the pulse shape. It is not 
solely a matter of the pulse type employed.  

  

Fig. 4. Predicted bathymetric uncertainty due to the baseline decorrelation foe FM (left) and 
CW (right) pulses with different specifics. 

To compare the magnitude of the uncertainties induced by the Doppler effect and baseline 
decorrelation to those inherent to the MBES, use has been made of the approach presented by 
[8]. The comparison between the total RVU (excluding errors induced by heave and water 
level variation) for EM2040c for a water depth of 50 m and those induced by the Doppler 
effect in case of using FM and CW pulses has revealed that the latter contributor is nearly 
100% and 80% of the total error budget, respectively. Hence, taking the Doppler effect into 
consideration results in obtaining a more realistic description of the uncertainty.  

While the vertical uncertainty induced by the Doppler effect has not been taken into 
consideration in the depth uncertainty prediction model introduced by [8], the model does 
contain a term reflecting the effect of baseline decorrelation without taking the pulse shape 
into account. The comparison between the depth uncertainties derived from the approach 
taken in [8] and those based on the baseline decorrelation has shown that in general using the 
former results in an overestimation of the depth uncertainties.  

4. CONCLUSION 

Here, the effect of the Doppler and baseline decorrelation on the depth uncertainties has been 
investigated for both CW and FM pulses and compared to the total MBES uncertainty. The 
vertical errors induced by the Doppler effect due to the beamsteering and Doppler-range 
coupling are significant. Taking them into consideration allows one to derive a more realistic 
description of the uncertainty. The depth uncertainty induced by the baseline decorrelation 
fully depends on the pulse shape. Models for depth uncertainty prediction do account for the 
baseline decorrelation, however, they do not take the pulse shape into consideration. We have 
used the expression that does account for this issue and have compared the results to those 
obtained without taking pulse shape into consideration. It was found that, in general, the latter 
approach overestimates the uncertainty.  
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Abstract:  Range Doppler Algorithm (RDA) is the most commonly used imaging algorithm 
for synthetic aperture radar (SAR) and synthetic aperture sonar (SAS). The multi-receiver 
SAS has a higher complexity than SAR, and there is little literature on multi-receiver SAS 
imaging algorithm in the squint mode. This paper studies RDA of the multi-receiver SAS 
in the squint mode.1, The “non-stop-go-stop” signal model is established for squint multi-
aperture SAS. 2, A squint multi-receiver range doppler algorithm (SMRRDA) is 
proposed.3, The simulation experiments and the measured data show that the signal 
model presented in this paper is correct and SMRRDA is effective. 

Keywords: Range Doppler Algorithm, synthetic aperture sonar, squint 
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1. INTRODUCTION  

Multiple receiver apertures have been suggested to overcome the inherent limitations of 
the synthetic aperture imaging system to achieve imaging with high resolution and a high 
coverage rate [1, 2]. The “stop-go-stop” hypothesis, which often used in SAS, is no longer 
applied in multi-receiver SAS. 

In 1999 and 2002, respectively, Tang [3] and Callow [4] derived the accurate 
expression of the “non-stop-go-stop” time. It is a formula that shows that the “non-stop-
go-stop” time is a two-dimensional variable function involving range and azimuth time. 
Banifant [5] expounded the approximation problem of “non-stop-go-stop” time firstly and 
proposed the use of delay at the center of the whole scene instead of the “non-stop-go-
stop” time, but this method does not consider the spatial variability of range. Yang [6] 
proposed the use of time with the range variable instead of the “non-stop-go-stop” time, 
but this method does not consider the spatial variability of azimuth. All these methods are 
based on the side-looking multi-receiver SAS, but so far, no imaging algorithm for 
processing squint multi-receiver SAS data has been reported. 

The range Doppler algorithm (RDA) was developed in 1976-1978 for processing 
SEASAT SAR data [7, 8].  The first digitally processed spaceborne SAR image was made 
with this algorithm in 1978, and it is still in wide spread use today. The algorithm is 
designed to achieve block processing efficiency, using frequency domain operations in 
both range and azimuth, while maintaining the simplicity of one-dimensional operations. 
It take advantage of the approximate separability of processing in these two directions, 
allowed by the large difference in time scales of the range and azimuth data, and by the 
use of range cell migration correction (RCMC) between the two one-dimensional 
operations.  This article propose a squint multi-receiver range doppler algorithm 
(SMRRDA), which is used to handle data from the squint multi-receiver synthetic aperture 
sonar. In the following sections, SAS refers to multi-receiver SAS.  

This article is organized as follows. Section 2 presents the model of the accurate 
instantaneous slant range and signal model of a point target. Section 3 deduces the 
SMRRDA . In Section 4, some simulations are performed to verify the proposed 
algorithm. In Section 5, some comments are given.  

2. MODELING THE SQUINT SAS  

In this section, we evaluate the model of the accurate instantaneous slant range for 
squint SAS based on a general squint multi-receiver geometry, as shown in Fig. 1. 
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Fig.1: Geometry model of the squint SAS. 

 
The symbols in Fig. 1 and their definitions are given as follows. 

 v : Platform velocity,  
 id : The baseline between the transmitter and the i th receiver,  
 O : The starting point of the slow time,  
 P : The point target,  
 ba : The yaw angle,  
 be : The look-down angle,  
 r : The slant range between the transmitter and the point target at the beam center             

crossing time,  
 Rir : The slant range between the i th receiver and the point target at the beam center 

crossing time,  
 sq : The squint angle of the transmitter at the beam center crossing time,  
 sqi : he squint angle of the i th receiver at the beam center crossing time,  
 t : The slow time,  
 *it : The accurate delay of the i th receiver,  
 ( ; )TR t r : The instantaneous slant range from the point target to the transmitter,  
 ( ; )RiR t r : The instantaneous slant range from the point target to the i th receiver,  
 : Transmit-receive sharing antenna,  
 : Receive aperture antenna.  

.. According to the geometry model in Fig. 1, the accurate instantaneous slant range to the 
point target (P) is given by. 
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where sin sqi is  sin cossq i ba Rir d r  , Rir  represents 22

ir d , and *it  is the “non-stop-go-
stop” time and expressed by (2), which is shown at the bottom of the page. Considering 
the complexity of (2), *it is approximated as 2r c . 
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 (2)

 
Because two square root terms are included in (1), the analytical point of stationary 
phase t cannot be obtained easily. To circumvent this limitation,  * ;iR t r is approximated as 
follows:  

   cos; ( ; )
2

;i b
i

a
i T

r dR t r R R rt r
v

d
c


      (3)

   22 2 2 2 2 2 2; 4 4 sin 2 cos sini Ri Ri sqi sq i sqR r d r r r v c vrr c r rtv v         
 

(4)

 
The phase error, which is caused by the approximation of  * ;iR t r , is given by 

   *; ;
2

i iR t r R t r
 


 

  
 

 (5)

 
The simulation result of  is shown in Fig. 2. The simulation parameters are 0.02m  ，

3v m s ， 3id m ，and 02sq  . 
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Fig.2. Phase error. 

 
After demodulation to baseband, the received signal of the i th receiver comes from the 

point target (P) (as shown in Fig. 1), which is approximately expressed as 

 
2

0( ; ) ( ; ) 2( , ; ) exp exp ( ; )i i
i a i

R t r R t r fss t r p t j k j R t r
c c c

    
                   

       
 (6)

 
where is the fast time,  .p is the pulse envelope,  .a is the antenna weighting, k is the 

FM rate, c is the speed of sound, and 0f is the carrier frequency. 
 

3. THE DERIVATION OF SMRRDA  

The SMRRDA proposed in this paper is used to focus the squint multi-receiver SAS 
data, and is shown in the thick-lined boxes in Fig.3.   
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Fig.3. Functional block diagram of the SMRRDA. 

 

A. Multi-receiver data processing 

The phase correction is based on an analysis of the multi-receiver signal’s phase 
compared to the phase of a monostatic and uniformly-sampled signal. The phase 
correction function is given by 

 02p ;xi iR r dfe j
c
    

 
 

(7)

 
The range cell migration corresponding to  ; i cR r d  is greatly affected by the range 

and squint angle, which is proportional to the range and inversely proportional to the 
angle. This range migration cannot be ignored. Here, phase multiplication is used in the 
range frequency domain to correct this term on the reference range. The range cell 
migration correction (RCMC) function is given by 

   2xp ;re i
r

r fi R r dff e j
c
    

 
 

(8)

 
where rf  represents the range frequency, and refr  represents the reference range. After 

the phase correction and RCMC, the signal is given by  
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where  .rW represents the range frequency envelope. 

B. Reconstruction azimuth data 
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d
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v

 
Fig.4. Displaced phase centre antenna. 

 
After multi-receiver data processing, the instantaneous slant range can be written by 

2 2( ; ) 2 ( )
2

i
i

r dR t r r vt v
c

     (10)

 
The concept of Displaced Phase Centre Antenna (DPCA) is introduced to multi-

receiver side-looking SAR [1]. Assume the size of sub-receiver 1i id d d   , and the 
platform velocity v are fixed, the multi-receiver SAS/SAR can be taken to be a single 
receiver SAS/SAR, which has a specific PRF to fulfill the timing constraint for uniform 
sampling. 

2vPRF
I d




 (11)

 
where I is the number of receivers as shown in Fig.4. For the nonuniform DPCA 

sampling case, the reference [2] provides a solution. After DPCA sampling, the azimuth 
data can be obtained by (12) and the sampling frequency is 2v d . 

 
2

0( ; ) ( ; ) 2( , ; ) exp exp ( ; )a
R t r R t r fss t r p t j k j R t r

c c c
    

                   
       

 
 
(12) 

 
Where 
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(13) 

 
C. Doppler centroid frequency shift 

In the squint condition, the signal energy is wraparound in the azimuth frequency 
domain [9]. The problem can be resolved   by  multiplying  the linear phase 

 exp 2 dcj f t ，According to (1) , the Doppler centroid frequency dcf  is given by 

     
0

; sin sin1 i sq sqi
dc

t

dR t r v v
f

dt
 

  


      
(14) 

 
In(14),   is the wavelength. In general case, r is much longer than id , so dcf can be approximated by 

 2 sin sqv   . 
 

D. Range Cell Migration Correction 

     This signal is transformed into the 2-D frequency domain by applying the principle of 
stationary in the azimuth time domain. Then the signal is given by 

     ( , ; ) exp ( , ; )r a r r a a r aSS f f r W f W f j f f r  (15) 

 
where  aW  represents the azimuth frequency envelope, af  represents the azimuth 

frequency, ( , ; )r af f r  represents the phase of ( , ; )r aS f f r .To facilitate the development of 
processing algorithm, we expand ( , ; )r af f r  around rf . The expanded series are truncated at 
the second-order term and expressed as follows: 

   
0 24 cos( ) cos( )

, ) 22
2

( ; s
r a a a

a

q sq
r r

s

f f r D
r f r

f f
c Dc k

f tf
f

           
(16) 

 
where t is  sin cos( ) 2sq baNr vr c v d    ,  aD f is the migration factor, and  ;s ak f r is 

the range-frequency rate. They are given as follows： 

   
0 24 cos( ) cos( )

, ) 22
2

( ; s
r a a a
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q sq
r r

s

f f r D
r f r
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Where 
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(19) 

 
The range inverse Fourier transform of(15), can be evaluated approximately by the 

principle of stationary phase. The range Doppler domain can then be shown to be 

     ( , ; ) exp ( , ; )a r a a asS f r w W f j f r     (20) 

2
04 cos( ) 2 cos( ) 1; ) 2( , sq sq

a saf r D fr f rt k
c c D

      


  


  
(21) 

 
According to (21), the amount of range cell migration to correct is given by 

 2 cos 1 1sqr
c D


    
 
 

 
(22) 

 

4. SIMULATION RESULTS 

To verify the validity of the squint multi-receiver RDA in the paper, simulations are 
carried out in this section. The system parameters are listed in Table I. 

 
Carrier frequency 150kHz Antenna length(transmitter) 0.08m 
Bandwidth 20kHz Antenna length(receiver) 0.08m 
Pulse width 10ms Velocity 2.5m/s 
PRI 200ms Receiver number 25 
Target coordinate (126,12) Squint angle  0,20

Table 1: Sas System Parameters. 

 
Fig. 5 shows the result of processing one simulated point target for different squint 

angles. Table II summarizes the point target analysis for cases with the different squint 
angles. The simulation results in Fig. 5 and Table II show that the 
range  resolution, the azimuth resolution, the sidelobe ratio, and the target location all 
reach the value. 
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Fig. 9. Simulated SAS data processed using different squint angles. The sub-images 
from left to right in each row correspond to the image of point target, magnitude of range 
slice, and the magnitude of azimuth slice. The squint angle in (a) is 00, and in (b) it is 20. 

 
Analyzed Parameters Measured 
Squint angle 00 20 
Range resolution 0.97 cells 1 cells 
Azimuth resolution 1.1 cells 1.1 cells 
Range PSLR -14.6dB -13.3dB 
Azimuth PSLR -15.9dB -15.8dB 

Table 2: Parameters Image Quality Parameters. 

5. CONCLUSION 

In this paper, the “non-stop-go-stop” signal model is established, and the SMMRDA is 
proposed. The key steps of SMMRDA are deduced, and the simulations show that the 
SMMRDA can handle SAS data with small squint angle accurately and effectively. This 
algorithm is conducive to the development of motion compensation for SAS and multi- 
receiver SAR. 
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Abstract: Complex image registration is one of the most important steps in 

interferometric synthetic aperture sonar (InSAS) signal processing. The 

registration result directly influences the quality of interferogram and subsequent 

reconstruction of digital elevation model (DEM). In this paper, a registration 

method based on piecewise surface fitting is proposed for InSAS. Firstly, the 

whole image is partitioned into several pieces along range direction with partly 

overlapped. Secondly, polynomial surface fitting is performed using control 

points in each pieces. Finally, the global shift surface is obtained by merging 

those local surface fitting result. Experiments on simulation and real data 

confirm that the proposed method has high accuracy than global polynomial 

surface fitting. 

Keywords: Interferometric synthetic aperture sonar(InSAS); complex image 

registration; piecewise surface fitting 
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1. INTRODUCTION  

Interferometric synthetic aperture sonar (InSAS)[1-3] provides a means of 

obtaining high resolution three-dimensional images of the sea floor. Three-

dimensional information is derived from the phase difference between two 

complex images taken from separated receiving arrays of sonar. The main steps 

of SAS interferometry signal processing include complex image registration[4-6], 

phase filtering, phase unwrapping[7] and digital elevation model(DEM) 

reconstruction[8]. Image registration is the basis of the other steps. Registration 

quality directly affects the subsequent generation of the interferogram and 

reconstruction of DEM. 

The complex image registration mainly compose of control points selection[9-

11], geometric transformation [12] and image resampling. Once the control points 

between two complex images are determined, the geometric transformation can 

be done with the control points coordinates and offset. The most widely used 

geometric transformation model is polynomial transformation which utilizes the 

least square method, because the polynomial model is simple and solving easy. In 

fact, polynomial transformation is a procedure of surface fitting using the known 

control points coordinates and their offset. In InSAR complex image registration, 

since the mapping swath is small relative to imaging distance, global polynomial 

surface fitting, such as the first or the second order polynomial, performs well. 

However, different with InSAR, the range-variance in the InSAS image is more 

stronger, so the global polynomial surface fitting does not work well. 

To solve the problem mentioned above, a piecewise surface fitting method for 

complex registration is presented in this letter. Firstly, the whole image is 

segmented into several pieces along range direction with partly overlapped. 

Secondly, polynomial surface fitting is performed using the control points in each 

piece. Finally, the global offset surface is obtained by merging those local surface 

fitting results.  

This paper is organized as follows. In Section 2, the principle of polynomial 

transformation model is introduced and the piecewise surface fitting method is 

developed detailedly. The performances of the proposed method are shown by 

using simulated and real data in section 3. 

2. PIECEWISE SURFACE FITTING METHOD 

Since the InSAS system is single-pass, assuming the platform motion with 

constant speed in a straight line, thus the offset in azimuth can be ignored, so we 

just consider range offset in this paper. Suppose n  is the number of the control 

points which has been determined, ( , )i ix y  denotes the coordinate of control 

points, 
id  is the range offset of control points. The polynomial transformation 

model can be written as
0

N N
i j i

ij

i j i

d a x y 

 

 , where N  is the polynomial 

order, 1 2[ , , ] nd d d d  is a column vector composed of offset about the control 
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points, 
ija  is the polynomial parameters which should be solved using the least 

square method. So the offset surface can be obtained when 2N  

2 2

0 1 2 3 4 5( , )      d x y a a x a y a x a xy a y  (1) 

From(1), the offset of each pixel in the image can be got by substituting the 

coordinate of each pixel into (1). 

The piecewise surface fitting method can be divided into the following steps. 

1) Segment the whole image into several parts along range direction, as shown 

in Error! Reference source not found.. The solid line in Fig.1 is dividing 

line of each piece. The two neighbored pieces are set some overlapped pixels, 

shown as the dashed line.  

2) Choose the control points in each part and perform polynomial surface fitting 

using the chosen control points coordinate and offset. Then we get one 

surface of offset in each part. 

Range

A
zi

m
ut

h

Part 1

Overlap 

area
Part 3

A

divide 
line

1l

1r 2r

Part 2

 
Fig.1: Sketch of partition of the image 

3) Combine the offset surfaces in all parts into a whole offset surface. In the 

overlapped area, the offset value of pixel is obtained by weighted linear 

combination of the two neighbored surfaces. Which can be expressed as 

1 1 2 2( ) ( ) ( )f A w f A w f A   (2) 

where A is the pixel in the overlapped area, ( )f A  is the offset value of pixel A in 

the whole offset surface which should be computed. 1( )f A , 2( )f A  are the offset 

value of pixel A in the local offset surface corresponding to part 1 and part 2, 

respectively. 1w  and 2w are the normalized weights of pixel A in part 1and part 2 

respectively. As is shown in Error! Reference source not found., the weight can 

be calculated by 1 2 1w r l , 2 1 1w r l . 1l  is the width of the overlapped area, 

1 2,r r  is the distance between pixel A and left boundary and right boundary of the 

overlapped area, respectively. 

3. PERFORMANCES INVESTIGATION 
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In this section, the performance of the proposed method is investigated with 

the simulated InSAS data and real lake trial data of InSAS. In order to validate 

the effectiveness of the proposed method, its result is compared with global 

surface fitting result. The evaluation has been carried out using the root mean 

squared error (RMSE), residue numbers and mean of correlation coefficient as the 

criteria.  

The simulated scene is two tapers on the flat, as shown in Error! Reference 

source not found.. 
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(a)Interferogram using proposed method 
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(b)Interferogram using global surface fitting method 
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(b)Interferogram using global surface fitting method 

UACE2017 – 4th Underwater Acoustics Conference and Exhibition

Page 1064



 

 (b) are the interferogram after registration using the proposed method and 

global surface fitting method, respectively. From 
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(a)Interferogram using proposed method 
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(b)Interferogram using global surface fitting method 

, it can be seen that the interferometric fringe in 
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(a)Interferogram using proposed method 
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(b)Interferogram using global surface fitting method 

(a) is clear than that in 
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(a)Interferogram using proposed method 
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(b)Interferogram using global surface fitting method 

(b), especially in the left side of the interferogram. 
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Fig.2: Amplitude image of simulated scene 
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(a)Interferogram using proposed method 
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(b)Interferogram using global surface fitting method 

Fig.3: Interferogram after registration. 

Quantified evaluation result is given in Table 1. From the three criteria in 

Table 1, the performance of the proposed method is better than the traditional 

global surface fitting method. 

 

Method 
RMSE 

[pixel] 

Mean of 

correlation 

Residue 

numbers 

Global surface fitting 0.3056 0.9397 298400 

Proposed Method 0.0687 0.9671 166057 

Table 1: Registration quality comparison of simulation data. 

For the real lake trial data, a complicated terrain image is chosen to be 

processed, as shown in Fig. .The interferogram after phase filtering with the 
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proposed method and global processing are shown in Fig. 5(a) and Fig. 5(b), 

respectively. Comparing Fig. 5(a) and Fig. 5(b), we can see that fringe in Fig. 

5(a) is more clear than Fig. 5(b), especially in the white four rectangles in the left-

down of the Fig. 5(a) and Fig. 5(b). Table 1 gives the registration quality 

comparison of the proposed method and the global surface fitting method. It can 

be observed from Table 1 that the proposed method based on piecewise surface 

fitting has fine performance than global surface fitting method. 
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Fig. 4: Amplitude image of real lake trial data 
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(a) Proposed method result 
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(b) Global surface fitting result 

Fig. 5: Interferogram after registration with two method.  

 

Method 
RMSE 

[pixel] 

Mean of 

correlation 

Residue 

numbers 

Global surface fitting 0.1984 0.5802 81956 

Proposed Method 0.1191 0.5824 69455 
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Table 1 Registration quality comparison of real data. 
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 DETERMINING THE UNDERWATER ACOUSTIC PROPERTIES 
OF MATERIALS, WITH A FLUID-FILLED IMPEDANCE TUBE 

AND TWO SPATIAL-MODES REDUCED-ORDER MODEL 

Yoav Vereda,   Izhak Buchera 

a Dynamics Laboratory, Faculty of Mechanical Engineering, Technion IIT, Technion City, 
Haifa, 3200003, Israel. 

Contact: Yoav Vered, Fax no.:+972 (0)4 829 5711, E-mail: syoavv@technion.ac.il 

Abstract: In this work, a novel method to characterize the underwater acoustics properties 
of small specimen is being derived. The method is based on the use of a reduced-order 
model, which is able to capture two or more propagating modes. A separation technique 
is used to determine the phase velocity and the complex amplitudes of the incident and 
reflected waves of each mode. Currently, standard tests of acoustic impedance in air-filled 
tubes neglect the fluid-structure interaction (FSI) under the assumption that the enclosure 
solid acoustic admittance can be neglected compared to that of air at low frequency. This 
assumption has been investigated in fluid-filled tubes and was found to be inaccurate. It 
was shown that at least two propagating modes are present in the tube at all frequencies. 
Our proposed method uses a finite liquid-filled elastic-walled tube, which is actuated at 
both ends and between them a specimen is located. We aim to measure the sound field 
along the tube axis using an array of hydrophones. The method comprises three steps: The 
first step is the separation of phase velocities of each participating mode under 
consideration. The second step is the separation of the incident and reflected wave 
complex amplitudes. The third step uses a Transfer Matrix based method to determine the 
specimen acoustic properties using the previously estimated parameters. A numerical 
experiment of a coupled (FSI) tube is carried to analyse the method sensitivity to 
measurement noise and hydrophones bias.  

Keywords: Impedance Tube, Fluid-Structure Interaction, Acoustic Reflection, Acoustic 
Transmission. 
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1.  INTRODUCTION  

Impedance Tubes have been used since the end of the nineteenth century, and are one 
of the most common experimental setups to characterize specimen underwater acoustic 
properties. Most of the methods used to characterize acoustic properties neglect the 
coupled dynamics of the fluid and its enclosure, in an attempt to avoid complicated 
models by using rules of thumb, simplifications and various limitations [1]. 

Past analytical research efforts [2], [3] investigated the fluid-filled infinite-length 
elastic cylinder and the fluid-structure interaction (FSI). They have found that at the entire 
frequency range, normal modes do exist. Lafleur and Shields [4] investigated the FSI 
effects at the low frequency range. They concluded that at all frequencies, at least two 
propagation modes are present. 

Various estimation methods have been developed over the years, most of them 
decomposed the incident and reflected pressure waves to estimate the acoustic impedance. 
The Multi-Point method [5], decomposes the waves with the use of the Least-Squares 
parameter estimation method applied to time domain signals. The Transfer Matrix method 
[6], builds the specimen transfer matrix and characterizes the reflection and transmission 
coefficients by using the decomposed waves complex amplitudes. 

In the following paper a novel, three steps method is derived, with which the specimen 
acoustic reflection and transmission coefficients are estimated. First, each modal phase 
velocity is estimated using the Phase Velocity Estimation method (PVE); next, the 
incident and reflected waves are decomposed using the Non-Linear Least-Squares Multi-
Channel method (NLLS-MC); lastly, the reflection and transmission coefficients are 
estimated using the Transfer Matrix method (TM). Each of the three steps derivation is 
described, and followed by numerical simulation. 

 

2. METHODOLOGIES 

2.1. The Three Steps Method 

The experimental system model (Fig.1) consists of two water-filled cylindrical tubes, 
and a specimen connected between them. On the right side of the tube connected is an 
actuator which is capable of driving the system at a single frequency. An array of 
hydrophones is spread along both tubes. 

 
Fig. 1: Proposed experimental configuration diagram. 

The reduced order model is presented herein. It takes into consideration the two spatial 
propagating modes present in the tubes due to FSI effects, and also considers the incident 
and reflected waves propagating in each tube 
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    01 1 2 2, A e B e C e D e e ,    , .j tjk z jk z jk z jk z
s s s s sP z t s r l         (1) 

 
Here, s is the tube side (right or left), 0  is the monochromatic frequency of the actuator, 

1k and 2 k  are the two modal wavenumbers, As  and Cs  are the incident wave complex 
amplitudes of each spatial mode, and Bs  and Ds  are the reflected wave complex 
amplitudes of each spatial mode.    

The suggested estimation algorithm comprises three inner steps shown in Fig. 2, which 
depicts the experiment flow diagram. The first step is used to decompose the two spatial 
modes and estimate each modal wavenumber and phase velocity. The second step is used 
to decompose the incident and reflected waves and estimate the four complex amplitudes, 
this is done for both tubes. The third step uses the phase velocities that were estimated at 
the first step, and the eight complex amplitudes that were estimated at the second step, to 
characterize the acoustic reflection and transmission coefficients of the specimen.  
 

 
Fig. 2: The Three Step method flow-diagram. 

 

2.2. Phase Velocity Estimation 
 
Employing Fourier transform on Eq.(1), and defining the transfer function between the 

first hydrophone and all other hydrophones located at the same tube yields 
 

   
 

1
1

,
, 2,3,...,M.

,
r

m
r M

P z
G m

P z





     (2) 

 
Here M is the number of hydrophones along each tube. Eq.(2) can be written as the 
following linear system 
 

   T1 2, 0, A B C D .s s s s sk k  M b b   (3) 
 
Here sM  is the model matrix and it depends on the two modal wavelengths, and b is the 
complex amplitudes vector. Since the system is homogenous, a non-trivial solution exists 
only if the model matrix is singular. Therefore, the minimization problem cost function is  
 

  
1 2

1

,
min cond .s
k k

M    (4) 

 
By solving the minimization problem, the two wavenumbers are estimated, and 
accordingly the appropriate modal axial phase velocities are calculated.  
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2.3. Non-Linear Least-Squares Multi Channel  
 

Denoting the hydrophones location along each tube and the sampling time 
as ,m nz t respectively, the following estimation problem can be derived from Eq.(1) 

 
 1 2

T
,cos ,sin ,cos ,sin ,cos ,sin ,cos ,sin 8 1

, , ,
.

a a b b c c d d
s s s

s s s s s s s s s

k k g 





   

Y A Θ

Θ
  (5) 

 
Here sY  is the measurement vector, sA  is the model matrix which depends on the gain 
and phase lag of each hydrophone denoted as g  and   respectively, and the lower-case 
letters a, b, c,  and d  are the real coefficient representation of the matching capital-letters 
(e.g., ,cos ,sinA a as s sj  ). The cost function for the minimization problem is  
 


2
2

, ,
min .

s

s s s
g 


Θ

Y A Θ    (6) 

 
A solution for (6) is derived with the use of the Non-Linear Least-Squares method, and 
then the four complex amplitudes of each tube are calculated. 

2.4. Transfer Matrix Method 

Substituting the wavenumbers 1k  and 2k  estimated by minimizing Eq.(4), and the 
complex amplitudes estimated by minimizing Eq.(6) to Eq.(1), both of the specimen 
surfaces pressure and axial velocity can be calculated 
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By following the ideas presented by Song and Bolton [6], a closed-form solution is 
derived 
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Here R a  and Ta  are the acoustic reflection and transmission coefficients respectively and 

0  is the density of the fluid. Note that the proposed method differs from that of Song and 
Bolton since it includes the influence of the second spatial mode as indicated by the 
wavenumber 2k  and the four complex amplitudes C ,  D ,  Cr r l and Dl   in Eq.(7).  

3. RESULTS  
 
A numerical simulation that uses the reduced order model (Eq.(1)), to simulate the 

pressure field in one of the tubes was devised. Predefined coefficients and wavenumbers 
were chosen for the simulation. Gaussian measurement noise was added to the simulation, 
additionally each hydrophone gain and phase lag were randomly chosen. The simulated 
signals were then passed through a digital filter. Since the signals were monochromatic the 
Time Domain Averaging filter [7] was used. Then, the PVE method was employed on the 
filtered signals, from which the two axial phase velocities were estimated. Afterwards, the 
NLLS-MC method was employed to estimate the four complex coefficients.  

3.1. Phase Velocity Estimation 

 
Fig. 3: Theoretical and estimated dispersion curves. Normalized by water speed of sound. 

Each modal axial phase velocity ( 0 0 , 1, 2n nc k n  ) is estimated from the numerical 
simulation by employing the PVE method. The dispersion curves are computed from both 
the chosen parameters and the estimated parameters. From the simulation results (Fig.3) it 
is noticeable that in the absence of noise, the PVE method is unbiased. Moreover, the 
estimation is accurate at the zero-frequency limit. However, in the presence of noise the 
estimation method shows deteriorated accuracy at low frequencies, and at some of these 
frequencies the estimation is unsuccessful. This happened due to a large variance in each 
wavelength estimation, which does not meet our imposed convergence criteria. Observing 
the dispersion curves of a typical fluid-filled tube [4] it can be argued that the 
wavenumber changes slowly at the low frequency range. Therefore, to overcome the 
estimation problem at low frequencies, the dispersion curves can be estimated at higher 
frequencies, where the convergence criteria is met, and then extrapolated to the lower 
frequency range. 

3.2. Non-Linear Least-Squares Multi Channel 

The numerical simulation and the two modal phase velocities that were estimated by 
the PVE method are used to estimate the model four complex amplitudes. The simulation 
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results (Fig.4) shows that the NLLS-MC method is unbiased when no noise is present. 
When noise is present, the estimation is no longer exact. Moreover, the estimation does 
not converge at lower frequencies which is due to the PVE method convergence problem. 
Additionally, the estimation slightly deviates. However, the estimation falls into an 
acceptable tolerance by any engineering standard of less than 0.15 decibels. 

 
 

 
Fig. 4 : Theoretical and estimated complex amplitudes. 

4. CONCLUSIONS 

The proposed PVE is demonstrated to be unbiased, and can be used to decompose the 
spatial interference pattern, and to find each modal axial phase velocity. The proposed 
NLLS-MC is shown numerically to be unbiased as well, and it can be used to decompose 
the incident and reflected waves of each mode. In the presence of measurement noise, an 
alternative methodology is needed to be employed for the lower frequency range. 
Therefore, the dispersion curves will be estimated at higher frequencies, and then 
extrapolate to lower frequencies. The proposed TM method is capable of explicitly 
characterizing the specimen acoustic coefficients. This is done after the reduced order 
model is fitted to describe the wave propagations in the physical system.  
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