Surveillance of sound activities in the sea is of great importance for many applications. A common
way to monitor the sea is to register sound with
the help of a group of closely placed sensors that
form a one-dimensional or two-dimensional array.
This is a practical and easy way to monitor sound
in large and deep waters where sound spreads in
nearly straight lines. In shallow waters, propagation
patterns are more complex and also more difficult
to predict. Baltic Sea shallow waters also involve
large archipelagoes, which make monitoring more
difficult. New possibilities to synchronize sensors
with the aid of the global positioning system (GPS)
facilitate the creation of larger sensor systems. By
placing sensors at different positions over the entire water volume under observation, effects from
complicated sound spreading is minimized. Near
field processing can be applied if the sound source
is registered by means of several sensors in positions close to the target. These large arrays will
then have three-dimensional capabilities and will
also provide a much higher resolution than traditional systems.
In this thesis it is shown that signals registered
hundreds of meters away from each other can be
used to position moving sound within the sensor
area. Measurement results are presented from
four experiments in shallow waters 20 meters
deep, located in the Baltic Sea. The measurements

were performed with different setups, at different
locations and during different seasons.
The thesis comprises four parts. The first part
presents a comparative study of two methods for
estimating the time delay between two measurement signals, where the sound consists of noise
and dominant tonals. Effects from different geometric setups on the position estimate are shown.
The result indicates that larger baselines give better positioning capabilities despite a larger uncertainty in the time delay estimation. The second
part of this thesis concerns imaging, which means
the projection of multiple pairwise correlation results into a two-dimensional plane. Results from
a target placed at a distance equal to the length
of the sensor baselines are shown. Weights that
can be used to give different sensor pairs different
importance in the summation image are investigated. In this case, the target was assumed to consist
of one sound source. The third part of the thesis
also concerns imaging, but presents results from a
target placed at a distance smaller than the length
of the sensor baselines. In this part, simulation
shows that it is possible to position an object in
a three-dimensional space using sensors placed in
a two-dimensional span. The fourth and final part
of this thesis also focuses on imaging and here the
results indicate that several sound sources can be
resolved for a target.
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Abstract
Surveillance of sound activities in the sea is of great importance for many
applications. A common way to monitor the sea is to register sound with
the help of a group of closely placed sensors that form a one-dimensional or
two-dimensional array. This is a practical and easy way to monitor sound in
large and deep waters where sound spreads in nearly straight lines. In shallow waters, propagation patterns are more complex and also more difficult
to predict. Baltic Sea shallow waters also involve large archipelagoes, which
make monitoring more difficult. New possibilities to synchronize sensors with
the aid of the global positioning system (GPS) facilitate the creation of larger
sensor systems. By placing sensors at different positions over the entire water volume under observation, a minimization of the effects from complicated
sound spreading is allowed. Near field processing can then also be applied
since the sound source is registered by means of several sensors in positions
close to the target. These large arrays will have three-dimensional capabilities
and they will also provide a much higher resolution than traditional systems.
In this thesis it is shown that signals registered hundreds of meters away
from each other can be used to position moving sound within the sensor area.
Measurement results are presented from four experiments in shallow waters
20 meters deep, located in the Baltic Sea. The measurements were performed
with different setups, at different locations and during different seasons.
The thesis comprises four parts. The first part presents a comparative
study of two methods for estimating the time delay between two measurement signals, where the sound consists of noise and dominant tones. Effects
from different geometric setups on the position estimate are shown. The result indicates that larger baselines give better positioning capabilities despite
a larger uncertainty in the time delay estimation. The second part of this
thesis concerns imaging, which means the projection of multiple pairwise correlation results into a two-dimensional plane. Results from a target placed
at a distance equal to the length of the sensor baselines are shown. Weights
that can be used to give different sensor pairs different importance in the
summation image are investigated. In this case, the target was assumed to
consist of one sound source. The third part of the thesis also concerns imaging, but presents results from a target placed at a distance smaller than the
length of the sensor baselines. In this part, simulation shows that it is possible

vi

White
White

White
White

to position an object in a three-dimensional space using sensors placed in a
two-dimensional span. The fourth and final part of this thesis also focuses
on imaging and here the results indicate that several sound sources can be
resolved for a target.
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Preface
These licentiate studies are based upon application areas defined by a cooperation between the Department of Signal Processing at Blekinge Institute
of Technology and the companies Amlab Elektronik and Enea QiValue. I was
employed by each of these companies in the order given. This licentiate thesis
summarizes my work and all publications are printed in the original form and
is comprised of four parts. Part I - III are conference papers. Part IV is the
most recent study conducted and involves more detailed work in the form of
an article. The various concerns of each of the four parts of this thesis are as
follows:

Part
I

Comparison between whitened generalized cross correlation and adaptive filter for time delay estimation with scattered arrays for passive
positioning of moving targets in Baltic Sea shallow waters.

II

Passive scattered array positioning method for underwater acoustic
source.

III

Acoustic passive 3D imaging method for scattered arrays.

IV

Passive imaging of moving continious broadband sound source within a
sensor field.
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Introduction
Signal processing is the construe of signals utilized to extract information
of interest. The origin of a signal from an acoustic source, received at sensors placed at different locations can be used to determine the position of the
sound source. However, the received signals are always distorted. A variety
of different analysis methods may be used to solve this problem.
Methods for the localization of sound may be divided into three main categories. Within each category there are a number of more advanced methods
which will not be treated here. The following is a short summary of the pros
and cons of each category, interpreted from [1].
Steered beamformer methods
This is the classical beamformer, where a passive array of sensors is pointed
in different directions to search for a maxima of received power. This procedure demands a large value of calculations but gives a good result when the
properties of the sound and background noise are known.
High resolution spectral estimation methods
This category comprises the modern beamforming methods. Minimum variance (MV) and multiple signal classification (MUSIC) algorithms have been
shown to be suitable for generalized array settings for sound sources at close
range. Autoregressive (AR) modelling and special forms of eigenvalue analyses are suitable for sources at long ranges. Compared to classical beamforming, this group is less robust against channel- and sensor position errors and
demands a longer analysis time. However, these methods demand less computational power if the analysis is narrowband. For broadband analysis, the
computational advantage is not valid.
Time delay of arrival methods
By comparing two signals by crosscorrelation it can be found that one of them
is a delayed version of the other signal. This can be used to estimate the time
it takes for a sound emitted at certain location to travel to a postion where
a sensor is located. Nevertheless, it is only the relative time delay between
two sensors that can be measured (for passive listening of sound). The Time
Delay Of Arrival, TDOA, of a sensor pair is estimated by the crosscorrealtion
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function. This information can be transformed into possible positions where
the sound can be located, as in Figure 1, where three sensors and its three
pairwise time delays are transformed into three hyperbolas in space. Many of
the localization methods used today are based on crosscorrelation methods.
This is due to their computational advantage and the good results yielded
under favourable conditions. One significant disadvantage of TDOA methods
is that they can not handle multipath or multiple sound (if a traditional array with closely placed sensors is used). Another disadvantage is that they
require a relatively long analysis time. Methods for time delay estimation are
summarized in [2].

Figure 1: The relative time delay from a target to a sensor pair raises a hyperboloid in three dimensions. Three sensors give rise to three hyperbolas. One
sensor and two baselines are seen in the image. By studying the intersection
of several hyperbolas a sound source position can be found.
Proposed method
Instead of using just one estimate of the time delay (TDOA) for a sensor
pair, the whole correlation result from the comparision of the two signals
can be used. By projecting the crosscorrelation result into space (similiar to
Fig. 1) a kind of 3D beamformer is achieved. If the sensors are placed at
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many different locations this gives more spatial information in each sensor
pair crosscorrelation. Passive acoustical monitoring of sound in space can
then be presented for a certatin selectable 2D plane (image), for an example
see Part IV Fig. 7.
Summaries of recent research into localization by sparse sensor systems
are given in part IV.

Purpose
A longer distance between two sensors gives a geometrical advantage in the
calculation of a sound source’s position. Placing many sensors at longer distances from one another also provides an increased possibility to get close to a
sound source. Near field processing can then be used and in combination with
high bandwidth, an opportunity to form an image or spatial fingerprint of the
sound source is provided. A 3D position can be found if the sound is emitted
by a single source. The purpose of this thesis is to show that sparse sensor systems can be used for positioning/imaging of broadband moving sound
sources in shallow waters.

Figure 2: The longer a distance is between two acoustic sensors, the more easy
it is to register where the sound is coming from. Professor Mayer understood
this phenomenon in 1880 and constructed the topophone. [3]. Picture taken
from [3].
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Challenges
Signals traveling from a moving sound source through a medium will be effected by the medium. If the signals travel through different paths in the
media they will also be filtered in different ways during the journey from
source to sensor. Water as a medium, affects signals in complicated ways.
The propagation properties of sound in water are very highly frequency dependent for a number of reasons described in [4]. These effects become more
pronounced as the distance between sensor to source increases. Therefore,
at long distances from a sound source, it is a complicated task to estimate a
sound source’s position. Some of the main effects of water as a medium for
the propagation of sound [4] [5] are described below.
Effects of water medium on signal received
The time it takes for a sound to travel a certain distance is derived from
the sound velocity of the medium. In water the sound velocity is mainly
effected by temperature, pressure and salinity. In a shallow water the sound
velocity can be rapidly varying with depth, see Part IV Fig. 9 for an example.
This lead to a layering of the water with different sound velocitys in different
layers. The sound will then travel in bended patterns (according to Snell’s
law), towards layers of lower velocitys. The ray patterns can cause shadow
zones, where very little acoustic energy can be registrered.
Ray theory can be used to estimate the patterns and is valid for frequencies
[4]
r
(1)
f> 2
H
where H is water depth and r is range. However, in shallow water ray patterns are difficult to predict [5].
Effects from water depth
Since the water medium is limited by other types of media, such as the surface
and bottom, sound is reflected and scattered against those media. This will
make it even more difficult to localise the source of the sound. In shallow
water, lower frequencies are trapped in water channels bounded by the surface
and bottom or channels derived from rapidly changing speed of sound with
depth. This will cause mode spreading of low frequencies. The signals will
then have different amplitudes for different positions in the water. Mode
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theories can be used to calculate the effects and this concerns frequencies [4]
f<

r
H2

(2)

Effects of sound movement on signal received
Another effect that must be considered is the Doppler effect which originates
from the movement of the sound source. The signal get either compressed or
decompressed in time domain and thereby the signal is altering frequency [6].
In sparse arrays the signals are registered at different locations in comparision to the sound source. Each signal will therefore be connected to its own
Doppler.
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Contributions
Based on real measurements, this thesis work shows that signals registered
hundreds of meters apart can be compared and used for positioning in 20
meter deep waters. In these setups, sensors are placed in many directions,
thereby facilitating the measurement of speed and the direction of a target. If
these parameters can be estimated and incorporated in the signal processing,
this will discriminate against sound with other speeds and directions than the
target of interest. A passive method with adjustments of the movement of the
target is developed for reproducing focused images of sound. Results of high
resolution images/positions of target sound are presented for different kinds
of targets, and are compared to GPS positions and simulations. Several measurements are conducted. Fig. 3 shows examples of measurement equipment
and preparations. Fig. 4 shows targets used in the measurements.
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(a)

(b)

Figure 3: Pictures of the measurements. a) Hydrophones TC4032 that were
used in experiments. b) Preparation of the GPS function on board a small
target.
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(a)

(b)

Figure 4: Measurements with different sized targets. a) Smaller target, 1.5 x 4
meters with one propeller. b) Larger target, 8 x 20 meters with two propellers.
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Work
This work is comprised of four parts which show the progress in the studies.
PART I
This first part concerns the first step in the signal processing chain. Two
different methods for time delay estimation (TDE) or TDOA of broadband
signals with dominant tones were investigated. The first method was the
Generalized Cross Correlation function [2] weighted by the Phase Alignment
Transform [2], GCC-PHAT, and the second method involved a Normalised
Least Mean Square (NLMS) adaptive filter [7], which estimated the transfer
function and thus, the time delay between the two signals. The two methods
were applied to real measurement signals from sensors with different separations. The two methods proved to give similar results, except in the case of
the largest distance separation. The first method gave a better result for the
largest separation distance (30 m) and has, therefore been used for TDE in
my subsequent research where much larger baslines are used. In the same paper it was also stated that, despite larger TDE errors due to larger separation
distances between the sensors, the position error can be reduced when it is
transformed into position. All values are calculated from real measurements.
In the case, in which the signals were separated by 30 m, no Doppler adjustment of the signals was performed. Doppler adjustment equalizes the signals
and reduces error. Nevertheless, the study indicated that signals of lower coherence (similarity) can be better suited for positioning despite a higher error
in the time delay estimation.
PART II
The next step was to transform the TDE’s or correlation result into positions. In part two, all combinations of sensor pair correlation results were
transformed into positions on a map. This means that the whole cross correlation, GCC-PHAT (time signal) were projected. The sensors were spread
out at larger distances from each other. Doppler compensation of the signals
was conducted, leading to the addition of several more sensor pair results to
the map. The target in this measurement was located at a larger distance
than the length of the sensor baselines. Special weights were formed to give
different sensor pairs different influence in the map.
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PART III
Since the sensors are spread out at different positions and depths, positioning
in 3D should be possible for close targets. In part three the third dimension
was added. Simulation results indicate that 3D positioning is possible for
point sources within the volume where the sensors are located. However,
no suitable measurement data with one single sound source existed at the
time. Instead, another weight, was proposed for near field measurement data.
Distance and angle between sensors and map element derived the weight.
PART IV
One of the great advantages of sparse sensor networks is that multiple sound
sources can be resolved. Since previous papers are based on assumptions of
one single sound source in the target, part four does not have preconceptions
about it. Therefore none of the previously developed weights are applied here.
Some basic concepts from part three are included. Results from measurements
concerning targets in the near field are included. The analysis of these measurements show that baseline-dependent bandwidth can improve the result.
It also indicated that two propeller sound sources could be resolved for one
case, and another measurement indicated that the engine could be separated
from the propellers.
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Future
Setups of scattered arrays give the basic conditions for positioning in 3D for
single sound sources. Further work can be done concerning bandwidth choices
and sensor position errors. Further work should be carried out when it comes
to Doppler estimation. Since new near-field measurement data now exists,
more work in 3D positioning could be carried out to show the capabilities of
widely placed sensors. Scenarios as in Fig. 5 can be future applications for
the proposed method.

Figure 5: Future applications. Graphics by Per Persson.

Due to the trade-off between resolution and accuracy of sensor positions,
different weights may be used. For the near-field case, the inverse of the
weights described for the far field case can be used to minimize the effects of
uncertain sensor positions.
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Abstract - Results from an acoustic measurement
campaign in shallow waters (at 22 meters depth) are given.
Eight hydrophones, placed at the seabed, were used
simultaneously to investigate how different distances between
hydrophones affect the Time Delay Estimation (TDE). In
order to position targets two TDE methods were applied. The
Generalized Cross Correlation (GCC) function weighted by
the Phase Transform (PHAT) and an adaptive Normalized
Least Mean Square (NLMS) filter estimating the TDE
between pairs of sensors. The two methods gave
approximately the same result, except for the largest baseline
where the GCC PHAT performed better.
In the study we found that increasing separation distance
decrease the bandwidth of coherence between the signals,
however the study also indicated that scattered arrays with
large baselines has better positioning capability than those
with small baselines.

I. INTRODUCTION
The benefit of using larger arrays is coverage of larger
areas using the same amount of sensors and giving higher
positioning accuracy assuming equal coherence. In this paper
we try to analyze how much the result is affected by larger
separation distances of hydrophones by using real
measurement data. The commonly used way for localization
of a sound source is by using linear arrays with small
baselines. Little work seems to be conducted about widely
and randomly distributed sensors. Xerri, Cavassilas and
Burloz [1] have though positioned moving broad band
sources with sensors distributed about 400 m in average from
each other at dept 250 m.
Time Delay Estimation (TDE) between at least two
different pairs of spatially separated sensors is a robust and
computationally practical way [2] that leads to the positioning
of a sound source. Since the estimation is the first step, the
quality of the estimation affects the rest of the result [3]. By
using real measurement data, a result of TDE by two different
methods for different baselines is presented. The purpose is to
investigate how the TDE is affected by the size of the baseline
in shallow waters.

Adaptive filters for TDE eliminating multipath have been
studied since the beginning of the 1980’s, results from
simulated data can be found in e.g. [4,5]. Results from
measurements of underwater data are though hard to find. We
here present results from The Normalized Least Mean Square
(NLMS) adaptive filter [6] applied to underwater
measurement data and compared to results from the
Generalized Cross Correlation function (GCC) [7], weighted
by the Phase Transform (PHAT) [8]. A similar study has
earlier been done [9] where simulated data were used.
II. MEASUREMENT
The measurement site was at the Swedish coastline of
the low salinity Baltic Sea at a depth of 22 meters. Eight
hydrophones formed three equilateral triangles with three
different bases, d equal to 0.5, 9 and 30 meters. The
hydrophones were omni-directional and placed at 0.5
meters above the seabed. A sampling frequency of 48 kHz
with a receiver dynamic range of 16 bits was used.

H8
~30m

H1

H3

H5
r=0,275m
H6
H4

r=5,07m

~30m
H7
H2

Fig. 1 During the experiment, eight hydrophones was placed at the seabed.
Hydrophones 4-5-6 form an equilateral triangle with a baseline of 0.5 m.
Hydrophones 1-2-3 form the equilateral triangle with the baseline of 9 m.
Hydrophones 3-7-8 form a triangle with a baseline of 30 m.
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III. GENERALIZED CROSS CORRELATION
FUNCTION IN COMPARISON WITH AN ADAPTIVE
FILTER
When a sound source is emitting sound in a field, two
signals xi(t) and xj(t), received at two spatially separated
hydrophones, i and j, can mathematically be modeled as
x i (t)

s(t)  n1 (t)

(3.1)

x j (t)

s(t - D)  n 2 (t)

(3.2)

where s(t) is the signal (direct path) from the source, n1(t)
and n2(t) are assumed to be mutually uncorrelated noises
and D is time delay. This model does not consider
multipath or Doppler effects.
The GCC function [7] weighted by a weighting
function, W(f), is the first method used in this study. The
GCC function is given by

³

R x x (2 )
i

j

f

f

W( f )G x x ( f )e j2fW df
i

j

(3.3)

where G x x ( f ) is the cross spectral density between the
signals xi and xj. The main purpose of the weighting
function (transformation) is here to whiten the cross
spectra in order to de-emphasize dominant frequency
components. The Phase Transform (PHAT) [8] whitens the
cross spectra totally and also de-emphasize multipath [2].
PHAT weighting is given from
i

j

W( f ) 1/ | G xi x j ( f ) |

(3.4)

The second method is an adaptive FIR-filter identifying
TDE between pairs of sensors. Different algorithms for
adaptation can be used and in this study we have used the
Normalized Least Mean Square (NLMS).

of the vector xi(n). Since we use the calculated filter
coefficients of the previous time frame as a start value to
the next time frame, the step size and signal energy
( xi (n) 2 ) affects the relationship between new and old time
frame.
One way of improving the filter coefficients for a time
frame, after adaptation, is to recalculate the coefficients
using the samples of the same time frame again. We call
this looping, and this has been used to squeeze out the best
result obtainable for NLMS when the time series data are
not enough.
When the GCC function is used the integration time
should be as long as possible without the signal becoming
non-stationary due to the displacement of the target. The
speed of the target therefore defines the limit of integration
time for the GCC.
The advantage of using adaptive filters is that the time
delay estimation can be updated more often to a low
computational cost.
IV. RESULT
Results from the two methods applied on one target for
the three different baselines are shown below. The position
of the target was tracked by a land based laser system. The
track is shown in figure 3. The target is approximately 10 x
20 meter. The angle of each sensor pair in relation to the
trajectory is approximately the same, using H8 to H1, H3
to H2 and H5 to H6. These pairs form the three different
baselines.

Hydrophone i xi(n)

- xi(n)
Hydrophone j

xj(n)

Adaptive filter
e(n)

Fig. 2 Adaptive NLMS-filter for TDE.
The adapted filter corresponds to the time delay between the signals xi
and xj from hydrophone i and j respectively.

The NLMS algorithm [6] is a gradient searching
method that tries to minimize the least mean square
difference between the desired signal and the filtered
signal. The step size in the searching algorithm must vary
if the signals are non-stationary. The NLMS adjusts the
step-size according to the energy of the signal. The NLMS
is defined by

bn 1

2

bn  ( xi (n) / xi (n) )e(n)

(3.5)

where b is the filter coefficients of the adaptive filter in Fig.
2,  is the step size and xi (n) is the Euclidean norm [6]

Fig. 3 Trajectory of the target past the hydrophones H8-H1, H3-H2 and
H5-H6, where the scale is in meters.

A. Coherence
The Magnitude Square Coherence (MSC) [10] between
the different pairs is shown in Fig. 4. Notice the different
scales of the y-axis. We can clearly see that the coherence
decreases with increasing size of baseline, d. At d=30 m
coherence can only be found for frequencies up to about 1000
Hz. However in this case no Doppler or propagation
compensation has been done. The MSC is better on the
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right side of these plots. Right side represents the situation
where the hydrophones are facing the stern of the target
(from where the sound is generated). The chosen
bandwidth of each baseline is based on the coherence of
the plot (Fig. 4).

laser measurement (assuming constant speed of sound with
depth). We can see that the laser curve for the shortest
baseline has a relatively large deviation from both
estimates of the time delay. This might be due to a simple
model for the spreading of sound, but more likely does it
depend on incorrect assumptions about the position of the
hydrophones. Small baselines are more sensitive to low
accuracy of the sensors position which is a disadvantage
for small apertures.
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Fig. 4 Magnitude Square Coherence using Welch [10], with Hanning
windowed fft’s of 1024 samples, 50 % overlap, analyzing time frames of
1 second totally between xi and xj. xj is delayed according to the laser
curves in Fig. 5. Baselines of 0.5, 9 and 30 meter is plotted, showing the
shortest baseline at the top of the figure. Notice the different y-axis, the
sampling frequency is 48, 12 and 6 kHz respectively.

B. TDE
Results of the TDE from the two methods are shown in
Fig. 5. The lag for max of GCC-PHAT/NLMS filter
coefficient is compared to the calculated time delay from

-20

-25

0
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100

150

200

250

Time [s]

Fig. 5 Time delay estimation by two different methods compared to a
calculated time delay from laser measurement for baselines of 0.5, 9 and
30 meter, showing the shortest baseline at the top of the figure. Sampling
frequency is 48, 12 and 6 kHz respectively Integration time is 1 second.
NLMS parameter; =0.015, 0.0030, 0.0034 and length of filter=68, 128,
296 and number of laps within the same second=1, 5, 20 respectively.
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Fig. 6 show a moment in time for the GCC-PHAT
result/LMS filter coefficients. We can see a decreasing
quality of the TDE (magnitude of max relatively the other
adjacent peaks) with increasing values of the baseline,
which MSC in Fig. 5 also substantiate. This can depend on
different traveling paths for the sound from the target to
each sensor, and/or the different Doppler shift each sensor
see, when the baseline is long.

The difference or error between estimated time delay and
the delay calculated from the laser measurement is plotted
in Fig. 7. It is however hard to state accurate facts
regarding the errors, since the target it self is 10 x 20 meter
and the hydrophone positions are not perfectly known, but
this is presented as a rough estimate for comparison.
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Fig. 6 Correlation and filter coefficient for time frame 130 in Fig. 5. One
plot for each baseline (0.5, 9 and 30 m), showing the shortest baseline at
the top of the figure.
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Fig. 7 The difference or error between estimated time delay and the delay
calculated from the laser measurement, see Fig. 5. One plot for each
baseline (0.5, 9 and 30 m), showing the shortest baseline at the top of the
figure.
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V. DISCUSSION
Fig. 5 and 7 shows that the TDE from the two methods is
approximately the same for the two smaller baselines, at
d= 30 m the GCC PHAT method gives a better estimate for
this target. This is also verified by the RMS value of the
errors in Fig.7, given in Table 1

d
0.5
9
30

TABLE I
RMS error
Result
GCC-PHAT ErrorRMS [ms]
0,112
0,265
2,28

NLMS ErrorRMS [ms]
0,113
0,333
4,76

C. TDE errors effect on the position estimate
From the MSC in Fig. 4 we see a decrease in coherence
as the baseline between the hydrophones increase. This is
also indicated in Fig. 6 where the correlation gets weaker
for larger d. The coherence drop for larger baselines,
especially at higher frequencies, causes a larger uncertainty
in the TDE compared to the laser measurements, clearly
seen in Fig. 7 and Table 1. However our main interest is
not the TDE error but rather the positioning error. Given a
TDE the target can be anywhere on a hyperbola. The
positioning error is given by the position on this specific
hyperbola, and the positioning error increases as the
distance to the baseline increases. This means that even
though the TDE is worse for a large baseline compared to a
small one the positioning accuracy can be much better. We
will therefore compare the positioning error. In our case
the three pairs of sensors have their baseline approximately
in the same direction as the moving target velocity vector,
see Fig. 3. Knowing the perpendicular distance to the
baseline we can estimate the positioning error, Errorpos, in
the direction of the moving target, given the TDE error,
here ErrorRMS. On the perpendicular axes to the baseline,
when the distance, R, is much larger than the baseline, the
error in the moving target direction will approximately be
given as
Errorpos = Drel* ErrorRMS *c

(4.1)

where c is speed of sound and Drel=R/d Using this
approximation we can compare the three baselines and the
comparison is given in Table 2.

d
0.5
9
30

ErrorRMS [ms]
0,11
0,265
2,28

TABLE 2
Position error
Result
Drel [R=75 m]
150
8,4
2,5

Errorpos [m]
24
3,2
8,2

It is clearly seen from the table that we have higher
position accuracy for large apertures.

The results of this study indicate a decreasing quality of
the TDE with an increasing baseline, due to a decreased
coherence. However, despite the fact of decreased coherence,
the study indicates smaller positioning errors for the two
larger baselines compared to the small one. This is of interest
since we, in this work, have not been compensating for the
Doppler shifts between the sensors connected to the large
baseline and nor for the spreading of sound which gets more
complicated for large baselines. In [1] Doppler compensation
clearly improved the TDE and this has to be considered in
future work on scattered arrays. Methods that consider the
spreading of sound, such as Matched Field Processing, should
also be investigated.
In this study we only compared the TDE error for three
pairs of sensors. In the experiment 8 sensors were used
presenting the possibility to get the position from
7+6+5+4+3+2+1=28 pairs of sensors. By triangulation of the
different measurement pairs an accurate positioning in three
dimensions can probably be achieved. Tracking algorithms
such as Kalman, in combination with methods for optimum
sensor combination, is a motivating topic for future work.
Another interesting aspect of scattered arrays with large
baselines is the possibility for accurate positioning using only
relatively low frequencies. This would allow lower sampling
frequencies and therefore require less processing power. Such
traits are of great importance when it comes to realization of
real time systems.
VI. CONCLUSIONS
In this paper we show results of a target positioning, using
a scattered array. Three different sensor pairs were used for
passive positioning. The baseline of these three pairs was 0.5
m, 9 m and 30 m, and the closest point to target was
approximately 75 meters. The study indicates that scattered
arrays can be used for moving target positioning with
satisfying results. It was found, for this target, that the
positioning errors for the two larger baselines were much
smaller than for the short baseline. This despite the fact that
the TDE error in time, compared to laser measurements, is
bigger for the large baseline due to the decreased coherence.
It was also found that whitened generalized cross
correlation and adaptive filter for time delay estimation gave
the same result for the two smaller baselines. For the largest
baseline the cross correlation function performed better.
Investigation of more targets needs to be done in order to
decide the best suited method for the application of scattered
arrays.
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Abstract-This paper considers large scattered arrays for 3D
underwater acoustic positioning and imaging, where the
hydrophone sensors, in the array, form a network over the total
area of interest. A method where the Generalized Cross
Correlation (GCC) function is projected over the volume is being
used, and 3D images are formed. In this paper we determine the
discretization of these images so that they fulfill the Nyqvist
criterion. In order to detect and position targets by scattered
sensors it is important to Doppler compensate and weight the
different sensor pair results. In this paper we divide the water into
volumes where Doppler compensation and pair weightings are
implemented for each volume individually. Various aspects can
govern the weighting assigned to a sensor pair and in this paper
we have used opening angle between sensor pair and target. The
baseline of the sensor pairs varies from 17 – 181 meters, therefore
different frequency bandwidths for each sensor pair is used. The
developed method is tested on both simulations and real
measurement for a surface target.

I.

INTRODUCTION

A sensor network can be thousands of meters in size and
thereby a target moves within the sensor network. Among all
the benefits of using scattered arrays compared to traditional
arrays, we believe that the most important benefits are the
possibility to cover large areas using a small amount of sensors
and that a more accurate position of the sound source can be
estimated. Previous studies [1, 2] have shown that despite
decreased coherence, a scattered array with a large baseline
(distance between the sensors) has better positioning capability
compared to a traditional one (with short baseline). A common

way of estimating the position of a sound source is to use a
least squares solution of each sensor pair’s time delay of arrival
and the searched position [2, 5]. This method gets complicated
when solved for several source positions or when the sound
source is distributed. The sound source becomes distributed for
example when a sound source is moving within a sensor
network and the size of the target is of the same magnitude as
the sensor baselines. By projecting all the sensor pairs GCC
functions on a map, one or several sound sources can be
resolved. This method can be seen as a position beamformer
instead of a bearing beamformer and is suitable for imaging of
sound sources moving within a sensor area.
II.

GENERALIZED CROSS CORRELATION FUNCTION

Two signals xm(t) and xn(t), received at two spatially
separated hydrophones, m and n, emitting from a sound source,
s(t) can mathematically be modeled as
xm (t ) = s(t ) + n1 (t )

(1)

xn (t ) = s(D mn (t − ∆t )) + n2 (t )

(2)

where n1(t) and n2(t) are assumed to be mutually uncorrelated
noises, ût is time delay and Dmn is the relative signal
compression [7] due to the different Doppler at the sensors.
The Generalized Cross Correlation function (GCC) is used to
calculate the correlation function, R x x of a sensor pair. The
m

n
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GCC function [4] is weighted by a weighting function, W( f ).
The GCC function is given by
R x x (2 ) =
m n

³

∞

−∞

W( f )G x x ( f )e
m n

j2fτ

df

0.12

(3)

0.12

0.1

0.1

0.08

0.08

0.06

0.06

0.04

0.04

0.02

where G x m x n ( f ) is the cross spectral density between the
signals xm and xn. The main purpose of the weighting function
(transformation) is to whiten the cross spectra in order to deemphasize dominant frequency components. Different
weightings can be used [3]. The Phase Transform (PHAT) is a
commonly used weighting [3] and is given from
W( f ) = 1 / | G x

x

m n

(f)|

(4)

A. Sensor pair effective bandwidth
For a point target the frequency bandwidth is the same for all
sensor pairs. However for real targets the frequency bandwidth
decreases as the opening angle increases between the sensor
pair and the target. To get the effective bandwidth we assume
that a sound source has extension Ls . At wavelength λ the
sound source will have a lobe width approximately given
by λ Ls . If the two sensors mn with a separation of 2d s ( mn )
should be in the main lobe the wavelength has to be

0
0

0.02
1000 2000 3000 4000 5000 6000 7000

Pair 4 6, 10–1600 Hz

0
0

1000 2000 3000 4000 5000 6000 7000

Pair 4 6, 10–1600 Hz

Figure 1. Doppler compensated R x4 x6 on the right hand side of the figure and
non-compensated R x4 x6 on left side in the figure.

III.

VOLUME DIVISION/ IMAGE DISCRETIZATION

The water is divided into small volumes with index i, j and p.
The delay difference of a sensor pair with sensor positions X m
and X n for a volume element with position Vijp is given by

τ mnijp =

Xm − Vijp − Xn − Vijp
C0

(8)

where C0 is the speed of sound. By placing the corresponding
sample of R x x (τ ) in that volume element, an image with
index i, j and p , Map mn ( v ijp ) is formed according to
m n

λmn >

2d s ( mn ) Ls
Rmn

(5)

N

Map mn (Vijp ) =

N

¦¦R

xm xn

(τ mnijp )

(9)

m =1 n=( m+1)

where Rmn is the distance between the sensors and the target. If
we assume that Rmn is approximately the same for all sensor
pairs the maximum frequency for pair mn is given by
mn
f max
= f max

d smin
d s ( mn )

(6)

where N is the total number of sensors. The different sensor
pairs Map is then superimposed to get an intensity image of the
area, as in Fig. 7
For the case of not perfectly matched Map’s due to for
example, not enough accurate sensorpositions, dips in R x x
can not be considered. Therefor the envelope of R x x is used.
The envelope of the correlation function is computed by the
Hilbert transform.
m n

where d smin is the smallest sensor distance with operational
bandwidth fmax .
B. Doppler
The sensor signals, xm(t) and xn(t) contain different Doppler
shifted versions of the emitted signal. A compression or
widening in time of one of the signals that corresponds to the
relative difference in Doppler, Dmn [1] according to

Dmn (t ) = t (1 + D m − D n )

(7)

is done. The GPS positions are used to calculate the Doppler of
sensor m and n, Dm and Dn.respectively. With this Doppler
adjustment correlation peaks for more sensor pairs can be
found. An example with and without Doppler adjustment of
R x x is shown in Fig.1. We can see a small peak in the Doppler
adjusted case.

m n

To discretize the volume, the bandwith of the sensor pairs
and the projection in the volume has to be considered. Starting
with the case of two sensors, m and n in a coordinate system
(ξmn ,ηmn , z ) with the origin of the coordinates in the middle
between the two sensors on the ξ mn -axis. The hyperboloid in
three dimensions is defined by a specific delay difference, 2amn
and sensor separation, 2 d s according to
mn

2
2
ηmn
+ z 2 ξ mn
= 2 −1
2
bmn
amn
2
2
= d s2 ( mn ) − amn
where bmn

(10)
(11)

4 6

The discretization of the time delay is given by the signal
bandwidth and the Nyquist criterion. This gives the
discretization, ∆a of a and we will now derive the discretization
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of the image plane ( ξ mn ,ηmn , z ) for these two sensors at depth z.
By differentiating ξ mn we get
2
2
§ξ
a 3 (ηmn + z ) ·
¸ ∆amn
∆ξ mn = ¨ mn + mn
4
¨ amn bmn
¸
ξ mn
©
¹

(12)

and differentiating ηmn
d s2 ξ mn2
§a
∆η mn = ¨ mn − mn 3
¨η
© mn η mn amn

·
∆a
¸¸ mn
¹

(13)

the minimum in distance between the hyperboloids at point
(ξ1 ,η2 , z ) is

δ mn =

∆ξ mn ∆ηmn
2

( ∆ξ ) + ( ∆η )
mn

(14)

2

Figure 2. Each delay difference (colorbar) for a sensor pair gives rise to an area
limited by hyperbolas. In this plot the area is limited by a circle. Blue circles in
the middle are the sensor positions and also the focal points in the formula for
a hyperbola (baseline 40m).

mn

and with the direction angle
cos α mn = /ˆ mn ⋅ ˆ mn =

∆ηmn
2

( ∆ξmn ) + ( ∆ηmn )

2

With all sensors in the coordinate system
discretization is found to be

(15)

( x, y , z )

δ mn
°
°½
∆x = min ®
¾
+
cos
θ
α
(
)
mn
mn
¯°
¿°

(16)

°
½°
δ mn
∆y = min ®
¾
°¯ sin (θ mn + α mn ) °¿

(17)

the

B. Angle between baseline of sensor pair and target/volume element
A delay difference, 2amn for a sensor pair, mn gives rise to a
hyperbola of possible source positions. A discretized a, ûa
then gives rise to an area limited by two hyperbolas, as in Fig.
2. A pattern for 2ûa for -20 to 20 is shown for a sensor
baseline of 40 meters (2ds). Since the position uncertainty area
depends on the angle between the baseline of the sensor pair
and target/volume, a weighting that depends on the pattern in
Fig. 2 is used. The area, A of section 1 shown in Fig. 3, is the
summation of the area of a hyperbola, Ah and a circle segment,
Acs.
A = A h + A cs

(18)

Ah, in Fig. 3, is given from
where θ mn is the rotation angle between the coordinate system
( x, y, z ) and the coordinate system (ξmn ,ηmn , z ) .

2

Ah =

IV.

2a

WEIGHTINGS FOR SENSOR PAIR IMAGE SUMMATION

Since a sensor network contain sensor pairs with different
baselines and locations, weighting of the different pairs GCC
can improve imaging of the sound sources. We have formed an
angle weight that weights different sensor pairs GCC in
relation to their baseline location in comparison to an image
volume. Due to the different sizes of the baselines a sensor pair
dependent bandwidth filtering is also done.

A. No weighting
With no weighting and by using the GGC-PHAT function
the coherence becomes the weighting.

2

b(2c p c p + a 2 + 2a 2 ln(c p + c p + a 2 ) − a 2 ln(a 2 ))

(19)

where b2 is given from (11) and the x coordinate, cp for the
crossing point C, is given from
cp =

(b 2 + a 2 )(r 2 − b 2 )
a
b2 + a 2

(20)
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C. Frequency dependent weighting
Since the sensor pairs baseline have different sizes,
frequencies relatively the size of the baseline should be used as
given in section II A. We here call this a weighting, Wf
V.

Figure 3. Area of a hyperbola limited by a circle. The total area, A is Ah + Acs.

Acs limited by cp and radius, r is given from
§
cp
1
¨
A cs = r 2π − c p r 2 − c p 2 − r 2 arctan¨
2
¨ r 2 − c p2
©

·
¸
¸
¸
¹

(21)

MEASUREMENT SETUP

The data are from a measurement campaign along the
Swedish coastline of low salinity waters where the average
depth was 20 meters. Six hydrophones were used
simultaneously. The 6 hydrophones form 15 pairs of
combinations. The hydrophones were omni directional and
placed close to the seabed. The sound velocity was almost
constant with depth. The target positions were registered by a
GPS. The target moved at the surface and was approx. 20 x 8
meters. Results from two measurement setups are shown.
Setup 1 can be seen in Fig. 5 and setup 2 in Fig. 6. The position
of the target in setup 1 gives an example when the proposed
method gives good results without weighting. In setup 2 the
hyperbolas from the different pairs do not match perfectly and
then the method with weighting gives better results.

A half circle is divided by K numbers 2ûa giving K hyperbolas,
each area between two hyperbolas, B(k) is given from
k =1
A(1)
°
B(k ) = ®A(k ) − A(k − 1)
1< k < K
°2(A(K) - A(K - 1)) k = K
¯

(22)

The method is visualized in Fig. 4 above. The angle weighting,
Wa is then given from
Wa (k ) = 1 /B(k )

(23)

Figure 5. Sensor and target setup 1.

Figure 4. Area of hyperbola segment, B(k).

Figure 6. Sensor and target setup 2.
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RESULTS

To illustrate the capability of the method, both simulations
and measurements are presented according to the setups in Fig.
5 and 6. In both simulations and measurements analysis time
frame is 1 second and Fs is 24 kHz. The discretization is
derived from (16) and (17) and they are found to be 0.2 m
along the x-axis and 0.1 m along the y-axis. To get a
symmetric resolution 0.1 m is used for both axes.

A. Simulations
In order to compare and verify the results from the
measurement, simulations are made. Simulation setup is the
same as for the case of the measurement setup 2. Simulations
are done using the model in (1) and (2), with the source signal,
s(t) being normal distributed white noise. The simulation is
shown in Fig. 7. The pattern from the hyperbolas of each
sensor pair can clearly be seen. We can also see that the
uncertainty region of the target position is only a few meters.

Figure 8, Setup 1, measurement data, no weighting.

Figure 7. Setup 2, simulation, no weighting.

Figure 9 Setup 2, measurement data, no weighting.

B. Measurement analyses
Positioning (red areas in image) are compared to the GPS
measured positions for measurement data. Since the angle
weighting, Wa and the sensor pair dependent bandwidth
filtering, Wf did not improved the result for setup 1, a result
for that setup without the weightings is shown in Fig. 8. For
setup 2 the hyperbolas from the different sensor pairs do not
match perfectly. Wa and Wf here improved the position
estimation. The weighting enhances all crossing points of the
hyperbolas, which can be seen in Fig. 12. The enhancements of
the weighting in steps are shown in Fig. 9 – 12. In Fig. 9
compared to Fig. 10 we can see that Wa reduce uncertainty
regions due to wide hyperbolas. In Fig. 11 we can more clearly
see the results from the sensor pairs of larger baselines due to
the use of Wf. In Fig. 12 both frequency bandwidth and angle
weighting are used and all points of intersection appear more
distinct, which is favorable in situations with uncertain sensor
positions or when the sound source is distributed.

Figure 10 Setup 2, measurement data, angle weighted result.
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a pair, thereby enhancing all intersection points which is
favorable in non ideal measurement situations.
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Abstract- An acoustic passive positioning/image method using
widely distributed sensors in a network is shown. Previous studies
have shown that, despite decreased coherence (due to the larger
sensor separation) between sensor signals, a scattered array can
give a better positioning capabillity. The positioning method
divides the water into volumes and uses a weighting of each sensor
pair’s correlation (Generalized Cross Correlation) to test each
volume individually. Various aspects can govern the weight
assigned to a sensor pair and we have in this paper used distance
from sensor to target. By backprojecting the correlation results,
an image of the sound source is formed. By looking at different
depths, an intersection point is found at the layer where the sound
source is located. Even though all sensors are located
aproximately at the same depth, simulations are indicating that it
is possible to position in 3D within the sensor network. Outside
the network, 3D positioning is more difficult. The developed
method is tested on both simulations and real measurement data
from a measurement campaign along the Swedish coastline. In
order to image a moving sound source by scattered sensors it is
also important to Doppler compensate.
I.

accurate position of the sound source can be estimated.
Previous studies [1, 2] have shown that despite decreased
coherence, a scattered array with a large baseline (distance
between the sensors) has better positioning capability
compared to a traditional one (with short baseline). In [6] we
formed an angle weight that weights different sensor pairs
GCC in relation to their baseline location relative to an image
volume. Due to the different sizes of the baselines, a sensor
pair dependent effective bandwidth was used [6]. In this paper
a distance weight is formed and used. A common way of
estimating the position of a sound source is to use a least
squares solution of each sensor pair’s time delay of arrival and
the searched position [2, 5]. This method is complicated in the
case of several sound sorces or when the sound source is
distributed. By backprojecting all the sensor pairs GCC
functions on a map, one or several sound sources can be
resolved. This method can be seen as a position beamformer
instead of a bearing beamformer and is suitable for imaging of
sound sources moving within a sensor area.

INTRODUCTION

When a limited number of sensors are distributed over a
larger area, it is more likely that a nearby target passes within
the the sensor area. Among all the benefits of using scattered
arrays compared to traditional arrays, we believe that the most
important benefits are the imaging possibilities and that a more

II.

GENERALIZED CROSS CORRELATION FUNCTION

Two signals xm(t) and xn(t), received at two spatially
separated hydrophones, m and n, emitting from a sound source,
s(t) can mathematically be modeled as
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xm ( t )

s(t )  n1 (t )

(1)

xn (t )

s (D mn (t  't ))  n2 (t )

(2)

where n1(t) and n2(t) are assumed to be mutually uncorrelated
noises, ût is time delay and Dmn is the relative signal
compression [7] due to the different Doppler at the sensors.
The Generalized Cross Correlation function (GCC) is used to
calculate the correlation function, R x x of a sensor pair. The
m

n

W mnijp

X m  Vijp  X n  Vijp

where C0 is the speed of sound. By placing the corresponding
sample of R xm xn W in that volume element, an image with
index i, j and p , Map mn ( v ijp ) is formed according to
N

Map mn (Vijp )

m xn

(2)

³

f

f

W( f )G x

m xn

( f )e j2fW df

(3)

where G x m x n ( f ) is the cross spectral density between the
signals xm and xn. The main purpose of the weighting function
(transformation) is to whiten the cross spectra in order to deemphasize dominant frequency components. Different
weightings can be used [3]. The Phase Transform (PHAT) is a
commonly used weighting [3] and is given from
W( f ) 1 / | G x

x

m n

(f )|

(4)

A. Doppler
The sensor signals, xm(t) and xn(t) contain different Doppler
shifted versions of the emitted signal. A compression or
widening in time of one of the signals that corresponds to the
relative difference in Doppler, Dmn [1] according to
D mn (t )

t (1  D m  D n )

xm xn

(W mnijp )

(7)

where N is the total number of sensors. The different sensor
pairs Map is then superimposed to get an intensity image of the
area, as in Fig. 7
In the case of not perfectly matched Map’s due to for
example, inaccurate sensorpositions, dips in R xm xn are
inadequate for evaluation. Therefore the envelope of R xm xn is
used. The envelope of the correlation function is computed by
the Hilbert transform.
To discretize the volume, the bandwith of the sensor pairs
and the projection in the volume has to be considered. The
hyperboloid in three dimensions is defined by a specific time
delay difference, given by 2amn in the spatial domain, and
sensor separation, 2 d s The discretization of distance in amn is
damn and is found from the signal bandwidth and the Nyquist
criteria,. Assume damn to be small, the discretization in the
global coordinate system x, y, z is [6]
mn

(5)

is done. The GPS positions are used to calculate the Doppler of
sensor m and n, Dm and Dn.respectively. With this Doppler
adjustment correlation peaks for more sensor pairs can be
found. An example with and without Doppler adjustment of
R x4 x6 is shown in Fig.1. We can see a small peak in the Doppler
adjusted case.
0.12

0.12

N

¦¦R
m 1 n m 1

GCC function [4] is weighted by a weighting function, W( f ).
The GCC function is given by
Rx

(6)
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(9)

0.1

0.1

where T mn is the rotation angle between the global
coordinate system x, y , z and the local coordinate system
0.04
[ mn ,K mn , z . The local coordinate system for sensor m and n
0.02
has its sensors on the [ˆmn - axis. Equation (8) and (9) shows
0
0
1000 2000 3000 4000 5000 6000 7000
that the discretization are different at different places in space,
Pair 4 6, 10–1600 Hz
Pair 4 6, 10–1600 Hz
by not using a higher discretization then necessary,
computation time can be shortened. However in this paper we
Figure 1. Doppler compensated R x4 x6 on the right hand side of the figure and
select 'x x, y, z and 'y x, y, z to be uniform given by the
non-compensated R x4 x6 on left side in the figure.
smallest discretization needed over the imaged area. A 2D
projection of the hyperboloid to a plane given by [ˆmn and Kˆmn
at height z is shown in Fig. 2. G mn x, y, z is the distance
III.
VOLUME DIVISION/ IMAGE DISCRETIZATION
between the two hyperbolas with separation damn at x, y , z
The water is divided into small volumes with index i, j and p. and D
ˆ
ˆ
mn x, y , z is the angle beetwen [ mn and G mn x, y , z .
The delay difference of a sensor pair with sensor positions Xm
and Xn for a volume element with position Vijp is given by
0.08
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MEASUREMENT SETUP

The data are from a measurement campaign along the
Swedish coastline of low salinity waters where the average
depth was 20 meters. Six hydrophones were used
simultaneously. The 6 hydrophones form 15 pairs of
combinations. The hydrophones were omnidirectional and
placed close to the seabed. The sound velocity was almost
constant with depth. The target positions were registered by a
GPS. The target moved at the surface and was approx. 20 x 8
meters. Result from a measurement setup where the target was
approximately 150 m away from all sensors has been shown in
[6]. A setup where the target is closer to the sensors is used
here. Setup 1 can be seen in Fig. 3 and setup 2 in Fig. 4.
Results from different depths are shown.
Figure 2. The discretization da mn for a sensor pair (m,n) (yellow dots) is
connected to a hyperbola in the coordinate system ( x, y, z ) . G mn x, y , z
is the distance beetwen the two discretized hyperbolas at the point ( x, y, z ) .
Coordinate system ( x, y, z ) is the global coordinate system for all sensors.

IV.

WEIGHTINGS FOR SENSOR PAIR IMAGE SUMMATION

Since a sensor network contains sensor pairs with different
baselines and locations, weighting of the different pairs GCC
can improve imaging of the sound sources. In [6] angle weights
in time domain was formed for all sensor pairs GCC in relation
to their baseline location in comparison to an image volume.
In frequency domain the increase in opening angle between the
sensors and the moving target decrease the effective
bandwidths [6]. An opening angle dependent bandwidth
filtering was therefore used in [6]. In this paper distance weight
only is used.
A. No weighting
With no weighting and by using the GGC-PHAT function
the coherence becomes the weighting.

Figure 3. Sensor and target setup 1.

B. Distance between sensor pair positions and target/volume
element
In section III (8) the water is divided into small volumes
with index i, j and p. Since R x x W is normalized (using
PHAT), we form a distance dependent weight to give sensor
pairs closer to the source a higher influense on the result map.
dist
The distance weight, Wmnijp
for a sensor pair with sensor
positions Xm and Xn in relation to a volume element with
position Vijp is given by
m n

N

N

¦¦
dist
Wmnijp

X n  Vijp X m  Vijp

m 1 n m 1

X n  Vijp X m  Vijp

(10)
Figure 4. Sensor and target setup 2.
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VI.

RESULTS

To illustrate the capability of the method, both simulations
and measurements are presented according to the setups in Fig.
3 and 4. In both simulations and measurements analysis time
frame is 1 second and bandwidth is 4 kHz. The discretizations
are derived from (8) and (9) and are found to be 0.2 m along
the x-axis and 0.1 m along the y-axis. To get a symmetric
resolution 0.1 m is used for both axes.
The possibility to position in 3D for the two measurement
setups is first tested with simulations. Since a point source
approximation is made and no multi-path or noise is added in
the simulations, the weighting is shown only for measurement
data.
A. Simulations
In order to compare and verify the results from the
measurement, simulations are made. A simulation at a position
within the network is also shown. Simulations are done using
the model in (1) and (2), with the source signal, s(t) being
normal distributed white noise.

Figure 5. Setup 1, simulation, surface.

Simulation for setup 1 is shown in Fig. 5-7. The difference
between Fig. 5 and 6 is depth. Fig. 5 is showing the surface
where we can see a distinct point. In Fig. 6 the result from 11
meters depth is shown and the target is no longer a distinct
point. Fig. 7 is plotting the contour of values higher then 0.9
(red areas in Fig. 5 and 6) for different depths. The contour is
spreading with depth below and above the surface (the
simulated target is located at the surface at 21 m).
In the case of setup 2 the intersection point moves with
depth, instead of spreading, as can be seen from Figure 8 and
10. However, as an indication, the form of the sound source is
wider in Fig. 10 then in Fig. 8, but it is probable not possible to
position in 3D with this setup. Figure 9 is showing the contour
of height 0.85 (blue curve) and height 0.94 (red curve) from
Fig. 8. For an easier comparison with measurement this
illustration is better.

Figure 6. Setup 1, simulation, depth 11 m.

Figure 7. Setup 1, simulation, above and under surface (21 m), taking the
contour of values above 0.9 for each depth.
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B. Measurement analyses
Positioning (red areas in the images) are compared to the
GPS measured positions for measurement data for setup 2.
Since the simulation showed that it is not possible to position
in 3D for this setup, surface plots only is shown in Fig. 11-13.
In Fig. 11 the result is more scattered (to be compared to Fig.
9). By plotting the contour of values above 0.85 and 0.94 we
get a picture very similar to the simulation in Fig. 10, except
for a few meters offset that is likely caused be the size of the
target and thereby the GPS and the sound source has a
separation in position. In Fig. 13 the distance weight formed in
section. IV.B. is used. A more distinct intersection point is
hereby found and it fits well to the GPS measured position of
the target.
Figure 8. Setup 2, simulation, surface.

Figure 11. Setup 2, measurement data, no weighting, surface.
Figure 9. Setup 2, simulation, surface, contour of values above 0.85 (blue
curve) and 0.94 (red curve) from Fig. 9.

Figure 12. Setup 2, measurement data, no weighting, surface, contour of values
above 0.85 (blue curve) and 0.94 (red curve) from Fig. 11.
Figure 10. Setup 2, simulation, no weighting, depth 2m.
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Abstract
Sparsely distributed sensors or sparse arrays are associated with
high positional accuracy and capability for large area surveillance.
This article shows, both through simulations and with real measurement data, that sparse sensor systems can be used to accomplish highperformance underwater surveillance. The article focuses on measurement setups with several passive single hydrophones placed hundreds
of meters apart, combined to a sparse array in shallow water. A sound
source is then more likely to move inside the array, and thus near-field
processing has to be considered. In this way, images of the coherent
sound activity for different sensor pairs are formed, and every sensor
pair map is summarized into a resulting map. By using all sensor pairs,
the systems become more robust against multipath interference. Good
correlation results are shown despite the fact that the sound source
is at the same distance as the baseline of the sensor pairs. This is
achieved by Doppler compensating for target movement and also by
whitening of the cross-spectra. The analyses of the measurements also
show that baseline-dependent bandwidth can improve the results. In
the paper, it is indicated from experimental data that two propeller
sound sources could be resolved, and in another measurement setup
the engine could be separated from the propellers.

1

Introduction

In the recent decades there has been a dramatic development in the area of
digital signal processing. More effective computers have led to the fact that
more computationally demanding processing methods can be used. An increased interest in systems of sparsely distributed sensors or sparse arrays for
surveillance has been seen in recent years. This is due to better computational
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capabilities and the ability to synchronize different groups of sensor systems,
mainly through the use of the Global Positioning System (GPS). With sensor
pairs in different directions and at different ranges, passive systems provide
an opportunity to detect, classify and even identify targets speed and moving
direction without being revealed to the target. This is an advantage compared to active sensors. For example, there have been many publications in
the field of passive multistatic radar in recent years [1]. When applied to
radar the large sparse array will add the capability to detect and measure
the localization with very high accuracy. In many ways this could lead to
a paradigm shift, for example in the case of tracking and anti air missile
guidance [2]. In underwater acoustics, the increased processing capabilities
has lead to that large sparse arrays can observe all targets in the near field of
the array just by back projecting the measurement data. However, there are
very few publications on underwater sparse arrays or in the field of purely
passive acoustic applications, and even fewer concerning passive imaging of
moving continous sources. In the field of purely passive acoustic applications,
sparse arrays have been used for the localization of transients in different applications. For seismology applications, a multistatic system localized and
imaged transients in [3]. In [4], clicks from sperm whales were localized by
five arrays consisting of 5 sensors spread several kilometers apart in the water
and situated at a depth of up to one kilometer. To the best of our knowledge,
no article concerning the imaging of broad-band moving sound sources has
been published. In [5], however, the imaging of an underground non-moving
transient source with a frequency range of 5 to 50 Hz, using only two line arrays, was discussed. Furthermore, in [6], broadband non-moving continuous
sound sources were imaged, and a comparison of simulation results from 4
different methods was given. An image was defined as a comparison between
predicted and measured time lags projected into a map consisting of the horizontal plane around the array. Results from the article indicated that the
time of arrival difference, TOAD method, which is similar to the solution
presented in this article, gave the best results for high Signal to Noise Ratios
(SNR). However, in applications of sparse arrays with many hydrophones, [7]
is the most similar publication in comparison to the work presented in this
paper. In [7] a moving broadband target where localized by 16 hydrophones
in a sparse array. The article focused mainly on localization and used only
the time of arrival and therefore no image generation was considered. Thus,
to our knowledge, there have been no publications concerning imaging of
broadband moving sound sources.
In this paper, a method for imaging moving continuous broadband sound
sources within a scattered sensor array is demonstrated. This image can be

Imaging of moving continious
broadband sound source within a sensorfield

used as an instrument for detection, localization, classification and identification. The image is defined and shows back projected pairwise coherence
over an area in the water volume. Different sensor pairs record different sides
of the sound source. By using filtered and weighted correlation results from
all sensor pairs, the image quality of the sound source can be improved significantly. In this paper we use an integration time such that the synthetic
aperture formed by the targets motion is small. However, because of the large
amount of sensors and the measuring speed and direction, the three dimensional speed and velocity can be found with the help of the over-determined
equation system. In this way, it could be possible to increase the integration
time by increasing the compensation for the range walk or range bending
(Doppler changes) in the signals. This is associated with passive synthetic
aperture sonar and a larger resolution in all dimensions could be found. The
higher resolution for each sensor leads to higher resolution and better quality
in the final image. By placing sensors over the entire surveillance area, the
system gets closer to the target under observation, and complicated propagation condition effects, typical for those in shallow waters, lessen. The
disadvantage of this is that the received signals then become more dissimilar
to each other and thereby the coherence is decreased. In previous work [8],
real measurements from three different baselines were used. Despite a decreased coherence due to a larger separation distance, smaller positioning
errors for the larger baselines (30 m), when compared to the small one (0.5
m), were found even though no compensation for the Doppler shifts between
the sensors connected to the large baselines was made. Also, the broadside
case was used where the highest Doppler shifts occur. If an end-fire case had
been used instead, even larger errors for the smaller baselines would have
been found.
The propagation characteristics in underwater acoustics are complicated
and associated with multipath, reverberation and changing sound velocity
throughout the water volume [9]. This will in turn also decrease the coherence. By using the Generalized Cross Correlation function [10] weighted by
the Phase Alignment Transform [10], GCC-PHAT, all frequencies are given
the same influence, and the coherence can thus be increased. In sparse arrays,
the same sound source are measured from different directions with different
paths that lead to a suppression of the multipath effects. In sparse arrays,
the hydrophone measured signals can contain different sounds from the same
target, which means that boats sound differently when going in different direction. For example, if the boat is large the sound waves caused by e.g. the
propagating forward may be almost incoherent with the sound waves propagating backward caused by the stern. These two signals will not correlate.
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However, with the help of a sparse array both sources may be detected and
imaged. If the sound source is moving, the signals also get compressed or
spread in time due to Doppler. For normal linear arrays, the Doppler shift
is essentially identical all over the aperture. In sparse arrays, however, this
is not the case and as integration time increases the Doppler has to be compensated in each sensor correlation. In a situation where targets move inside
the array the Doppler difference between two sensors is only limited by the
targets speed. By compensating for Doppler, the coherence is improved and
more sensor pairs can then contribute to the image.
In this article we have used target speed as determined by the help of
a GPS instead of estimated from measurement data. This is done because
the papers main focus is on the evaluation of the method and therefore no
Doppler estimation is considered. In [7] Doppler is found in a pre-processing
stage using closely placed sensors. For setups with only large baselines and
signals of low SNR, blind hypotheses have to be tested until detection can
be made. Then, Doppler can be estimated. However, with high SNR of
the signals, Doppler can directly be estimated from the data and this is also
one of the high potentials of a spatially large sensor system. If the correct
Doppler can be estimated, a longer integration time can be used and thereby
the target can be better resolved. Another potential of the system is that
Doppler also discriminates against sound sources with other speeds than the
target.

2

Signal model

Let s(t) be the signal emitted from a target sound source. The received signal
x̃n (t) at hydrophone n at measurement time t can then be modelled as
x̃n (t) = s(D̃n (t + δtn )) + nn (t)

(1)

where δtn is the propagation time from target to hydrophone n, D̃n is the
signal compression or widening connected to the movement of the sound
source, and nn (t) is uncorrelated noise. The projected velocity to each sensor
and its connected Doppler will, in a sparse array, be very different, resulting
in separate compression ratios for each sensor.
In a scattered array, the sensors have different positions, and a target
will thereby likely maneuver inside of the lattice of the array. This means
that the array elements may cover up to 360 degrees of the target. In the
scattered array different sensor pairs will be situated in different directions
compared to the sound source. The opening angle, φmn , for sensor pair mn
with baseline bmn (distance between sensors) in comparison to the sound
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source is defined as is shown in Fig. 1. In a passive system with a sparsed
array, large values of the angle φmn will limit the coherence in the sound
field between the two measurement points. This is not considered in 1 but
is discussed in Sect. 4.5, where different bandwidths are chosen to suit the
opening angle of each sensor pair.

2.1

Doppler effects

If a sound source is moving to or moving from a sensor, it causes the received
signal to get either decompressed or compressed in time. This means that
the frequency shifts as a sound is moving from a sensor, and there will be
a decrease in frequency. If the sound source moves closer there will be a
increase in frequency. In a scattered sensor system, this can be used to
estimate the velocity and moving direction. However, it is also necessary to
compensate for the Doppler effect when correlating different sensor pairs in
order to increase the peak to noise ratio. In the detection phase, this process
is blind. This work, however, focuses on an imaging process, so pre-known
speed is therefore used in the process. The following pre-processing is done
to transform all the sensor signals to zero Doppler.
xn (t) = x̃n (Dn (t))
= s(Dn (D̃n (t) + δtmn ) − δtn ) + nn (Dn (t))
= s(t) + ñn (t)

(2)

where ñn (t) is still considered to be uncorrelated noise. If no compensation for Doppler is done, it results in a decreased coherence. As φmn increases,
the coherence between two sensors decreases. This is illustrated in [8], where
the magnitude squared coherence, without Doppler compensation, is shown
for different sizes of baselines and thereby different Doppler.

3
3.1

Measurement data
Measurement setup

In this article, we present and analyze results from two different measurement
campaigns with two different measurement setups and three different measurements. The measurement setups and target properties are given in Table
1 and 2. In Fig. 2 and Fig. 3, the three different measurement setups are
shown. For the two first measurements, 1A and 1B, the same target is used.
The target - sensor distance is, however, generally bigger than the baseline
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Table 1: Target, environment, and sensor setups for the different measurements where the sound velocity is given as c and Depth is sensor depth.
Setup Target Bottom c [m/s] bmn [m] Depth [m]
1
1
rocks
1421 17-181
9-14
2
mud
1485 90-141
13-18
2

Target
1
2

Table 2: Size, velocity, and placement of Targets.
Size [m] Speed [m/s] Propellers Placement
20x8.0
2.5
2
surface
4x1.5
0
1
surface

bmn in 1A, while in 1B the baseline is bigger then the distance. In Measurement 1A, the target is far away from the coastline while in 1B the coastline,
is ∼ 150 m on the opposite side of the target in comparison to the sensor
network. In Measurements 1A and 1B, the target is moving with a velocity
of 2,6 m/s, while in measurement 2 the target is not moving. According to
Tables 1 and 2, the target in Measurement 2 is very small in comparison to
the target in Measurement 1. Note that the bottom condition with rocks in
Setup 1 gives stronger bottom reflection than in Setup 2 where the bottom
is covered with mud as is shown in Table 1. During the experiment, the
positions of sensors and targets were measured with a Differential Global
Positioning System, DGPS, which gives a deviation of 0,5 to 5 m.

3.2

Target sound

Frequency spectra of the received signals in Setup 1 is shown in Fig. 4 and
Fig. 5, and only an estimate of the frequency spectra of one sensor is shown
for Setup 2 because the sensor signals were not satisfactorily calibrated in
this experiment. This absolute calibration error is, however, not important
for the final result, since PHAT weighting of the GCC will normalize all
frequencies resulting in an amplitude equal to one in the frequency plane.
The frequency spectra in Fig. 4 and Fig. 5 are from the same target and
thereby the spectra are similar. They decay in both setups as the frequency
increases. However, there is a broad peak at 10,000 Hz for Measurement
1A in comparison to 1B. A reasonable explanation for the peak in 1A could
be that the stern of the target is sensed by several sensors and thereby the
noise from the cavitation of the two propellers is registered. In spectra for
Measurement 1B, there is an indication that tonals are registered from the
target. This can also can be confirmed by the sound files. In Measurement
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Figure 1: Example of setup where geometric parameters are defined.
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Figure 2: Setup 1. In Measurement 1A, the distance to all sensors is approximately the same, while in Measurement 1B the distances are very different.
The water environment is given in Table 1 and target properties are given in
Table 2.
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1B, the engine sound could clearly be heard, while in Measurement 1A the
engine could not be heard. The maximum bandwidth of 12 kHz will be used
for Setup 1A, and the effective bandwidth is analyzed in Sect. 4.5. Spectra
of one sensor for Setup 2 is seen in Fig. 6. The maximum bandwidth that
will be used for Setup 2 is 11 kHz.

4

Imaging

The sensors and targets are placed in the 3 dimensional-space. In this article
the images are for the sake of convenience processed for one depth, which
results in a two-dimensional image. This is also consistent with the two
surface vessels used as targets in the measurements. An image is defined as
the pairwise coherence projected over the area of interest. To form the image,
sensor pair correlation results are backprojected into a map. An example of
an image from one sensor pair is seen in Fig. 7.

4.1

Cross-correlation

In this work, we use the GCC function Rmn (τ ) between two sensor signals
xm and xn , where
Rmn (τ ) =

Z ∞

Wmn (f )Gmn (f )ej2πf τ dt

(3)

−∞

and where Gmn (f ) is the cross-spectra and Wmn (f ) is a weighting function. If the broadband signal contains dominant frequency components, as in
Figs. 4 - 6, this can cause spatial aliasing. A weighting function, Wmn (f ), is
used to manipulate the importance of the different frequencies. The PHATweighting function [10] takes away effects from dominant tones by weighting
all frequencies equally. Wmn (f ) for the PHAT weighting is given by
Wmn (f ) =

1
| Gmn (f ) |

(4)

As described in Sect. 3, the coherence depends on the bandwidth used
and to compensate for that, a filter function, P (f ), is used. The total overall
weight is then defined as
Wmn (f ) =

P (f )
| Gmn (f ) |

(5)

In some measurements, the peak of the GCC function is negative. Negative dips in the vicinity of a peak could, for example, be caused by a sound
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Figure 3: Setup 2. Sensor to target distances are smaller or in the same size
as the sensor baselines. The water environment is given in Table 1 and target
properties are given in Table 2.
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Figure 4: Spectra estimate for all sensor signals in Measurement 1A. In the
estimate, data of 1 sec are divided into 94 averages where boxcar is used.
The frequency resolution ∆f is 94 Hz.
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Figure 5: Spectra estimate for all sensor signals in Measurement 1B. In the
estimate, data of 1 sec are divided into 94 averages where boxcar is used.
The frequency resolution ∆f is 94 Hz.
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Figure 6: Spectra estimate of sensor signal 2 in Measurement 1B. In the
estimate, data of 1 sec are divided into 86 averages where boxcar is used.
The frequency resolution ∆f is 86 Hz.
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source that is beneath the surface. By using the envelope of Rmn (τ ), the
negative peaks are turned positive, and a broader peak of Rmn (τ ) is given.
This is favorable for low resolution images and is also more robust against
sensor position errors, as described in Sect. 4.4. We call this non-coherent
processing and it is defined as
R̃mn (τ ) =| Rmn (τ ) + jH(Rmn (τ )) |

(6)

where H is the Hilbert transform of Rmn (τ ) and is implemented as in [11].

4.2

Image discretization

The area where an image is formed is divided into volumes, vijk , in which
the cross-correlation sample, Rmn (τmnijk ), is backprojected. The time delay,
τmnijk , in each correlation is given by
τmnijk =

| pm − vijk | − | pn − vijk |
c

(7)

where c is the speed of sound, and pm and pn are the sensor positions. In Eq.
7, we have approximated that the sound speed c is constant for all positions
within the volume. This is a good approximation for our three measurements
as shown in Sect. 4.3. In a general case, however, positions calculated from
the time delay have to consider different sound speeds in different areas of
the water volume. This is especially true for areas at a greater distance from
the sensors.
The cubic image or map, Mapmn , for a sensor pair, mn, is formed as
Mapmn (Vijk ) =

N
−1
X

N
X

Rmn (τmnijk )

(8)

m=1 n=m+1

where N is the number of the sensor pair. The sampling in time of the
signal gives the discretization, damn , in the spatial domain. The indexation
mn of the different discretizations is given from each sensor pair bandwidth
given in Sect. 4.5. Between two sensors, the time delay is associated to a
hyperboloid of possible target positions in three dimensions when the time
delay is projected into the spatial domain. Based on the Nyqvist criteria,
the maximum 2D discretization, dx, dy for the global coordinate system,
(x̂, ŷ, ẑ), was formed in [12]. In Fig. 8, the 2D projection of a hyperboloid
(given from a certain time delay, τ ) to a plane given by a sensor-dependent
coordinate system ξˆmn and η̂mn at height z is shown. The sensor-dependent
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coordinate system has a unit vector, ξˆmn , in the direction of the baseline,
and η̂mn is given to be orthogonal to ξˆmn and ẑ. We have then assumed that
the global ẑ direction is orthogonal to the baseline, which is approximately
the case for our measurement setup. However, this is easily changed to any
setup, though the equations will be a little bit more complicated. These
equations, however, will give us a approximate estimate of the discretization
in the global coordinate system as shown in Fig. 8, and is given by
dx(x, y, z) = min |

δmn (x, y, z)
|
cos(θmn + αmn (x, y, z))

(9)

dy(x, y, z) = min |

δmn (x, y, z)
|
sin(θmn + αmn (x, y, z))

(10)

where δmn (x,y,z) is the distance between the two discretized hyperbolas
at the point (x,y,z). θmn is the rotation angle between the coordinate system
(ξˆmn ,η̂mn ), and (x̂, ŷ), αmn (x, y, z) is the rotation angle between δ̂mn (x, y, z)
and ξˆmn .
As a consequence of 9 and 10, the sampling distance decreases as the target to sensor distance increases in comparison to the baseline. This relation
can be used to save computational load but is not investigated in this article.

4.3

Affects from sound spreading

The cross-correlation, Rmn (τ ), is transformed into positions through the
sound velocity. Therefore, the true sound speed is very important. During
the experiment, the true sound speed was measured for different depths. In
Measurement 1, the measured sound velocity profile showed almost constant
speed of sound with depth, 1421 m/s. This defines a straight sound spreading for the measurement. However, in Measurement 2, a more complicated
sound velocity profile was found (Fig. 9).
In this case, the decreasing sound velocity with depth causes the sound
rays to bend downwards toward the bottom [9]. To calculate for the effect
of the sound spreading, a ray tracing model [13] was used according to
F = −q0

c(z)
c′ (z)

(11)

where c(z) is the sound velocity. In the calculations, we used a model of
c(z) based on 11 non-equidistant cubic splines. Time delays calculated from
the model with bending rays were compared with straight rays calculated
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Figure 7: Projection of the cross-correlation function R56 for simulated signals of sensor 5 and 6 in Setup 2. The image plane is at the surfaze, z=25.
One time delay gives rise to a hyperbolic shape of several positions in space.
The width of the hyperbola depends on target bandwidth and discretization
(sampling). The two dots are the sensors.

Figure 8: The discretization, damn , for sensor pair mn (yellow dots) is connected to a hyperbola in the coordinate system (ξˆmn ,η̂mn ,z) with the origin
of the coordinates in the middle between the two sensors. Coordinate system
(x̂, ŷ, ẑ) is the global coordinate system for all sensors with its origin at an
arbitrary point which can be different from the local coordinate systems.
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Table 3: Difference between two modells of sound spreading for measurement
2. One assumes the sound velocity 1485 m/s, the other is based on ray tracing
calculated from the modell in Fig. 9.
Sensor Range[m] Dif f [ms] Dif f [m] Depth[m]
1
138
0.283
0.05
12
2
57
0.124
0.01
12
3
144
0.294
0.05
12
4
85
0.18
0.02
12
5
114
0.284
0.04
13
6
162
0.229
0.21
7
by a sound velocity of 1485 m/s for Measurement Setup 2. The differences
in Measurement 2 were only a number of centimeters as shown in Table. 3.
Since the estimate of the sensor position has lower accuracy then the difference presented in Table 3, the sound velocity profile will not be taken into
account. A fixed sound velocity of 1485 m/s is therefore used in Measurement
2.

4.4

Sensor position accuracy effects on image

The systems decribed in this article give high resolution and accuracy. In the
near-field even 3D resolution can be found, however, near-field processing is
sensitive to errors of the sensorpositions.
Since each sensor pair map is projected on top of each other, it is important
that each peak from Rmn (τ ) in the map (Fig. 7) intersects with each other at
the correct positions. Otherwise, the cross-correlations will not add together
coherently. This is very important since the peak in the cross-correlation
function is close to the sinc function if a boxcar filter is used. Negative dips
will give contribute destructively in the image. If the positions of the sensors
are incorrect, this will cause a situation where the target will be unfocused
and smeared as described in Fig. 10. This will lead to a decreased detection
capability and loss in image quality. In this case, non-coherent processing as
described in Sect. 4.1 can be used to eliminate some of these effects caused
by small sensor displacement. If permitted by the sound substance, another
solution is to use a lower bandwidth. However, this will lead to reduced
performance.
A certain error of a sensor position will cause the whole hyperbola, corresponding to a certain time delay, to move within the same size as the error of
the sensor position. From Fig. 7, we can also see that hyperbolas given from
maximum delays (endfire of sensor pair) are fatter drawn than hyperbolas
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Figure 9: Model and measured sound velocity profile for Measurement 2,
where the bottom is at z=0.

a) Unfocused

b) Focused

max
(τ ) that gives rise to three hyperbolas in
Figure 10: Example of three Rmn
the two-dimensional space. To get the true position and a focused map of
the sound source, it is important to get the hyperbolas from all sensor pairs
to summarize into one point. If there exist errors in the sensor positions,
the hyperbolas will not be summarized into the correct point and the image
might be unfocused.
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drawn for zero delay (broadside sensor pairs). From this, it is also concluded
that broadside sensor pairs are more sensitive to sensor position errors. The
height resolution is also better for endfire sensor pairs which is important
since the sound source point is focused at the right depth only. This gives
the system better resolution in the near-field, but it also sets higher demands
on exact known sensor positions. This leads to the conclusion that errors in
the sensor positions are more likely to give unfocused images in the near-field
than in the far-field.

4.5

Sensor pair bandwidth

Since all possible combinations of sensor pairs are used, it is important to
choose a bandwidth that suits the baseline of the sensor pair. Despite the fact
that the target has a certain bandwidth, there is also a geometric-dependent
effective bandwidth. The bandwidth affects the coherence and thereby the
correlation result. This is especially important, as we use GCC-PHAT which
weights all frequencies, within the sensor band, equally. To get the geometric
effective bandwidth, we assume that a sound source has an extension, Ls . At
wavelength λ, the sound source will have a lobe width approximately given
by λ/Ls . This is a basic reaction in wave physics, and it is valid in the
farfield of the sound source and when Ls is larger than λ. If the two sensors
mn with a separation bmn should be in the main lobe of the sound source,
the minimum wavelength has to be
bmn Ls
(12)
ρmn
where ρmn is the distance between the sensors and the target. If we
assume that ρmn is approximately the same for all sensor pairs, the maximum
frequency for pair mn is given by
λmn =

max
fmn
= f max

bmin
mn
bmn

(13)

max
where bmin
mn is the smallest sensor pair baseline and fmn is the maximum
frequency used in analysis. In this equation, no assumptions about the position or size of the sound source have to be considered to find a suitable
bandwidth. In Setup 1A, the distance from the sensor pairs to the target is,
generally speaking, approximately the same. Thereby, Eq. 13 is chosen for
this case. In Table 4 below, the bandwidth for each sensor pair is shown.
In Fig. 11, the quality of Rmn (τ ) using Table 4 is plotted to be compared
to different fixed bandwidths (the same for all sensor pairs). The quality
max
max
(τ ) is the
(τ )/σ where Rmn
of Rmn (τ ), QRmn is measured as, QRmn = Rmn
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max
calculated from Eq. 13.
Table 4: Setup 1A, fmn
max
Sensorpair[mn] bmn [m] fmn [Hz]
12
181
1127
13
30
6800
14
39
5231
15
154
1325
16
147
1388
23
159
1283
24
161
1267
25
30
6800
26
34
6000
34
51
4000
35
135
1511
36
125
1632
45
132
1545
46
129
1581
56
17
12000

maximum value of Rmn (τ ) and σ is the standard deviation of Rmn (τ ). In
Setup 1B and Setup 2, the opening angles are extreme, and the approximation λ/Ls is not valid. For these measurements, a fixed (the same for all
sensor pair) bandwidth is used instead. In Fig. 12 and Fig. 13, results from
different fixed bandwidths are shown. From the figures, it is given that the
bandwidth BW=4 kHz in Setup 1B gives higher values for the sensor pairs
generally, and for Setup 2, BW=12 kHz is generally better.

5

Model and method in application

This chapter shows the application of the proposed method by using the
three measurements. The chapter is divided into four parts, where the first
part describes how the image processing is conducted generally, and the three
following parts shows the results for each measurement.

5.1

Image processing

In this article, we present the results in six steps to show the effects from
the proposed algorithms. The processing steps illustrates the performance
of the algorithms in its context to the measurement setups in shallow water. Measurement data for one moment in time are used and compared to
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Figure 11: Setup 1A, Peak to standard deviation in correlation result for
different fixed bandwidths and a baseline-dependent bandwidth.
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Figure 12: Setup 1B, Peak to standard deviation in correlation result for
different fixed bandwidths.
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simulations.
Step 1 - Overview
A large unfocused image of the area is shown for low frequencies up to 4 kHz
with no Doppler adjustment to show that there is not any spatial aliasing in
the area. Non-coherent filtering that contributes to a wider correlation peak
is used as described in Sect. 4.1.
Step 2 - Zoom
This image is zoomed in. A larger bandwidth is used compared to step 1,
since the volume elements are smaller. Non-coherent processing is used, and
no Doppler adjustment is done.
Step 3 - Doppler
This image is Doppler adjusted with the pre-given Doppler, calculated from
the GPS onboard the ship. More sensor pairs can then contribute to the
image, and the image becomes more focused.
Step 4 - Coherent processing
In this step, both coherent processing and Doppler adjustment is done. In
this step, more high-resoluted sound source should be seen if the sensors are
placed at the pre-assumed positions.
Step 5 - Baseline-dependent bandwidth
For this image, the sensor pair-dependent bandwidths as described in Sect.
4.5 are used in order to get better correlation results. This step are done for
Setup 1A only.
Step 6 - Simulation comparision
To see how the image is expected to be for an ideal situation, simulations are
done. Dependent on the assumed properties of the target, one or two sound
broadband sources are used. The sources are simulated as white noise. In
the simulation, the coherent method with Doppler adjustment is used.

5.2
5.2.1

Results from Setup 1A
Image parameters

Results from Measurement 1A’s setup are shown in Fig.14 - Fig. 19. For
each new figure the image is processed according to the steps described in
5.1. The figures in 15 to 19 are 20x20 m, with volume element size, vijk =
0.02 m. The 2D map is shown for z=20 (surface at z = 21 m). Bandwidth
is up to 12 kHz. In this setup, the baseline-dependent bandwidth according
to Table 1 (Sect. 4.5, Eq. 13 ) is used in Step 5.
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5.2.2

Results

For Setup 1A, the target is passing at a distance < 100 m from the sensors.
The course of the target is such that it is facing some sensor pairs with its
stern. As seen in Fig. 11, the cross-correlation is clearly separate from the
surrounding noise. The target can be detected in all different steps suggested
in Sect. 5.1. Even the two propellers, spaced ∼ 4 m apart, can be separated
by the suggested processing in Step 5, which is seen in Fig. 18, and the figure
also agrees with the simulated image in Fig. 19.
Step 1 - Overview
A rough estimate of the target position can clearly be seen in the overview
map in Fig. 14.
Step 2 - Zoom
Fig. 15 is zoomed in according to the darker area in Fig. 14. The image is
blurry due to the incorrect Doppler.
Step 3 - Doppler
In this step, Doppler compensation is done, and by comparing Fig. 15 and
Fig.16, it is confirmed that adjustment of Doppler in the sensor signals gives
more focus in the image.
Step 4 - Coherent processing
Coherent processing gives higher resolution. One sound source can then be
seen with a much higher accuracy then in Step 3, Fig. 16.
Step 5 - Baseline-dependent bandwidth
By using the baseline dependent bandwidth, the target’s two sound sources
can clearly be separated, as seen in Fig. 18. This result clearly indicates
that sparse arrays can separate targets in the range direction using mainly
low frequencies. This is achieved by the higher correlationpeaks as shown in
Sect. 4.5.
Step 6 - Comparison with simulation
In Fig. 19, simulation of two sound sources is shown. Processing is conducted
as in Fig. 18. The simulation image is similiar to the image in Fig. 18. The
target’s two sound sources is thereby verified by the simulation.

5.3
5.3.1

Results from Setup 1B
Image parameters

Results from Measurement 1B’s setup are shown in Fig. 20 - Fig. 24. For
each new figure, the image is processed according to the steps described in
5.1. The figures in 21 to 24 are 20x20 m, with volume element size, vijk =
0.02 m. The 2D map is shown for z=20 (surface at z = 21 m). Bandwidth
is up to 4 kHz, instead of 12 kHz, as motivated in Sect. 4.5 (Fig. 12).
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Figure 13: Setup 2, Peak to standard deviation in correlation result for
different fixed bandwidths.

Figure 14: Setup 1A - Overview - 4 kHz.
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Figure 15: Setup 1A - Zoom - 12 kHz.

Figure 16: Setup 1A - Adjustment of Doppler - 12 kHz.

Imaging of moving continious
broadband sound source within a sensorfield

Figure 17: Setup 1A - Coherent processing - 12 kHz.

Figure 18: Setup 1A - Baseline-dependent bandwidth.
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5.3.2

Results

The target is the same as in Setup 1A. In this case, however, the target is
very close and is seen from the side. The two propellers, spaced ∼ 4 m apart,
can be assumed to be seen as a larger sound source. The envelope, R̃mn (t),
in Fig. 22 gives the best result. This probably arises from non-accurate
sensor positions, which also is indicated in the overview image. Another
interpretation is that this setup is more complicated than the others, with a
decreasing depth behind the vessel resulting in a coastline of stones 200 m
from the vessel. By using the non-coherent processing, two sound sources at
the target are seen. Since sound from the engine is detected by the human
ear in the recorded sound files for the most closely placed sensors, it is very
likely that target’s engine and the propeller is being resolved in the image.
This is also indicated in the spectra (Fig. 6) of this measurement, since
tones of low frequencies are higher in this measurement than in the spectra
of Measurement 1A.
Step 1 - Overview Step 2 - Zoom
In Fig. 20, we can see that a rough position estimate of the target is harder to
get for this setup in comparision to Setup A. This can be due to uncompensated Doppler, inaccurate sensor positions or by the effect of several sound
sources causing several intersection points.
Step 2 - Zoom
In Fig. 21, the map is zoomed in according to the GPS. In this case, little
coherent sound is seen, but still no Doppler or bandwidth adjustment is done.
Step 3 - Doppler
Adjustment of Doppler in the sensor signals gives more focus in Fig. 22. Two
crossing points are shown which may be caused by inaccurate positioning of
the sensors. However, a more reasonable explanation is that the target that
is displaced in comparision to the GPS position and the two points in the
map could be indicating the engine as well as the propellers. As mentioned
in Sect. 3.2, the engine is clearly heard for the close sensor signals for this
setup.
Step 4 - Coherent processing
By the using coherent processing, a more accurate image of the sound source
can be found, if the sensor positions are exactly known. Since some of the
sensors are very close to the target, the processing is very sensitive to small
errors in the sensor positions. If it is the target’s engine, as assumed, that is
seen in the previous image, lower frequencies are creating a broader peak in
the cross-correlation function, and destructive effects from the sinc function
as described in Sect. 4.2 in the map are seen in this image, Fig. 23. The
non-coherent processing is therefore crucial for this measurement setup.
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Step 5 - Baseline-dependent bandwidth
Since the opening angle is very large in this case, no baseline-dependent
filtering is done for this setup.
Step 6 - Comparison with simulation
In Fig. 24, simulation of two point-like sound sources is shown. Non-coherent
processing is conducted as in Fig 22. The simulation image Fig. 24 is very
similiar to the measurement in Fig. 22. This indicates that two sound sources
are resolved in the target.

5.4
5.4.1

Results from Setup 2
Image parameters

Results from Measurement 2’s setup are shown in Fig. 25 - Fig. 28. For
each new figure, the image is processed according to the steps described in
5.1, except for the Doppler adjustment since the target is not moving. The
figures in 26 to 28 are 10x10 m, with volume element size vijk = 0.004 m.
The 2D map is shown for z=24.8, since the propeller is placed 0.2 m down
from the surface at z = 25 m. Bandwidth is up to 12 kHz, as motivated in
Sect. 4.5, Fig. 13.
5.4.2

Results

Step 1 - Overview
For this measurement, a focused target is already seen, since the target is
non-moving and small.
Step 2 - Zoom
In Fig. 15, the map is zoomed in and bandwidth is increased to 12 kHz. One
sound source is clearly seen. It is, however, a bit smeared most likely due to
the non-coherent processing.
Step 3 - Doppler
This step is not evaluated since the target is not moving.
Step 4 - Coherent processing
With coherent processing, a much more focused point is seen in Fig. 27. The
sound is now displayed on a slightly different place. The difference may arise
from the differences in the non-coherent and coherent signal processing.
Step 6 - Comparison with simulation
In Fig. 28, simulation of a point sound source is shown. A more focused
point is seen in the simulation shown in Fig. 28 than in measurement Fig.
27, which probably arises from not enough accuracy in the positions of the
sensors.
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Figure 19: Setup 1A - Simulation.

Figure 20: Setup 1B - Overview - 4 kHz.
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Figure 21: Setup 1B - Zoom - 4 kHz.

Figure 22: Setup 1B - Doppleradjusted - 4 kHz.
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Figure 23: Setup 1B - Coherent processing - 4 kHz.

Figure 24: Setup 1B - Simulation, two sound sources - 4 kHz.
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Figure 25: Setup 2 - Overview - 4 kHz.

Figure 26: Setup 2 - Zoom - 12 kHz.
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Figure 27: Setup 2 - Coherent processing - 12 kHz.

Figure 28: Setup 2 - Simulation.
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Conclusions

This article shows that it is possible to position and image near-field sound
sources by a scattered array. If proper Doppler adjustment is done, coherence
is improved and several sound sources can be resolved. Correlation is shown
for nearly all sensor pairs and all three measurement setups. Sensor pair
baselines from 17 m up to 160 m are used. The maximum depth of the
water is 25 m. Two targets, one 4 x 1.5 m and the other 20 x 8 m, are
positioned by the proposed method. However, a good accuracy of the sensor
positions is necessary for near-field targets. In one measurement, the target
was closer than the sensor baselines. Positions in vicinity of the sensors
are much more sensitive to sensor position errors. By using a non-coherent
approach, which is done by taking the envelope of the Hilbert transformed
correlation function, these effects can be lessened, and an image can still be
found of the sound source.
The results from the measurement setups showed that for Setup 1A, where
a larger target is located at a distance and the sensor baselines are in size of
the target to sensor distance, the two propellers at the target could be resolved in the image and the proposed method gave high focus and resolution.
The non-coherent processing was necessary for the nearfield setup 1B where
a larger target was passing very close to some sensors, mainly endfire pairs,
where many of the sensor baselines where much bigger than sensor to target
distance. It was found that one of the propellers and the engine of the target
could be resolved in this case. For setup 2, where a small non-moving target
was located within a scattered array with only large baselines, the proposed
method also worked well.
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Surveillance of sound activities in the sea is of great importance for many applications. A common
way to monitor the sea is to register sound with
the help of a group of closely placed sensors that
form a one-dimensional or two-dimensional array.
This is a practical and easy way to monitor sound
in large and deep waters where sound spreads in
nearly straight lines. In shallow waters, propagation
patterns are more complex and also more difficult
to predict. Baltic Sea shallow waters also involve
large archipelagoes, which make monitoring more
difficult. New possibilities to synchronize sensors
with the aid of the global positioning system (GPS)
facilitate the creation of larger sensor systems. By
placing sensors at different positions over the entire water volume under observation, effects from
complicated sound spreading is minimized. Near
field processing can be applied if the sound source
is registered by means of several sensors in positions close to the target. These large arrays will
then have three-dimensional capabilities and will
also provide a much higher resolution than traditional systems.
In this thesis it is shown that signals registered
hundreds of meters away from each other can be
used to position moving sound within the sensor
area. Measurement results are presented from
four experiments in shallow waters 20 meters
deep, located in the Baltic Sea. The measurements

were performed with different setups, at different
locations and during different seasons.
The thesis comprises four parts. The first part
presents a comparative study of two methods for
estimating the time delay between two measurement signals, where the sound consists of noise
and dominant tonals. Effects from different geometric setups on the position estimate are shown.
The result indicates that larger baselines give better positioning capabilities despite a larger uncertainty in the time delay estimation. The second
part of this thesis concerns imaging, which means
the projection of multiple pairwise correlation results into a two-dimensional plane. Results from
a target placed at a distance equal to the length
of the sensor baselines are shown. Weights that
can be used to give different sensor pairs different
importance in the summation image are investigated. In this case, the target was assumed to consist
of one sound source. The third part of the thesis
also concerns imaging, but presents results from a
target placed at a distance smaller than the length
of the sensor baselines. In this part, simulation
shows that it is possible to position an object in
a three-dimensional space using sensors placed in
a two-dimensional span. The fourth and final part
of this thesis also focuses on imaging and here the
results indicate that several sound sources can be
resolved for a target.
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