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Abstract
This paper presents the results of a study aimed at determining the feasibility of using a towed array of hydrophones to

localise and quantify sound sources on the tow-vessel.  The method requires the tow-vessel to execute a manoeuvre in order
to bring the array into a suitable geometry to allow it to image the tow-vessel.  Previous work has focussed on a scenario
where the tow-vessel executes a U-turn manoeuvre, resulting in rapid relative motion between the tow-vessel and
hydrophones.  In this paper a simulation is used to compare the performance of different beamforming algorithms in a
scenario where the tow-vessel executes a constant radius turn.  This scenario has the advantage of allowing longer 
integration times than the U-turn manoeuvre.
Introduction Tes
It is advantageous for Navy vessels, particularly

submarines, to have a means of measuring their own
acoustic signature and localising the primary sources of
radiated acoustic noise that contribute to that signature.
This is conventionally done using fixed acoustic ranges,
which require the vessel to divert to wherever the range
is located, or air-dropped sonobuoys, which require a 
cooperating aircraft.  This paper builds on previous work
reported in [1-3] aimed at determining the feasibility of
using the vessel’s own towed hydrophone array to make
acoustic signature and source localisation measurements
without the need for fixed ranges or sonobuoys.
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The feasibility of performing this type of
measurement was demonstrated in the work described in
[1] which included a field trial in which a surface vessel
towing an array of hydrophones carried out a series of U-
turn manoeuvres.  A disadvantage of the U-turn
manoeuvre is that there is rapid relative motion between
the hydrophones and the vessel when the geometry is
most favourable for beamforming (when the acoustic
section is broadside to the vessel).  This makes tracking
the hydrophone locations extremely critical and also 
limits the integration time available for beamforming.

The work described in this paper uses simulations to
investigate an alternative scenario in which the tow-
vessel executes a constant radius turn.  This results in the
acoustic section of the array taking up a stable position
relative to the vessel, reducing the hydrophone tracking
requirements and allowing for longer integration times.
The performance of several array processing algorithms
are investigated for three acoustic source configurations:
a single point source, a pair of coherent sources, and a 
rectangular piston. F
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t Scenario 
el and towed array
he tow-vessel was assumed to be 100 m long and 

ating at a depth of 100 m below the water surface.
simulated manoeuvre consisted of a 225 m radius
to starboard at a speed of 1 m/s.
he towed array used in this simulation had an

all length of 750 m and consisted of four sections: a 
cable, a forward vibration isolation module, an
stic section, and an aft vibration isolation module.
diameter and density of each section were typical of
wed array and the water density was 1025 kg.m-3.
acoustic section was 150 m long and contained 64
lly spaced hydrophones spread over its entire length,
g a hydrophone spacing of 2.381 m.  The
ophones were assumed to be omni-directional at all
encies.
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igure 1  Steady-state horizontal plane array
hape relative to tow-vessel.  The thick black line
s the centre-line of the tow-vessel and the solid
ed line is the acoustic section of the array. 



The steady-state array shape was calculated using the
program described in [2] and is plotted in figures 1 and 2.
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Figure 2  Steady-state vertical plane array shape
relative to tow-vessel.  Solid red line is the
acoustic section of the array. 

Sources
The results reported in this paper are for three

different source configurations: a point source located at 
X = 50 m, two equal amplitude coherent point sources
located at X = 42.5 m and X = 57.5 m, and a 15 m wide,
2 m high rectangular piston located at X = 50 m.  All 
sources were modelled as machinery noise sources with
spectra consisting of a 5 Hz fundamental and a series of
equal amplitude harmonics spanning the range 5 Hz to
900 Hz.  The phases of the harmonics were random and 
taken from a uniform distribution from 0 to 2  radians.

The algorithms used to simulate the sources are
described in [1] and [3].  Propagation calculations were
carried out using the program described in [1] assuming
spherical spreading.  Surface reflections were included
where required using the image method, in which each
physical source was accompanied by its mirror image in
the sea surface plane.

Spatially and temporally uncorrelated Gaussian noise
was added to the simulated received signals to give an 
average signal to noise ratio of 0 dB at each hydrophone.
Temporally uncorrelated (white) noise was used so that
the signal to noise ratio was the same at all frequencies.
A 0 dB signal to noise ratio is quite realistic for an
acoustic section 350 m from the tow-vessel, making it
necessary to utilize the directional gain of the towed
array in order to obtain good source level estimates. 

Array processing algorithms 
The array processing algorithms used in this

comparison were all frequency domain algorithms.  A
column vector, , with one element for each of the N
hydrophones, represents the output of the array at a 
particular frequency.  The elements of  are complex

num
rece

x

x

T
, in

.
vect

l
la

A

Leas
T

y

w
and 
(com

I
obta
resp
vess
the w
sour
follo

w

w

M

I
steer
desir

vect
weig

Min
T

pow
cons
case
The
mak

A
deal
the 
simu
betw
be so
the d

F
vect

kz
bers representing the magnitude and phase of the
ived signal.
he response of the array to a point source at location 
 the absence of noise, is called the steering vector,

When dealing L source locations the steering
ors can be combined into a steering matrix:

Laaa 21  (1)

t Squares Minimum Constrained (LSMC)
he output of a conventional beamformer is given by:

xw H  (2)

here w is an N  element vector of complex weights
the superscript H denotes the Hermitian transpose
plex conjugate of the transpose).

n [1] it was shown that improved results could be
ined by using a weight vector that minimised the
onse of the beamformer to sources at locations on the
el away from the focal point subject to a penalty on 

hite noise gain and a constraint of unity gain for a
ce at the focal point. This requirement led to the
wing expression for the weight vector:
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here

IAA H

n this expression the steering matrix, , contains
ing vectors corresponding to locations at which it is 
ed to minimise the array response,  is the steering 

or for the focal point, and

A

0a
 controls the relative

ht given to minimising the white noise gain.

imum Variance Distortionless Response (MVDR)
his beamformer works by minimising the output

er (variance) of the beamformer subject to the
traint of unity gain in the look direction (far-field
) or for a source at the focal point (near-field case). 
weight vector therefore depends on the array output,
ing it a data dependent, or adaptive, beamformer.
 version of the MVDR beamformer capable of

ing with near-field sources moving rapidly relative to 
array was derived in [1].  Although the scenario
lated here does not include any relative motion
een the array and the vessel, in practice there would
me residual motion and it would be necessary to use
ynamic version of the algorithm.
irstly, a transformation is applied to the array output

or as follows:

kk xT  (4)



where the subscript  represents the snapshot
number and  is the diagonal transformation matrix:

k
kT

1,,

1,1,1

NkN

k

k

aa

aa
T  (5)

Here  is the nkna ,
th element of the steering vector for 

the desired focal point at the midpoint of snapshot .
The effect of this transformation is to produce the same
output at snapshot  for a source at the focal point as
would have been produced if the array had stayed at the
position it was in at the midpoint of the first snapshot.
The effective steering vector and required weight vector
are therefore constant and the beamformer output power
can be computed using the usual MVDR formula:
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where  is the beamformer output power, a  is the
steering vector for the desired focal point at the midpoint
of  the first snapshot and  is an estimate of  the
covariance matrix of  given by:
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Here K  is the number of snapshots and  is a
positive number that controls the amount of diagonal
loading.  Diagonal loading reduces the number of 
snapshots required to obtain a useable covariance matrix
estimate.

Spatially Smoothed MVDR 

The MVDR beamformer has the disadvantage that the
presence of two or more coherent sources can lead to
partial or complete cancellation of the desired output
([4]). In this context two sources are coherent if one
produces a signal that is a delayed and scaled replica of 
the signal produced by the other.

This is of concern when attempting to image vessel
noise sources because coherent sources can arise when
noise from a particular piece of machinery is transmitted
to the outer hull via several structural paths. In addition a 
spatially extended source can occur when mechanical
vibrations excite hull plate flexural vibrations, yielding
what is effectively an array of closely spaced coherent
sources.

A common method of reducing the effect of source
coherence is to carry out spatial smoothing ([4], [5]).  In
the far-field, uniform line array case this involves
dividing the array into a number of smaller, overlapping
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arrays. The covariance matrix for each sub-array is 
lated and these are averaged to produce the
riance matrix that is used in the output power
lation.
pplying this method to the near-field, curved array

 was complicated by the fact that sub-array steering 
ors are no longer the same except for a phase term.
 problem was overcome by using the transformation
od described earlier in the context of dealing with
ing arrays.
he transformation is now:

qkqk ,, xT  (8)

here the subscript  represents the snapshot
ber and  represents the sub-array number.  is

sub-array output vector and T  is the diagonal
formation matrix:
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ere  is the number of hydrophones in the sub-
 and  is the n

'N
a qkn ,,

th element of the sub-array
ing vector for the desired focal point for snapshot
d sub-array .  The covariance matrix is calculated 
:
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ularised inversion processor
 detailed derivation of the regularised inversion (RI)

essor is given in [1] and only a brief outline is given
.
et  be a vector of source complex amplitudes at

ified locations, and  be the steering matrix for
 locations.  The array output vector is then given by:

s
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here n  is a noise vector.
n principle this equation can be solved for  using
ard least squares techniques, but the equation is 
rally ill-conditioned (there are many different source
ors that will give the same array output) and it is
ssary to use some form of regularisation. The
larisation used here was to minimise the total signal
er, which is proportional to s .  This leads to:
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where  is a trade-off parameter that controls the
relative weight given to minimising the signal power
compared to fitting the measured data and I  is the 
identity matrix.
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A major difference between this processor and the 
various beamforming methods described above is that it
inverts for the set of source amplitudes that would
generate an acoustic field consistent with the array data,
whereas the beamformers focus on one point at a time
and attempt to determine the acoustic power being
emitted from the focal point while ignoring the effects of
sources in other locations.

Results
Figures 3 to 5 show the results of applying the LSMC

beamformer, the RI processor and the smoothed MVDR
beamformer to simulated data for a pair of equal
amplitude coherent point sources separated by 15 m.  The 
true source spectral level was 176 dB re 1 Pa2/Hz @ 1 m
and the simulated data were computed using spherical
spreading.

As expected, the unsmoothed MVDR processor
performed very poorly for this scenario, with almost total
cancellation of the coherent sources, and has not been
plotted.

F
p

The LSMC beamformer was able to resolve the two 
sources at frequencies above 250 Hz and gave good
estimates of the source levels.

The RI processor had similar spatial resolution but its 
different normalisation resulted in source levels that
increased with frequency.  This is because the changing
spatial resolution meant that the number of the RI
processor’s assumed source locations that contributed
significantly to the measured field reduced as the
frequency increased, and therefore the source levels
required to match the measured field increased.

The smoothed MVDR beamformer localised the
sources more accurately than the other algorithms at high 
frequencies, but was no better at separating the sources at
low frequencies.

F
b

T
of th
leve
frequ

T
and 
350
spati
Whe
adja
with
reso
rectaFigure 3  Output of LSMC beamformer for two

coherent point sources.
esults for the 15 m wide rectangular piston source
hown in figures 6 and 8.  The LSMC beamformer
uced a good estimate of the source width at high
encies but, because of its limited spatial resolution, 

estimated the source width at low frequencies.  The
ated source level decreased with increasing
ency, which was a consequence of the beamformer

lution becoming smaller than the physical width of
ource.

igure 4 Output of RI processor for two coherent
oint sources.

igure 5  Output of smoothed MVDR
eamformer for two coherent point sources.

he RI processor produced a slightly better estimate
e physical width of the source and also gave source

l estimates that were largely independent of
ency above 250 Hz. 
he smoothed MVDR beamformer performed poorly
suffered from almost complete cancellation above
Hz. This is a consequence of the limited ability of
al averaging to decorrelate very close sources.
n imaging an extended source the beamformer treats 
cent parts of the source as distinct, coherent sources,
 a spacing determined by the beamformer’s spatial
lution. At high frequencies this resulted in the
ngular piston being treated as many, closely spaced,
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coherent sources, which the spatial averaging was unable
to decorrelate, and the MVDR algorithm therefore
cancelled.

Figure 6  Output of LSMC beamformer for
rectangular piston source.
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Figure 7  Output of RI processor for rectangular
piston source.
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Figure 8  Output of smoothed MVDR
beamformer for rectangular piston source. 
re 9 shows the output of the LSMC beamformer for
gle point source in a situation where the simulation
ded the sea surface reflection but the beamformer
ing vectors were calculated assuming spherical
ading.  The beamformer output in this situation had
ificant sidelobes and low frequency distortions, and
estimated the source level.  Figure 10 shows the
lt when the steering vector calculation took account
e surface reflection, which removed the artefacts and 
 more accurate source level estimates.

igure 9  Output of LSMC beamformer for a
ingle point source. Simulation includes surface 
eflection but steering vectors assume spherical
preading.

igure 10 Output of LSMC beamformer for
ingle point source when both simulation and
teering vector calculation include surface
eflection.

nclusions
he LSMC beamformer and RI processor provided
 performance with all source types and were better
d to this application than either the smoothed or 
oothed MVDR beamformers.  The smoothed
R beamformer was more generally applicable than

unsmoothed MVDR beamformer but performed



poorly with extended sources.  When applied to point 
sources it had better apparent spatial resolution at high 
frequencies, but was no better at separating two closely 
spaced sources at low frequencies than the LSMC 
beamformer. 

The spatial resolution of the RI processor was similar 
to that of the LSMC beamformer.  The main difference 
between the results produced by these two algorithms 
was that the output of the LSMC beamformer was easier 
to interpret for point sources, because it gave a direct 
estimate of the source level, whereas the output of the RI 
processor was easier to interpret for extended sources, 
because it showed the contribution of each part of the 
source to the measured field. 

The particular regularisation method used for RI 
found the source amplitude distribution that fitted the 
measured data while minimising the total signal power.  
This scheme favoured a smooth distribution of source 
amplitudes, resulting in poor performance with point 
sources at low frequencies.  Alternative regularisation 
schemes are being investigated that may lead to 
improved performance in this situation. 
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