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' Methodé and Systems for Spectral Analysis of Sonar Data

Field of the ihvention

The present invention relates to methods and systems for processing data
generated by one or more sonar sensors, such as an array of sonar sensors, to
perform a spectral analysis of the data in the spatial or frequency domain. The
sensors are typically located underwater, although the invention is equally
applicable to sonar systems for sound waves being transmitted in any other liquid,
or even in a gas. In particular, the processing may for detection, estimation and
localization of underwater sound signal sources (here called “signal sources”).

Background of the invention

Spatial spectra and frequency spectra are two essential tools by which a sonar
system detects signal sources within a region called a field. Both types of spectra
are used in active sonar systems (in which a transducer of the sonar system

generates a sound wave for transmission into water, and reflections of the sound

‘wave from one or more objects (signal sources) are received by the sensor(s)) and

passive sonar (in which the sensor system does not contain a transmitter but the
sensor array(s) receive sound from signal sources, e.g. sound generated by the
signal sources, or ambient sound reflected by the signal sources towards the
sensor(s)).

A spatial spectrum is an estimation of power distribution across the space sensed
by an array of sensors. The function of a spatial spectrum is to estimate the
direction of the signal source(s) in order to localize the signal sources in space. The
space is referenced by a co-ordinate system involving azimuth angle 6 and, in the
case of a 2-dimensional spatial spectrum, also polar angle ¢ as shown in Fig.1. An
examplé of 1-dimensional spatial spectrum across 0 is shown in Fig. 2. By obtaining
the peak of the spectrum shown in Fig. 2, and doing this for each of a series of
times, it is possible to obtain a “bearing-time” record, as shown in Fig. 3.

The function of the frequency spectrum is to allow the user to detect the signal

source(s) in the frequency domain and then estimate and track the frequency of the
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sound received from the signal sources. This makes it possible to estimate of ;(he
speed of the signal source(s) and reject false alarms from environment echoes. It is
an important function as it allows separation of signal sources in the frequency
domain that are otherwise superimposed in time. Therefore, the capability to
resolve two closely spaced signal sources in the frequency spectrum is also
desirable, especially in areas where many sources are present, or when the
sources are close in frequency. In active systems, for which the carrier frequency of
the sound generated by the transducer is known, the frequency spectrum can be
converted to a Doppler spectrum (* after baseband demodulation”), for detecting
moving signal sources and indicating the speed at which the signal sources are
moving. An example of range-Doppler spectrum is shown in Fig. 4, where “Doppler”
indicates the velocity of the signal source, measured in meters per second (m/s).

Resolution is an important performance indicator for a spatial spectrum and
determines the capability of the sonar system to resolve closely spaced sources
clearly for proper detection. This is especially important in littoral waters where
traffic is dense and acoustic energy is able to travel a long distance underwater.
Super-resolution performance is defined as the capability to resolve two closely
spaced peaks in a power spectrum within a degree, with no energy leakage to other
peaks. Super-resolution processing for spatial spectra has remained an active
research area for the pasf three decades.

“Subspace processing” is a well-known processing approach for computing a super-
resolution spatial spectrum. The most popular algorithms based on a subspace
approach are MUItiple Signal Classification (MUSIC) [4] and Minimum-Norm [3],
which have provided de-facto benchmark in resolution performance since 1980s.
However, there are two main problems that are associated with these approaches.
The first problem is that they involve decomposing a spatial covariance matrix of the
sound received by the sensors into a signal subspace and a noise subspace, and
this requires accurate knowledge of the number of signal sources in the field. There
are many techniques in estimating the number of sources and the most popular
ones are Akaike Information Criterion (AIC) and Minimum Description Length
(MDL), but they have been shown to have tendency for wrong estimation especially
for harsh environments. The second problem is that the subspace approach is very
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sensitive to the spatial correlation property of ambient noise. It was shown in [2] that
the resolving power of subspace techniques will degrade severely if the spatial
correlation property of ambient noise is not considered during subspace array
processing. This leads to Bienvenu and Kopp's suggestion in [5], to use an

‘adequate ambient noise spatial correlation model to mitigate the problem through a

noise whitening process. Pre-processing with a conventional beam-forming method
to reduce the sensitivity of these subspace methods is also proposed in [6]. These
two aforementioned problems are the main reasons limiting the use of subspace

methods in underwater sonar systems.

A MUSIC-like approach has recently been proposed in [1] recently to address the
problem of source number estimation however our experiments show that the
approach fails in spatial spectral processing for underwater array. The MUSIC-like
algorithm fails when the spatially correlation of the ambient noise sampled by the
sensor array is not zero, which is normally the case in underwater environments,
resulting in severe spurious peaks in the power spectrum which generates false

alarms and/or blocks the actual signal peak.

We now present a mathematical formulation of the problem which will be used in
the rest of this document. The number of sensors in the array is denoted by L, and
each provides a separate channel. The sound received by the array receiver vector
is decomposed into N frequency bins, labeled by a variable n. The L sound signals
at the n™ frequency bin are denoted by x(n). This is formed by stacking the value of

x1(n)
x(n) = L ! ]
;(n)

The pointing vector towards a direction is denoted by a "steering vector” e(8) (for a

each channel as follows:

hydrophone array) or (8,¢) (for a vector sensor array), but often simply written e. e
indicates the phase offset of a given sensor compared to a first sensor in the array,
in relation to a “narrowband signal” (a signal having a bandwidth less than 10% of
its carrier signal) propagating in the direction in which the power spectrum is being
measured.

PCT/SG2014/000572
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The first step of known methods for generating the spatial spectrum is to calculate a
covariance matrix. One way of defining thisis as R = %Zﬁﬂ xx" where n denotes

the sensor number for spatial spectrum use-case.

One current conventional method then computes the spatial spectrum as follows,

p = e" Re. Note that p is a shorthand for p(8) or p(6, @), and the met\hods below are
carried out successively for each direction for which the power spectrum is being
measured (i.e. each value of 6, or each value of 6 and ¢) .

By contrast, Capon’s method {7] computes the spatial spectrum as follows:

a. An L-component weight vector w,, is computed by weqp = %
b. The spatial spectrum is computed by p = wmp” Rw gy

The resolution performance of the Capon’s method is dependent on the receiver

signal-to-noise ratio. Super-resolution performance can only be obtained when

signal-to-noise ratio is infinity, which is not possible.

The MUSIC method computes the spatial spectrum as follows:

a Perform singular value decomposition on the covariance matrix R to
obtain the L number of eigenvalues, 4; ,and their respective
eigenvectors, g; such that R =YX, Aiqiq;"

b Estimate the number of signal sources in the field, K.

c Collate the eigenvectors associated to the (L-K) minimum
eigenvalues to form a noise subspace E,, = [qk+1,9K+2, -, qL]-

d Compute the weight vector by w = E E,"e.

e Compute the spectral power by p = |wHe| ™.

The standard MUSIC-like algorithm is as follows:
a An L-component weight vector w is computed as the vector which
minimizes w” Rw subject to w¥eew + pw!'w = ¢, where S is a
control variable, and c is an arbitrary constant. This is equivalent to
defining w as the eigenvector associated with the minimum

eigenvalue of
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(1 + ee") 'R, where [ is the LxL identity matrix.

b Compute the spectral power by p = |w"e|_2.

. In the frequency case, there may be only a single sensor. The frequency case may

act on the signal output from a single beam from a beamforming process. Then the

. 1 . . .
symbolnin R = NZlex” denotes time instant instead of sensor number.

Frequency spectra are conventionally generated by Fourier analysis with windowing
functions to reduce the effects of spectral leakage, however the resolution is less
then desired and dependent on the length of data used to perform spectral analysis.
Capon’s method provides an alternative high-resolution frequency analysis method
but it does not have sub-degree resolution performance and its performance is
dependent on the signal-to-noise ratio of the received signal. It would be desirable
to provide a higher resolution method for computing a frequency spectrum or a
Doppler spectrum.

Summary of the invention

The present invention aims to provide new and useful methods for generating a
spectrum of sound signals received by an array of sound sensors.

Embodiments of the present invention may address one or more of the following
technical problems:

i. To resolve closely spatially spaced signal sources in various
underwater deployment and environmental noise conditions;

il To provide optimal resolution to the left/right ambiguity problem for a
linear underwater acoustic vector sensor array or an underwater
acoustic hybrid sensor array;

iii. To resolve signal sources that are closely spaced in the frequency

domain in various underwater deployment and environmental noise

conditions.
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In general terms, the invention proposes that, if a covariance matrix of the captured
sound is denoted by an LxL matrix R, then, for each power value which is to be
calculated for each direction, a set w of L weights are derived which minimize

wf Rw subject to a constraint which is itself a function of a covariance matrix of
sound captured by the sensors (which may be based on actual measured sound or
a theoretical model. The set of weights w is used to produce a power spectrum at a
particular time instant.

Embodiments of the invention can be used to compute two types of spectrum: (i)
the first type of spectrum is a spatial spectrum and (ii) the second type of spectrum
is a frequency spectrum (or, by extension, a Doppler spectrum). That is, it may be
performed in either the spatial or the frequency domain. For each kind of domain,
the invention employs a set of basis functions, each denoted by a value e.

In the case of the spatial domain, for which the task is to determine a power
spectrum for each of a set of directions, a basis function e is defined for each
respective direction. This is the steering vector for that direction. That is, e is a
vector with a number of components equal to the number of sensors L, and with
each component indicating the relative phase with respect to a reference point in
the array, of a wavefront propagating in that direction. The steering vector is a

function of signal frequency, propagating speed and pointing direction.

In the case of the frequency domain, for which the task is to determine a power
spectrum for each of a set of frequencies, a basis function e is derived for each
respective frequency. The basis function e is actually the Fourier basis vector which
can be denoted by eff).

Note that present invention does not require a subspace decomposition.

In a first case, which is particularly suitable for the spatial domain, the constraint

may one in the form w"eew + pw” Ryw = ¢, where g is a control variable, c is an
arbitrary constant, and R, is a noise covariance matrix. In this case, w is equivalent

to the eigenvector associated with the minimum eigenvalue of the matrix B =
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(BRo + ee")_lR. This algorithm may be regarded as a generalized MUSIC-like

algorithm for computing a spatial spectrum.

In this case, a model is produced of quiescent noise conditions and its spatial
covariance matrix R, . This is termed a quiescent covariance matrix (QCM). The

QCM information may be obtained easily in any of the following ways: (a) well-
known open literature model, (b) experimental or factory characterization of the

sensor array and (c) in-situ measurement.

In a second case, which is suitable for both the spatial and the frequency domains,
the constraint may be one in the form widd"w + gwfw = ¢, where g is a control

. . . Rl e . .
variable, ¢ is an arbitrary constant, and d = ﬁ . In this case, wis equivalent to

the eigenvector associated with the minimum eigenvalue of the matrix B =

— -1
(BI + (efR7te) 2R‘lee“’R'l) R. This may be regarded as a generalized

MUSIC-Capon algorithm which can compute either a spatial spectrum or a
frequency spectrum. A QCM is not required in this generalized MUSIC-Capon
algorithm, and experimentally we have found that it can provide super-resolution
performance.

We now explain the variables used in embodiments of the invention. We define the
following quantities:

a) w: a Lx1 weight vector generated by the embodiment;

b) e: aLx1 vector which is the basis function of spectral analysis. In the case of
obtaining a spatial spectrum, this quantity represents the steering vector at
pointing direction; in the case of obtaining a frequency spectrum, this
quantity represents the Fourier basis at the analysis frequency bin;

¢) R:aLxL covariance matrix. In the case of obtaining a spatial spectrum, the
entries of this matrix are the cross-covariance measurements between
sensors in the array. In the case of obtaining a frequency spectrum, the
entries of this matrix are the cross-covariance measurement between time

samples of a single signal;
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d) Rq: a LxL covariance matrix used in computation of spatial spectrum. The
entries of this matrix are the cross-covariance measurements between
sensors in the array during noise measurement;

e) B: aLxL matrix containing the entries of the generalized eigenvalue problem
of the-algorithm,;

f) 1:a LxL identity matrix containing ones in its diagonal entries'and zeros
otherwise;

g) B : a scalar gquantity for controlling the algorithm.

Given these parameters, the invention may be expressed as follows:
a) The algorithm generates a set of weights, denoted by w, at each direction in
a spatial spectrum, or at each frequency in a frequency (or Doppler)
spectrum;
b) The weight vector w can be computed by either of the two following
methods:

i.  Find the eigenvector associated to the minimum eigenvalue of the
matrix B = (BRq + ee") 'R.
(1)
i.  Find the eigenvector associated to the minimum eigenvalue of the
_ -1
matrix B = (ﬁl + (ef'R1e) 2R‘lee”R‘l) R
(2)
c) The algorithm computes the power at each direction in a spatial spectrum,

or at each frequency in a frequency (or Doppler) spectrum, as p = |w" e|_2

A preferred embodiment of the invention using the weights defined according to (2)
is able to adapt to many different environments and deployment situations without
the conventional approach of pre-whitening (or pre-filtering), as it incorporates a
noise covariance matrix model, Ry, in the processor. The model can be obtained

from open-literature noise model or estimated on site.

Although the concept of a generalized eigenvalue approach is not new, the
formulations of the matrix B are new. The mechanism of the algorithm is as follows:
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a) When the embodiment is obtaining the power for a direction in the spatial
spéétrum which is exactly the direction of a sighal source, or when the
embodiment is obtaining the power for a frequency bin in the frequency
spectrum which contains a frequency emitted by a signal source, the weight
vector computed by the minimum eigenvector of B is orthogonal to the basis

vector. This would result in wf e = 0. Therefore the output spectral power

p= |w" el_2 at the corresponding direction or frequency bin is very large,
resulting in a spectral peak with very fine resolution.

b) For all other directions in the spatial spectrum (i.e. non-source directions),
or, in the case of a frequency spectrum, all other frequency bins, the weight
vector computed by the algorithm is ideally in-phase with the basis vector.

This would result in w”e = 1 and the output spectral power p = |wH e|_2 is a

small constant quantity.

The control parameter in the first case of Generalized MUSIC-like algorithm shown
in egn (1), B, is new (and different from the one used in standard MUSIC-like) and
the quantity is associated with the directional signal-to-noise ratio and, where

applicable, the noise covariance matrix Rq.

We define the following symbols:

a. o? as the noise variance;

b. of as the variance of i" source;

c. a; as the steering vector at the direction of i source;

d. R as the spatial covariance matrix of the ambient noise

e. e=efRjle
The role of control parameter B is to ensure that a super-resolution peak appears at
source directions while maintaining flat response at non-source directions. To
achieve that, B is chosen to ensure that the minimum eigenvalue of the generalized
eigenvalue problem lies in the noise subspace at source directions; and to ensure

that the minimum eigenvalue lies in sighal and steering vector subspace at non-
source directions.
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To ensure that the minimum eigenvalue lies in noise subspace at source directions,
the lower bound of control parameter 8 is

p>max[Z, (1-8), Ana{Roadl}-e]
{

where max{ . } denotes the maximum value in the parenthesis and A,,,4,{ }

denotes the maximum eigenvalue of the matrix in the parenthesis.

For example, when noise is spatially white, then the noise covariance matrix is an
identity matrix. Then ¢ = 1 and Apq,{R5 a;af'} = 1, hence the control parameter

for this special case is given by f > max [a—’% 0, 0] which implies that g > Z—”z This

o’
lower bound is the same as the one shown for MUSIC-like algorithm shown in [8].
The value of B cannot be too large or else spurious peaks would occur at non-
source directions. Therefore it is recommended that § should be set at each

2
steering direction to be § = p X max % (1-¢), Amax{R3*aial'}- s] where pis

a scalar value slightly more than 1.

The value of £ can be computed easily once Rq is determined, subsequently the
value of Ang,{Rg*a;al’} — € can also be determined easily. The value of o/, i.e., the

variance of i" source at its direction can be approximated by many methods such
as the following two methods

()  the Capon's method by of ~

eHR-1e

(i)  the conventional method ¢/ ~ e Re

The importance of noise covariance matrix Rq is that it eliminates the problem of
subspace error, which would otherwise cause a spurious response (i.e. sharp
peaks) at non-source directions; and also degrade resolution performance at
correct source directions.

elRp-1e .
s— where p is a scalar >0 and ¢,
d,

v

Another method to set the value of Bis f =p

is the noise variance.



WO 2016/089300

10

15

20

25

30

1

For the second case of Generalized-MUSIC-Capon algorithm, shown in Eqn. (2),
the derivation of the parameter B is different from the first case of Generalized
MUSIC-like algorithm. The associated matrix B in this case can be expressed as

e"R e
= - ———— H
B=R <ﬁ+d”d> de

follows,

And result in the following inequality,
e"R e <2
p+aid" "

1

This leads to the expression of Fraia

< 1. As such, the upper bound of control

parameter is § < 1 —d!d. It can be noted that the Generalized MUSIC-Capon
algorithm does not require knowledge of noise covariance matrix Rq and is hence
very suitable for active Sonar applications.

The value of vector d can be computed at each steered direction easily and
therefore the value of g in the second case of Generalized MUSIC-Capon algorithm
may be set slightly below the upper bound.

A preferred embodiment of the invention is able to compute a super-resolution
spatial spectrum without the need to know the number of sources, and is adaptable
to different noise conditions. These advantages imply that the invention can be
used in many different types of sonar systems. The aforementioned advantages
also enable its application to frequency analysis. Furthermore, the energy leakage
(i.e. the amount by which the height of one peak in the spectrum obtained by the
embodiment is erroneously affected by the sound associated with other peaks) may
be essentially zero.

The super-resolution spectral performance of the invention can help to resolve
closely spaced signal sources in both the spatial and Doppler domains which
cannot be provided by conventional and high resolution methods. This is especially
useful in dense traffic circumstances where it is important to distinctly detect closely
spaced sources. The advantages of this invention can improve the performance of
a sonar system in performing detection, classification and localization of underwater

acoustic signal sources.

PCT/SG2014/000572
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In active sonar applications, detection of moving signals sources from echoes due
to underwater reverberation usually rely on the separation of moving target echoes
from zero-Doppler echoes. The super-resolution capability of this invention will
result in higher confidence levels in detection as its zero-energy leakage will
separate moving target echoes from environmental echoes much better than

conventional methods.

This invention can be applied to process data from an array of pressure sensors, an
array of acoustic vector sensors and a hybrid array of both types of sensors. When
used in a linear array éduipped with acoustic vector sensors, the super-resolution
performance of the invention can provide optimal left/right ambiguity resolution in

direction-of-arrival estimation.

Specifically, embodiments of the invention may be used to process data acquired
by any set of sensors, and in particular:

i. Hydrophones

ii. Particle velocity sensors

iil. Acoustic vector sensors

Conventional super-resolution spatial spectral methods require subspace
decomposition which in turn requires accurate knowledge of number of sources.
This im)ention does not require such knowledge. This invention, in the case of Eqn.
(2), exploits the knowledge of a noise covariance matrix in its computation of weight
vector whereas the most common known super-resolution method applies pre-
filtering which will affect the original signal.

The power spectra computed at different times may be used to form situation maps
displaying energy distribution over time and space for detection and tracking
underwater signal sources. A first application is a passive sonar application, to
produce a bearing-time record. A second application is an active sonar application,
to produce both range-bearing and range-Doppler spectra.
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Frequency power spectra computed at different times may be used to form a
spectral map displaying the distribution of energy over frequency and time for
detection and tracking of underwater signal sources.

The invention may be expressed as a method, typically performed entirely
automatically by a computer (i.e. without human involvement, except, optionally, for
initiation of the method). Alternatively, it may be expressed as a computer system
incorporating a processor (such as the CPU(s) of a general purpose computer) and
a data storage device storing program instructions for implementation by the
processor to cause the processor to implement the method. Alternatively, it may be
expressed as a computer program product (such as a tangible recording medium
(e.g. a CD); or software downloadable over a telecommunications network)
containing such program instructions, operative by a processor to cause the
processor to carry out the method.

Brief description of the drawings

Embodiments of the invention will now be described for the sake of example only
with reference to the foliowing figures in which:
Fig. 1 shows a known reference coordinate system;
Fig. 2 shows a one-dimensional spatial spectrum which can be obtained by
a known system;
‘ Fig. 3 shows a bearing-time record which €an be produced using a series of
spatial spectra of the type shown in Fig. 2;

Fig. 4 is a range-Doppler spectrum which can be obtained using known
methods;

Fig. 5 shows a process which is used in first embodiment of the invention for
obtaining a spatial spectrum,

Fig. 6 shows a process which is used in second embodiment of the
invention for obtaining a spatial spectrum

~ Fig. 7 shows a process which is used in a third embodiment of the invention

to obtain a frequency spectrum; and

Fig. 8 shows a process which is used in a fourth embodiment of the
invention to obtain a Doppler spectrum.
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Detailed description of embodiments

Embodiments of the invention will now be described. The embodiments are typically
implemented by a processor (e.g. the CPU(s) of a general purpose computer), by
following program instructions. ‘

First embodiment 1: Computing Spatial Spectral Power with a Generalized MUSIC-
like algorithm

Fig. 5 is a block diagram to illustrate the flow of information in a first embodiment of
the invention to compute the spatial spectral power with a generalized MUSIC-like

implementation. The generalized eigenvalue matrix for this implementation is

B=(BRy+ ee")_lR, as in Eqn. (1) above.

The input to the method are the signals 1 captured by a sensor array at a given
moment. These signals are conditioned 2. The conditioning includes filtering to
remove unwanted noise. The conditioned signals are used for calculation 3 of the
spatial covariance matrix R.

During quieécent conditions, steps 4-7 are performed to obtain a noise covariance
matrix Rq and a value g to be used in computing the spatial power spectrum. The
values of noise covariance matrix Rq can be obtained in step 5 in either of two ways
(when the method is initialized, this may include selecting which of the ways is
used). The first way is in-situ estimation 4 of the noise covariance matrix Rq. This
step is to be performed when the sensors are in ambient environment before
appearance of target signal source. The system could store the in-situ estimated
values of Rq in the database 8 for future use. The second method of selecting
values in Ry is to obtain them from the noise covariance matrix database 8 which
contains one or more noise covariance matrices that were previously estimated or

derived from theoretical models.
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In step 6 an estimate is made of the noise variance a7. There exist many methods

to estimate ¢ . The first step is to estimate the mean of the ambient noise £

thereafter the most common way is to estimate the variance of by

0f = £ Zh_1 (k) — 2)?

The output of step 5 is used together with the output of step 6 to compute, in step 7,
an estimate of control parameter B.

For each spatial direction successively, step 9 obtains a respective steering vector
e. Step 10 constructs the matrix B, using Eqn. (1). Step 11 wili then compute the
eigenvector w associated with the minimum eigenvalue of B. Finally, the spatial

spectral power p = |w"e|~? is then computed in step 12.

The aforementioned process is then repeated for all directions to generate the
entire spatial power spectrum. In the case of an array of omni-direction sensors with
one-dimensional geometry, this just means that the steering direction is scanned
over the successive azimuth angles 6. When applied to a linear acoustic vector
sensor array, a linear hybrid vector sensor array or a sensor array with 2-
Dimensional geometry, the steering direction is successively scanned over all
azimuth and polar angles.

As mentioned in this first embodiment the covariance matrix Rq is obtained by
actual observation of sound. However, an alternative is to use a theoretical model.
For example, For example, by denoting drm» as the distance between m™ and n"
sensors and A as the wavelength of the transmitted signal, the spatial correlation
properties of an underwater volume noise model [9] between the m" and m"

. 2ndmn

sensors can be written as p(m,n) = i w— .The values computed from this

2rdmn
A

model can be used as the m™ row and n™ column of the covariance matrix. This
variation is applicable also to the second embodiment of the invention described
below.
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Although the first embodiment operates in the spatial domain, the Generalized
MUSIC-like algorithm can be used in the frequency domain also. The
implementation is similar to that for embodiments 3 and 4 described below, and the
method is applied to one output of one sensor or beam. The matrix Rq would in this
case represent the quiescent covariance matrix of the noise condition. Again, a
theoretical model may be used to produce Rq, )

Embodiment 2: Computing Spatial Spectral Power with Generalized MUSIC-Capon

Fig. 6 shows the process of a second embodiment of the invention, for computing of
spatial spectral power with Generalized MUSIC-Capon implementation. The

generalized eigenvalue matrix for this implementation is
, _ -1
(Bl + (e"R7te) 2R‘lee”'R‘1) R, that is Eqn. (2). Steps in Fig. 6 corresponding

to steps of step 6 are labeled by reference numerals 20 higher.

As in the first embodiment, the signals 21 received from array are conditioned in
step 22. The conditioned signals are then used 23 to estimate the spatial
covariance matrix R. In step 26 an estimate is made of the noise variance ¢ , and

in step 27 the control parameter 3 is calculated.

For a first spatial direction, step 29 calculates the steering direction e. Step 30 then
constructs the matrix B using Eqn. (2). Step 31 will then compute the eigenvector w
associated with the minimum eigenvalue of B. Finally, the spatial spectral power is

then computed 32.

The aforementioned process is then repeated for all directior_\s to generate the
entire spatial power spectrum. In the case of a sensor array with a one-dimensional
geometfy, this just means that the steering direction is scanned over the successive
azimuth angles 6. When applied to a linear acoustic vector sensor array, a linear
hybrid vector sensor array or a sensor array with 2-Dimensional geometry, the

steering direction is successively scanned over all azimuth and polar angles.
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Embodiment 3: Computing Freguency Spectral Power with Generalized MUSIC-
Capon

Embodiment 3 is to construct a frequency spectrum with a Generalized MUSIC-
Capon implementation, and is illustrated in Fig. 7. The sensor in this case is
typically different from the in the first two embodiments, for example it may be a
signal from single sensor or single beam. In the case of active sonar, it may be
associated with a device for generating a sound (possibly, but not necessarily, a
sound beam), and arranged to detect sound in the beam which is reflected by signal
source(s). Optionally, a mechanism may be provided to move the beam (and
typically the sensor) through a range of angles. In this embodiment, there is no
need to perform a Fourier spectrum, and the algorithm acts on the temporal

covariance matrix of the single sensor.

The process flow of embodiment 3 is, however, exactly the same as embodiment 2,
and the elements of Fig. 7 corresponding to those of Fig. 6 are labeled by reference
values 20 higher. The input 41 to the system in this case is the output of the sensor
or an output of a beam-former, and the first step of the process is that the signal 41
is conditioned 42. The cross covariance matrix of the signal is then estimated
temporally 43 to form covariance matrix R. In the third embodiment, unlike the
second, step 49 is carried out for a given frequency (rather than for a single
direction, as in the second embodiment), and the basis vector e generated in step
49 is a Fourier vector.

Step 50 then constructs the matrix B using Eqn. (2). Step 51 will then compute the
eigenvector w associated with the minimum eigenvalue of B. Finally, the spatial
spectral power is then computed 52. |

The aforementioned process is then repeated successively for all frequencies to
generate the entire frequency power spectrum.

Embodiment 4: Computing Doppler Spectral Power with Generalized MUSIC-
Capon
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Fig. 8 is a block diagram of a fourth embodiment of the invention for computing of
Doppler spectral power with a Generalized MUSIC-Capon implementation. This
fourth embodiment is exactly the same the third embodiment (and elements of Fig.
8 are given reference numerals 20 higher than corresponding elements in Fig. 7),

5  except that step 62 contains additional step of demodulating the signal to
baseband. ' '

Variations of the embodiments

10 Many variations of the embodiments above are possible within the scope of the
invention as defined by the claims.

For example, in the embodiments above, as described, the weight vector w was
found as an eigenvector of one of the following matrices:

15 a) B=(BRo+ee") 'R (1)

b) B=(pI+ (e”R"1e)_2R‘1ee”R‘1)_1 R )

The computational task of obtaining the B as given by (1) may be simplified by
approximating B with one of the following:

20 a) B=(p""Ro™" - (£;) Ro"eeRo ™) R
b) B=(Rg™" —(555) Ro "ee"Ry™" ) R

-1
¢) B=Ro'R—(7)Re"ee"Ry 'R

Expressions (a)-(c) are successively easier to calculate than (1), and although they
are less accurate approximations to it we have found them to give results which are
25  as good.

The computational task of obtaining the B as given by (2) may be simplified by

approximating B with one of the following:
_(p-1y_ (B H
¢) B= (ﬁ I (,8“1+d"d) dd )R

30 d) B=(l—(ﬁ_f—;;,a)dd”)R
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&) B=R-(Eo)dd"R

fy B=R- (ﬁ“f-:i"d) (e"R‘le)—zR"lee"

where d = ;—iie. Expressions (e)-(h) are successively easier to calculate than (2),

R
and although they are less accurate approximations to it we have found them to
give results which are as good.

In another example, the methods above may be varied by including a diagonal
loading of covariance matrix, i.e. Ris replaced by R+ul, where p is real number
more than 0.

In another example, the methods above may be varied by including diagonal
loading of quiescent noise covariance matrix, i.e. Rq may be replaced by Rq+al
where a is real number more than O.
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Claims

1. A method of obtaining a spatial power spectrum from L sound signals captured
during a time interval by L respective sound sensors, the method comprising:

deriving a covariance matrix R of the sound captured by the L sensors;

for each direction of a predetermined set of directions,

(i) deriving a respective steering vector e, wherein the steering vector e
is a vector with a number of components equal to the number of sensors L, and
with each component indicating the relative phase with respect to a reference
point in an array, of a wavefront propagating in that direction, and

(ii) obtaining a set of L weights w which minimize w*Rw subject to a
constraint which is a function of the steering vector and a covariance matrix of
sound captured by the sensors, wherein the constraint is in the form

wleeftw + pwiRow =c, where g is a control variable, ¢ is an arbitrary
constant, and Ry, is a noise covariance matrix; and

(iii) using the weights w to obtain a power value for the direction.

2. A method according to claim 1, further comprising generating the quiescent
noise covariance matrix Rq, and generating a matrix B as a function of e, R, Rq, and a

control parameter 8, said weights w being generated as the eigenvector of B having

the minimum eigenvalue.
3. A method according to claim 2 in which B = (ﬁR‘@ + ee”)—lﬂ.

4. A method according to claim 1, further comprising generating a matrix B as a

function of e, R, and a control parameter £, said weights w being generated as the

eigenvector of B having the minimum eigenvalue.

5. A method according to claim 4 in which

‘ -2 -1
B=(pI+(e"Re) R lec”R™!) R

6. A method according to claim 3 or claim 5 in which B is set according to
e-HR"Ie
gy

B=p where p is a scalar >0 and o, is a value representative of ambient noise.
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7. A computer system comprising a processor and a data storage device storing
program instructions operative, when performed by the processor, to cause the

processor to perform a method according to any of claims 1 to 6.

8. A computer program product, such as a tangible recording medium, comprising
program instructions operative, when performed by a processor, to cause the

processor to perform a method according to any of claims 1 to 6.





