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1 INTRODUCTION

The problem of removing spatial narrow/broadband interferences from sonar beams has long been described in the
subject literature. A plethura of adaptive beamforming techniques has been published over the past couple of dzcades.
Adaptive beamforming techniques are useful when weak signals are to be detected in the presence of strong
interferers, Winder [1).

The advantage of using adaptive methods over the conventional approach when beamforming with a short array (eg.
8 elements) is obvious. Here, the resolution of a weak target signal can be enhanced by suppressing unwanted strong
sources residing within the relatively broad main-lobe response by developing nulls in such directions, see Smith [2].
In the case of beamforming with longer arrays the need for employing adaptive techniques is less obvious since a
relatively narrow main-Jobe makes it less likely for a weak signal 1o be masked by the presence of a nearby interferer,
Moreover, interferers lying within the now lower (but more extensive} sidelobe structure can be suppressed further by
simply shading the array elements. '
However, the width of the aray’s main-lobe is inversely proportional to signal frequency and the effective array
aperture in the specified ‘look’ direction. Shading the array, as is usual, will broaden the main-lobe response further.
It is easy to appreciate why adaptive methods can provide an overall more effective rejection of interferers, lying
within or very close to the main-lobe, even when beamforming using longer arrays.

Moreover, as shown here and elsewhere, Trivedi- & Atmore [3], adaptive beamforming can enhance signal
detectability when interferers reside in the array side-lobes, at least in the case of a medium sized (32-element) linear
array. By steer nulls of adequate depth and width automatically in such directions, it is possible to achieve a greater
suppression of these undesired sources than can be achieved by a simple shading of the array elements, This is
especially true in the presence of noise, gain and phase mismatches between the array hydrophones.

1.1 The Aim of the Paper

In this paper the enhanced detectability of weak signals achieved by adaptive methods over the conventional
beamforming approach is demonstrated. This is illustrated through simulated scenarios deploying strong, spatially
separated broadband interferers. The benefits of adaptive beamforming are illustrated via the well known Frost
technique incorporating zero and firsi—order derivative gain constrainis. This type of adaptive beamforming is
equivalent to the Generalised Sidelobe Canceller (GSC) approach of Buckley & Griffiths {4]. The use of array
shading within the adaptive process is shown to improve the interference rejection performance of the beamformer in
the side-lobe regions when using a medium sized {eg. 32-clement) linear array. This aspect of adaptive beamforming
appears not 1o have been addressed in the subject literature in any great detail.

The above beamforming aspects are demonstrated through the use of Fortran based simulations written 10 evaluate
the hardware performance of a single-card implementation of an adaptive digital sonar beamformer reported by Trivedi
et al [5). Hardware execution benchmarks for the implemented Frost algorithm and its variants such as Duvall and
the GSC method are presented. The effects of noise, gain and phase mismatches between the array elements on
signal deteclability using an equi-spaced, 32-element linear array are also presented. The Least Mean Squares (LMS)
based Frost beamforming approach is adopied in this paper since it is simpler and faster to compute than the optimal
Exact Least Squares (ELS) approach which requires matrix inversions, see [5].
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2 ADAPTIVE ARRAY PROCESSING

The block diagram of the adaptive array processing described in [5] is shown in Fig.1. Beam steering is achieved by
inserting inter-element broadband time delays appropriate to the array geometry and the specified ‘look’ direction. If
desired, the array elements may be shaded prior to the adaptive beamforming process. The hardware implementation
of the adaptive beamformer outlined in [5) is shown schematically in Fig.2. All simulated scenarios, with or
without armay shading, are generated to 16-bit (2's complement) accuracy and applied as real array samples, X(k), see
Fig.2. The adaptively updated (real) filter weights, W(k), are computed 10 single-precision, floating-point accuracy
by the TMS320C30 DSP chip, see Fig.2. These weights are converted to 16-bit integer values (by the DSP chip)
and applied to the 16-bit array samples (X(k)) via a 16x16 bit Multiplier-Accummulator (MAC) chip. The resulting
31-bit adaptively filtered (ie. spatially beamformed) MAC output is truncated to a 16-bit temporal output (y(k) in
‘Figs.1 & 2). This kb output is also used in the LMS weight update process as detailed in section 2.2.

2.1 Frost Beamforming

The Frost approach, see Frost [6), is conceptually simple and computationally easy to implement. The broadband
signal gain in the ‘look’ direction is constrained to unity while plane interference wavefronts amiving from any other
direction (and contributing as side-lobe leakages) are minimised in the LMS sense.

2.1.1 Steering Direction Considerati

Without higher Order Gain Constraints (OGC) the Frost beam response can be very namrow about the ‘look’
direction. Unless the desired signal is perfectly aligned with the steered ‘look’ direction the pencil-sharp adaptive
response can remove the signal from the beam, eventually, see [3]. The rate of removal of the misaligned signal
accentuates as the input Signal-to-Interference-Noise-Ratio (SINR) at the array elements increases and the beam width
decreases, Hudson (7). Furthermore, since the gain is constrained to unity in the ‘look’ direction only, the
beamformer can develop higher gains in other directions thereby, enhancing any noise present. This is especially true
of directions close 10 the ‘look’ direction when the beamformer weights can get large while auempting to null the
misaligned signal. The effect of including a first order derivative constraint is to broaden the beam response about the
0 degree ‘look’ direction, see [3). Signals arriving from within a degree of the ‘look’ direction (for a K=32 elememt
linear array) are passed without suffering significant long-term antenuation. In high SINR conditions a narrow main-
lobe response results. In practice, the presence of strong interferers and noise at the array elements will broaden the
main-lobe response. The topic of derivative gain constraints in dealt with in greater detail in section 2.2.1.

In this paper, direction misalignment errors of upto 5 degrees about the ‘look”’ direction have been simulated for a 32-
element array for low input SINRs (-30 dB) at the array elements. The inclusion of first order (derivative) gain
constraint was found to have an insignificant effect on such misaligned ‘look’ signals. However, under high SINR
conditions {eg. +10 dB) even the inclusion of first order constraint can not prevent the signal from being nulled with
time, if it is misaligned by more than a few degrees about the ‘look’ direction, see [3]). The above comments also
apply to continuous and pulsed signals of long duration in *off-look" directions under low SINR conditions, though
the rate of signal nulling is very much reduced. Nevertheless, inclusion of first order (derivative) gain constraint can
be beneficial in practice, even though the input SINR can vary widely. Such an inclusion can reduce the number of
beams required 1o cover a specified volume of space by broadening the individual beams, especially under high SINR
conditions. Higher order derivative constraints may be used to broaden the beam further at the expense of the
available degrees of freedom and increased computational load, Er and Cantoni {8]. Alternatively, a combination of
few, lower order constraints and a weight-norm constraint on the beamformer weights [7) may be used 10 broaden the
beam about the ‘look’ direction. The weight-norm technique, which is readily applicable to Frost type of
beamformers (via the ‘scaled projection’ method), Cox et al [9), effectively limits the noise gain about the ‘look’
direction in high SINR scenarios.

When a significant degree of spectral overlap exists between the ‘look’ direction signal and the other spatially
separated sources beamforming based on a power minimisation criterion (e.g. Frost, GSC & ELS) cannot distinguish
between the received coherent components. Thus, in nulling the interference, the beamformer can also,
inadvertently, cancel a pan (or even all) of the *look’ signal in the process of minimising the total power at its
output. This loss in the desired signal due to Coherent-Signal-Cancellation (CSC) effects can occur in spite of the
constant gain constraint applied in the ‘look’ direction. For example, the Frost beamformed continuous wave (CW)
signal pulse in Fig.6 exhibits ‘gashes’ in its envelope as a result of CSC effects. Here, a weak signal pulse (-30 dB
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relative to the total interference power) is detected in the presence of four (+24 dB) broadband interferers the frequency
bands of which overlap with that of the pulsed CW tonal signal.

One approach is 1o isolate the ‘look’ direction signal from the power minimisation process by employing a ‘master-
slave’ Frost beamformer configuration as proposed by Duvall, Duvall [10). This achieved by a simple differencing
between pairs of consecutive array elements prior to input 1o the ‘master’ Frost beamformer, also see [3). The
resulting Duvall beam response which is much broader than the corresponding Frost response, see [3], is therefore,
less susceptible 1o steering misalignment errors. However, the application of the Duvall technique beside being
limited mainly 10 a linear, equi-spaced array configuration is also very prone to noise, gain and phase mismatch
errors between the array elements, see [3]. Other ways of overcoming CSC effects employ some form of spatial
smoothing of the sensor data in order to ‘breakup’ the correlation existing between the ‘look’ signal and the
interferers. One of these methods uses a number of Frost sub-beamformers each sharing a number of overlapping
array elements with its neighbours, see Su et al [11]. Variations of the above based on the ELS and Recursive Least
Squares (RLS) approaches use smoothed estimates of the spatial covariance matrix, see Shan & Kailath [12, 13] and
Lee and Wu [14]. These altemative approaches appear to be computationally more demanding and cumbersome to
implement than the constrained shaded Frost/GSC LMS approach considered in this paper.

In this paper the issue of Coherent-Signal-Cancellation (CSC) is addressed by incorporating array shading within the
Frost beamforming process. In the case of an unshaded linear array the Frost beamformer weights evolve in response
to a “sin(x)/x" acoustic beam pattern which exhibits large side-lobes. The use of a non-uniform array shading reduces
the otherwise large leakage of the interferers when residing in the side-lobe regions. ‘This leakage reduction mitigates
the extent of cancellation suffered by a spectrally coherent ‘look’ signal and also leads to other beneficial effects
- outlined later on. The effects of array shading on the adaplive response close to the main-lobe region is addressed in
section 4.2. Before presenting algorithm benchmarks and hardware simulation results, the iterative weight update
process for the constrained Frost LMS beamforming is outlined.

.2 Weight Generation Scheme

The Frost approach employs a linearly constrained, gradient descent, power minimisation algorithm. The Frost
beamformer weights, W(k+1), are generated iteratively fram W(k), see, [3,4 & 6):

Wk+1) = PAWEK) = yEIXK) + FF Loooirieieiiiiiniieeereeesesaesesesessseesnsens ¢}

where, FF = W(0) = C.(CT .C)'1 FV denotes the initial weights with FV as the (LJx1) ‘look” direction frequency
response constraint vecior. The integer L depends on the number and the natre of constraints employed as well as
the array geometry. ‘u’ is the convergence factor controlling the trade off between rate of convergence and
misadjustment noise [3]. "W’ can be held constant or updated adaptively (for example, see, Bragard and Jourdain [15]).
C is the (K.JxL.J) broadband directional gain constraint matrix with its transpose CT satisfying the ‘look’ direction
gain constraint CT.W = FV. K denotes the number of array elements and J is the number of taps per element, The
k™ beamformed Frost output y(k) is formed by weighting the elements of the (KJx1) data column vector X(k)
snapshot by the (K.Jx1) weight vector W(k). The vector X(k) is depicted in Figs.1 & 2 as a KxJ matrix held within
the forward-path ransversal (eg. FIR) filter structure. The matrix P is referred to as the projection matrix which is
defincd as: P=1-ccloyleT

where, in Eqn(2) ‘I’ is a K.JxK.J matrix with unity diagonal elements. In case of a Frost algorithm with only a 0
OGC, L = 1 with C as a K.JxJ matrix. J degrees of freedom are lost in the case of a linear array. For a Frost with
0+1 OGC, L = 2 with C now as a K.Jx2.J matrix. For a linear array, 2.J degrees of freedom are lost [8).

2.2.1 Array Shading & First Qrder Gain Constraint

A direct implementation of the GSC approach results in a simpler unconstrained LMS weight update algorithm, see
(4, 5). However, such an approach requires a number of operations, such as the application of the signal blocking
matrix and the generation of the (shaded) reference beam, to be implemented in hardware, elsewhere, see [5). In this
paper however, the above operations will be carried out in software as part of the weight update process. This is
achieved by modifying the zero-order Frost ‘look’ gain constraint to cater for the amplitude modulation at the
elements due o array shading and by introducing a first-order (derivative) gain constraint within the Frost algorithm,
as outlined below. This alternative approach is shown 1o be equivalent to the GSC approach, see Eqn (14) of [4).

In the original Frost paper {6] the filter data, X(k), and the weight coefficients, W(k), were treated as K Jx1 vectors.
However, for notational convenience X(k) and W(k) are treated as KxJ matrices in the following expressions.
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Let s(i), (i=1, 2...K) denote the symmetrical set of array shading coefficients. Let c(i), (i = 1, 2....K) denote the
antisymmetrical set of first order derivative gain constraint coefficients for an equispaced, linear K-element array for a
given ‘look’ direction. The array mid-point is selected as a zero phase centre. For a derivation of c{i)s, refer to [8].
By incorporating terms (i) and c(i) within matrix ‘C’ in Eqn (2) it can be shown that Eqn (1) can be expressed in its
algorithmic form where the (k+1)% weight element is given iteratively in terms of the k'h weight, wik,ij), by:

wk + 1,i,j) = TERMAG,j) - s(i).SUMO() - c(i).SUMI1{) + gGi.j)

where, i is the row index (= 1, 2,..K is the number of array elements) and j is the column index (= 1, 2,...J is the
number of taps per element) of the KxJ matrix, and whers, ‘

Lo 1S .
TERMG.j) = wlkiivd) - KYWAK i) rorn @) SUMO) = <o+ Z, SO TERM@.)

1 K
1G) = == .TERM(n, j
SUMI1() 5o 3, on) M,).......(6) $SQ

. 1 j=Im=gu[~"¥]
where, n and m are dummy row indices (= 1, 2...X), and G =
¢ j#lnteger['—;!]

£(j) is the composite gain constraint (Jx1) column vector for *lock’ direction signals. In Eqn (10) an "all-pass™ unity
column gain response {eg. 0,..1,..0} has been used. However, a different frequency response could have been
specified, instead. In the case of uniform array shading (je. s(i)s all equal unity) and a zero order only gain constraint
(ie. c(i)s all zeros) Eqn (3) reduces to the following familiar form proposed by Frost in his original paper, see page
930 of [6); 1 X fi

wlk+ 1,i,j) = TERM(.,j) —-k. Z TERM(, j) + -—g) ........................ (a1

An important point to note is that for non-uniform shading functions the equivalent Frost signal gain in the ‘look’
direction is given by; K K
FRSTLKSG = 2 gi,M) =

i=1 KQ' r-El

where, M = Int{(J+1)22],. column for which f(3) = 1 in Eqn (10) and zero for other columns. FRSTLKSG only
equals unity if all s(i)s equal unity, and greater if some or all s(i)s are less than unity, However, if one considers the
overall window-cum-Frost signal gain in the ‘look’ direction, it is given by;

1 X

—. 350 = 1

$5Q i=1

where, the term s(i).multiplying g(i,M) in Eqn (13) is the pre-Frost elemental array shading coefficient. On
substituting for S$Q (via Eqn (7)) it is clear that OVRLKSG equals unity, This implies that the subsequent Frost
processing restores the loss in signal gain due to shading in the ‘look’ direction (or close to it) whilst, signals from
other directions are minimised in the LMS sense. Such a selective compensation of spatial gain is not possible with
the conventional beamforming approach.

K
OVRLKSG = Y s().gi,M) =
i=1

3 ALGORITHM BENCHMARKS
A list of algorithm execution benchmarks summarising the capability of the hardware architecture implemented in [5)
is given in table 1 below. Timings for the 20 MHz Forward Filier Path (FFP) and the 16 MHz Weight Update Path
(WUP) (see, Fig.2) are presented for a variety of gain/derivative constraints and element tap combinations. Bracketed
values reflect the inclusion of array shading within a given constraint combination. As before, K is the number of
array elements and J is the number of taps per element.
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The Benchmarks given for the constrained Frost and the Duvall LMS algorithms assume a direct mapping onto the
structure shown in Fig.2. The Duvall signal ‘difference’ blocking is implemented in software as part of the weight
update process, see [3]. The GSC algorithm is also mapped easily. However, the given GSC benchmark timings
refer to the implementation of the adaptive unconstrained part of the overall GSC beamforming structure. The non-
adaptive (fixed) processes are carried out separaiely, elsewhere, see [3 & 5). From Table 1 it is clear that as the
number of elements increases the data throughput and the filier weight vpdate rate decreases. By introducing
parallelism within the architecture in Fig.2 it is possible 10 counter this drop in processing rates as proposed in [3].

Regizgeightlnata gggtor FROST (WUP) s, DUVALL GSC (WUP} ps=,
KxJ KUs. kHz 0 OGC 0+1 OGC (WOP) Hs. uncnst’d Algo.
8 x4 2.0 500 17 (20} 20 (24) 19 12
8 x 8 3.5 277 29 136) kXl (45) 35 21
16 x 4 4.0 250 28 (35) 36 (44) 35 22
16 x B 7.0 138 52 {67) 68 (83) 65 40
32 x 4 B.0O 125 51 {6E) 66 (82) 65 41
32 x B 14.5 69 9B {128} 129 (160) 127 78

TABLE 1. Algorithm Benchmarks (In-line TMS320C30 coding assumed)

4 HARDWARE SIMULATION RESULTS

In the following scenarios a 32-element linear, equispaced, array is employed. An inter-element spacing equal to half
the wavelength at the maximum signal frequency of 0.5xF(a) Hz is assumed. Where, F(a) is the array sampling
frequency. All temporal frequencies are expressed normalised to F(a). The normal to the array is defined as the ‘Jook’
direction with a bearing of zero degree. Locations in the first quadrant have positive bearings and negative bearings
in the second quadrant. The array mid-point has been selected as a zero phase centre, Broadband interferers were
simulated using independent (uniformaly distributed) random number generators. In all cases, the spectral
composition of the interferer(s) is as indicated in Fig.3, with a bandwidth equal to 20% of the centre frequency of
0.25 Hz. The level and the type of the array errors simulated, are in the form of elemental mismatches of up to
110% in gain and +10 degrees in phase with -20dB wideband noise (relative to the ‘look’ signal) at the array
elements, unless stated otherwise. These levels of errors are referred to as *moderate’ array errors later on in the paper.

The Dolph Chebyshev, Ward [16), class of weighting functions is used 10 shade the arrays in the conventional and
adaptive beamformed cases. The Dolph Chebyshev class of functions, exhibiting an equi-ripple side-lobe structure,
has been employed for shading the array. Of course, other shading functions could have been employed instead, see
Harris [17] for typical examples. However, the shading functions selected are designed to achieve the minimum
broadening of the main-lobe response, ie. minimum loss in spatial resolution. In the case of adaptive responses a
weight update rate equal to F(a) Hz for the ‘Forward FIR Filter Path’ (see Fig.2) is assumed, unless stated otherwise.
In the simulated scenarios an octave-wide frequency band (centred on F(a)/4 Hz) was employed. An ‘all-pass' Frost
response was specified through the frequency constraint vector £(j) (in Eqn (10)). The beamformer weights (FF in
Eqn (1)) evolve from an initial value of zero for each simulated Frost response. The values of ‘W’ quoted in this
paper are 32767 times smaller than usually found in the subject literature. This is a consequence of working with a
16-bit (2's complement) integer number range. Unless stated otherwise, a working value of 107 is assumed for 'y’

118 ios with Ingerf in the Side-Jo! .
A scenario with four broadband interferers and a CW pulse signal is employed. The four interferers have bearings of
—66, —42, +33 & +52 degrees (corresponding 1o side-lobe peaks, at a signal plot frequency of F(a)/4 Hz, see [3])
while, the CW signal bearing is 5 degrees. The spectral composition of each interferer and the CW signal pulse is as
outlined earlier, Each interferer is +24 dB relative to the CW signal. The resulting SINR at the array elements is
—-30dB. Array imperfections, where mentioned, are of the form outlined previously.
4 A A aroa .- ohere ance '|I| ffe

L1 ATT3 DACINE, CONvergen o ] ARCENT L
A 9000-sample long by 32 elements wide input scenario is émployed with the CW signal pulse existing between
sample numbers 7500-9000 with moderate array errors present. The temporal unshaded 0 OGC Frost response to the
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- sbove scenario is shown in Fig.4 where J=8. The corresponding shaded 0 OGC Frost responses with SLL=-30 dB
and -50 dB are shown in Figs.5 and 6, respectively. The effect of array shading within the 0 OGC) on the rate of
response convergence is evident. Increasing ‘W’ ten-fold enables the unshaded 0 OGC Frost response to converge
faster and before the arrival of the CW pulse, compare Fig.7 with Fig.d. However, a higher ‘u’ leads to increased
coherent-signal-canceliation (CSC) effects over the duration of the CW pulse, see Fig.7. The corresponding shaded
(SL1=-50 dB) Frost response is shown in Fig.8. The reduction in CSC effects due to array shading is also evident.
The SINR of the beamformed CW pulse (relative to the output level preceding its arrival) in Fig.8 is 14.3 dB, some
4 dB higher than that in Fig.7. In spite of increased CSC effects (due to higher ‘w") the resulting SINR for the output
CW pulse in Fig.8 is only 0.3 dB lower than that in Fig.6, again illustrating the beneficial effect of aray shading.
The effects of array shading on adaptive beamforming in the side-lobe region is similar to that resulting from
increasing ‘)" but without accenmating CSC effects. This was found to be the case, at least for a 16-element (with
SLL upto 30 dB) and a 32-element (with SLL upto -70 dB) linear array employing Dolph Chebyshev shadings,
1124 Shading & Weight Update R

The effect of updating filter weights at rates lower than F(a) Hz is shown in Fig.9 for a 0 OGC Frost beamformer
(J=8) with its weights updated at F(a)/4 Hz in the presence of array emrors. The level of the residual interference break
through is high enough to conceal the CW pulse. Incorporation of (SLL=-50 dB) Dolph shading speeds up
convergence, see Fig.10, and improves the output SINR by some 11 dB to 13.5 dB. Reducing the weight update rate
(WUP) to F(a)/16 Hz while increasing ‘u" roughly proportionally leaves the rate of convergence unchanged {compare
Fig.10 with 11). Reducing WUP further to F(a)/32 Hz while increasing ‘i’ proportionally again maintains the rate
of convergence, see Fig.12. Such a trade off between ‘p’ and WUP broke down at WUP=F(2)/256 Hz with ‘W’ equal
to 100 times the starting (stated) value for the above scenario. In practice however, updating of the weights at very
low rates may make beamformer response (oo sluggish to be useful, though this will depend on factors such as the
number and composition of the interferers, their spatial velocity and their bearing relative to the ‘look’ direction.

It is interesting 10 note that updating the beamformer weights Jess frequently leads to reduced CSC effects, compare
Fig.6 (weights updated at F(a) Hz) with Figs.10, 11 and 12 (with different ‘" and lower WUP rates). This is due to
the LMS power minimisation process becoming less sensitive 1o short-term correlation existing between the CW
signal and the interferers. The spectral plois corresponding to Figs.6 and 11 are given in Figs.13 and 14, (resp.).
which also illustrates the reduced CSC effects (compare the enhanced 0.25 Hz tonal in Fig.14 with that in Fig,13).

4.1.3 Robustness to Armray Errors

The robustness of adaptive beamforming over the conventional beamfarmed approach is illnstrated for the following
three cases of array errors: a) without array ervors, b) with moderate level of array errors, and ¢) with high levels of
array errors. In the following illustrations Dolph array shading with SLL=-50 dB is used, unless stated otherwise.
The performance of the shaded, 0 OGC Frost beamforming is compared with the shaded conventionally beamformed
approach. The comresponding unshaded Frost responses have not been presented here since these take much longer o
converge. A 8000-sample by 32 element scenario is employed (instead of 9000 samples used previously) with the
CW signal pulse lasting between samples 6000 and 7500.

4.1.3.1 Absence of Array Errors

In the absence of any array errors the shaded conventionally beamformed temporal response is shown in Fig.15. The
CW pulse is clearly visible with an output temporal SINR of 14 dB above the background level. The corresponding
shaded 0 OGC Fros!_response (J=8) is shown in Fig.16 also clearly shows the CW pulse which now has an output
SINR level of 16 dB. The loss in the CW signal power (due to array shading) in the shaded conventionally
beamformed case is evident, compare Fig.15 with 16. Whereas, in the adaptive case this loss has been compensated
for automatically in the ‘look’ direction, see Fig.16, (as outlined in section 2.2.1). Spectral plots, computed over
the duration of the pulse and corresponding to Figs.15 and 16 are given in Figs 17 and 18, respectively. These show
the enhancement of the 0.25 Hz CW tonal by the shaded conventionally beamformed approach {Fig.17) over the
adaptive approach (Fig.18). With SLL=-30 dB (cf. -50dB) however, the opposite of the above was found to be true.
4.1.3.2 Moderate Array Errors .

The effect of introducing moderate levels of array errors (see, section 4) in the previous scenario is considered next.
Shown in Fig.19 is the shaded conventionally beamformed temporal response in the presence of moderate array
errors, With an output SINR of only 2.4 dB it is difficult to detect the CW signal pulse from the background
residual level. The corresponding shaded 0 OGC Frost temporal response, shown in Fig.20 yields an output SINR
of 14.7 dB. Repeating the above exercise vsing a frequency swept FM signal (cf. CW) pulse (frequency varying
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linearly by £10% about 0.25 Hz over the 1500-sample pulse duration), Fig 21 shows the resulting shaded (0 OGC)
Frost response. The frequency sweeping action lowers the short-term correlation between the FM pulse (Fig 21) and
the interferers which leads to reduced CSC effects, compare with Fig.20 (CW case). Relative to the shaded
conventionally beamformed response (not shown) adaptive beamforming improved the SINR of the FM pulse by
some 114 dB. Incidentally, if the CW pulse in Fig. 20 had not been misaligned by 5 degrees to ‘look’ direction its
output SINR would have risen by an additional 0.1 dB. This, illustrates the insignificant effect of beam steering
errors on the detected signal power at low input SINRs (here, -30 dB).

Spectral plots corresponding to Figs.19 and 20 are shown in Figs.22 and 23 respectively. Adaptive beamforming
has enhanced the CW tonal by some 10 dB over the corresponding conventionally beamformed approach. Repeating
the above but using a SLL=-30 dB shading gave a tonal enhancement of some 17 dB. The spectral plot
corresponding to Fig.21 is given in Fig.24 where, a ‘flat-topped’ spectrum over the FM signal band results.

4.1.3.3 With High Armray Errors ) -

The effect of higher levels of array errors (upto $20% in gain, $20 degrees in phase and -20 dB elemental noise) in
the scenario being considered is illustrated next. Shown in Fig.25 is the shaded conventionally beamformed temporal
response in the presence of higher array errors. The CW signal pulse, with a SINR of only 1 dB, is
indistinguishable from the background breakthrough. Whereas, by employing a 0 OGC Frost beamforming with
(SLL= -50 dB) shading raised the output detection SINR level by 11.2 dB (1o 12.2 dB), see Fig.26. Spectral plots
corresponding to Figs.25 and 26 are shown in Figs.27 and 28, respectively, A +20 dB spectral enhancement of the
CW 10nal is achieved by adaptive beamforming over the corresponding conventionally beamformed case.

From the preceding sections it is clear that the adaptive approach, unlike the shaded conventionally beamformed
- approach, conlinues (o give a more robust performance especially, when increased gain and phase mismatches exist
between the aray elements,

Under low SINR conditions amay shading incorporated within the adaptive beamforming process results in slowing
the rate of removal of interferers residing close to the array main-lobe. The rate of nulling depends on the extent of
broadening of the mainlobe which in tun depends on the array shading parameter, SLL. For example, consider the
case of a +30 dB broadband interferer at bearing 5 degrees. A 0 OGC Frost beamformer (J=8) ook twenty times
longer (some 180,000 sampling intervals) to converge when employing a SLL=-30dB Dolph shading than its
unshaded counterpart. With a SLL=-50 dB shading, the convergence time was closer to 50 times Jonger than without
shading. Such a ‘sluggish’ response might even be considered desirable in some high SINR sonar applications. By
being more 1olerant to strong but misaligned signals the (shaded) adaptive beamformer behaves more like a
conventional beamformer close to the main-lobe region. In the array side-iobes however, the performance of the
beamformer benefits from array shading as demonstrated earlier on.

4.3 Broadband ‘Spatial’ Response

In order to get an overall comparison between adaptive and conventional beamforming approaches a +0 dB broadband
interferer was swept spatially from -90 to +90 degrees about a -30 dB CW pulsed signal, bearing 0 degree, (both
sources centred at F(a)/d Hz). The 1000-sample CW signal pulse was generated after some 3000 initial sampling
intervals had elapsed (for convergence to occur) for a given interferer bearing. Moderate levels of gain and phase
mismaiches and noise at the array elements (see, section 4) were also simulated. The output SINR for the CW
signal pulse versus interferer bearing was plotted (not shown) at one degree intervals for the conventionally
beamformed cases (with SLL = ~30 dB and -50 dB array shading) and also for the shaded and unshaded adaptive cases.
It was found that Frost beamforming, relative to the conventionally (shaded) beamforming, lowered the pulse
detection threshold level by between 10 and 15 dB in the side-lobe regions. A 32-element (0+1) OGC Frost
algorithm (J=8) was employed. The incorporation of array shading within the Frost process smooths out variations
in SINR in the side-lobes while broadening the main-lobe response, somewhat. For higher input SINR values
(eg. =20 dB..-10dB..0dB) adaptive beamforming enhanced signal detectability by approximately 15 dB over the
conventional approach for bearings greater than 10 degrees about the 0 degree ‘lock’ direction. For longer arrays
(e.g. 128 elements) enhanced signal detectability is still achievable but to a reduced extent.

Proc..O.A. Vol 13 Part § (1891) 284




ADAPTIVE DIGITAL SONAR BEAMFORMING

5§ CONCLUSIONS

The simulated hardware performance of a 16-bit adaptive beamformer with 32 elements, each up to 8 taps deep, has
been demonstrated. The benefits of adaptive beamforming over the conventional approach have been demonstrated for
a linear, medium sized equi-spaced element array. The LMS based Frost/GSC adaptive beamforming technique gives
a robust performance in the presence of multiple broadband interferers and realistic levels of hydrophone mismatch
and noise. For a 32-element linear array adaptive beamforming, relative to conventional beamforming, enhanced the
detectability of weak (-30 dB) ‘look’ signals in the presence of a broadband interferer residing in the array side-lobes
by between 10 - 15 dB,

The incorporation of Dolph array shading within the adaptive gain constraints is shown to aid in signal detection by
mitigating the leakage of strong broadband interferers residing in the array side-lobes. The main benefits of array
shading are reduced coherent-signal-cancellation effects and increased rates of convergence, the latter allowing
beamformer weights to be updated at raies lower than the array sampling frequency. For strong interferers residing
close to the main-lobe array shading reduces the rate of their removal due to a broader initial main-lobe response. For
low SINR applications a Frost-GSC algorithm employing a simple zero — order gain constraint is adequate for
detecting weak (up 1o -40 dB) and misaligned (by 5 degrees) signals about the ‘look’ direction with realistic levels of
errors present at the array elements. The use of higher order (derivative) gain constraints is mainly required when
operating in high SINR scenarios. Algorithm execution benchmarks for the architecture implemented in hardware
have been presented for a number of adaptive approaches incorporating a combination of array shading and ‘look’ gain

constraints.
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