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Abstract—This paper proposes a semi-adaptive beamforming
(SAB) algorithm for the co-prime circular microphone array
(CPCMA), which takes advantage of subarray-based adaptive
beamforming to achieve an optimised overall beampattern. The
SAB approach calculates the bearings of grating lobes or the
largest side lobes in the first sub-array before setting nulls at these
directions in the beampattern of the second sub-array, aiming at
removing the largest amplifications of undesired sources in the
first beampattern. Compared with state-of-the-art co-prime array
adaptive beamforming methods, the SAB considers the
beamformer weights for each sub-array separately before
combining them and generating the overall microphone array
output, which fully utilises the co-prime property. Simulations
indicate that the SAB improves the beampattern and array gain
(AG) at low frequencies, which are dominant components of the
speech energy, whilst maintaining equivalent results to the
conventional CPCMA at high frequencies, leading to overall
better performances in terms of beampattern and AG.

L INTRODUCTION

Designing a microphone array for speech sources processing
entails a trade-off between obtaining adequate directivity at
low frequencies, whilst avoiding spatial aliasing at high
frequencies [1]. Processing of the microphone array recordings
using beamforming is typically used to obtain an enhanced
recording of the target signal whilst suppressing the effect of
unwanted noise and other interfering sources. While the
performance of the beamformer can improve by increasing the
number of microphones and size of the array, this is often
impractical for speech applications.

The co-prime microphone array (CPMA) possesses a
beampattern with a narrower main lobe and less side lobes than
an array that uses with the same number of microphones that
are linearly spaced. The CPMA consists of two smaller sub-
arrays whose beampatterns result in grating lobes for source
signal frequencies above their spatial Nyquist frequency that is
a function of the sub-array microphone number and spacing.
The co-prime relationship between the number of microphones
in each sub-array means that these grating lobes are offset
spatially. Hence, joint processing of the sub-array outputs leads
to suppression of the grating lobes and allows an increase in the
spatial Nyquist frequency comparable with that of a similar
sized array with many more microphones [2-4]. A number of
papers have investigated applications that take advantage of co-
prime arrays including the estimation of the direction of arrival
(DOA) and the spatial power spectral density (PSD) [5-8].
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Recent work [9] adapts the CPMA to a circular arrangement
to form the co-prime circular microphone array (CPCMA),
which achieves improved beampatterns and array gain (AG)
results at high frequencies compared to a conventional Uniform
Circular Array (UCA). However, conventional co-prime arrays
utilising fixed-beamforming methods suffer from large side
lobes in the overall beampattern, leading to a performance
degradation in terms of AG at low frequencies. Semi-coprime
arrays have been proposed and investigated to further cancel
these side lobes [10-11], but the low-frequency performance
could still be improved. Note that the semi-coprime array is a
new type of sensor arrays, whilst the semi-adaptive
beamforming proposed in this paper is a different term,
applying adaptive beamforming approaches to only one sub-
array of co-prime arrays.

Adaptive beamforming techniques have been applied to co-
prime arrays to optimise the weights of the beamformer, and
achieve better performance. The approach of [12] generates a
much longer virtual uniform linear array (ULA) to
compressively sample the signal before applying the principle
of the minimum variance distortionless response (MVDR)
beamformer to design an adaptive beamformer for the co-prime
array. C. Liu and P. P. Vaidyanathan [13] also propose co-
prime joint angle-Doppler estimation (co-prime JADE) to
improve the degree-of-freedom (DOF) of co-prime arrays,
whereas the above methods target obtaining a single set of
overall beamforming weights corresponding to all
microphones and do not explore the sub-array properties first.
The work by Zhou et al [14] estimates the co-prime MVDR
beamformer with the assistance of DOA cues of each sub-array,
whereas the adaptive weights are also calculated for all
microphones without combining sub-arrays. This paper
explores a new path in co-prime adaptive beamforming to fully
utilise the property of the co-prime arrangement, which is
based on sub-array weighting and is not considered in the
aforementioned studies. The proposed algorithm is called semi-
adaptive beamforming (SAB) for subarray-based sensor arrays,
which is preliminarily validated through the CPCMA and can
also be seen as an improvement of the method in [10].

The major contributions of this paper consists of the
following three aspects. Firstly, an alternative adaptive
beamforming approach is presented for co-prime arrays, which
makes full use of the property of the co-prime arrangement.
Secondly, the semi-adaptive beamformer is adapted to the
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Fig. 1 An eight-element example of the CPCMA arrangement.

CPCMA, achieving optimised beampatterns. Thirdly, the array
gain (AG) results across frequencies for typical speech signals
are improved, which leads to potential benefits in broadband
applications such as speech DOA estimation and speech
enhancement.

Section II of this paper formulates the CPCMA recordings
and performance metrics of beamformers, including the
beampattern and the AG. The proposed SAB approach and its
adaption to the CPCMA is described in Section III. Section IV
presents experimental results under a number of testing
scenarios with conclusions drawn in Section V.

II.  THE CPCMA MODEL AND PERFORMANCE
MEASUREMENTS

A.  Signal Model

The CPCMA is a type of sparse array, interleaving two
uniform circular sub-arrays with M and N microphones,
separately (M > N; see Fig. 1). M and N are a pair of co-prime
numbers, with the only positive integer that divides both being
one. The rightmost microphone is seen as the reference, which
is shared by two overlapped sub-arrays. Assuming there are K
uncorrelated sound sources propagating at the speed of sound
(¢ = 343 m/s) and impinging as plain waves on the CPCMA
from diverse DOAs 6; (i =1, 2, ..., K), the signal model of the
CPCMA recording is expressed as

y(©) = h(®) = s(0) + v(0), (1)
where y(t) = [y (t), ..., y.(t)]" is the array output vector, and
s() = [s1(t), ...sk®]" , h(t) = [ (D), ..., h ()]T and
v(t) = [v1(t), ..., v, (t)]" represent source signals, acoustic
room impulse responses from the sources to microphones and
additive noise, respectively. The noise sensed at each
microphone is presumed to be uncorrelated and of same power.

Supposing the reference microphone is located on the x axis
of the Cartesian coordinates, the time delay between the i
microphone and the centre is [15]

7= —cos(6 —¢),i=1,2,..,L, 2)
where r is the radius of the CPCMA, and ¢; is the angular
location of the i element. Thus, for circular arrangements, the
steering vector d(w, 6) of length L can be formulated as
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where the superscript T represents the transpose operation, j =
V=1 is the imaginary unit, and w = 27f is the angular
frequency corresponding to the temporal frequency f. In
addition, the wavelength of the sound source is A = c/f.
According to the spatial Nyquist sampling theorem, if the
inter-element spacing § is greater than half of the wavelength,
i.e. 6 > A1/ 2, there will be spatial aliasing, where multiple
grating lobes occur in the beampattern, having the same power
as the main lobe [16]. The operating frequency f,p, yca of a
conventionally beamformed uniform circular array (UCA),
below which spatial aliasing will not occur, can be found as

c _ c
26 4r’sin(%)'

“4)

fop_UCA =

where r’ and M’ are the radius and number of microphones,
respectively [15]. Additionally, the operating frequency of a
CPCMA can be approximated as [9]

®)

c
fap,CPCMA ~ 4rsin(ﬁ)'

B.  SRP Adjusted DOA Histogram

For both fixed beamformers and adaptive beamformers, two
important metrics to evaluate the performance are the
beampattern and the array gain [17]. The beampattern
illustrates a beamformer’s sensitivity to a plane wave
impinging on the microphone array. For a conventionally
beamformed sub-array of the CPCMA with QO microphones
using delay-and-sum (DAS) techniques, it is expressed as [15]

BpasIWpas(®), 0] = wp s (w)d(w, ), (6)
where the superscript H represents the Hermitian transpose,
and all weights in wp,5(w) of length Q are set to 1/Q, which
are the beamforming weights. The beampattern of a sub-array
of the CPCMA, processed using the MVDR technique, can be
achieved as

Buyvpr [wopt(w)' 9] = woptH(a))d(w: 0). (7
where w,,, represents the vector of beamforming weights
used in Byypr-

Thus, the beampattern of the CPCMA can be achieved by
combining that of the two sub-arrays utilising the product
processor, which is [4]

Bcpema = Bpas X Biyypr- Q)

Another key measurement is the array gain (AG), which is
defined as the ratio between the gain in the direction of the

desired signal and the average gain from all undesired
directions [17]. The AG can be given by
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Fig. 2 Work flow of the proposed SAB algorithm
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where 6 is the steering direction, and O is the number of
discrete angles utilised in forming the beampattern B.
III. SEMI-ADAPTIVE BEAMFORMING AND ITS ADAPTION TO
CPCMA

Instead of considering the entire array weights, the present
study analyses the delay-and-sum beampattern of the M-
element sub-array to find the directions of grating lobes or
largest side lobes 84 (f) for each frequency. According to the
array signal processing theory, due to spatial aliasing, grating
lobes start to occur when the inter-element spacing is equal to
or greater than half of the wavelength [16]. If the grating lobes
do not occur in the M-element sub-array beampattern, the
proposed method will then target cancelling the largest side
lobes.

Subsequently, the weights of the N-element sub-array are
achieved dynamically by assuming that virtual sinusoidal
interfering sources come from the bearings 6, and then setting
nulls in these directions utilising adaptive beamforming
algorithms. Note that the virtual sinusoidal signals are assumed
to have normalised amplitudes and random phases for
evaluations in this paper, and their DOAs are arbitrarily
configured as 8,. By combining the two beampatterns via a
specific type of co-prime array processor, the grating lobes and
large side lobes at 6, are expected to be further cancelled
compared with the conventional CPCMA, leading to an
optimised beamformer. As only one sub-array is processed by
the adaptive beamformer, the computational cost of the
proposed algorithm can be decreased when compared with
state-of-the-art adaptive beamforming approaches for co-prime
arrays. Additionally, the SAB is source-independent due to the
use of assumed interferences. The work flow of the proposed
SAB method is illustrated in Fig. 2.

This paper selects the MVDR approach to process the N-
element sub-array, which is defined as [8]

(10)

minw?R;,,w subjectto wd(6,) =1,
w

where w is the weight vector of the N-element sub-array at all
frequencies, and R;,, represents the interference-plus-noise
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covariance matrix. d(6y) is the steering vector at the desired
source direction, while the superscript H denotes the Hermitian
transpose operation. The solution of this optimisation problem
is [8]

Riyyd(65)

w, =
OPt T gH(go)R7L,d(65)

an

In practice, R;,,, is unavailable, whereas for the proposed
algorithm, it can be calculated from the virtual sinusoidal
interference and noise signals. Simulations have found that the
phase of these undesired signals has no effect on the
optimisation result, so they are pre-defined as random-phase
signals multiplied by their amplitude, with the steering vector
being configured by assuming interferences come from 6.
Note that the MVDR algorithm used in this paper is nearly
identical with the conventional MVDR, whereas the only
difference is the assumption of DOAs of virtual interfering
sources.

It has been found that a diagonal loading, 67, of a proper
power value can assist with suppressing the interference and
noise and narrowing the main lobe of the MVDR approach,
[18]. Therefore, the R;., becomes R}, = R, + oZI,
where I is the unit matrix. As stated in [18], fixed rules for
choosing a suitable value of g are hard to achieve and there is
a trade-off between minimising the cancellation of the desired
signal and restraining the interferences and noise, so an
adaptive tuning process of the g7 is involved in the proposed
method. Informal testing found that the o2 should be selected
as approximately one tenth of the diagonal elements in R; .

Additionally, due to the nature of the MVDR, simulation
results show that the amplification of signals at the desired
direction will be reduced if the nulls in the beampattern are too
close to the main lobe. After a number of tests, the proper
threshold is set to 30 degrees. This means if the grating lobes
or largest side lobes in the beampattern of the M sub-array
appear in directions less than 30 degrees, the nulls will be
defined at 30 degrees in the N-element sub-array beampattern.

A general description of the proposed SAB algorithm is
summarised in Table I.

IV. RESULTS AND DISCUSSION

A.  Experimental Setup

As shown in Table 2, a CPCMA and two contrastive UCAs
(UCA-8 with 8 elements and UCA-20 with 20 elements) with
the same radius of 0.12 metres are simulated. The conventional
CPCMA and the SAB-processed CPCMA have the same array
geometry, whereas they employ different beamformers after
receiving speech signals that are impinging on the CPCMA.
Conventional CPCMAs utilises DAS beamforming techniques,
whilst the other employs the proposed SAB beamformer. The
product processor is applied to both beamformers to calculate
the overall array output after processing the two sub-arrays
separately. The performance comparison of the discussed
microphone arrays are provided in Section IV.A in terms of the
beam pattern and the AG.
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TABLE |
THE PROPOSED SAB ALGORITHM

Beamforming the M-element sub-array of the CPCMA using
1) conventional DAS (M > N) with (6), obtaining the

corresponding beampattern B 4.

Searching for grating lobes or largest side lobes in Bpyg
2)  from -90 to 90 degree relative to the main lobe direction

for each frequency, and their directions are labelled as 8.

3) If 6, is less than 30 degree, let 4 equals 30 degree.
Applying the MVDR method to the other sub-array with (11)

4) by assuming interfering sources come from 6, leading to

the adaptive beampattern Byypg.

Combining the two sub-array results through a commonly-

used processor (the product processor in this paper) with (8),

achieving the overall semi-adaptive beampattern of CPCMA

BCPCMA-

5)

TABLE II
EXPERIMENTAL MICROPHONE ARRAY CONFIGURATIONS

Type of array I\i‘f;?;’:;tgf Radius (m) fop (Hz)
CPCMA-8 8 0.12 4567.9
UCA-8 8 0.12 1867.3
UCA-20 20 0.12 4567.9
(Su[éifr:y D 5 0.12 1215.7
UCA-4 4 0.12 1010.6

(Sub-array 2)

B.  Performance Comparison of Co-prime Beamformers

The aforementioned circular microphone arrays are
simulated as per the experimental setup in Section IV.B, and
their performances are compared to present the advantage of
the SAB beamforming.

Fig. 3 and Fig. 4 illustrate beampatterns of the CPCMA
processed by both the DAS and SAB beamformer at example
frequencies, which are 1.4 kHz and 3 kHz, with one closed to
the operating frequencies of the two sub-arrays and the other
higher than twice the two operating frequencies, leading to
visible grating lobes in the beampattern. They can represent the
performance at low frequencies and high frequencies,
respectively. It can be seen that the proposed SAB beamformer
uses MVDR as an alternative method to process the second
sub-array and achieves optimised beampatterns at both
frequencies. Note that this paper focuses on ensuring the
beampattern in the forward direction, where the source comes
from, is optimal, so only beampatterns in this direction are
observed.

At 1.4 kHz, the MVDR method firstly searches for large side
lobes in the Sub-array One beampattern, before making
comparisons to find the two largest side lobes. Finally, it
successfully obtains two nulls at exact directions of these
largest side lobes, leading to a much better overall SAB
beampattern having a narrower main lobe and smaller side
lobes. At 3 kHz, the MVDR also gains two nulls at expected
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Fig. 3 Beampatterns of the eight-element CPCMA using the conventional
beamformer and SAB beamformer, separately: (a) Sub-array beampatterns
using the SAB approach; (b) Sub-array beampatterns of the conventional
CPCMA; (c) Comparison of beampatterns of the SAB approach and
conventional CPCMA. Conditions of simulation: §; = 0°, f= 1.4 kHz.
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Fig. 4 Beampatterns of the eight-element CPCMA using the conventional
beamformer and SAB beamformer, separately: (a) Sub-array beampatterns
using the SAB approach; (b) Sub-array beampatterns of the conventional
CPCMA; (c) Comparison of beampatterns of the SAB approach and
conventional CPCMA. Conditions of simulation: 85 = 0°, f'= 3 kHz.
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Fig. 5 Comparison of AGs of the CPCMA processed by both beamformers, the
contrastive UCAs and the sub-arrays of the CPCMA. Conditions of simulation:
6, =0,

positions to cancel the large side lobes in the beampattern of
the first sub-array, whereas the conventional DAS beamformer
also has nulls at similar bearings. Consequently, the two overall
beampatterns are similar, while the SAB beampattern still
slightly outperforms that of the conventional beamformer.

In order to look into the performance of SAB to wideband
signals, Fig. 5 compares AG results of the SAB-processed
CPCMA, the conventional CPCMA, the contrastive UCAs and
the two uniform circular sub-arrays of the CPCMA. Generally,
the proposed SAB algorithm achieves the highest AG across
the frequency band of typical speech signals. Although the
SAB result has a small degradation compared with the
conventional CPCMA from about 1.6 kHz to 2.1 kHz, it shows
significant improvement of AG below 1.6 kHz and is also
higher from around 2.1kHz to 2.5 kHz. From 2.5 kHz to 4 kHz,
the two curves are quite similar. The two types of CPCMA
perform better than all considered UCAs from 0 Hz to 4 kHz
in terms of AG. It is worth noting that the proposed approach
is the only one that overcomes the problem of low AG below
0.5 kHz. Considering the average AG, the proposed semi-
adaptive approach surpasses the conventional CPCMA by
around 2 dB, and all the other curves are more than 3 dB below
them.

V.  CONCLUSIONS

This paper proposes a semi-adaptive beamforming approach
for co-prime circular microphone arrays. The basic idea is to
explore the co-prime property of co-prime arrays and optimise
the sub-array weights separately before combining them using
a product processor. In this first trial, the MVDR is investigated
as an adaptive beamforming method to optimise the weights of
one sub-array so that it can cancel the grating lobes or largest
sidelobes appearing in the beampattern of the DAS sub-array
beamformer. This is achieved by designing the MVDR
beamformer to set nulls in the direction of the grating lobes or
sidelobes of the other sub-array, which has the potential to
decrease the computational complexity and is source-
independent due to the usage of assumed sinusoidal signals.
Simulation results present the advantage of the SAB approach
at improving the beampattern and AG compared with the
conventional CPCMA, particularly at low frequencies.

430

7-10 December 2020, Auckland, New Zealand

Future work will further investigate potentials of the SAB
approach in benefiting co-prime beamforming and its speech
processing applications, such as DOA estimation, source
separation, speech enhancement, etc. Possible directions are: 1)
exploring the results of beamforming the N-element sub-array
with adaptive approaches according to the DAS beampattern of
the M-element sub-array, and comparing them with the results
in this paper; 2) evaluating various target directions and
optimising sub-array weights of the CPCMA for these cases to
further develop the SAB application, after which other metrics
such as Perceptual Evaluation of Speech Quality (PESQ) and
Source to Distortion Ratio (SDR) can also be used by
simulating audio recordings to check whether the overall audio
quality is improved; 3) instead of configuring a threshold,
finding better solutions for cases when grating lobes or largest
side lobes are too close to the main lobe of the DAS sub-array
beampattern.
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