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ABSTRACT

This paper presents a sequential approach to simultaneously optimize a
microphone array geometry and its corresponding beamformer weights.
The primary objective is to address the problem of an unknown direction
of arrival of a desired source within a given region of interest while
maximizing the broadband array directivity criterion. Optimization
constraints are developed and applied to guarantee minimal distortion
of the desired source and high white noise gain. The proposed approach
outperforms recent and traditional approaches, considering the average
white noise gain in the entire region of interest and frequency spectrum.
It is also preferable in terms of the directivity factor when the direction of
arrival of the desired source significantly deviates from its nominal value.

Index Terms— Microphone arrays, optimal beamforming, region-of-
interest beamforming, sequential optimization, sparse arrays.

1. INTRODUCTION

Beamforming has been extensively used to extract desired source
signals from noisy and reverberant sensor observations [1]-[5]. Designing
a beamformer involves two primary issues: the array geometry design
and the derivation of the underlying beamformer weights. While much
attention has been given to the latter [6]—[9], the former has been rarely
addressed despite its known influence over the attributes and performance
of the involved beamformer [10], [11].

Among the most standard array layouts, uniform linear arrays (ULAs),
rectangular arrays (RAs), and circular arrays have been explored to the
greatest extent. In particular, ULAs have been the focus of many studies
due to their simplicity and ease of application. They were also shown
capable of attaining high array directivity or white noise robustness, albeit
not both [12], [13]. Unfortunately, they are susceptible to mismatches
between the actual and nominal direction of arrival (DOA) of the desired
source [14], as well as to microphone imperfections [15]. In contrast, RAs
(and their three-dimensional generalization, cube arrays) exhibit reduced
susceptibility to the DOA of the desired source when the DOA is parallel
to one of the array axes. Nevertheless, their performance typically drops
when the DOA deviates from the array axes [16]-[18]. Leveraging their az-
imuthal symmetry, circular arrays may ideally exhibit DOA-independent
performance on the X-y plane. Unfortunately, this usually entails limited
array directivity or requires accurate knowledge of the true DOA.

Recent studies have addressed DOA uncertainty by proposing the
concept of a region of interest (ROI) in different domains and across a
variety of applications [19]-[22]. The ROI describes the region in space
from which the desired source is expected to originate. Previous works
suggested optimizing a microphone array geometry either over a linear
[23] or rectangular [24] layout while maximizing the array directivity and
accounting for a sufficient level of WNG. Unfortunately, although shown
as superior to traditional methods and enabled other desired attributes
such as a constant main-lobe beamwidth, they were only adequate for
narrow ROIs. They required a large array aperture along (at least) one of
its axes. In [25], a sparse concentric circular array (SCCA) approach was
introduced and exhibited improved performance for wider ROIs, even
with a limited number of microphones. It also utilized the Kronecker-
product framework [26] to easily extend the optimized geometry for
larger arrays. Nonetheless, the KP-based extension and the derivation of
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the underlying beamformer weights were not optimal and did not directly
consider the desired ROL. In [27], [28], a joint optimization approach of
the array geometry and weights was proposed. This approach exploited
sparse circular sector arrays to directly account for the desired ROI, and
was shown to more accurately align with it compared to previous work.
However, it could not address large arrays involving many microphones,
as it was designed to accommodate them simultaneously.

This paper presents a sequential approach to simultaneously optimize
the microphone array geometry and beamformer weights. We assume
the desired source impinges on the array from an unknown DOA within
a given ROI and attempt to optimize the broadband array directivity
accordingly. We ensure an acceptable lower threshold of the white
noise gain (WNG) and a distortion-controlled response of the desired
source. We show that the proposed approach is preferable in terms of the
directivity factor (DF) when significant DOA deviations are considered
and in terms of the WNG across all frequencies and directions considered.

The remainder of the paper is organized as follows. In Section 2, we
present the signal model. In Section 3, we address the problem of DOA
uncertainty and define the appropriate measures for ROI beamforming.
In Section 4, we present our approach to sequentially optimize the array
geometry and the beamformer weights at once. In Section 5, we analyze
the performance of the proposed approach and compare it to existing
methods.

2. SIGNAL MODEL

Consider a desired source signal propagating from the farfield in an
anechoic acoustic environment at the speed of sound, i.e., c=340 m/s, in
an elevation angle ¢ and an azimuth angle ¢. The plane wave impinges
on a uniform concentric circular array (UCCA) composed of N equally
spaced rings whose corresponding radii are R,2R,...,N R, with R being
the radius of the innermost ring. The array is located on the X-y plane
and exhibits P equally spaced and omnidirectional microphones on each
ring. Accounting for an additional microphone located in the center of
the UCCA, the total number of array microphones is M = NP + 1.
Defining the center of the UCCA as the origin of the Polar coordinate
system as well as the reference point, the array steering vector of the n-th
ring is given by [29]:
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where n = 1,..., N is the ring index, the superscript © denotes the
transpose operator, 7=-+/—1 is the imaginary unit, f >0 is the temporal
frequency and

2r(p—1)
=——" 2
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is the angular distance between the p-th microphone on aring (p=1,...,P)
and the positive X-axis direction. Stacking the steering vectors of all rings,
we obtain the full steering vector of the UCCA:

dos(f)=[1 dlps(f) dLpo(f) %o 1" 3
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in which the first element corresponds to the reference microphone
located at the origin.

Denoting the desired source incident angle by (6,¢0), the observed
noisy signal vector of length M/ = NP 41 can be expressed in the
frequency domain as [8]:

y(f)=x(f)+v(f)=dog.e (/)X (f)+v(f), )

where X (f) and v (f) are the zero-mean desired source and additive
noise signal vectors, respectively, as received by the reference microphone.
Dropping the dependence on f, the correlation matrix of y is given by

@, =5(yy" ) =pxday oAb, 00+ B )

where E(-) denotes mathematical expectation, the superscript
is the conjugate-transpose operator, px = F (\X |2) is the power
spectral den51 of the desired source at the reference microphone, and
P, = 1s the correlation matrix of v. Note that equation (5)
assumes x and v to be uncorrelated. Assuming the noise variance is ap-
proximately uniform across all sensors, equation (5) may be expressed as

@y =pxdag g0 a0 tPv Ty, ©
where py is the power spectral density of the noise at the reference
microphone and I'y = @, /pv is the pseudo-coherence matrix of the
noise. From (6), we deduce that the input signal-to-noise ratio (SNR) is
1 (px oy 00 A6 o) _bx

tr(pvIy) pv
where tr(-) denotes the trace of a square matrix.
3. REGION-OF-INTEREST BEAMFORMING
To generate an estimate of the desired source X, a linear beamformer
f is applied to the observed signal vector y, yielding the output signal [30]

X=t"y=Xt"dg, 4, +f"v. ®)
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If dg,, %0 is known, a distortionless response constraint for the desired
source is given by £/ dg,,s, = 1, which may directly be used in the
derivation of the beamformer f.

The most common performance measures for beamformers are the
SNR gain, the WNG, and the DF. From (8), the output SNR can be
defined as

oSNR(f) = M )
Py fATf
which implies that the SNR gain is given by
oSNR(f) [ do, e |
f)= = 920 10
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Consequently, the WNG and DF are given by
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where I'q is the pseudo-coherence matrix of a spherically isotropic
(diffuse) noise field [30], defined by [Ta]; , = sinc(27r fA, i /0),
where 41 and i denote rmcrophone 1ndlces A” i 1 the Euclidean
distance between microphone 41 and 42, and sinc(x ) =sin(z)/z.

In many real-world scenarios, involving multiple and possibly moving
speakers of interest, the DOA of the desired source is unknown. As a
result, the performance measures in (9)-(11) may be inadequate to derive
f. To cope with such scenarios, we shall take an alternative approach and
consider the steering vector associated with the true DOA to be unknown.
That is, we define doy;,¢r0; t0 be a uniformly distributed random
variable over the entire ROL As a consequence we may define

x=XE[doyor.ér01] = Onon //e@R dg,¢sinfdgdd,  (12)
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which constitutes the average steering vector of all possible DOAs
within the ROL: 0 € Oror, ¢ € Pror, whereas Qror is given by
Qror= [, oo I e @ROISinquSd.@. Note tha_t this aggregatien assumes
complete coherence between all directions within the ROI in a similar
manner to [27] and the coherently scattered source scenario examined
in [31]. This assumption is valid as we consider a single desired source
whose DOA is unknown (rather than a range of desired scattered sources),
and hence no practical synchronization is required.

Substituting (12) into (9), we may define the output SNR over the
entire ROI as
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where brot = [pco. - [ica, do.esin0dgdd may be regarded
as the ROI steering vector whose integration bounds are set by the
desired ROI. Note that in case the vector dogo;.éror 1S known, (13)
simplifies to the form presented in (9). Notice that there may be
different ways to formulate (13), potentially avoiding the inner-ROI
coherence assumption stated above. Nevertheless, this would typically
entail computationally inefficient derivations (e.g., involving multiple
eigenvalue decompositions) which would not be adequate for the iterative
optimization procedure presented in this paper.

In the proposed approach, as the ROI may potentially be wide, we
do not require a distortionless response. Such a response could result
in degradation inflicted by undesirable interferences and reverberations,
particularly in silent periods. Instead, we employ the following distortion-
controlled constraint:

tfbror=1. (14)

Consequently, in case (14) holds, the SNR gain over the entire ROI is
given by

o OSNRROI (f)
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1 [fbrot* 1 oL
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which implies that the WNG over the entire ROI is obtained by
2
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and the DF over the entire ROl is
2
1 |fbroil
Droi(f)= —_— 17
Q%OI fHD 4 f

4. SEQUENTIAL AND SIMULTANEOUS OPTIMIZATION

Our primary objective is to optimize the microphone array geometry
and beamformer weights concerning a given ROI, even when large arrays
with many microphones are considered. First, it is crucial to establish a
proper optimization criterion and design constraints for the array’s design.
As we are interested in designing high directivity beamformers and as
speech signals are broadband, we focus on the ROI-oriented broadband
directivity index defined as [27]
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Fig. 1: Optimal layout for different ROIs. (a) ®ror =[—10°,10°] and (b)
Dror = [—40°,40°]. Empty and solid circles indicate unoccupied and

occupied microphone locations, respectively. The dashed lines indicate
the division into four identical sub-arrays whose optimization sequence
indices are marked in brackets.

in which the minimal and maximal frequencies of interest are denoted
by fr and fu, respectively. Then, in case only a limited set of possible
microphone locations is considered, the optimal solution may be obtained
by maximizing (18):

£ *argmaxDI e fal - (19)

in which the optimal solution £* is a K -sparse beamformer, with K being
a design parameter indicating the desired number of occupied microphone
locations out of the total number of locations M. However, as shown
in [27], a proper solution of (19) must be subject to performance and
structural constraints that are not all convex. Specifically, the optimization
problem may be classified as a mixed-integer programming (MIP)
problem known as NP-hard. This implies that if either K or M are not
low-valued, the associated computational complexity is immense and
therefore impractical, even for offline processing.

To handle large arrays, we propose a sequential optimization approach
that rigorously considers all possible microphone locations on the
array but not all at once. We split the entire array layout (e.g., a
complete UCCA) into smaller sub-arrays (e.g., circular sector arrays) and
simultaneously optimize the array geometry and beamformer weights,

considering all previously optimized occupied microphone locations.

Specifically, let t=1,2,...,T" denote the optimization sequence index (or
stage), and M,Ma,...,Mr and K1,K>,...,Kr denote the total number
of microphone locations and desired number of occupied microphone
locations for each sub-array, respectively. Then, we define:

t—1
Ki=14Y Ki;  My=Ki+M, (20
=1

in which the additive ‘1’ term stands for the reference microphone
location in the origin that is not considered a part of any sub-array and
is always marked as occupied.

Leveraging the perspective of split arrays, the single optimization
problem in (19) is transformed into a series of optimization problems in
the form

" N L
f(t):argmfln/ f(t)I‘d f(t)df, (2])
fr

where I‘ff) is a M, x M, diffuse noise pseudo-coherence matrix at
stage t, taking into account all optimized microphone locations up to
and including stage ¢t —1, along with all potential microphone locations
evaluated in stage ¢. Notice that this formulation assumes that the
distortion-controlled constraint of (14) holds.

Each referred optimization problem must be accompanied by proper
design constraints to yield a valid solution. The distortion-controlled
constraint must be satisfied for every optimization stage ¢ and frequency
of interest f, that is,

C1[f] £ bRbi =1, Vf €[ fr.ful, 22)
t
where bggl fge@ROI f¢€¢mn dy »Sinfd¢do, and de » 18 a steering

vector of length M/ in stage ¢ constructed in a similar fashion to I‘< .In
addition, to provide robustness to practical microphone 1mperfect10ns
a minimal accepted value of Wroi(f) is set. Denoted by e, this design
parameter should be selected by the application and microphones at hand.
Considering equation (16), we have

Co[f] £ < =5, Y €L ful. (23)
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Next, we would like to ensure the sparsity of the obtained
solution. First, We decompose the optimized beamformer into

fioy= [ £0"

to the previously optimized microphone locations and f2(t> is the part of
f(1) corresponding to the remaining M; locations evaluated in stage .
Then, to guarantee the selection of all previously optimized microphone
locations, we require

T
f2(t)T } , in which fl(t) is the part of f{;y corresponding

1
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with {F(t)} 1 denoting the elements of f; ) . Finally, we want to ensure

that precisely Kt locations are optlmlzed and selected in stage ¢. We
T
define the binary vector s(;) = [ Sf) S](\Z ] in which every

element corresponds to a potential microphone location of the t-th
sub-array evaluated in stage ¢ and set the following two constraints:

M,
Cafs]: D SV =K., 25)
1=1
®
0) Apw]? o S
C5 |:f2 7S(t)j| : )F2;i S QQROI 67 (26)
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with {Fé?}gﬁ denoting the elements of £{". Note that constraints
Cs Lfl(t)} ,Ca[sq]. and Cs [fQ(t) ,s(t)] guarantee the K 1-sparsity of f(
wit[ out imposing further constraints on its non-zero values on top of
Ca|f(y].
Grouping (21)-(26) together, the sequentially optimized SCCA (SO-
SCCA) beamformer of stage ¢ is obtained by solving the following MIP
optimization problem

fu
£0-scon =argmjn | KT e

L
st. C1 [f(t)] 7C2 [f(t)} 7C3 |:f1(t):| 7C4 [S(t)] 7C5 |:f2(t)’S(t)i| 5

which we solve using the MOSEK optimization solver [32] by employing
the branch-and-bound and convex relaxation methods. Ultimately, when
the sequential procedure is completed, and all sub-arrays are optimized,
we obtain our proposed SO-SCCA beamformer fso_scca =
which is of length K = I_('T+1.

Finally, it is important to note that the sequential aspect of the
optimization procedure is confined exclusively to the microphone
placement, while the beamformer weights are jointly set in the final stage
and hence remain globally optimized.

£
SO—-SCCA
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Fig. 2: DF and WNG obtained with the proposed fso—scca and fscca
of [25]. () D(fso—scca), (b) D(fscca), (©) W(fso—scca), and (d)
Wi(fscca).

5. EXPERIMENTAL RESULTS

To demonstrate the advantages of the proposed method, we focus on
a UCCA of N =3 rings and P =36 equally spaced possible microphone
locations per ring with the innermost ring’s radius set to R=1 cm. We
evenly split the UCCA into 7"=4 similar-size circular-sector-shaped sub-
arrays to which we sequentially apply the proposed optimization scheme,
implying that My = My = M3 = M, = 27 and a total of M = 109
possible microphone locations. The proposed SO-SCCA beamformer is
designed considering desired sources originating from the X-y plane, that
is, o =7/2, and two distinct symmetric ROIs in terms of the azimuth
angle around 0°: ®ror = [—10°,10°] and Pror = [—407,40°]. In
addition, we set e=—10 dB, K; =6 and K> = K3 = K4 =4, yielding
proposed beamformers of length K =19.

We begin by investigating the influence of the desired ROI on the opti-
mal array geometry as depicted in Fig. 1. We observe that for both ROIs,
a symmetric geometry is obtained with a high density of occupied micro-
phone locations along the X-axis designed to maximize the array directiv-
ity around ¢o =0. In contrast, with the narrower ROI, the occupied loca-
tions are more widely spread to increase the array aperture and the result-
ing directivity, whereas with the broader ROI a more compact structure is
required to enable a distortion-controlled response across the entire region.

Next, we focus on the Pror =[—40°,40°] case and compare the pro-
posed approach to two maximum directivity factor (MDF) beamformers,
each comprising of 21 microphones: the MDF/MDF beamformer with the
SCCA approach [25] denoted by fscca, and an MDF beamformer [8] ap-
plied to a UCCA geometry denoted by fucca. The former is designed us-
ing 3 replicas of a 2-ring SCCA comprising 7 optimized microphone loca-
tions out of possible 18 equally spaced locations. The latter involves a sin-
gle 3-ring complete UCCA with 7 equally spaced microphones per ring.

Figure 2 depicts the DF and WNG of the proposed approach
fso_scca compared to fscca. Regarding the DF, the proposed
approach is preferable for significant DOA deviations, that is, when
|¢po] € [20°,40°]. Considering the WNG, it is evident that the proposed
approach is superior across the entire ROI and frequency spectrum,
except for small DOA deviations in the high-frequency range where the
two methods perform equally well. Ultimately, Fig. 3 compares the DF
and WNG over the entire ROI of the three methods. The tradeoff between
the ROI's width and Dgror is demonstrated, along with a preferable
performance of the proposed fso_scca for frequencies over 2 kHz.

8-{,
6 /\_‘—’
1 2 3 4
f (kHz)
(@)
0

1 2 3 4
f (kHz)
(b)

+f50-scca; Pror = [—40°,40°;€ = —10 dB =fscca; Pror = [-40%,40%);¢ = —10 dB
*fs0-_scca; Pror = [~40°,407); e = =30 dB +fycca
fs0-scca; @ror = [-10°,10°);e = —10 dB

Fig. 3: (2) Dror and (b) Wroi, obtained with the proposed fso_scca
and existing methods for several design parameters.

Furthermore, fso_scca is substantially advantageous in terms of Wgror
across the entire spectrum.

6. CONCLUSIONS

We have developed an ROI beamforming approach that optimizes
the microphone array geometry and the corresponding beamformer
weights simultaneously. This approach involves solving a series of
small MIP problems to achieve an optimal beamforming design, even
with large arrays. Our focus is on maximizing the broadband array
directivity criterion while considering the entire ROI and maintaining
a controlled level of desired source signal distortion and sufficient
WNG. We compared the performance of our approach to the recently
introduced SCCA and traditional UCCA high-directivity beamformer.
Our findings demonstrate that our approach is more favorable in terms
of array directivity measures when significant DOA deviations are
considered or in high frequencies when the entire ROI is taken into
account. Additionally, our approach was found to be significantly superior
in terms of WNG measures across the entire ROI and frequency spectrum.

In our future work, we will explore and refine how the microphone
array is divided into sub-arrays. We will also consider the number of
microphone locations being assessed and the specific number of locations
we want in each sub-array.
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