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STFT-Domain Least-Distortion
Region-of-Interest Beamforming

Gal Itzhak

Abstract—This paper introduces a new method for maximizing
array gain beamforming while focusing on a specific area in space.
The main goal is to minimize the distortion of a desired signal
when there is uncertainty about its actual direction of arrival. We
develop a signal model and establish appropriate constraints and
measures. We propose two beamformers that minimize distortion,
each optimized for either white noise gain or directivity factor. Both
beamformers are controlled by a design parameter that balances
array gain and average signal distortion. We conduct extensive
simulations to validate our approach. We examine the nature of
this parameter across different areas of interest and evaluate its
impact on the performance of the proposed beamformers using rel-
evant measures. Finally, we conduct speech-signal experiments in
various noisy and reverberant environments and consider different
array calibration conditions. Our results show that the proposed
approach outperforms recently proposed and traditional methods
in terms of speech intelligibility, quality, and mean opinion scores,
especially when there are significant deviations in the direction of
arrival of the desired signal and when the reverberations are mild.

Index Terms—Microphone
beamforming, region-of-interest
arrival deviation, maximum gain.

arrays, least-distortion
beamforming, direction-of-

1. INTRODUCTION

ICROPHONE array beamforming has been an active
M area of research over the past decades, enabling the
recovery of desired signals from noisy observations. Focusing
on the attenuation of undesired noise fields, beamformers have
been optimized considering a variety of criteria and design
constraints. These yielded numerous beamformer derivation
techniques applied to different array geometries [1], [2], [3],
[4], [5].

The commonly used uniform linear arrays (ULAs) are easy to
design, implement, analyze, and monitor. However, this simplic-
ity can lead to limited design flexibility and poor performance in
real-world conditions. ULAs tend to perform poorly in reverber-
ant acoustic environments and when the desired signal’s direc-
tion of arrival (DOA) differs from the nominal direction [6], [7].
More sophisticated array layouts have been proposed to mitigate
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these drawbacks. Rectangular arrays (RAs), for example, have
performed well considering signals arriving in parallel to one of
the array’s axes. Their geometric symmetry also enables opti-
mization considering multiple design criteria at once [8]. Further
advantages have been reported for DOA estimation tasks [9],
[10] and in closely-positioned microphones’ settings [11], [12].

To enable preferable array steering and DOA mismatch han-
dling in more general scenarios, layouts of a greater symmetry
can be used. Circular arrays (CAs) and uniform circular arrays
(UCAs), which exhibit perfect symmetry in the x —y plane,
allow better control over desired performance measures. They
were also demonstrated to attain a frequency-independent spatial
response alongside a complete array steering [13], [14], [15].
Concentric circular arrays (CCAs) and uniform concentric circu-
lar arrays (UCCAs) generalize these layouts. As a consequence,
they may provide further desired attributes, such as a consistent
mainlobe beamwidth [16], [17], [18], white noise rejection [19],
and potentially compact array size.

Previous methods have attempted to reduce the effects of
a desired signal DOA mismatch in various ways. Several ap-
proaches have focused on an adaptive mechanism that attempts
to estimate and continuously track the DOA, assuming the acous-
tic environments do not change rapidly and that only a single
desired signal exists [20], [21], [22], [23]. They also typically
assume prior knowledge or strict assumptions on the nature of
the desired signal. Despite performing well in static low-noise
scenarios, their performance significantly deteriorates in highly
reverberant environments where accumulated estimation errors
are common. They also necessitate significant real-time com-
putational complexity that may not be realistic for practical
applications. Other approaches focus on a DOA-robust design,
in which a nearly distortionless response is attained near the
nominal DOA [24], [25], [26], [27]. Although they were shown
to perform well with minor DOA mismatches, their performance
heavily drops when the DOA mismatch is larger than a few
degrees.

To enable tolerance to significant DOA deviations without
computationally expensive real-time estimations involved, re-
cent studies have exploited the region-of-interest (ROI) notion.
Defined as a continuous region in space from which a desired
signal may impinge on the array, this notion entailed various
studies that proposed alternative offline beamforming designs
and array geometry optimization techniques. Unlike previous
methods, these techniques did not require any real-time com-
putations. The study in [28] focused on linear array geom-
etry optimization, aiming to maximize the broadband array

2998-4173 © 2025 IEEE. All rights reserved, including rights for text and data mining, and training of artificial intelligence and similar technologies.
Personal use is permitted, but republication/redistribution requires IEEE permission. See https://www.ieee.org/publications/rights/index.html for more information.

Authorized licensed use limited to: Israel Cohen. Downloaded on July 12,2025 at 08:36:31 UTC from IEEE Xplore. Restrictions apply.


https://orcid.org/0000-0003-0557-3628
https://orcid.org/0000-0002-2556-3972
mailto:galitz@technion.ac.il
mailto:icohen@ee.technion.ac.il

2804

directivity for a continuous ROI while maintaining the white
noise gain (WNG) over a desired threshold level. With the
underlying linear layout at hand, this method could only address
small ROIs. It also lacked flexibility for attaining desired array
characteristics, such as the mainlobe beamwidth. In [29] an RA
was used. It was composed of a uniform layout along one axis
and a non-uniform layout along the other. This approach offered
more flexibility and ensured a constant mainlobe beamwidth
and an aperture-dependent threshold frequency. Nevertheless, it
only addressed limited ROIs and required physically large arrays
with many microphones.

Successive studies utilized the underlying CCA symmetry to
support greater ROIs. In [30], a beamforming method based
on the sparse concentric circular array (SCCA) was introduced.
The main idea involved optimizing the sparse locations of a
small subset of array microphones out of a dense UCCA. The
derivation of appropriate weights is then followed by maximiz-
ing the resulting array directivity in two distinct ways. Indeed,
this approach demonstrated superior performance for greater
ROIs. Unfortunately, the derivation method of the beamformer
weights was highly suboptimal as it did not directly account for
the desired ROI, leaving much room for performance improve-
ments. The study in [31] proposed a joint array geometry and
beamformer weights optimization scheme that relied on a sparse
circular sector array (SCSA) layout. Compared to previous
methods, this approach exhibited superior array directivity when
significant DOA deviations were involved. However, its formu-
lation fell short in strictly requiring a distortionless response
for all directions within the ROI. Moreover, the SCSA layout,
combined with the underlying optimization problem, limited the
number of array microphones and their possible locations on the
array.

This paper introduces a maximum array gain beamforming
approach that minimizes signal distortion across the entire ROI.
By generalizing the traditional signal model, we formulate the
problem settings to account for all directions within the ROI
directly. We derive generalized constraints and performance
measures accordingly, including the celebrated directivity factor
(DF) and WNG. Two least-distortion beamformers are proposed
and optimized with respect to these performance measures; each
may be tuned to increase the array gain or reduce the desired
signal distortion. This is attained by appropriately configuring a
design parameter that depends on the ROI. We perform a series of
extensive simulations, including analyzing this design parameter
and thoroughly investigating the derived performance measures.
We end with rigorous simulations of speech signals in noisy and
reverberant environments, considering different array calibra-
tion conditions. Compared to recently proposed and traditional
methods from the literature, our approach yields superior speech
intelligibility. It also exhibits preferable speech quality and deep
noise suppression mean opinion scores (DNSMOS), as well as
greater robustness to array miscalibration when significant DOA
deviations are considered and the level of reverberations is mild.

The rest of the paper is organized as follows. Section II
presents the signal model and the basic mathematical notations.
In Section III, we formulate the problem to address an entire
ROI and define measures and principles accordingly. Section IV
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is dedicated to deriving the appropriate performance measures
considering an ROI. Section V introduces two least-distortion
beamformers and discusses the flexibility in tuning their per-
formance. Section VI includes extensive simulations to analyze
the proposed beamformers from multiple theoretical perspec-
tives and various noisy and reverberant simulations with speech
signals. It additionally covers array miscalibration conditions.

II. SIGNAL MODEL AND PROBLEM FORMULATION

We consider the following signal model

Ym(t) = gm(t) * X(t) + vim(t)
= dm(t) * X1(t) +vm(t)
=Xm(t) +vm(t), m=1,2,..., M, (1)

where Ym (t), Xm(t), and vy (t) are, respectively, the observa-
tion, convolved desired, and additive noise signals at the mth
sensor, with M being the number of sensors, and the array
geometry is arbitrary. The impulse response from the desired
source location to the mth sensor is gm (t), and the corresponding
relative impulse response is dm (t), where Sensor 1 is chosen as
the reference sensor.
In the STFT domain, (1) can be written as

Ym(K, 1) = Xm(k, r) + Vm(k, 1), 2

where Ym(k,r), Xm(k,r), and Vm(K, r) are the STFT rep-
resentations of ym(t), Xm(t) and vy (t), respectively, at the
subband index k € {0,1,..., K — 1} and the time-frame index
r. Xm(k,r) and Vi (K, r) are assumed to be zero mean and
uncorrelated.

Approximating the relative impulse response dp, (t) as a non-
causal finite-length filter and assuming that the length of the
STFT analysis window is sufficiently larger than the effective
support of the relative impulse response, we can apply the
multiplicative transfer function (MTF) approximation [32] and
write the convolved desired signal at the mth sensor as

Xm(k, r) =Dm(k, d, a)Xi(k,r), (3)

where Dy (K, 4, g)isthe DFT of the truncated FIR version of
dm (). The direction of the desired source, denoted as ( g, q),
is explicitly added as a parameter of Dy, to highlight the func-
tional dependence of dmy, (t) on the directional coordinates of the
desired source.

Writing the M STFT representations of the sensors’ signals
in a vector notation and denoting the transpose operator by the
superscript |, we have

y(k,r) = Ya(k,r) Ya(k,r) Ymk,r) "
=d(k, g, a)Xa(k,r)+v(kr)
=x(k, r) +v(k,r), 4)
where
dk, ¢, )= Di(k, ¢, o) Da(k, a, )

DmK, ¢ a) ', (5)
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can be seen as the relative transfer function from the desired

source location to the sensor array relative to the reference

sensor, and X(k, r) and v(K, r) are defined similarly to y(K, ).
The covariance matrix of y(K, ) is

y(k,r) =E y(k ny"(k,r)
= x(kn)+ (k)

x, (K, Nd(k, ¢, a)d"(k, a o)+ v(kT),
(6)

where the superscript ™ is the conjugate-transpose opera-
tor, x, (K, r) =E[|Xy(k,r)[?] is the variance of X;y(K,r),

x(kK, r) = E[x(k, r)x" (k, r)] is the covariance matrix of
x(k,r), and (k,r) = E[v(k, r)vF (k, r)] is the covariance
matrix of v(k, ).

Our objective is to design optimal beamformers in the STFT
domain for a given ROl ( 4 € , d€ ) using M com-
plex gains for each subband:

h(k,r) = Hi(k,r) Ha(k,r)

Hu(k,1r) ', )

where and are the spatial regions that compose the
ROI concerning the azimuth and elevation angles, respectively,
and Hm (K, r) is the complex gain applied to the mth sensor
output at the time-frequency bin (k, r). Note that, as the ROI
is defined merely by the azimuth and elevation angles, the
following formulation and derivations are suited to describe
far-field sources and compact arrays for which the distance is
not taken into account explicitly.

III. REGION-OF-INTEREST BEAMFORMING

In the STFT domain, beamforming with multiplicative gains
is performed by applying a complex weight to the output of each
sensor at the time-frequency bin (K, r), and summing across the
aperture:

M
Zk,r)= HyK, r)Ymk,r)

m=1
hH (k, ny(k,r)
== de(k, r) + Vrn(kv I’), (8)

where the superscript * is the complex-conjugate operator,
Xua(k,r) = X1k, D" (k,Nd(k, o, a) O
is the filtered desired signal, and
Vi (k, ) = hP (k, r)v(k, ) (10)

is the residual noise. Hence, the variance of Z (K, r) is the sum
of two variances:

z(k,r) =h"k,r) y(k, rhk,r)

xm(k, r)+ Vm(k, r), (11
where
x (K, 1) = h"'(k, r) «(k,nNhk,r)
= (1) P ndK, ¢ o) ° (12
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is the variance of Xg(k, r), and

v, (k,r) =hP Kk, r) Kk, rhk,r) (13)

is the variance of V, (K, ).
From (9) we see that for a given DOA ( ¢, g), the distor-
tionless constraint is

hH(k, nNdk, 4, q¢) =1. (14)

For a given ROI , we would like to minimize the average
distortion over the entire ROI

1
Ja, [h(k,r)] = W
x hH(k, rd(k, , )—1°sin d d
(., )e
(15)
where
| | = sin d d. (16)
C.,oeC . )

The ROI-distortion constraint is obtained by taking the gradient
of the average distortion over the entire ROI, Jg, [h(K, r)], with
respect to the complex conjugate of h(k, r) and equating the
result to zero. We can rewrite Jq, [h(K, r)] from (15) as

Jo, [h(k,N]=h"(k 1) a, (K1)
—hH(k,nNd (k) —d"(k, Nh(k,r) +1

a7
where
0 ()= dk, , )"k, , )sin d d
| | (,)e
(18)
1 .
d (k)= — dkk, , )sin d d . (19)
| | (,)e
Therefore, the ROI-distortion constraint for  is given by
a, (Khk,r)=d (k). (20)

Note that, generally, it is not possible to obtain explicit ex-
pressions for g, (k) asdefinedin (18),andd (K) as defined in
(29). However, we can compute them by numerical integration.

IV. PERFORMANCE MEASURES

This section defines the appropriate performance measures for
calculating and studying ROI beamformers with multiplicative

gains in the STFT domain.
To begin with, the subband input SNR is defined as
k,r)
iSNR(K, r = k) 21)
(k,r) ) (

The broadband input SNR is obtained by summing the numer-
ator and denominator of iSNR(K, r) over all time-frequency
indices. We have

k,r xl(k' I’)

iSNR= ———
Kk,r Vl(k’ r

(22)
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where v, (K, r) = E[|V1(K, r)|?] is the variance of the noise at
the reference sensor.

The output SNR quantifies the SNR after beamforming. From
(11), we deduce that for a given DOA ( , ), the subband output
SNR is given by

Xa (kr r)
v (K, T)

x, (k,r) hPk,nd(k, , )
hH(k, 1) vk Nh(,r)

oSNR [h(k, 1), , ]

2

(23)
We can define the subband array gain for ( , ) accordingly as
oSNR[h(k,r), , ]
iISNR(K, r)
_ h"(kkndk, , )
B hH(k1 r) V(k7 r)h(k7 r)’

Gglhk,n, , 1=

2

(24)

where (k,r) = y(k,r)/ v,(k, r) denotes the normalized
covariance matrix of V(Kk, r).

For a given ROI , the subband output SNR is given by
k,r) 1
oSNR [h(k,r)] = 22 5 =
va(k, 1) |

hH(k, r)d(k, , ) °sin d d
hH(k, 1) v(k, Dh(k, 1)

_ xkn) bk g (Khekr)
B CE R C I C LC) @)

Hence, the subband array gain for is

oSNR [h(k, )]
iSNR(K, 1)

_hH (k) 4 Khk,r)

" hH(K, 1) ok nhk,r)

% (, )

g [h(kk,n] =

(26)

The WNG is defined as the array gain for spatiotemporal white
noise. Hence, the subband WNG is given by

hH(k,r) 4, (K)hk,r) .

W Ik 0l = — o Rtk @7
Similarly, we may define the broadband WNG by
WBB [h] — k,r Vl(k’ r)
k,r Xi (k, I’)
k,r X1 (ky r)hH(k! r) d, (k)h(k1 r)
kr va(k, DOk, nh(k, 1)
(28)

The DF is defined as the array gain for a spatially diffuse noise
field. The pseudo-correlation matrix of diffuse noise is given by

2

0(k)=4i dk, , Yd"(k, , )sin d d . (29)

0
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Hence, the subband DF is given by
h"(k,r) 4, (Kh(k,r)

PIEII= e gon otoneny @Y
and the broadband DF is
k,r)
,DBB hl = K.r V1(
R ()
ke x (kNP K, ) o (Khk,r) 31

or v (6 DR QD) o(OR(K, 1)
Describing the spatial response of the beamformer, the power
beampattern is defined as

BIhk,r), , 1°= 2.

hH (k, Nd(k, , ) 32)

It may be easily shown that the subband DF is related to the
power beampattern by

4 Bih(k,r), . 1%sin d d
D [h(k,r)] = (,)Ze [B[h(k, 1) ]l éln
| | o o BIh(k,r), , ]|°sin d d
(33)

In practice, most beamformers distort the desired signal. To
quantify the level of this distortion, we define the desired signal
reduction factor as the ratio of the variance of the desired signal
at the reference sensor over the variance of the desired signal at
the beamformer output. For a given ROI , the subband desired
signal reduction factor is given by

1
o D= g o doncen® @Y
and the broadband desired signal reduction factor is
k,r
gB [h] — k,r Xl( ) (35)

kr X (K DA ) o (KQhk, )

The closer the value of 4, (h) is to 1, the less distorted the
desired signal.

V. OPTIMAL LEAST-DISTORTION ROI BEAMFORMERS

This section introduces a methodology for deriving opti-
mal multiplicative gains for ROI beamforming in the STFT
domain. Our main goal is to explain how to maximize the
array gain for a specific ROI while satisfying the distortion
constraint.

A. Least-Distortion Maximum WNG

The least-distortion maximum WNG (LD-MWNG) beam-
former is derived by maximizing the subband WNG subject
to the ROI-distortion constraint. In this case, the multiplicative
gains h(k, r) become independent of the time-frame index r.
Hence, the optimization problem of the least-distortion maxi-
mum WNG beamformer can be formulated as

h"(k) 4, (K)h(k)
hH (k)h(K)

h(k) st. g (Khk)=d (k). (36)
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To solve this problem, let us assume that rank [ ¢, (k)] =
P < M. Using the eigenvalue decomposition, the M x M Her-
mitian matrix ¢, (K) can be diagonalized as

Q" a4 WQ=, (37)
where
Q= a1 Q2 am (38)
is a unitary matrix, i.e., Q"Q = Q Q" = Iy and
=diag( 1, 2,--., ™) (39

is a diagonal matrix whose main elements are real and non-
negative. The orthonormal vectors Qi,02,...,qm are the
eigenvectors corresponding, respectively, to the eigenvalues
1, 2y..., m of the matrix ¢, (K), where 1> 2>--->
p>0and p+1 = p+2=---= m = 0.Itis convenient to
break the matrix Q into two parts, corresponding to the nonzero
and the zero eigenvalues. Let

Q= Q1 Q2 ,

where the M x P matrix Q; contains the eigenvectors corre-
sponding to the nonzero eigenvalues of ¢ (K), and the M x
(M — P) matrix Q> contains the eigenvectors corresponding to
the null eigenvalues of ¢ (k). We can express h(k) as

h(k) =Qa

=Qias +Qoay

(40)

(41)

wherea= a] aj " is the transformed beamformer of length
M, a; contains the first P elements of a, and a, contains
the remaining M — P elements of a. Instead of optimizing
h(K) directly, we can, equivalently, optimize &, since Q is an
orthogonal matrix. So when a is obtained, we can easily find
h(k) from (41).
Using (37) and (41), we can write the optimization problem
of the least-distortion maximum WNG beamformer as
aH

a — AH
max —o— st.  a=Q"d (k), (42)
or equivalently as
al' ;a
max —+ 1% st ja; = Qfd (k), (43)

a afla;+ab'a,

where 1 = diag{ p}p=;.Since 1 isinvertible, the constraint
in (43) imposes

ap= 1'QY'd (k) (44)

and maximization of the WNG in (43) under this constraint
is obtained for a, = 0. Hence, the least-distortion maximum
WNG beamformer is

hio-mwne (K) = Qu(k)  11(K) QT (k)d (k)

P H
k k
R IO
N0
where the variable K has been added to Q and  to highlight their
dependence on the subband. We deduce that the corresponding

(45)
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subband WNG is

d" (k) Qu(k) 1'(k)Qf'(K)d (k)

d" (k) Qi(k) (k) QL' ()d (k)
(46)

W [hip-mwne (K)] =

The Ileast-distortion maximum WNG beamformer,
hLpo-mwnec(K), minimizes the average distortion over the
entire ROI, Jq, [h(Kk)] as defined in (15) or (17). A practical
approach that can give a compromise between WNG and
desired signal distortion is to limit the summation in (45):

< apK)ab! (k)
o oK)

where 1 <K <P. The WNG that is obtained using
hLpb-mwne, k (K) increases as K decreases, but at the cost of in-
creasing the average distortion over ,Jg, [NLp-mwne k (K)].
We have

hio-mwne,k (K) = d (k) 47

1(K) =W [hip-mwne,i(K)] = -+

>W [hio-mwne,p (K], (48)

and

Jda, [hio-mwne,1(K)] > -+ > Jg, [hip-mwne e (K)]-
(49)
The maximum WNG that can be obtained without imposing

the ROI-distortion constraint is given by:
h" (k) 4, (Kh(k)
hH (k)h(k)

Hence, the unconstrained maximum subband WNG beamformer
is

50
ma (50)

hmax (k) = (k)q1(K),

where (K) # 0 is an arbitrary complex number, and the maxi-
mum subband WNG is

w [hmax(k)]: 1(k)

Substituting (51) into (17), taking the derivative of Jg, [Nmax (K)]
with respect to  (K) and equating the result to zero yields the
unconstrained maximum WNG beamformer that minimizes the
average distortion over

(S

(52)

d1(K)at' (k)d (k)
1(K) '
We see that hip_mwne.p(K) = hip-mwne(K),
hiLp-mwnG,1(K) = Niax 1(K).
When the ROI  is reduced to a single DOA ( ¢, ¢), the
optimization problem in (36) simplifies to

mwhH«ymm st. hPK)dK, ¢ o) =1

hmax,l(k) = (53)

and

(54)

and the least-distortion maximum WNG beamformer reduces to
the delay-and-sum beamformer:

dk, 4, a)
d"(k, o, a)d(k, ¢, a)

hps (K, o, o) = (55)
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The corresponding WNG is given by

Wihps (K, o, @)l =d7(K, g4, a)d(k, g, a). (56)

B. Least-Distortion Maximum DF

To find the least-distortion maximum DF (LD-MDF) beam-
former, we need to maximize the subband DF in (30) subject to
the ROI-distortion constraint in (20), i.e.,

h"(k) 4, (Kh(k)

max s.t. kK)h(k) =d (k). (57
N R oGong S (NGO = G0-64D
Since o(k) has full rank, the two Hermitian matrices

d, (k) and (k) can be jointly diagonalized via the GEVD
as follows:

T o T=, (58)

T oK) T = I, (59)

where T =[t; tm] is a full-rank matrix contain-
ing the generalized eigenvectors, and = diag{ p}B/I:l is a
diagonal matrix containing the corresponding real and non-
negative generalized eigenvalues sorted in a decreasing order
as 1> 2>+-> p> pyg=---= p =0. Weexpress
h(k) as

h(k)=Ta (60)

where a is the transformed beamformer of length M. Then,
we can write the optimization problem of the least-distortion
maximum DF beamformer as
al a
max —~Aa S.t.
a a'a

which is similar to the optimization problem in (42). Following
the same derivation of the least-distortion maximum WNG
beamformer, we obtain that the least-distortion maximum DF
beamformer is

hio-mor(k) = Tu(k) (KT (K)d (k)

P ()t (k)
o (K)

where the variable k has been addedto T and  to highlight their
dependence on the subband, the M x P matrix T1(K) contains
the P generalized eigenvectors corresponding to the nonzero
generalized eigenvalues, and  1(K) = diag{ p(k)}gzl. We de-
duce that the corresponding subband DF is

dH () Tuk) (KT K (K)

d9()Ti(k) *(K)THd (k)
(63)

a=THd (k), (61)

d (k), (62)

p=1

D [hip-mor(K)] =

The least-distortion maximum DF  beamformer,
hLo_mpr(K), minimizes the average distortion over the
entire ROI, Jq, [h(K)] as defined in (15). A compromise
between DF and desired signal distortion is obtained by using

K ()t (k)

p(K) @ ¢

hip-mor.k(K) = (64)

p=1
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where 1<K <P. We see that hp_mprp(K)=
hip_mpr(K), and for K =1, we obtain the unconstrained
maximum DF beamformer that minimizes the average distortion
over

t1 ()t (K)d (k)
1(k)
The DF that is obtained using h| p_mpr k (K) increases as K

decreases, but at the cost of increasing the average distortion
over ,Jdq [hLp-mprEK](K). We have

1(K) =D [hip-mpora(K)] > - >D [hip-morp (K)]
(66)

h p-mpr,1(K) = (65)

and

Ja, [hip—mpora(K)] > -+ > Jg, [hLo-mprep (K)]. (67)

When the ROI s reduced to a single DOA ( g, ), the
optimization problem in (57) simplifies to

er)\ h™ (k) o(k)h(k) s.t. K7 (K)d(k, g, o) =1, (68)
and the least-distortion maximum DF beamformer reduces to

the distortionless maximum DF beamformer:

o (Kd(k, 4, a)
dH(k, g, a) o (KA, g, a)’

whose corresponding DF is given by

Dihwoe (K, ¢, )] =d7(k, 4, a) o' (KQd(K, d, q).
(70)

hvior (K, dy d) = (69)

In the following, we omit the explicit dependence on the subband
index K for notational simplicity. For instance, h|_p_mpr,1(K)
is denoted as h_p_mpF,1.

VI. EXPERIMENTAL RESULTS

In this section, we analyze the performance of the proposed
approach from several perspectives and compare it to common
and recently presented methods from the literature. The ap-
proach presented in the previous sections is general and may
be applied to any array geometry. Nevertheless, in this work, we
focus on the array geometry suggested in [33] that is composed
of a concentric circular array (CCA) placed on the x — y plane
and a ULA placed on the z-axis. In particular, we assume the
CCA to be uniform, consisting of 3 equally spaced rings with 8
uniformly distributed microphones on each. Setting additional
7 uniformly spaced microphones on the z-axis results in an
array of M = 31 microphones. More specifically, we set both
the interelement spacing for the ULA along the z-axis and the
radius of the innermost ring as 3cm. An illustration of the
employed array geometry is depicted in Fig. 1, where ; denotes
the interelement spacing of the ULA along the z-axis and

i—1
denotes the angle between the i-th microphone and the positive
x-axis direction, withi =1, ..., 8.

Authorized licensed use limited to: Israel Cohen. Downloaded on July 12,2025 at 08:36:31 UTC from IEEE Xplore. Restrictions apply.



ITZHAK AND COHEN: STFT-DOMAIN LEAST-DISTORTION REGION-OF-INTEREST BEAMFORMING

Fig. 1. Tllustration of the employed array geometry containing M = 31
microphones. Solid gray circles indicate the UCCA microphones placed on
the X — Yy plane, and striped blue-shaded circles indicate the ULA microphones
placed on the z-axis on, beneath, and above the X — y plane.

A. Analysis of the Parameter K

Next, we are interested in investigating K and its relation
to the ROI . For example, when the ROI  is reduced to
a single DOA, we have K =P =1 as 4, (K) reduces to a
rank-1 matrix. In contrast, when a continuous ROI is consid-
ered, the rank of g, (K) is larger than 1. Fig. 2 depicts the
dB-scaled eigenvalues of ¢, (k) with respect to hp_mwnNeG
and h p pmpr with the employed array geometry for three
distinct ROIs: [—30°, 30°] and = 90°, = [—45°,45°]
and =90°, and = [—45°,45°] and = [60°, 105°].
Note that while the first two ROIs consider desired signals
impinging from the x — y-plane and may apply, for example,
to conference room scenarios where all speakers sit around a
table, the third ROIs may apply to standing-speaker scenarios
as well. First, we observe that the larger the ROI, the greater the
number of high-valued eigenvalues. This is a consequence of
an increasing rank of g, (K) as the integration bounds in (18)
expand. Additionally, it is evident that with all ROISs, the number
of high-valued eigenvalues associated with h p_pmpf is slightly
greater than those associated with h| p_pmwne. Nevertheless,
considering the largest ROI and the entire frequency spectrum,
we observe a significant value drop for p > 7, particularly for
low frequencies, implying that a frequency-independent value of
K may be set similarly. On the other hand, with the two smaller
ROIs, the first three eigenvalues include the vast majority of
the spectral energy, indicating low significance of the additional
eigenvectors.

To evaluate the influence of the parameter K on the proposed
beamformers and provide an additional performance-oriented
perspective, we focus on the three broadband measures, namely
WEB DB and §P . We consider the three discussed ROIs for
a broad range of K values between 1 and 9, and assume the
desired signal and noise to be white and stationary. The results
are depicted in Fig. 3. First, we notice that h p_mpE, K is more
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Fig.2. Descendingly ordered dB-scaled eigenvalues of g, (K) with respect

to hp_mwne and h p_mpF as a function of the frequency considering
three distinct regions of interest. (a) h p_mwnNe with =[-30°,30°]
and =90°, (b) h_p_mpE with = [—300, 3OO] and =90°, (©)
h p_mMmwnNG with = [7450, 450] and =90°, (d) h p_mpE with

= [—450, 450] and =90°, (e) h p_mwnNG With = [—450, 450]
and = [60°, 105°], and (f) h_p_ mDF With = [-45°,45°] and =
[60°, 105°].

sensitive to desired signal reduction than h p_mwne, Kk for the
three ROIs, whereas the larger the ROI, the greater the potential
signal reduction. For the largest ROI, no signal reduction is
apparent for K > 7, implying that this should serve as the upper
bound for the selection of K. In contrast, for the smallest ROI,
this is already attained for K > 3. Accounting for the broadband
gain measures, decreasing the desired signal reduction entails a
noticeable decline in both the WNG and DF. We infer that the
desired value of K is highly dependent on the scenario settings
(e.g., the ROI), and should be selected according to the desired
tradeoff between signal reduction and array gain, which are
typically application dependent.

B. Performance Evaluation

Let us now consider the subband performance measures
presented in Section IV. We focus on the largest ROI out
of the three previously discussed, i.e., = [-45°,45°] and

= [60°, 105°], and evaluate the subband WNG, DF, and

Authorized licensed use limited to: Israel Cohen. Downloaded on July 12,2025 at 08:36:31 UTC from IEEE Xplore. Restrictions apply.



2810 IEEE TRANSACTIONS ON AUDIO, SPEECH AND LANGUAGE PROCESSING, VOL. 33, 2025
15 12 14
10 < 10 1.3
2 5 g _ 12
v Z mc
Q. Q| 8 :\]ff
_g, 0 ﬂd 1.1
6 D&
.Sb\m 1 — ——
-10 = 4 0.9
1 2 3 4 5 6 7 8 9 1 2 3 4 5 6 7 8 9 1 2 3 4 5 6 7 8 9
K K K
(a) (b) ©
+hrp_vmwra, k3 Po = [—307,30°]; ©q = 90° =hip mpr ;3 Po = [—30%,30%]; Oq = 90°
s<hrp mwng, k3 Po = [—4572,45]; ©q = 90° +*hip_mpr k3 Po = [—45%,45°); Og = 90°
ohrp_mwra, i3 Po = [—45°,45°); Oq = [60°,105°] +hrp_mpr k3 Po = [—45°%,45°]; Oq = [60°,105°]
Fig. 3. Broadband WNG, DF, and desired signal reduction factor of h p_mwne,k and h p_mpr,k as a function of K for the three discussed ROIs.

(a) WNG, (b) DF, and (c) desired signal reduction factor.

desired signal reduction factor. Fig. 4 depicts the performance
of both beamformers for three distinct values of K selected in
accordance with the previous part: 1, 4, and 7. It is clear that
regardless of K, h p_mwnc, K is superior in terms of the WNG,
whereas Wi p_mpr,k is superior in terms of the DF. However,
the tradeoff controlled by K is expressed by comparing both gain
measures to the distortion measure: the lower K is, the higher
are the WNG and DF, and so is the desired signal reduction
factor. Considering the latter measure, we deduce thatfor K = 1,
significant array directivity is achieved with hy p_mpr k., but
at the expense of substantial desired signal distortion. Note that
this result highly correlates with the broadband performance
measures discussed above.

On top of the three theoretical measures, we assess the
beampatterns of the two proposed beamformers. Specifically,
to obtain a complete spatial visualization, we consider the
three-dimensional (3-D) beampatterns, which exhibit the beam-
formers’ spatial response concerning every possible direction
in space. The 3-D beampatterns are plotted in Fig. 5 for 3 kHz,
around which the human ear sensitivity is known to reach its
peak [34]. We observe that K substantially impacts the beam-
patterns of both beamformers. For example, when K = 1, di-
rections outside the ROI are significantly attenuated, indicating
high array directivity. This is particularly true with h| p_mpF 1.
However, slight attenuation is apparent within the ROI, primarily
around its edges, which indicates some desired signal reduction
for signals impinging on the array from these edge directions.
As K increases, the level of attention corresponding to the edge
directions is minimized, yet adjacent directions outside of the
ROI are attenuated to a lesser extent.

To illustrate this K-controlled tradeoff from another perspec-
tive, Figs. 6 and 7 depict the azimuth and elevation beampatterns
of the proposed beamformers for a wide spectral range, respec-
tively. We observe that for distinct values of K and considering
both angles, the beampatterns’ mainlobes follow the desired
ROI. Nevertheless, considering the azimuth angle for K =1
reveals a mild spatial-response attenuation near the edges of the

ROL. This is particularly stressed with h p_mpr,1 and to some
degree with hi p_mwne, 1. In contrast, for K = 4, the beampat-
terns’ sidelobes appear more dominant, indicating reduced array
directivity. Considering the elevation angle, we notice that with
hLp_mwnG, comparable spatial responses are obtained within
and near the ROI for both values of K. In contrast, h_ p_mpF 1
exhibits a mild spatial-response attenuation around the lower
ROI edge at = 60° as of a lower frequency than h p_mpF 4.

C. Speech-Signal Simulations in Noisy and Reverberant
Environments

In this section, we analyze the performance of the proposed
beamformers on actual speech-signal samples in various noisy
and reverberant scenarios that include DOA deviations. The
simulations are performed as follows. We use a room impulse
response (RIR) generator [35] based on the image method [36] to
simulate the reverberant noise-free signal received by each mi-
crophone while using the same array geometry and parameters
described above.

To demonstrate the performance of the proposed approach
for different ROIs, we employ both the smallest and largest
ROIs discussed in Section VI-A with three appropriate values
foreach: K = 1, 2, 3 for = [-30°, 30°] and = 90°, and
K =147 for = [—45°,45°] and = [60°,105°]. In
addition, we compare the proposed approach to four existing
beamformers from the literature. The first two are the classical
maximum directivity factor (MDF), hypf, and delay-and-sum
(DS), hps, beamformers [6] applied to the same array geometry
and steered towards the center of the ROI. The next beamformer
is the recently proposed fywne/mvpre [30] that was shown to
be valuable when significant DOA deviations of the desired
speech were taken into account. It is constructed using 4 replicas
of an 8-microphone and 2-ring SCCA optimized out of 24
equally spaced microphone locations — yielding an array of 32
microphones. The radius of the innermost ring is set to 1.5 cm,
whereas the distance between the origins of two adjacent replicas
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Fig. 4. Subband WNG, DF, and desired signal reduction factor of

hLD—MWNG,K and h LD-MDF,K for different values of K. (d) WNG, (b) DEF,
and (c) desired signal reduction factor. For the ROI, we set = [-45°,45°]
and = [60°, 105°].

is set to 4cm. The fourth and final beamformer is the robust
adaptive beamformer proposed by Vorobyov et al. [24]. Denoted
by Wiobust, this beamformer is applied to a 31-microphone ULA
whose interelement spacing is S mm and its associated design
parameters (namely, the diagonal loading coefficient and DOA
mismatch vector norm boundary) are optimized with respect to
the scenarios described below.

Considering all described beamformers, the x — y-plane to
which the arrays are aligned is set to the z =1m plane,
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Fig.5. 3-D beampatterns of h p_mwnNe,k and hy p_mpE,k for different
values of K. (2) hLp-mwna,1. (0) hLp-mDF,1, (¢) hLp-mwneG 4. (d)
hLp-MDF,4, (€) NLp-MmwnNG,7, and () h . p_mbF,7. The frequency is set
to 3 kHz.

with the origin set to (X,Y,z) = (3,3,1)m coordinate of an
8 x 7 x 3 m room. The RIR is simulated for two distinct val-
ues of Tgp, 200 msec and 600 msec, where T¢ is defined by
the Sabin-Franklin’s formula [37]. In addition, two simulated
noise fields are present: a white thermal Gaussian noise and a
spherically-isotropic diffuse noise, as well as two directional
interferences that impinge on the arrays from the positive z-axis
direction and the = 135° direction on the x — y-plane. The
two interferences and the diffuse noise are equally powerful,
whereas the white thermal noise is 30 dB weaker than each.
The broadband input SNR is set to iSNR = 3dB. The desired
speech signal, X(t), is a concatenation of 24 speech signals
(12 speech signals per gender) with varying dialects that are
taken from the TIMIT database [38] and sampled at a sampling
rate of fs = 1/Ts = 16 kHz. The speech signal enhancement is
performed in the short-time Fourier transform (STFT) domain
using 75% overlapping time frames and a Hamming analysis
window of length 512 (32 msec). We employ the far-field and
free field steering vector [6] for the DFT of the relative impulse
response between the desired source and the array microphones,
hence avoiding its direct approximation.
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Fig. 7. Elevation beampatterns of h p_mwne,k and hip_mprk

as a function of the frequency. (a) hip-mwne,1. (b)) hLp-MmDFE,1.
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indicate the specified ROI.

We evaluate and compare the perceptual evaluation of speech
quality (PESQ) [39] and short-time objective intelligibility
(STOID) [40]. In Table I, we present the performances of the
described methods for the smallest ROI mentioned earlier and
Teo = 200 msec. Considering the PESQ, it is notable that with
no desired signal DOA deviation, that is, ( 4, 4) = (90°,0°),
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fuwNesmvpre performs best. However, in the presence of the
desired signal DOA deviation (as apparent in the two remaining
scenarios), the proposed approach attains a preferable perfor-
mance. The performance gap is particularly accentuated for
( a» a) =(90°,20°) with hi p_mpF 3. Considering the STOI,
the proposed hi p_mpr,1 and hy p_mpE 2 outperform all other
beamformers in the simulated scenarios, having h_ p_mpE 3
perform equally in the ( g, ) = (90°,20°) scenario. Increas-
ing Tgo to 600 msec and maintaining all other settings, Table II
describes the PESQ and STOI in a more severe reverberation en-
vironment. Although the proposed beamformers do not perform
as well as the existing ones in terms of PESQ, they still exhibit
superior performance regarding STOI. That is, the proposed
hip_mbr,1 and h p_mprE,2 exhibit highly preferable scores
considering the three simulated scenarios.

Tables IIT and IV present the PESQ and STOI scores for the
largest referred ROI, with T set to 200 msec and 600 msec,
respectively. As mentioned in Section VI-A, we consider val-
ues of K =1,4,7 for the proposed beamformers using this
ROL. Firstly, regarding the PESQ scores, we observe that the
proposed beamformer h; p_mpg 7 is preferable in scenarios
characterized by significant deviations in the DOA and moderate
levels of reverberation. This is particularly evident in the case of
( 4, ) = (65°,40°) with T¢y = 200 msec. In all other scenar-
ios, the combination of a large ROI and reverberations, alongside
relatively small DOA deviations, results in inferior performance
compared to alternative approaches. However, when considering
the STOI, the proposed method significantly outperforms the
other options. It is important to note that for both sets of scenarios
(i.e., for both values of Tgp), the superior performance of the
proposed approach is observed at higher values of K, partic-
ularly when more significant DOA deviations are taken into
account. Specifically, hy p_mpE 1 is preferred in the scenario
where ( g, q) = (80°,0°). Meanwhile, h| p_mpF,4 is the best
choice for the scenario ( 4, ¢) = (80°,20°), and h; p_mDpF 7
performs better in the scenario ( g4, ¢) = (65°,40°).

D. Evaluation of Speech Quality Under Array Calibration
Conditions Using DNSMOS

Finally, it is essential to evaluate the performance of the
proposed approach in more practical scenarios, accounting for
further non-idealities and implementation limitations. We focus
on planar array geometries that may be easier to implement
in practice and consist of the least number of array micro-
phones. Specifically, we consider h_p_mpr,1, NLD-MDF.3,
hip-mwne,1. NLb-mwnG,3, hvpr and hps, all implemented
over the same UCCA array geometry described above and
located on the x — y-plane, whereas fywne/mpe utilizes 3
optimal SCCA replicas that are identical to those discussed
in the previous subsection (rather than 4). Note that this en-
tails beamformers of 24 microphones each. We use a similar
simulation environment with the smallest discussed ROI and
Teo = 200 msec, and set iSNR = 10 dB. Additionally, we con-
sider two common artifacts of array miscalibration: microphone
position offsets and gain mismatches. The former are simulated
as additive independent zero-mean normally distributed random
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TABLE I
PESQ AND STOI SCORES OF THE NOISY AND ENHANCED SIGNALS WITH THE PROPOSED AND EXISTING APPROACHES

PESQ STOI
0d,q) = (90°,0°) | (90°,10°) [ (90°,20°) || (90°,0°) [ (90°,10°) | (90°,20°)
Noisy 1.06 1.06 1.06 0.70 0.73 0.72
hLD_MDF 1 1.37 1.37 1.38 0.93 0.93 0.91
hyD_MDF,2 1.37 1.38 1.43 0.93 0.93 0.91
hip_MDF,3 1.29 1.35 1.63 0.90 0.90 0.91
hLD_MWNG 1 1.30 1.31 1.32 0.82 0.83 0.83
hLD_MWNG,2 1.30 1.31 1.32 0.82 0.83 0.83
hLD_MWNG,3 1.26 127 1.29 0.79 0.81 0.82
hypr 1.24 1.31 1.38 0.74 0.80 0.74
hps 1.37 1.36 1.34 0.82 0.83 0.83
fuwna/MpE [30] 2.19 1.15 1.13 0.85 0.67 0.62
Wrobust [24] 1.36 1.34 1.35 0.83 0.84 0.85

For the Proposed Approach, We Simulate Different Values of K and set ®g = [-30°, 30°]; ®q = 90°. Simulation Settings: iSNR = 3 dB and 7o = 200 msec.

TABLE II
PESQ AND STOI SCORES OF THE NOISY AND ENHANCED SIGNALS WITH THE PROPOSED AND EXISTING APPROACHES

| || PESQ | | STOI ||
O, da) = (90°,0°) | (90°,10°) | (90°,20°) || (90°,0°) | (90°,10°) | (90°,20°)
Noisy 1.06 1.06 .05 0.59 0.61 0.62
hLD_MDF 1 122 I.19 1.05 0.1 0.80 0.79
hyD_MDF,2 1.21 1.18 1.24 0.81 0.80 0.79
hyD_MDF,3 1.13 1.15 1.24 0.73 0.76 0.78
hLD_MWNG 1 1.19 121 1.31 0.69 0.70 0.71
hLD_MWNG,2 1.19 1.22 1.19 0.69 0.70 0.71
hLD_MWNG,3 1.19 1.22 1.19 0.66 0.68 0.69
hyvbF 1.33 1.37 1.46 0.64 0.66 0.65
hps 1.24 1.26 1.21 0.70 0.71 0.70
fuwna/MpF [30] 1.69 1.44 1.21 0.72 0.66 0.64
Wirobust [24] 1.19 1.19 1.20 0.71 0.72 0.73

For the Proposed Approach, We Simulate Different Values of K and set ®q = [-30, 30°]; ®q = 90°. Simulation Settings: iSNR = 3 dB and T = 600 msec.

TABLE III
PESQ AND STOI SCORES OF THE NOISY AND ENHANCED SIGNALS WITH THE PROPOSED AND EXISTING APPROACHES

PESQ STOI
0d,dq) = (80°,0°) | (80°,20°) | (65°,40°) || (80°,0°) | (80°,20°) | (65°,40°)
Noisy 1.06 1.08 .07 0.76 0.78 0.77
hLD_MDF 1 1.59 127 1.06 0.93 0.84 0.72
hL.D_MDF 4 1.24 1.29 1.19 0.87 0.90 0.88
hLD_MDF,7 1.33 1.32 1.30 0.88 0.85 0.88
hLD_MWNG 1 1.27 1.26 1.17 0.86 0.84 0.82
hLD_MWNG, 4 1.22 1.25 1.19 0.84 0.83 0.82
hLD_MWNG,7 1.20 1.20 1.18 0.83 0.81 0.81
hyvpF 1.41 1.53 1.28 0.86 0.81 0.83
hps 1.20 1.33 1.22 0.86 0.84 0.79
fuwna/MpF [30] 2.26 1.26 1.24 0.90 0.65 0.80
Wrobust [24] 1.33 1.35 1.20 0.86 0.86 0.80

For the Proposed Approach, We Simulate Different Values of K and set ®q = [-45°, 45°]; Oq = [60°, 105°]. Simulation Settings: iSNR = 3 dB and T = 200
msec.
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