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Generalized Sidelobe Canceller for Time-Domain
Region-of-Interest Beamforming

Joel S.

Abstract—One of the key challenges in array signal process-
ing is the lack of precise source location information, which
can arise from estimation errors or the presence of a moving
source.Conventional beamformers, which rely on accurate spatial
information, perform suboptimally under such conditions. Region-
of-interest (ROI) beamformers address this limitation by focusing
on a spatial region rather than a single direction. In this work, we
introduce a new ROI beamformer based on the generalized sidelobe
canceller (GSC) framework with time-domain convolutive filters.
The proposed beamformer can concentrate on a specified ROI
while suppressing noise and interference from other directions. To
evaluate the efficacy of the proposed beamformer, we derive several
performance metrics. Then we analyze various blocking matrix
designs, focusing on signal leakage as a key factor in interference
suppression without distorting the desired signal. Furthermore,
an adaptive implementation based on the recursive least-squares
(RLS) algorithm is developed, along with a low-complexity vari-
ant using the nearest Kronecker product (NKP) approximation.
Simulation results demonstrate the effectiveness of the proposed
ROI-GSC beamformer.

Index Terms—Blocking matrix, broadband beamforming,
generalized sidelobe canceller (GSC), microphone array, nearest
Kronecker product, region-of-interest beamforming.

I. INTRODUCTION

ICROPHONE arrays leverage optimal beamforming
M techniques for various tasks, including speech enhance-
ment and noise reduction [1], [2], source detection and local-
ization [3], and speech recognition [4], [S]. These techniques
enhance signals of interest while suppressing unwanted noise
by exploiting spatial information captured by the array [6],
[7]. Over decades of research, beamforming has evolved into
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a foundational component in radar, wireless communications,
and acoustic signal processing [8], [9], [10]. More recently,
beamforming using microphone arrays has gained prominence
in applications such as smart home devices and conference
room setups, enabling remote participation and enhanced user
experiences [11].

One widely known beamformer is the generalized sidelobe
canceller (GSC). The GSC beamformer is designed under the
assumption that the source’s direction of arrival (DOA) is known
in advance [12]. While numerous studies have examined the
GSC framework [13], [14], [15], [16], [17], practical scenarios
often lack accurate directional information due to limited prior
knowledge of the DOA, source movement, and estimation errors.

To address the challenges posed by uncertain DOA infor-
mation or look-direction error, a wide range of robust beam-
forming techniques have been developed, which can be broadly
grouped into frequency domain [18], [19], [20], [21], [22], [23],
[24], [25], [26], [27], [28], [29], [30], [31], time-frequency
domain [32], [33], [34] and, time domain [35], [36], [37], [38]
methods. In the first category, Doles and Benedict [18] intro-
duced a frequency-domain approach to design a beamformer
with a frequency-invariant beampattern. Further approaches in-
clude leveraging the two-dimensional Fourier transform prop-
erty for equally spaced arrays [19] and utilizing a beam-space
implementation [20]. A polynomial beamforming method based
on a least-squares beampattern approximation technique was
developed by Mabande and Kellermann [21]. Zhu and Wu [22]
proposed a frequency-invariant beamformer developed through
an adaptive synthesis method for wideband array design. By
keeping the beampattern constant with frequency, frequency-
invariant designs prevent signal distortion under DOA mis-
match; however, attenuation increases with angular offset from
the mainlobe center, thereby reducing array gain. An approach
that synthesizes a constant beamwidth multi-beam by superim-
posing multiple marginally steered single beams is discussed
in [25]. Various other constant beamwidth beamformer designs
utilizing uniform linear arrays and uniform concentric circular
arrays are discussed in [23], [24], [26], [27], [28], and the
modeling of scattered sources is further explored in [29], [30].
The second category involves time-frequency approaches. In
this category, Davis et al. [32] introduced a time-frequency
domain subband adaptive beamforming framework, consider-
ing a space-constrained source model. Furthermore, in [33],
an acoustic spotformer was developed to capture the signals
from the spot of interest while effectively suppressing noise and

2998-4173 © 2026 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: Technion Israel Institute of Technology. Downloaded on March 02,2026 at 14:35:10 UTC from IEEE Xplore. Restrictions apply.


https://orcid.org/0000-0002-7632-463X
https://orcid.org/0009-0003-3568-9143
https://orcid.org/0000-0002-2556-3972
https://orcid.org/0000-0002-7131-7238
mailto:joel.s@iitgn.ac.in
mailto:nithin@iitgn.ac.in
mailto:arielfrank@campus.technion.ac.il
mailto:icohen@ee.technion.ac.il

S. et al.: GENERALIZED SIDELOBE CANCELLER FOR TIME-DOMAIN REGION-OF-INTEREST BEAMFORMING 879

interference. The study in [34] developed a spatially robust GSC
beamformer with controlled white noise gain (WNG) and exam-
ined the relationship between the WNG and spatial robustness.
The third category involves time domain approaches. Within the
time-domain class, a beamformer employing an adaptive array
system with direction constraints is studied in [35], which also
explores the impact of errors in setting the constraints. Further,
a robust beamformer that uses an adaptive blocking matrix
and a norm-constrained noise canceller that addresses steering
vector errors is discussed in [37]. Additionally, a beamforming
method with regional constraints for designing robust adaptive
beamformers in the near field is studied in [38] and provides
robustness to location errors by utilizing constraints of unity
gain across the desired region. Frank and Cohen [39] proposed
a time-domain ROI beamformer as a practical approach to han-
dling unknown-DOA scenarios. Their proposed least-distortion
maximum gain (LDMG) beamformer selectively emphasizes
signals originating from a desired region while reducing the
impact of noise and interference from other directions.

In contrast to earlier time-domain approaches that depended
on the assumed simplified near-field [38] or far-field propa-
gation models [35], [37], [40], [41] in anechoic conditions or
depend on acoustic transfer functions [36], our framework is
built on relative impulse responses that provide a more accurate
representation of reverberant environments. Relative impulse
responses capture the acoustic differences between microphones
relative to a chosen reference sensor, and they are typically much
shorter in duration than full transfer functions. This reduces filter
length requirements, which in turn lowers computational load.
Since fewer coefficients must be estimated, parameter estimation
is simplified, leading to improved robustness. Building on this
motivation, this work proposes an optimal time-domain GSC
beamformer specifically designed for ROI applications. To be-
gin, we define key performance metrics for ROI beamformers
and implement the proposed approach by diagonalizing the de-
sired ROI matrix, allowing thereby obtaining a-independent and
data-dependent beamformer weights. Additionally, an investi-
gation is conducted into the development of blocking matrices
for an ROI. We focus on its impact on signal leakage, a critical
factor that affects the beamformer’s ability to suppress inter-
ference while preserving the desired signal. The effectiveness
of the proposed beamformer is thoroughly evaluated through a
series of simulations. Furthermore, we developed an adaptive
implementation of the proposed ROI-GSC beamformer using
the least mean squares (LMS) and recursive least-squares (RLS)
algorithms, and we also derived the optimal Wiener solution
for the ROI LMS-GSC beamformer. Furthermore, we employed
the nearest Kronecker product (NKP) approach to the ROI
RLS-GSC beamformer weights to reduce computational cost.
By controlling the rank of the proposed structure, the NKP
approach enables a tradeoff between computational complexity
and beamforming performance. The Kronecker decomposition
framework has been applied in various domains, demonstrating
its effectiveness [42], [43], [44], [45], [46], [47], [48], [49],
[50], [51]. The NKP approach presented in this work is a
generalization of prior Kronecker product beamformers [52],
[53] by extending the focus from a single look-direction to a

ROI subspace constraint. This NKP based ROI definition uses
relative impulse responses to accurately capture reverberation,
avoiding the simplified far-field model in anechoic assumptions
mentioned in previous Kronecker product studies [52], [53].

The structure of this paper is as follows: Section II out-
lines the signal model and problem formulation. Section III
defines the proposed methodology. Section IV defines perfor-
mance measures to analyze the proposed ROI-GSC beamformer.
Section V discusses the simulation results obtained in a reverber-
ant environment and compares the performance of the proposed
beamformer with that of state-of-the-art methods. Finally, Sec-
tion VI summarizes the conclusions.

Notations: (.)T refers to the transpose operator, * denotes
linear convolution, [E(-) is the expectation operator, and tr(+) is
the trace operator.

II. SIGNAL MODEL AND PROBLEM FORMULATION

Let s(k) represent a desired source signal originating from a
far-field source located in the angular direction (6, ¢ ), where
04 is the polar angle and ¢, is the azimuthal angle in a spherical
coordinate system. An array of NV sensors is used to capture a
convolved version of the desired signal in a noisy environment.
At a given discrete time instant k, the received signals can be
represented as

Un (k) = hu(k) * (k) + v (k)
:Sn(k)"’_vn(k)an:1a2»'~~aNa (H

where h,, (k) denotes the impulse response from the source
location to the nth sensor and v, (k) is the additive noise in
the nth sensor. The signals s, (k) and v, (k) are assumed to
be statistically independent, real, stationary, and broadband.
The signals s, (k), n = 1,2,..., N, have coherence with each
other, whereas v,,(k), n = 1,2, ..., N, have partial coherence.
Most of the expressions in this paper are functionally dependent
on the angular direction of the source, e.g., h,, (k) and s, (k).
However, for ease of reading, the dependency on (04, ¢q) is
omitted. Considering Sensor 1 as the reference sensor, (1) can
be rewritten as follows:

un(k) = ra(k) % s1(k) + va(k), n=1,2,...,N, (2)

where r,, (k) represents the relative impulse response from the
source location to the nth sensor, relative to Sensor 1, which
satisfies the following two equations:

ri(k) = d(k), 3
rn(k) * s1(k) = hp(k) x s(k), n=2,...,N, 4)

where §(k) is the Kronecker delta. The relative impulse re-
sponses are approximated as non-causal filters with a finite
length of L, so that (2) can be approximated as

Ly—1-A
> ra®)si(k—t) +vn(k), n=1,2,...,N.

t=—A
(&)

un (k) =
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Here, A represents the number of non-causal time samples used
for approximating (2). The values of r,,(¢) outside the set ¢ €
{=A,...,L; —1— A} are assumed to be negligible.

We can represent (5) in a vectorized form as

un (k) = I'Z (045 9q) Sll (k+A) +wn(k), (6)

where s’ (k + A) is a vector comprising L, samples of s1 (k) and
r, (64, ¢q) are finite impulse response approximations, which
functionally depend on the direction of the desired source.
Vectors s} (k + A) and r,, (6, ¢q) are expressed as

si(k+A) = ©)
[s1(k+A) sy(k+A—1)
I (0g; ¢q) =

[rn(=A) (1= A)

s1(k+A—Ly+1)]7,

o (Lg —1—A)]". ®)
The relative impulse response of the reference sensor is explicitly
given by
T
1 (0. 6q) =[0 -+ 01 0 - 0], 9

where the (A + 1)th component of ry (0, ¢q) is 1.
Considering L, time samples of the observation signal from
the nth sensor, we obtain:

W, (k) = [ un(k) wn(k—1) U (k= Ly +1) "
=Ry, (0q; 0q) S1(k + A) + v (k)
=8, (k) + va(k),

where R, (64, ¢q) is a Toeplitz matrix of dimension L,, x L,
L=L,+L,—1, and §;(k+ A) is a vector containing L
samples of s (k). The matrix R, (64, ¢) and vector s (k + A)
are given by

(10)

Rn (9(15 d’q)
rz (Qq, ¢q) 0 0 0
0 rh (0q.0q) O 0
0 0 0 rT (0, b0
(11
s1(k+A) =

[s1(k+A) si(k+A-1) si(k+A—L+1)]",

(12)
and the vectors s, (k) and v,,(k), of length L,,, are given by

Su(k) = [ sn(k) sn(k—1) $u(k—Ly+1) 1"

:Rn (0q7¢q)§1(k+A)a (13)
Va(k) = [ va(k) va(k—1) vn (k= Ly +1) 7.
(14)

The observation signals from the N sensors are concatenated
to obtain the vector u(k), of length N L,,, expressed as

u(k)=[uf(k) uf(k) - uh(k) "

= E (gqa ¢q) g1(k + A) + X(k)
= s(k) + v(k), {as)

where R(6, ¢q) is the relative impulse response matrix of
dimension N L, x L,

R (04, 9q)
R o= | O] (16)
Ry (6, 6)
and s(k) and v (k) are concatenated vectors of length N L,,,
sk) = [ sT(k) sT(k) - shk) ]
=R (0, 0q)51(k + A),
v(k)=[ Vi) vi®) - VIR ] an

From (15), the covariance matrix of u(k), of dimension N L,, x
N L,, is obtained as follows:

Cu = E [u(k)u” (1)
=G +Cy
= B (0(17 ¢q) CglgT (0(17 ¢q) + Cla

where Cg,, Cs, and Cy are the covariance matrices of 51 (k +
A), s(k), and v(k), respectively. The output of the beamformer
can be obtained using a real-valued spatiotemporal filter and is
given by

(18)

N
y(k) =Y gnun(k)

=g'u(k)
Sfd(k) + Urn(k)a

19)

whereg = [ g g7 g |T is the beamformer weights
of length NL,, g, is the temporal filter of the nth sensor of
length L, s (k) is the filtered desired signal, and vy, (k) is the
residual noise. The signals sg(k) and vy, (k) are expressed as

N
Sfd(k‘) = Z gzrn (Qq, ¢q) gl(k' + A) (20)
n=1

ey

A. GSC Beamformer

The conventional GSC beamformer is designed to optimize
the beamforming weights for a single target direction (0, ¢q).
The objective is to enhance the signal that arrives from this
specified direction, while suppressing interference and noise
originating from all other directions. To achieve this, the beam-
forming weight vector is decomposed into two components: one
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Fig. 1. Framework of the conventional generalized sidelobe canceller (GSC).
The GSC beamformer consists of data-independent beamformer weights g ;-4
blocking matrix B, and data-dependent beamformer weights w.

that aligns with the signal subspace associated with the specified
direction and another that lies in its null space. The beamformer
for a single target direction is obtained by minimizing the out-
put power g T'y g subject to the constraint g R(6, ¢q) = i},
resulting in the constrained optimization problem:

subjectto I'rng = Ri;.

ming ' T'yg (22)
a8 8

where i; is the /th column of the identity matrix I, of dimension
L x L. From (20) and (22), it can be observed that any element
of the vector 81 (k + A) can be treated as the desired signal by
choosing a corresponding value for [. For a specific direction
(0, ), Tr can be expressed as

I'r =

R(9, )R (0, ¢). (23)

The problem defined in (22) can be reformulated in the uncon-
strained GSC framework. As illustrated in Fig. 1, the weight
vector is decomposed into two components g = g + g,. The
optimization problem for the GSC beamformer can be formu-
lated as:

min(g, — Bw) T'y(g,

— Bw), (24)

where g, is the data-independent beamformer weights obtained
for a smgle direction, g, = —Bw is the data-dependent beam-
former weights, and B is the blocking matrix corresponding
to the single target direction. Here, g, is the minimum-norm

solution to the constraint R (6, ¢)51 = i;. The matrix I'y is
the pseudo-correlation matrix of v(k), given by

(25)

where 031 denotes the variance of the signal v (k). The solution
to (24) is expressed as

-1

= [B'TyB] B'TI,g,. (26)

This formulation enables focused signal enhancement in a single

spatial direction. However, it is inherently limited to static sce-

narios and may underperform when there is movement of either

the source or the array. To overcome this limitation, the ROI-

based GSC beamformer extends the optimization framework to

consider a set of directions defined by the ROI simultaneously.
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(k) — y(k)

A 4

B_Q < R

Fig. 2.
former consists of data-independent beamformer weights g "
matrix B, and data-dependent beamformer weights w.

Framework of the region-of-interest (ROI) GSC. The ROI-GSC beam-
a ROI blocking

III. PROPOSED METHODOLOGY

The main objective of this study is to design an optimal
time-domain broadband GSC beamformer tailored for a spec-
ified ROI, Q. The set 2 represents all the angular directions
towards the ROI. This section explores the derivation of optimal
time-domain convolutive filters for ROI beamforming within the
GSC framework.

A. ROI-GSC Beamformer

To design the proposed beamformer, we aim to minimize the
average distortion over the ROI, which is defined as

Jo.0(g) / / H"H sin depdd,
19 e $)EQ

where H =R"(0,¢)g —1; and |Q = [[, , ¢ sinfdedd.
Expanding J, 0(g) in (27) yields the quadratic form:

27

Joo(g) =g Trog — 8 Roi —i/Rog+1,  (28)
where
R, = // R(0, ¢) sin 6d¢pdb, (29)
191 JJ 6,60
an
Tro = / / H)RT (0, ¢)sinBdpdh.  (30)
19 JJ 0,6y

To minimize the distortion over the ROI, we take the gradient of
(28) with respect to g and equate it to zero, yielding:

I'r,0g = Rois- (31)

The ROI beamformer is obtained by minimizing the output
power gTI‘Xg subject to the constraint in (31), resulting in the
constrained optimization problem:

ming'T'yg subjectto I'r.og = Rgi;. (32)
g 2 Y2 R.OQS

This problem can be reformulated in the unconstrained GSC

framework. As illustrated in Fig. 2, the weight vector is decom-

posed into two components g = g, +8,, and the problem is

formulated as

min(g, — Bow)'Ty(g, — Baw), (33)

where g is the data-independent beamformer weights de-
signed for ROI, 8, = —Bqw is the data-dependent beamformer

weights, and Bg, is the blocking matrix corresponding to the
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ROI. The construction of Bg, is discussed in the next subsection.
The solution to (33) is given as

-1
w = [BoIvBq] Bglyg,. (34)

In the following discussion, we outline the procedure for de-
termining the data-independent beamformer weights, g, , which
are computed for an ROI without relying on specific 1nput data.
These weights are derived by utilizing the matrix I'r o, its
diagonalization, and the corresponding signal subspace. This
subspace is constructed using the most significant components
of I'r . corresponding to its largest eigenvalues. These compo-
nents capture the characteristics of the desired signal subspace,
and they form the basis for calculating the beamformer weights
g, - Inthis problem formulation, we assume that the rank of I'r, 0
is R < NL, and that the matrix I'y is full-rank. The matrix
I'r o is diagonalized to obtain:

T'TroT =A, (35)

where
T=1[t ¢t

tyro, | (36)

is a matrix of dimension N L,, x N L,,, where the columns of the
matrix correspond to the eigenvectors and the diagonal matrix

A:diag (A17A2""?ANL“) (37)
contains the corresponding real eigenvalues, ordered such that
A >hy> - ZAp>Apyy=---=Aiyng, =0, and their

corresponding eigenvectors are t;,t,,. ..
The matrix T can be written as follows:

T=[T, T, ],

tn 1, » respectively.

(38)

where T, is the matrix having dimension N L, x R that con-
tains the eigenvectors corresponding to the signal subspace and
T, is the matrix having dimension NL, x (NL, — R) that
contains the eigenvectors corresponding to the noise subspace.
The weight vector of the beamformer g, can be decomposed
into the following:

[
1=

g

a

=T, a; + 15 ay, (39)

where a = [al al]T is the transformed weight vector. The
constraint in (31) corresponding to the signal subspace can be

written as

Aja; = TTRgj. (40)

The transformed weight vector corresponding to the signal sub-
space can be expressed as follows:

a; = A;'T] Roji. (41)

The eigenvectors corresponding to the largest eigenvalues span-
ning the signal subspace capture the dominant components of
the relative impulse responses within the ROI, where g,

expressed in the eigenbasis mentioned in (39). By selectlng a;
as in (41), we ensure that g is within the signal subspace and
satisfies the minimum dlstortlon constraint in (31). Therefore,
(39) provides a constructive procedure to obtain g, that enforces

unity response averaged over the ROI. In summary, the design
criterion for g, is to minimize the distortion across the ROL
(39) fulfills th1s requirement by explicitly constraining g, to
the ROI signal subspace, thereby preserving the desired 51gna1
components while leaving the adaptive part of the GSC to
mitigate residual interference and noise. The data-independent
beamformer weights that correspond to the signal subspace can
be obtained using (41) and are given by

(42)

The weight vector g, and B, are fixed, and the component w is
set to minimize the output power of the GSC beamformer. The
data-dependent beamformer weights can be obtained using (34)
and are given as follows:
~1
g, = —Bq [B{Ty B

Boly g, . (43)

The final weights of the proposed ROI-GSC beamformer can
be obtained as g = g, + g,. To improve the robustness of the
proposed beamformer, we modify the expression in (42) so that
it is expressed as follows:

£ ¢t
8™ ;Ar-ﬁ-/@l

where 1 < L < R, u >0, and pA; is the regularization term.
The parameter p is selected based on the noise level or by
empirical methods.

Ry, (44)

B. Design of the ROI Blocking Matrix

This section presents two methods for constructing a blocking
matrix for the ROI-GSC beamformer.

1) Blocking Matrix I: The eigenspace blocking matrix is
used as a projection matrix onto the null space of the constraint
matrix, as detailed in [1]. It is designed to project signals that do
not correspond to the desired direction. This matrix essentially
blocks the components of the incoming signals arriving from
the direction of interest, ensuring that only unwanted noise
or interference is passed through while the desired signals are
blocked. For a signal arriving from a specific direction (6, ¢),
the blocking matrix B can be expressed as

—R(0,9) [R(6,6)" R(6,0)] " R(0,4)", 45)

where Iy, represents the identity matrix of dimension N L,, X
NL,.

The same principles apply to obtain the eigenspace blocking
matrix corresponding to the ROI. The matrix is computed to
block signals arriving from the specific spatial region (2, ef-
fectively isolating the desired sources within that region while
allowing signals from other areas to pass through. We can obtain
an eigenspace blocking matrix corresponding to an ROI as

B=1Iyg,
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follows:

-1
Bo =In., —Rg [R4 Ro]  RY. (46)

2) Blocking Matrix 2: The design of the blocking matrix 2
is based on the eigen-decomposition of the spatial correlation
matrix I'r o, which captures the spatial-temporal structure of
the received signals in the ROI. The first £ dominant eigen-
vectors span the signal subspace representing the components
most strongly aligned with the desired signal directions. These
eigenvectors effectively capture the relative impulse responses
of the target signals across the sensor array in the time domain.
The remaining eigenvectors span the noise and interference
subspace, which is orthogonal to the desired signal subspace.
By construction, this orthogonality enables us to isolate the
interference and noise components while removing the direct
contributions from the ROI. The blocking matrix is therefore
constructed from this noise subspace. Formally, the blocking
matrix B, is expressed as:

B _ NXL: t,t7
=Qcu et Ar _’_MAI

. (47)

The denominator includes a regularization term pA;, scaled
by the largest eigenvalue, which stabilizes the computation
and prevents numerical issues arising from very small or near-
zero eigenvalues. Intuitively, this construction ensures that the
blocking matrix projects the received signals onto the subspace
that is orthogonal to the ROI signal components. As a result,
the desired signal is effectively suppressed, while the residual
contains only interference and noise contributions. By lever-
aging the relative impulse response structure present in I'r o,
this design explicitly accounts for time-domain propagation
effects. In summary, the blocking matrix B, - is carefully
derived from the noise subspace of I'r o, ensuring that the
ROI components are nulled while preserving robustness. This
provides a mathematically grounded way to incorporate relative
impulse responses in the time-domain ROI-GSC framework. In
this work, the fixed beamformer g L is constructed from the signal
subspace of I'r ¢, while the blocking matrix is obtained from its
complementary noise subspace. This joint design ensures that
the beamformer achieves minimum distortion over the ROI and
that the blocking matrix preserves orthogonality with respect to
the ROI signal components. As a result, alternative approaches,
such as widening the main lobe of a conventional beamformer,
cannot be incorporated into this framework, since they would
not satisfy the required subspace structure. The works [54], [55]
explore methods to enhance the robustness of the beamformer,
in which controlling the WNG and the directivity factor (DF) is
discussed. Therefore, to enhance the robustness of the proposed
ROI-GSC beamformer and achieve a balance between noise
reduction, DF, and WNG, we replace I'y in (43) with I'y ,
which is expressed as

I'v.e=(1-¢—ea)ly+elo+ealng,,

(48)

where 0 < ¢g < 1and 0 < €7 <1 — ¢y are the parameters that
balance the tradeoff between noise reduction, WNG, and DF.
The inclusion of €y and €; allows the beamformer to operate

effectively in diverse acoustic conditions, such as reverber-
ant environments or scenarios with sensor noise. Here, I'g is
the pseudo-correlation matrix of diffuse noise and Iy, is
the pseudo-correlation matrix of the white noise. The pseudo-
correlation matrix I'y  is a matrix of dimension NL,, x NL,,
that represents a weighted combination of the pseudo-correlation
matrices of the noise signal, diffuse noise, and white noise.
Therefore, we replace the data-independent beamformer weights
in (43) with:

-1
52/;7#75 = —Bar, [BQE,MFLEBQAH] BQEMI‘!& g,
(49)

The maximum value of the average gain of the ROI beamformer
is obtained when £ = 1, and the weights expressed in (44) can
be replaced as follows for £ = 1:
it o
g — ;B Qll .
811,0 A

(50)

The weights expressed in (49) for £L =1 and ¢; = ¢y = 0 can
be expressed as follows:

—1
g, 1,1,0 - _BQLM [BQ;I:HFLEBQLM] BQEHFLE g
(51)

The final weights of the proposed beamformer for £ = 1 can be
obtained as

5:511,0+521,u,0' (52)

Although this configuration provides the maximum average
array gain over the RO, it results in increased signal distortion.
Decreasing the value of £ enhances the average array gain over
the ROI but also leads to higher signal distortion.

C. ROI RLS-GSC Beamformer

This section presents an adaptive implementation of the ROI-
GSC beamformer using the RLS algorithm. The main advantage
of the RLS approach is its ability to adapt the beamforming
weights in response to non-stationary noise dynamically. In
contrast to traditional batch methods, which require the recom-
putation of optimal weights whenever the noise characteristics
change, the RLS algorithm updates the weights continuously
using incoming data. This allows the beamformer to maintain ef-
fective noise suppression even under non-stationary conditions.

The RLS algorithm estimates the mean squared error (MSE)
using a weighted least squares approach, where the cost func-
tion is defined as J{w (k)] = Z’;Zl BR="e2(n), where f3 is the
forgetting factor. The ROI RLS-GSC beamformer framework is
shown in Fig. 3. The weight update equations of the ROI-GSC
implementation using RLS are given as follows:

ugsc(k) = Bhu(k), (53)

e(k) = g, , (k) — w" (k)ugsc(k), (54)
Cgsc (k) ugsc(k)

hasc(k) = GSC , 55

asc () B+ udsc (k) Cgse (k) ugsc (k) )

w(k) = w(k —1) 4 e(k)hgsc(k), (56)
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Fig.3. Framework of the ROI RLS-GSC. The weight vector w (k) is adaptive
and is updated using the error signal e(k).

where ugge(k) is the input to the adaptive filter, e(k) is the
error of the adaptive filter, and Cgsc (k) = uggc(k)udsc (k) is
the covariance matrix of the input signal to the adaptive filter.
The inverse of the correlation matrix Cgsc (k) can be updated
recursively using the standard matrix inversion lemma, which is
expressed as follows:

Caic(k — 1)
g

where 0 < 8 < 1 is the forgetting factor.

Casc(k) = [1 - hesc(k) udsc(k)],  (57)

D. ROI LMS-GSC Beamformer

In this section, we derive the optimal weight formulation
based on the ROI design. The objective function to be mini-
mized corresponds to the mean-squared error of the LMS-GSC
beamformer in the ROI setting, which is given by:

J(w) = E{|d(k) - w ugso (k)| }

where d(k) is the output signal of the data-independent beam-
former filter. Equation (58) can be expanded as follows:

J(w) = E{|d(k)|*} — E{w ugsc(k)d(k)}
- E{d(k> Egsc(k‘)ﬂ}
+E{w ugsc(k)ugsc(k)w}

=811, Cugiru — 2w po+w' Cascw

(58)

(59)

where po = E{ugsc(k)d(k)} is the cross-correlation vector
and Cgsc £ E{ugge(k)ulg(k)} is the covariance matrix.
To obtain the optimal Wiener solution, we minimize .J(w) by
setting the gradient with respect to w to zero:

0J(w
PI) e+ Casew =0, (60)
W
Solving for w yields
. -1
Wopt,0 = CG%CPQ = (BE;CQBQ) Bgcggm,w (61)

where w,; , denotes the optimal Wiener solution. While the op-
timal Wiener solution provides the closed-form optimal weight
vector that minimizes the mean-squared error, its computation
requires knowledge of the second-order statistics, i.e., Cgsc and
Pq- In practice, these quantities are not available a priori and

u(k)—> g vPoaw
y * -
Bg
'Ecsc(k)
NKP decomposition ¢
block ,:'
—_— ﬂl(k)',"l
ugsc. (k) T eu(k) "
Wo (k)
HGSCJZC;’ _2(1?" e, (k) ® _»Kronecker
7 Product

Fig. 4. Framework of the ROI NKP RLS-GSC. The NKP decomposition
block comprises two adaptive filters with weights w (k) and w,(k), which
are updated adaptively based on the respective errors e (k) and ez (k).

must be estimated from data. The LMS algorithm addresses
this limitation by iteratively updating the weight vector using
instantaneous samples of the error and input, thereby providing a
low-complexity stochastic gradient approximation to the Wiener
solution. As a result, the ROI LMS-GSC beamformer converges
asymptotically to the optimal weight.

The LMS approach, unlike RLS, offers a simpler and compu-
tationally efficient update rule. However, LMS generally con-
verges more slowly than RLS. The cost function minimized by
LMS is

Jw (k)] =E{e*(k)}, (62)

where e(k) is the error of the adaptive filter. The update equa-
tions of the ROI-GSC implementation using LMS are given as
follows:

ugsc(k) = Bhu(k), (63)
e(k) = gl uk) - w" () ugsc(k),  (64)
w(k) =w(k — 1)+ pe(k) ugsc(k), (65)

her 2 s th i rameter th
w eeO<u<ggsc(k)EGSC(k) s the step size parameter that

controls the convergence.

E. ROI NKP RLS-GSC Beamformer

This section presents an adaptive ROI-GSC beamformer
that incorporates NKP decomposition of the weight vector
w within the RLS framework. The structure of the proposed
ROI adaptive beamformer is shown in Fig. 4. The key advan-
tage of this method is its reduced computational complexity
compared to conventional full-rank updates. The update rules
for the decomposed ROI-GSC weight vectors can be derived
using the identity wy . @ Wy . = (W, @ In, )Wy . = (In, ®
W, )W, .. Accordingly, the weight vector at time % can be
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expressed as

R
k)= Ay, (k) ZAl .
r=1

where Ay (k) = ﬂ27r(k) ®@In, and Ay, (k)=1IN,®
w; ,.(k), R is the rank of the ROI NKP RLS-GSC Beamformer.
Now, the error can be expressed as

W, r W2 T k)> (66)

R T
e(k) = g1 Rw* - (Z wy (k) ®W1,7-(/€)> ugsc (k).
r=1
(67)
The error of the first filter can be obtained as
R
el(k) =g R,,ug - Zﬂrlr,r(k)gGSC,Zr(k)v (63)
r=1
where Ecsc,z,r(k’) = Ag,r(k)HGSC(k) and
!Gsc,2(k) = [Hgsc,m(k)» . aHESC,Q,R(kﬂTa (69)
wy (k) = [wii(k),..., wig(k)]". (70)
Similarly, the error of the second filter can be obtained as
R
e2(k) =g, R, A — Zﬂrzf,r(k)!(;sc,u(k)a (71)
r=1
where ugge 1, (k) = AEr(k)EGSC(k) and
Ugsc,1 (k) = [2230,1,1(/*3)» e aHgSC,l,R(k)]Tv (72)
wy(k) = [ﬂ;l(kj)a e ,E;F,RUC)]T- (73)

The RLS cost functions for e (k) and e (k) can be expressed as

ZBan
ZBan

where 0 < 1 < 1and 0 < B2 < 1 are the forgetting factors of
the two smaller filters. The weight update of the first filter can
be obtained as

(74)

(75)

hasca (k) = Casea(k)ugse o (k), (76)
w, (k) =w,(k—1)+e1(k)hasc,1(k). (77)
The weight update of the second filter can be obtained as
heso2(k) = Case (F)ugse, (k) (78)
Wy (k) = wy(k — 1) + ea(k)hgsc2(k). (79)

The final adaptive weights of the proposed beamformer can be
expressed as

2,7 ®ﬂ177" (80)

10
1572 ROI RLS-GSC

I ROI NKP RLS-GSC R = 2 /
210 e ROI NKP RLS-GSCR =6 |-~ -
8 - - ~ROI NKP RLS- GSC R=11

S | T e
g 5r _ ___________
=

x10*

Number of iterations

Fig.5. Number of multiplications with respect to iterations for ROI RLS-GSC
and ROI NKP RLS-GSC for ranks R € {2,6,11}.

The final weights of the proposed ROI NKP RLS-GSC beam-
former can be written as

R
g=g, ~Bao (Z W, ® Wu-) :

r=1

81)

The computational cost of ROI RLS-GSC and ROI NKP
RLS-GSC beamformer can be summarized as follows: ROI
RLS-GSC requires 6N + 4 N multiplications, while ROl NKP
RLS-GSCrequires (3RN1)? + (3RN2)? + 4RN; + 4R N> +
2 N? + N(2 + 3R) multiplications per iteration. From Fig. 5,
it is evident that ROI RLS-GSC requires substantially more
multiplications compared to ROI NKP RLS-GSC for R €
{2,6,11}, with an increase in the number of iterations. Con-
sequently, its total computational cost grows rapidly with the
number of iterations. In contrast, ROI NKP RLS-GSC leverages
Kronecker product decomposition, resulting in a considerable
reduction in the number of multiplications. Thus, the NKP-based
approach offers a more computationally efficient alternative.

IV. PERFORMANCE MEASURES

This section defines several metrics for evaluating the per-
formance of the proposed ROI-GSC beamformer. The desired
signal received by the reference sensor, s (k), is assumed to be
white. This assumption enables us to handle broadband desired
signals without requiring specific statistical information. The
output variance of the beamformer is given by

Oy .= gTCug
= O'Sm + U " (82)
where o , and 02 denote the variances of the filtered desired
signal and residual noise, respectively:

o2 =g "R (04, ¢q) Cs, R (0q, 0q) g (83)
=g'Csg,
op, =8 Cug. (84)

Signal leakage represents the portion of the desired signal that
is suppressed by the blocking matrix. In the GSC framework,
the signal leakage of the desired signal is given by

si(k) = g s(k), (85)
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and its variance is given by

2

o2, =g, Csg, (86)

The signal leakage factor of a GSC beamformer for a particular
direction (0, ¢) is

0.2

gsl(gzﬁ 0, ¢) = Ugi

gTR(0,6)C5, R (0. ¢0)g,
031
=g, R(0,9)R" (6, 0)g,,

where o2 denotes the variance of the signal sy (k). Finally, the
signal leakage factor for an ROI is defined as

631,9(527 97 ¢)

1
I / /(9 5 QSQFB(&@ET(Q@EQ sinfd¢df.  (88)
,p)e

87)

The output SNR for a particular direction (6, ¢) can be ob-
tained from (83) and (84) and is expressed as

2

o
oSNR(g, 6, ¢) = —

o ETE(97¢)C§1ET(97¢)E
; g'Cvg
2 TR0, 9)RT(6,
_ 9. 8 ROIR (0.0)g 89)
01211 gTI‘Xg

The input SNR can be obtained from the observation signal
received at the reference sensor u; (k) = s1(k) + vi(k), and is
expressed as

tr [Cq, |
tr [Cy, ]

oF
: (90)

= 5
G—,UI

iSNR =

where Cg, and C,,, are the covariance matrices of s; (k) and
vy (k), respectively. The array gain for a signal that arrives from
the direction (6, ¢) is given as

oSNR(g, 0, ¢)
G(g,0,0) = T SNR
~ g"R(0,9)R"(0,9)g o)
- g'Tve
The average output SNR for an ROI is
OSNRQ (g)
02 foyeo 8TR(O.0)RT (6, §)gsin fdsds
= X
& g'lig
2 TI\
o ©2)
o, 8 Tvg

The average array gain for an ROI is given as
OSNRQ (g)
&~ TR
T
r
_ £ _RoE 93)
g lve

The DF represents the array gain when the diffuse noise is taken
into consideration and is expressed as follows for a given ROI:

Q

T
g I'rog
Dalg) = “gTog

where I' is expressed as

(94)

T 2
Ty = = / / R(0,9)RT(0,0)sin0dpdd.  (95)
ar Jo Jo

The WNG represents the array gain when the noise is assumed to
be spatio-temporal white. By replacing I'y by an identity matrix
of dimension NL,, x N L,,, we obtain the WNG for an ROI as
follows:

_ g Trog

Wal(g) =

96
g oTg (96)

For a particular direction (6, ¢), the desired signal reduction
factor can be expressed as
2

o;
B = TR0, 0)Cn R0 g
1
T E"R.OR(0.0)8 or
In an ROI, the average signal reduction factor is given by
1
San(g) = m~ (98)

The beampattern illustrates the response of a beamformer to a
signal coming from a specific direction. The broadband beam-
pattern of a beamformer can be obtained as follows:

1B(g,0,¢)> = g"R(0, )R (0, p)g. (99)

V. SIMULATION STUDY
A. Experimental Setup

The experimental setup involves a reverberant room mea-
suring 5 m in width, 4 m in length, and 6 m in
height, as shown in Fig. 6. A linear microphone array
of 11 omnidirectional microphones is placed along the
y-axis. The spacings between elements of the array are
[7.5,15,7.5,5,2.5,2.5,5,7.5, 15, 7.5] cm. The array is centrally
located in the room, and the middle microphone is designated as
the reference sensor. A loudspeaker, representing the source of
interference, is located at the coordinates [2.983,1.1294, 3] m.
The origin of the spherical coordinate system is at the reference
sensor, and the DOAs of the signals arrive from an azimuthal
direction ¢ € [—90°,90°] at a polar angle § = 90°. Reverberant
signals are created by adding reverberation to the speakers’
speech through convolution of the anechoic signal with the
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Fig. 6.  Schematic of the experimental setup with a microphone array placed in
a room measuring 4 meters in length, 5 meters in width, and 6 meters in height.
The region-of-interest is represented as a conical sector with azimuthal angle ¢
spanning [—60°, —30°].

room impulse responses from the speakers’ locations to the
microphones and are generated using the room impulse response
generator [56]. For this study, the sampling frequency is fs =
16 kHz, the sound speed is ¢ = 340 m/s, and the room reverber-
ation time is set to R7Tso = 0.4 seconds. The source is located
r = 0.68 m away from the reference microphone and the ROl is
¢q € Q = [—60°, —30°]. The angular range 2 = [—60°, —30°]
was selected as a representative region of interest (ROI) to evalu-
ate the performance of the proposed beamformer. The proposed
ROI-GSC framework is not limited to this range and can be
extended to different ROIs based on user requirements. The
values of L, and L,, are set to 61 for all simulations. To obtain
the matrices required for obtaining the beamformer weights, we
simulated a broadband white stationary sound source for s(k) of
1 s duration to propagate from different positions in the room.
From (17), we can obtain the cross-correlation matrix using the
signals s(k) and 81 (k + A) as follows:

E[s(k)sT(k+A)] =R(0, ) E[s1(k + A)SL (k+A)].
(100)

Since a broadband white stationary source was used, the co-
variance of 51 (k + A) is approximated by o2, I, which leads to

R(0,0) = 5 E[s0)sT(k+4)]. (0D

S1

In practice, the expectation is replaced by a time average over T
samples as follows:

. S s(k)sT(k + A).

10 k=1

R(0.¢) ~ (102)

By placing the source at the positions (r, 6, ¢), we can obtain
the matrices R, and I'r ; as follows:

Zk §(k7 97 (b)g’lr(k + Aa 9, ()b) sin o(k)
02 > sinf(k) ’

S s(k,0,0)sT(k,0,¢)sin0(k)
o2 % sinf(k) '

ESZ =

(103)

Tro= (104)

o
. e e e
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m
=
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N
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Fig. 7. Signal leakage factor of the proposed ROI-GSC beamformer with
Blocking Matrix 1 (46) and Blocking Matrix 2 (47) for the ROl Q =
[—60°, —30°].

-75 -65 -55

By moving the source along ¢ € [—90°,90°], we obtained I'g
as follows:

Zk §(k7 97 ¢)§T(k7 97 ¢) sin H(k)
02 >, sinb(k) '
These ROI averaged matrices (R, and I'r ) can be obtained
by ensuring that the source direction varies slowly and uniformly
across the ROIL. This can be realized either by rotating the
microphone array relative to a fixed source or by rotating the
source relative to the array. In this way, the source direction
[0(k), #(k)] becomes uniformly distributed over the ROI €2, and
the recorded signal s(k) becomes a function of [0(k), ¢(k)] € Q.
As a result, the time-averaged sample covariance naturally
converges to the ROI averaged matrices, with sin @(k) incor-
porating the Jacobian factor for a spherical coordinate system.
Substantial environmental changes (e.g., relocating to a different
room) necessitate a re-estimation of these matrices. To mitigate
moderate mismatch without re-estimation, the parameter €; can
be increased, which improves robustness at the cost of some
loss in matched-condition performance. The interferer pseudo-
correlation matrix, I';, was computed using (102) with the source
placed at the loudspeaker’s location. Finally, the noise pseudo-
correlation matrix was taken as a weighted combination of the
interferer and spatially white noise: I'y = 0.99I'; 4+ 0.01Iy7y,, .
This convex mixture captures interference-dominated noise with
a smaller white noise component representing sensor noise.

T =

(105)

B. Performance Analysis

In this section, the performance of the proposed ROI-GSC
beamformer is studied in detail. Fig. 7 compares the signal
leakage factor for different choices of the blocking matrix:
Blocking Matrix 1 (46) and Blocking Matrix 2 (47) for £ = 620
and = 0.005. The ROI-GSC beamformer with the proposed
Blocking Matrix 2 exhibits superior performance in minimizing
signal leakage compared to Blocking Matrix 1. This improve-
ment ensures a more effective blocking of the desired signal
while preserving interference and noise components, which is
critical for robust beamforming. Due to its enhanced capability,
Blocking Matrix 2 has been selected for subsequent simulation
studies to ensure more robust performance evaluations. The
broadband beampattern of the proposed ROI-GSC beamformer
is shown in Fig. 8 for different values of L, ¢, €1, and p.
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Fig. 8. Broadband beampatterns of the proposed ROI-GSC beamformer for
(a) L = 240, (b) L = 390, (¢c) L = 540, and (d) £ = 620, for various values of
€0, €1, and p.
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Fig. 9. Performance of proposed ROI-GSC beamformer with respect to £ in
terms of average (a) array gain, (b) white noise gain, (c) directivity factor, and
(d) distortion, for different values of €, €1, and p.

As L increases, the beampattern within the ROI approaches
0 dB, indicating reduced distortion. Fig. 9 shows the perfor-
mance of the proposed ROI-GSC beamformer with respect to
L for different values of €y, €1, and p. It can be observed in
Fig. 9(a) that the average array gain increases as £ decreases,
with £ =1 yielding the highest average gain. However, this
higher gain is accompanied by increased distortion, as indicated
in Fig. 9(d). Fig. 9(a) shows that for high values of £, increasing
w further enhances the average array gain. The variation in the
average WNG and average DF is depicted in Fig. 9(c) and (d),
respectively, showing a performance reduction as £ increases.
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Fig. 10.  Signal leakage factor of the proposed ROI-GSC beamformer for (a)
L =240, (b) L = 390, (c) L = 540, and (d) £ = 620, for various values of ¢q,
€1, and .
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Fig. 11.  (a) Beampattern with £ = 620 and (b) array gain of the proposed
ROI-GSC beamformer for different noises.

Fig. 10 shows plots of the signal leakage factor of the proposed
ROI-GSC beamformer for different values of L, ¢y, €1, and
i. The figure indicates that as the value of £ increases, the
beamformer’s ability to minimize signal leakage within the ROI
improves, resulting in more uniform performance over the ROL.
Consequently, a tradeoff exists between maximizing array gain
and the required level of signal leakage reduction.

Further, we evaluated the proposed ROI-GSC beamformer
under four noise conditions with a directional interferer arriv-
ing from [2.983,1.1294, 3] m, represented by I';. Noise 1: the
directional interferer is white noise and is combined with sensor
noise, yielding I'y = 0.99T'; + 0.01 1y, . Noise 2: the direc-
tional interferer is colored and is combined with sensor noise,
where the coloring follows an AR(2) model with polynomial 1 —
0.9 271 + 0.7 22, Noise 3: The interferer is nonstationary: I'; is
estimated from a time-varying variance process and is combined
with sensor noise. Nonstationary noise is synthesized by divid-
ing the signal into five equal-length segments with variances 0.1,
0.5, 1.0, 0.3, and 0.8. Noise 4: The directional interferer is white
noise. It is combined with diffuse (reverberant) noise and sensor
noise, yielding I'y, = 0.89T; +0.1T +0.01 Iz, .

Fig. 11 shows beampatterns and average array gain over the
ROI as a function of £ across all four conditions, showing
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Fig.12.  Array gain vs. the number of iterations of the proposed ROIRLS-GSC
beamformer for £ = 620.

(a) )

0 0 %
a -5 +£:240W7 a ST \'\ Y
T _10 | ——L£=390 y © 10} [—=R=2 \/~
L=540 ——R=6 \
Q151 7620 QISR 4
20— -20
S QD OH PP N O VP PP
¢ (°) ¢ (°)
Fig. 13.  Broadband beampatterns of (a) the proposed ROI RLS-GSC beam-

former for £ € {240, 390, 540, 620} and of (b) the proposed ROI NKP RLS-
GSC beamformer for ranks R € {2,6,11} and £ = 240.

that the ROI-GSC remains robust under colored, diffuse, and
nonstationary interference, with well-defined beampatterns and
consistently strong average array gain.

Further, we evaluate the performance of ROI RLS-GSC com-
pared with ROI LMS-GSC in terms of the evolution of the
array gain over the iterations. In the ROI RLS-GSC beamformer
implementation, the inverse correlation matrix Cgec, associated
with the adaptive filter, is initialized as Cgg(0) = 0.001 x I,
where I denotes an identity matrix sized to match the length of
the adaptive weight vector w. This initialization helps main-
tain numerical stability and provides a well-conditioned starting
point for the RLS algorithm’s first iterations. From Fig. 12, it
can be observed that the RLS variant converges significantly
faster than the LMS. Specifically, an array gain of 5.9 dB is
achieved in approximately 2920 iterations for ROI RLS-GSC,
whereas ROI LMS-GSC requires about 7176 iterations to reach
the same performance. This highlights the well-known trade-off
between the two algorithms: while LMS offers lower com-
putational complexity per iteration, its convergence speed is
slower. In contrast, RLS incurs a higher computational cost
but provides much faster convergence, making it preferable
in scenarios where rapid adaptation is crucial. Fig. 13 shows
the broadband beampattern of the proposed ROI RLS-GSC
beamformer for different values of £ and of the proposed
ROI NKP RLS-GSC beamformer for different values of R.
For every L, the beampattern is shown after convergence. As
‘R decreases, the computational complexity decreases, yet the
degradation in performance remains minimal. For example,
with R = 11, the interference null depth reaches —16.8 dB;
reducing the rank to R = 6 results in only a 0.5 dB loss; and
further reducing to R = 2 incurs a total degradation of only
1 dB to —15.8 dB. These results demonstrate that substantial
computational savings can be achieved by reducing the rank,

P

s

N N
,\5Q \QQQ

Number of iterations

Fig. 14.  MSE vs. the number of iterations of the proposed ROI RLS-GSC
beamformer for £ € {240, 390, 540, 620}.

with only a marginal impact on interference suppression. The
adaptive weight vector in the ROI RLS-GSC beamformer, w, has
alength of 671. In contrast, the RO NKP RLS-GSC beamformer
employs two significantly shorter adaptive weight vectors, w;
and w,, with lengths N; = 61 and Ny = 11, respectively. The
adaptive weight vectors w; and w,, which correspond to the
Kronecker decomposition components, are initialized randomly
with zero mean and a variance of 0.001.

Fig. 14 shows the MSE of the proposed ROI RLS-GSC
beamformer for different values of L. As observed, the algorithm
successfully converges for all tested values of £. The adaptive
implementation was evaluated under interference with power
0.5625 and noise with power 0.4375. The ROI RLS-GSC re-
quires 2,704,130 multiplications per iteration, whereas the pro-
posed ROI NKP RLS-GSC significantly reduces the complexity
to 952,530 multiplications at rank 2 (~ 65% reduction) and
1,330,566 multiplications at rank 6 (~ 51% reduction). Despite
this reduction, the average array gain over the ROI has only a
slight reduction, with 8.4 dB for ROI RLS-GSC, compared to
8.3 dB (R =2) and 8.4 dB (R = 6) for ROI NKP RLS-GSC.
These results confirm that even though low-rank approximation
is applied, the performance degradation is minimal, with only a
slight loss relative to ROI RLS-GSC. Thus, the proposed ROI
NKP RLS-GSC framework offers a tradeoff between complexity
and performance, providing a practical, low-complexity variant
of the ROI RLS-GSC beamformer that remains robust while
enabling a low-complexity implementation.

C. Comparative Analysis of Baseline Algorithms

In this section, we benchmark the ROI-GSC beamformer
against three baseline algorithms: the robust GSC (R-GSC) [12],
the Normal MVDR (N-MVDR) [31], and robust LCMV (R-
LCMYV) [57]. For the ROI-GSC setup, we select £ = 620,
=0, and Q = [-60°, —30°], while the R-GSC assumes ¢, =
—45°. A regularization factor of 0.0547 is applied to match
the average array gain of ROI-GSC and R-GSC, and is used
consistently across all baselines with g = 0 and ¢; = 0.1. The
N-MVDR enforces a unit average distortion over the ROI em-
ploying a normal spatial distribution with a standard deviation
of 4.5°, centered at (—45°,0°). At the same time, the robust
LCMYV applies multiple distortionless constraints at all azimuth
positions within the ROI. Although the proposed N-MVDR was
originally implemented in the frequency domain, we reformu-
lated it in the time domain. In Fig. 15, the performances of the
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Fig. 15. Beampattern and performance metrics of ROI-GSC, R-GSC, N-
MVDR, R-LCMYV beamformers analyzed as functions of the DOA in terms of
(a) broadband beampattern, (b) array gain, (c¢) white noise gain, (d) directivity
factor, and (e) distortion.

proposed ROI-GSC beamformer compared to the R-GSC, N-
MVDR, and R-LCMV beamformers are analyzed as functions
of the DOA in terms of beampattern, array gain, WNG, DF,
and desired signal reduction factor. The R-GSC and N-MVDR
beamformer are designed for ¢, = —45°. At ¢ = —45°, the
R-GSC and N-MVDR provide better array gain and lower
distortion. The N-MVDR achieves higher array gain over a
broader angular region compared to the R-GSC. However, as the
angle deviates from ¢ = —45°, the proposed ROI beamformer
surpasses the R-GSC and N-MVDR, achieving a higher array

0
e e
B = e T
50 e 1\
& Ty
=z V)
—-100 A
150
-200 - - - - - -
1 100 200 300 400 500 600 671
L
+—¢ =0, =0, =0.001 o € =0, =04, =0.005
g =0,6=0,00=0.005 =€y =0.4,e =0,pu=0001
¢ =0, =04,20=0.001 = ¢ =04, =0,1=0.005

Fig. 16. Signal leakage factor of the proposed ROI-GSC beamformer with
respect to £ for different values of €, €1, and p.

gain and reduced distortion, as can be observed from Figs. 15(b)
and (e). The same trend can be observed for WNG in Fig. 15(c)
and DF in Fig. 15(d): while the R-GSC and N-MVDR perform
better at ¢ = —45°, their performance degrades outside this
angle. However, as the angle deviates further from the nominal
direction, the proposed ROI-GSC beamformer provides more
consistent array gain across the ROI while incurring less signal
distortion. In contrast, although the R-LCMV enforces unity
gain within the ROI and achieves low signal distortion in that
region, it suffers from poor array gain, reduced WNG, and lower
DF.

For the ROI-GSC beamformer, the primary computational
burden arises from two operations. One is obtaining the noise
correlation matrix I'y . and the other is diagonalizing the ROI
correlation matrix I'r . In particular, evaluating the product
R(0,$)RY (0, ¢) requires L(N L,)? multiplications for each
angular direction. When the angular integral is discretized over
|2, grid points, the total complexity of computing I’y for all
directions scales as O(|Q4| L(N L,,)?). Further, diagonalization
of the resulting N L, x N L, matrix contributes an additional
O((NL,,)?) operations. The R-GSC and N-MVDR beamform-
ers entail a comparable computational cost with respect to the
ROI-GSC beamformer since it also requires evaluating T’ ..
Furthermore, the optimization stage involves matrix multiplica-
tions and inversions of comparable size, resulting in an overall
computational cost of O((NL,,)?). In the case of the R-LCMV
beamformer, it specifically requires inverting a 31 x 31 ma-
trix, incurring a higher computational cost. Finally, applying the
spatiotemporal filter coefficients of the respective beamformer
to the sensor observations entails an additional N L,, multipli-
cations for all of the beamformers.

In Fig. 16, the average signal leakage factor of the proposed
ROI-GSC beamformer with respect to £ for different values
of €y, €1, and p is shown. It can be observed from the figure
that the average signal leakage factor of the array decreases
as the value of £ increases, resulting in reduced distortion of
the desired signal. Fig. 17 illustrates the signal leakage factor
of the proposed ROI-GSC beamformer with that of Zheng
et al. [38] and the conventional GSC beamformer. The settings
of the ROI-GSC beamformer are for an ROI {2 = [—60°, —30°],
L =620, ¢g = € =0, and p = 0.005. The beamformer pro-
posed by Zheng et al. [38] is used for comparison and is designed
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Fig. 17.  Comparison of the ROI-GSC beamformer, the GSC beamformer, and
the method of Zheng et al. [38] in terms of signal leakage factor in the ROI
¢ €.

for an ROI © = [—-60°, —30°] with an azimuthal resolution of
1°. It operates in the frequency range [2, 8000] Hz, using 1000
frequency points within this band. Additionally, the singular
value decomposition of the constraint matrix is performed, and
the matrix is reconstructed using a low-rank approximation with
a rank of 280. As shown in the figure, the GSC beamformer
effectively blocks signals only at ¢ = —45°, outperforming the
proposed beamformer in that specific direction. However, its
signal leakage increases as the angle deviates from ¢ = —45°
within the ROI. The figure demonstrates that the proposed
ROI-GSC beamformer achieves a lower signal leakage factor
compared with the method by Zheng et al. [38]. This perfor-
mance comparison was conducted under the condition of the
same average array gain for all the beamformers. The results
demonstrate that the proposed ROI-GSC beamformer offers
consistent performance across the ROI, leading to improved
robustness and reduced leakage.

D. Speech Simulations

In this section, we evaluate the speech leakage of the proposed
ROI RLS-GSC beamformer. Although the proposed ROI RLS-
GSC beamformer allows continuous filter adaptation, a slight
distortion of the desired speech can still occur due to signal
leakage. This leakage arises when the blocking matrix does not
perfectly eliminate the target speech from the sidelobe canceller
path, allowing a portion of the desired signal to enter the adaptive
noise cancellation branch. Consequently, the adaptive filter may
inadvertently cancel the leaked desired signal along with the
interference, leading to distortion of the desired speech. Our
simulation results support this observation as shown in Fig. 18:
at £ = 240, the amount of leaked target signal (and the resulting
speech distortion) was appreciably higher, whereas at £ = 620
the leakage and distortion were considerably reduced yet not
eliminated. Furthermore, increasing the number of eigenvectors
improved leakage suppression, albeit at the expense of array
gain, underscoring the inherent tradeoff between preserving the
desired signal and suppressing interference. It should also be
noted that in this work, we have not included any update control
mechanisms in the adaptive stage; however, such strategies can
be incorporated in the proposed algorithm to enhance robustness
against desired signal cancellation further. Furthermore, we
evaluate the performance of the proposed ROI-GSC beamformer
in comparison to the method of Zheng et al. [38] using speech
signals. The interference signal used is a speech signal, while the
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Fig. 18. Beamformer outputs of the proposed ROI RLS-GSC: the data-
independent branch output (corresponding to weights g 1), the data-dependent
adaptive branch output (corresponding to weights g_ ), and the final combined
beamformer output (with weights g) for (a) £ = 240 and (b) £ = 620.
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Fig. 19.  The performance metrics of the proposed ROI-GSC beamformer and
Zhengetal. [38] analyzed as functions of the DOA, and the average performances
over the ROI using speech signals in terms of (a) array gain and (b) signal leakage
factor. The settings of the ROI-GSC beamformer: 2 = [—60°, —30°], £ = 620,
€0 = €1 = 0, 1 = 0.005 and the GSC beamformer is designed for ¢4 = —45°.

white noise is set to 0.01 times the noise variance in the reference
sensor, with the input SNR set at —10 dB. To perform speech
simulations, both the proposed ROI-GSC and Zheng et al. [38]
beamformers are applied to the same input signals. The speech
signals, along with the interference and noise components, are
processed through these weights to evaluate the performance
of each filter. The following performance metrics are used for
evaluation:

SNR = T {:EZH (106)

oSNR (g, 0, ¢0) = ~— Ef‘igg (107)
G (g, 0q:¢q) = (W, (108)

& (8, 0q: bq) = m (109)

where var(-) represents the empirical variance of the signals. The
desired signal comprises English speech from a female speaker,
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Fig. 20.  Spectrograms and waveforms of the input speech s, input noise v1, input signal at the reference microphone w1, filtered desired signal sgq, residual

noise v, leakage signal s;, and beamformer output y for both the methods of Zheng et al. [38] and the proposed ROI-GSC. The desired source direction is at
¢q = —33° with an input SNR of —10 dB. The settings of the ROI-GSC beamformer: 2 = [-60°, —30°], £ = 620, ¢g = 0, ¢; = 0.01, and p = 0.005.

whereas the interference signal is from a male speaker. The
desired signal direction was set at ¢, = —33°. Fig. 19 presents
the performance metrics of the proposed ROI-GSC and Zheng
etal. [38] beamformers as functions of the DOA, and the average
performances over the ROI, evaluated using 20 speech samples
from the LibriSpeech dataset [58]. The proposed beamformer
achieves higher array gain and lower signal leakage compared
to Zheng et al. [38]. The difference in array gain in Fig. 19(a)
relative to Fig. 15(a) is attributed to the mismatch between the
white noise assumption used in the theoretical model and the
actual speech signal distribution. The beamformer of Zheng
et al. [38] yields an average signal leakage factor of —24 dB,
while the proposed ROI-GSC achieves —43 dB, demonstrating
the effectiveness of our proposed design. Fig. 20 displays the
spectrograms and waveforms of the input speech, noise, and
reference microphone signal, as well as the filtered outputs and

leakage signals for both beamformers. The desired signal and
noise signal, when passed through the Zheng et al. [38] beam-
former and the ROI-GSC beamformer, are shown along with the
signal leakage plots. The proposed beamformer exhibits visibly
lower signal leakage than the state-of-the-art beamformer, which
contributes to improved signal quality.

VI. CONCLUSION

We have introduced a novel time-domain optimal beamformer
that integrates the ROI framework into the GSC structure. This
design enhances signals arriving from a specified ROI while sup-
pressing noise and interference from other directions, making it
particularly suitable when precise source location information
is unavailable. Additionally, an adaptive implementation based
on the LMS and RLS algorithms was developed, along with a
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low-complexity variant of RLS using the NKP method. Simu-
lation results confirmed the beamformer’s ability to maintain
low distortion for sources within the ROI while effectively
suppressing noise and interference. We also demonstrated that
varying the number of eigenvectors provides a tunable tradeoff
between array gain and signal distortion. To minimize signal
leakage, we derived a blocking matrix tailored to suppress
desired signal components that originate from within the ROI.
In addition, dedicated performance metrics were introduced to
quantify signal leakage, enabling a systematic evaluation of
how the number of eigenvectors used in the blocking matrix
affects signal leakage and array gain. Increasing the number of
eigenvectors improved leakage suppression at the expense of
array gain, highlighting the tradeoff between the two. Finally,
we compared the proposed ROI-GSC beamformer with the
conventional GSC and a state-of-the-art beamformer. The results
show that the proposed method outperforms the conventional
GSC in scenarios with uncertain source direction, whereas the
conventional GSC remains advantageous when the desired di-
rection of the source is accurately known.
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