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Domain Adaptation for DoA Estimation in
Multipath Channels With Interferences
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Abstract—We consider the problem of estimating the direction-
of-arrival (DoA) of a desired source located in a known region of
interest in the presence of interfering sources and multipath. We
propose an approach that precedes DoA estimation and relies on
generating a set of reference steering vectors. The steering vec-
tors’ generative model is a free-space model, which is beneficial
for many DoA estimation algorithms. The set of reference steering
vectors is then used to compute a function that maps the received
signals from the adverse environment to a reference domain free
from interfering sources and multipath. We show theoretically
and empirically that the proposed map, analogous to domain
adaption, improves DoA estimation by mitigating interference
and multipath effects. Specifically, we demonstrate a substantial
improvement in accuracy when the proposed approach is applied
before three commonly used beamformers: the delay-and-sum
(DS), the minimum variance distortionless response (MVDR),
and the Multiple Signal Classification (MUSIC).

Index Terms—Array signal processing, domain adaptation, di-
rection of arrival estimation, interference rejection, null steering,
Hermitian positive definite matrices.

I. INTRODUCTION

ESTIMATION of the Direction of Arrival (DoA) of a de-
sired source is a longstanding problem. Despite being ex-

tensively investigated in the last decades, it is still considered an
active field that attracts attention and interest. DoA estimation
has numerous applications in a broad range of fields, such
as automated camera steering, teleconferencing systems [1],
speaker separation [2], radar [3], smart sensor arrays for 5G
networks [4], and autonomous vehicles [5], to name but a few.

Currently, two of the major challenges in DoA estima-
tion are the presence of interfering sources and multipath
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channels. Interfering sources could mask the desired source,
while multipath channels between the desired source and the
phased array could cause deviations in the DoA estimation of
the desired source. A central approach to overcoming these
challenges is learning the environment before the localization.
For example, such an approach was first introduced in acoustic
source localization in [6], where a predefined grid of potential
source positions was considered. In the context of communi-
cation signals, a similar approach based on fingerprinting has
been proposed in [7], [8], [9]. More recently, in [10], such
an approach was used to mitigate the multipath that stems
from a reverberant environment by a learning-based method
that formulates DoA estimation as a classification problem. A
localization approach based on manifold learning has also been
proposed in [11], [12], [13]. However, all these methods depend
on the environment and require labeled samples, i.e., signal
measurements associated with a known DoA. Another recent
approach is based on Riemannian geometry [14]. There, inter-
fering sources located in a reverberant environment are consid-
ered, and an approach for beamformer design and interference
rejection based on Riemannian geometry is proposed. However,
the interfering sources are assumed to be only partially active.
Methods for superresolution have also been proposed [15], [16].
However, for interference rejection, they require the identifi-
cation of the different sources, which, in turn, requires prior
knowledge that is not always at hand. In recent years, with the
development of Deep Learning (DL), a multitude of DL-based
methods have been introduced for robust DoA estimation [17],
[18], [19], [20], [21], [22]. Numerous variants, such as time-
frequency masks incorporated into DL methods, have also been
proposed to mitigate noise and interference [23], [24], [25].
However, DL-based methods typically require an extensive data
set for training the model, which is not always available. Fur-
thermore, DL methods usually exhibit higher computational
complexity than classical signal processing methods.

In this paper, we consider the problem of DoA estimation
of a desired source located in a known region of interest in
the presence of interfering sources and multipaths. Leveraging
the prior knowledge of the known region of interest and the
available location of the phased array, we are able to mitigate
the adverse conditions without requiring any labeled samples
(prerecorded signals). Inspired by domain adaptation in ma-
chine learning and parallel transport in Riemannian geometry,
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we generate a set of simulated steering vectors using a free
space model. This set is used to build a map applied to the
received signals, mapping them from the adverse environment
to a reference environment, free from interference and multi-
path. Subsequently, in the reference environment, we employ
the DoA estimation algorithm of choice for the mapped signals
rather than the received ones.

Broadly, our approach introduces two new viewpoints to
DoA estimation. First, our approach is analogous to domain
adaptation (DA), a long-standing problem in machine learning
that has been extensively studied [26], [27], [28], [29], [30]. We
consider complex steering vectors lying in the Euclidean space
C

M , where M is the number of elements in the phased array,
in which we designate two domains. The reference domain is
defined by the simulated steering vectors and represents a free
space environment without multipaths and interfering sources.
The operational domain is determined by the received (noisy)
signals. We devise a map that transforms a received signal
from the operational domain to the reference domain, mitigating
multipath and interference effects.

From a geometric standpoint, we examine the sample corre-
lation matrices of the received noisy signals and consider them,
together with the model correlation matrices stemming from the
reference steering vectors, in the space of M ×M Hermitian
positive definite (HPD) matrices. We show that the map we
built could be described analogously as parallel transport in the
manifold of HPD matrices equipped with the Affine Invariant
metric [31], [32], [33], [34], [35]. This map alleviates an inher-
ent shortcoming of prototypical DoA estimation algorithms de-
signed for ideal covariance matrices, e.g., population covariance
matrices stemming from a free space with only a single source
without interference or multipath. These covariance matrices
are often not available in practice. We, therefore, propose an
approach for mapping the real-world covariance matrices from
the operational domain to a reference domain that represents
ideal covariance matrices.

The main contributions of the papers are as follows. First, we
introduce a new approach for DoA estimation in adverse condi-
tions focusing on interference rejection. The proposed approach
learns the environment without requiring prerecorded signals or
prior access to it, making it suitable for various applications.
The proposed approach results in a linear map that exhibits
low complexity and is mathematically tractable. Additionally,
it is a general approach that can be applied to multiple DoA
estimation methods.

Second, we experimentally demonstrate that the proposed
approach improves DoA estimation in environments with in-
terfering sources and multipaths when using baseline beam-
formers. In the experiments, we considered both acoustic sig-
nals and radio frequency (RF) signals, demonstrating the ap-
plicability of our approach to a wide range of applications.
While our approach is general and fits a multitude of down-
stream DoA estimation methods, our focus is on the following
three standard beamformers: the Delay and Sum (DS) beam-
former [36], [37], the Minimum Variance Distortionless Re-
sponse (MVDR) beamformer [38], and the Multiple Signal
Classification (MUSIC) beamformer [39], [40], [41]. These

three beamformers are considered because they are widely
used and demonstrate different approaches for DoA estimation:
a statistical approach (DS), minimizing an objective function
(MVDR), and a subspace approach (MUSIC). Our approach
is not limited to these beamformers; we also apply it to the
method presented in [42] for beam pattern design with a null
section, and show that it leads to improved results. Moreover,
we examine the steered-response power (SRP) of the proposed
approach combined with the DS beamformer and show that
it implicitly includes nulls in the direction of the interfering
sources, implying that the energy of the sample correlation
matrix in the directions of the interfering sources is reduced.

Third, we provide a theoretical analysis of the proposed
approach. We show that the map we built matches the second-
order statistics of the mapped signals with those of the steering
vectors in the reference environment. Thus, it represents the
model typically considered by DoA estimation methods. Ad-
ditionally, we show that under some conditions, applying the
proposed approach to the DS beamformer results in SRP that is
higher in the direction of the desired source than in the direction
of the interfering source.

The remainder of this paper is structured as follows. In Sec-
tion II, we formulate the problem. Section III presents a brief
background on the considered beamformers. In Section IV, we
describe and analyze the proposed approach. In addition, we
relate the proposed approach to concepts from Riemannian ge-
ometry. Section V presents the simulation results. We conclude
the work in Section VI.

II. PROBLEM FORMULATION

We consider the problem of estimating the DoA of a desired
source using a phased array. Suppose the desired source trans-
mits from various positions within a known region of interest
at different times. In addition to the desired source, suppose
moving interfering sources transmit from multiple locations
within an unknown interference region. We assume that the
region of interest and the region of interference do not overlap.
We also consider the possibility of additional, fixed-location
interfering sources within or outside the region of interest.

The source signals are received at an array of M elements
(acoustic microphones or RF antennas) positioned in known
locations. We focus on narrowband signals and analyze the
received signal in the frequency domain. In Section V, we
consider acoustic sources and discuss the extension to wideband
signals. Let zm(l) denote the received signal at the frequency
domain at the lth time, which is given by

zm(l) = s(l)hm +

NI∑

i=1

qi(l)gim + vm(l), (1)

where s(l) is the signal of the desired source, qi(l) is the signal
of the ith interfering source, NI is the number of currently ac-
tive interfering sources, hm is the transfer function of the chan-
nel between the source and the mth element, gim is the transfer
function of the channel between the ith interfering source and
the mth element, and vm(l) is the noise at the m element.
We assume that the impulse response of the channels between
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the sources and the phased array does not change over time.
This model could be obtained, for example, by considering a
single frequency bin of the short-time Fourier transform of a
wideband signal. The noise is assumed to be spatially white,
and the interfering sources are considered to be uncorrelated
with the desired sources. We analyze a finite interval of the
received signal and denote the number of available samples
by L.

We stack the received signal from all the elements in the array
in a vector form to obtain

z(l) = [z1(l) z2(l) · · · zM (l)]� ∈ C
M×1. (2)

Similarly, the noise term in a vector form is given by

v(l) = [v1(l) v2(l) · · · vM (l)]� ∈ C
M×1. (3)

The vector form of the impulse response of the channels be-
tween the sources and the phased array is given by

h= [h1 h2 · · · hM ]� ∈ C
M×1, (4)

and

gi = [gi1 gi2 · · · giM ]� ∈ C
M×1. (5)

The received signal can be explicitly expressed as

z(l) = s(l)h+

NI∑

i=1

qi(l)gi + v(l). (6)

Our goal is to estimate the DoA of the desired source. The
main challenges in the considered setting are the interfering
sources, which could be stronger than the desired source, and
the indirect paths in the channel between the desired source and
the phased array. We emphasize that the statistical properties of
the interfering sources are arbitrary. Importantly, the proposed
approach does not require prior knowledge or specific statistical
properties other than the known region of interest.

We conclude this section with two remarks. First, the for-
mulation supports various applications, including acoustic and
RF. Second, instead of a single desired source transmitting
from various positions, multiple desired sources that are not
simultaneously active could exist.

III. BACKGROUND ON BEAMFORMERS

Let d(θ) denote the steering vector of the array to direction
θ, which is given by

d(θ) = [1, ejφ2(θ), ..., ejφM (θ)]� ∈ C
M×1, (7)

where φm(θ) is the phase of the received signal at the mth
element with respect to a reference element. For example, the
phase at the mth element for a uniform linear array is given by
φm(θ) = 2πm δ

λ sin θ [36], where δ is the distance between the
elements, λ is the wavelength of the received signal, and the
typical indexing is considered.

In this paper, we focus on three widely used beamformers:
the DS beamformer [36], MVDR [38], and MUSIC [39]. They

are all based on the sample correlation matrix of the received
signal, denoted by Σ̂ ∈ C

M×M and given by

Σ̂=
1

L

L∑

l=1

z(l)zH(l), (8)

where (·)H is the conjugate transpose operator. The spectrum
of the DS beamformer is given by [43], [44]

PDS(Σ̂, θ) = dH(θ)Σ̂d(θ), (9)

and the spectrum of the MVDR beamformer is given by [38]

PMVDR(Σ̂, θ) =
1

dH(θ)Σ̂−1d(θ)
. (10)

For MUSIC [39], the spectral decomposition of Σ̂ is performed,
and the eigenvectors of Σ̂ associated with the noise are ex-
tracted. They form the columns of the matrix spanning the
noise subspace, denoted by UN . The spectrum associated with
MUSIC is given by

PMUSIC(Σ̂, θ) =
1

dH(θ)UNUH
Nd(θ)

. (11)

For all three beamformers, given a sample correlation matrix
Σ̂, the DoA estimation of a single source is realized by

θ̂ = argmax
θ

P (Σ̂, θ), (12)

where P (Σ̂, θ) is the spectrum of the respective beamformer.

IV. PROPOSED APPROACH

We begin with a brief overview of the proposed approach and
a detailed description of the algorithm.

A. Overview

The main idea of our approach is that knowledge of the
phased array’s location, constellation, and information about
the region of interest allows us to generate simulated steering
vectors. We emphasize that these steering vectors are generated
analytically, allowing a specific design to improve the DoA es-
timation. We postulate that these precomputed steering vectors
facilitate the improvement of the DoA estimation after the array
is deployed in an operational environment with multipath and
undesired interfering sources.

More concretely, before deploying the phased array, we gen-
erate steering vectors with appropriate attenuation from various
positions within the known region of interest. We remark that
these steering vectors could be viewed as transfer functions
(TFs) of a reference environment considering only the direct
path. We refer to them as simulated steering vectors, even
though they also consist of an attenuation term.

After deploying the array, the received signals are collected
in a time segment called the adaptation phase. These sig-
nals are viewed as measurements characterizing the operational
environment. Combined with the simulated steering vectors,
these measurements are used to compute a map of received
signals in the operational environment, with interfering sources
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and channels with indirect paths, to the reference environment,
consisting of only the direct path and without interferences. This
map is then applied to the subsequently received signals.

Although commonly used beamformers might not provide
accurate results due to interfering sources and indirect paths,
our approach applies the beamformers to the mapped, adapted
signals rather than the received ones. Through this adaptation,
the signals become closer to the reference environment, atten-
uating the interfering sources and the effects of indirect paths.
A detailed description of the algorithm is presented in the next
section.

We note that the phased array is deployed in the operational
environment during the adaptation phase. To avoid interfering
with the system’s operation, the DoA can still be estimated
based on the received signals using standard beamformers. Note
that throughout the paper, we use the terms ‘domain’ and ‘en-
vironment’ interchangeably according to the context.

B. Algorithm

A key component of the proposed approach is the steering
vectors. The first step of the algorithm is to generate the simu-
lated steering vectors from the reference environment. This is
done only once before the deployment of the phased array. We
consider a generative model describing a reference environment
that is adequate for the subsequent DoA estimation algorithm
and is typically simpler than the operational environment. The
steering vector generated using the model is denoted by

d̃(θ, r1, . . . , rM ) = [d̃1(θ, r1) · · · d̃M (θ, rM )]� ∈ C
M×1, (13)

where rm is the distance between the source and the mth ele-
ment, and d̃m is a complex value scalar describing the channel
between the source and the mth element. In this paper, we
consider standard beamformers, so we use the free space model
[36] as follows

d̃m =
1

rm
e−j2π rm

λ . (14)

We note that our approach is general, and other models could
also be considered. The model in (14) is used to generate NS

different steering vectors fromNS different positions, arbitrarily
chosen, in the region of interest. We denote by d̃j the steering
vector associated with the jth position.

Next, we compute the correlation matrix of each steering
vector as follows

ΣS
j = d̃jd̃

H

j + εI j = 1, . . . , NS, (15)

where ε is a small positive constant, and the term εI is for
numerical stability (which could also be viewed as a noise term
considering high SNR). We note that the empirical results are
insensitive to the choice of ε, even for orders of magnitude.

We follow by computing the mean correlation matrix of the
NS correlation matrices, {ΣS

j}NS
j=1, which is given by

ΣS =
1

NS

NS∑

j=1

ΣS
j . (16)

We emphasize that the matrix ΣS is created using only simu-
lated steering vectors, without any received signals.

Next, we turn to the adaptation phase performed immediately
after the deployment of the system in the operational environ-
ment, during which we collect NA signals from NA different
positions in the region of interest. We assume the interfering
sources are active during the adaptation phase. The received
signal from the ith position is denoted by zi(l) ∈ C

M×1, and
the set of NA signals from NA distinct positions in the region of
interest is denoted by {zi(l)}NA

i=1. We recall that we do not need
to know the positions of these transmissions, and in practice,
they could be obtained during the operation of the system.

The received signals at the adaptation phase, {zi(l)}NA
i=1, are

used to compute the following sample correlation matrices

Σ̂A
i =

1

L

L∑

l=1

zi(l)z
H
i (l) i= 1, . . . , NA. (17)

The mean correlation matrix of the set {Σ̂A
i }NA

i=1 is computed,
and is given by

ΣA =
1

NA

NA∑

i=1

Σ̂A
i . (18)

Finally, based on the two mean correlation matrices ΣS and
ΣA, we propose the following linear map of the received signal
to the reference environment

y(l) =Ez(l) ∀l = 1, . . . , L, (19)

where

E =Σ
1
2

S Σ
− 1

2

A . (20)

The resulting adapted signal y(l) is used to compute the beam-
former for the DoA estimation. The sample correlation matrix
of the adapted signal is given by

1

L

L∑

l=1

y(l)y(l)H =EΣ̂EH . (21)

Since we focus on beamformers, which are computed using the
correlation matrices, the spectrum of the proposed beamformer
is computed using EΣ̂EH as the correlation matrix, and, in-
stead of (12), the DoA of the desired source is estimated by

θ̂ = argmax
θ

P (EΣ̂EH , θ), (22)

where the spectrum P is set to the spectrum of the specific
beamformer used, e.g., the DS beamformer, the MVDR beam-
former, and MUSIC with spectra denoted by PDS(θ), PMVDR(θ)
and PMUSIC(θ), respectively. The proposed approach results in
interference rejection, allowing for the estimation of the DoA
of the desired source using the strongest peak in the spectrum.
Furthermore, it avoids the need for source identification. We
emphasize that other DoA estimation methods that employ the
sample correlation matrix can follow the proposed approach.
The algorithm is summarized in Algorithm 1.

Following (22), the proposed map is linear, demonstrating
low complexity for the proposed approach. While linear maps
were considered in the past, the main contribution in the pro-
posed approach is exploiting the knowledge of the region of
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Algorithm 1: The proposed DoA estimation approach

interest and the position of the phased array, which are typically
known, for the construction of a simple map that is both easy to
compute and to apply. The map leads to the enhancement of the
received signal, which allows more accurate DoA estimates. We
note that the proposed map results in colored noise. However,
it also mitigates the effect of the multipath and the interfer-
ing sources, which are the main challenges in the considered
setting.

The proposed approach can be viewed as DA using CORAL
[45]. We view the signals collected after deployment during the
adaptation phase {zi(l)}NA

i=1 along with the desired signal z(l)
as belonging to the same domain. This is the operational domain
of the operational environment with interfering sources and
indirect paths. We view the simulated steering vectors generated
analytically before the adaptation phase as stemming from a ref-
erence domain, considering a reference environment with only
the direct path. Adapting the signals by the matrix E minimizes
the domain shift by aligning the sample correlation matrices
[45]. Specifically, it transports the signal of the desired source
from the operational domain, which is typically involved, to the
reference domain, which is “simple”.

We note that for computing the matrix ΣA in (18), it is not
required to store the NA received signals, but the correlation
matrix of each signal can be computed and stored instead.

We conclude with three remarks. First, the proposed ap-
proach could also be used for null steering by designing beam-
formers with nulls to entire, possibly non-overlapping, sections.
See more details in Section V. Second, the proposed approach
is based on the signals received during the adaptation phase.
These are unlabeled signals, i.e., the position of the transmitting
source is unknown. As a result, the proposed approach could
be characterized as an unsupervised method. Third, this paper
focuses on the DS, MVDR, and MUSIC beamformers. How-
ever, the proposed approach is general and could also be applied
to other DoA estimation methods by considering the adapted
signals y(l) instead of the received signals z(l).

C. Relation to Existing Works

Applying linear maps to the received signal has been
proposed in the past, for example, for array calibration

[46]. Seemingly, array calibration is similar to our approach.
However, it considers a different setting with a different goal.
Array calibration aims at mitigating impairments in the phased
array itself, such as misalignment in the position of the elements
or mutual coupling between the elements [47], [48]. In the
considered setting, the main challenge in the DoA estimation
is the presence of multipath and interfering sources, not the
impairments of the array. Therefore, we assume a phased array
after calibration. We note that while there exist array cali-
bration methods that consider multipath or interferences, they
aim to calibrate the array and not to reject the interferences
for DoA estimation. Additionally, they typically make further
assumptions, such as the existence of a calibration source at
a known position [49]. We highlight that the generation of
the known steering vectors in the proposed approach is per-
formed analytically based on a chosen model. Importantly, the
computation of these steering vectors does not rely on any
signals or transmissions from the environment. Specifically,
we do not assume any transmission originating from a known
position. Other assumptions for calibration are, for example,
knowing the number of interfering sources [50] or working in
near field [49]. The beamspace processing (BSP) method also
proposes to multiply the received signal with a pre-computed
matrix [51]. However, the typical purpose of BSP is to reduce
computational complexity, especially if the number of elements
in the array is very large. This is typically done by a non-
square matrix, whose columns represent beams. In contrast, the
proposed approach aims to mitigate environmental challenges
and uses a square matrix whose computation is data-driven.
The linear Bayesian approach also uses matrix multiplication
[52]. However, it requires a different setting than the setting
considered here by assuming a statistical model. In contrast, the
proposed approach does not assume any statistical model. For
example, recently, the Bayesian approach has been proposed for
the DoA problem through sparse Bayesian learning [53], [54].
In this framework, the a priori distribution of the weights for
the sparse vector is assumed to be known, and the estimated
DoAs are according to its conditional distribution. In contrast,
the proposed approach is data-driven. It does not require a priori
knowledge of the distribution or assumptions on the statistical
model of the different sources other than the known region of
interest. A key component of the proposed approach involves
generating simulated steering vectors that can be viewed as
augmented data. Data augmentation for source localization has
already been considered in the literature. For example, in [55],
a DoA estimation method based on neural networks (NNs) is
proposed, and DA and augmented data are used to adapt a pre-
trained network to the real-world and augmented data. Data
augmentation has also been proposed in [56] for training an NN
for supervised DL-based speech enhancement. In contrast to
[55], [56], the proposed approach learns the environment in an
entirely unsupervised manner, and the adaptation is applied to
the received signals directly rather than to an NN. Furthermore,
the present setting also considers interfering sources, as op-
posed to [55], [56]. The proposed approach could be viewed as a
data enhancement approach applied before any DoA estimation
method.
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D. A Riemannian Geometry Perspective

An alternative approach could be based on a geometric stand-
point, resulting in a slightly different algorithm implementation.
The sample correlation matrix of the received signal, Σ̂, is
viewed as a point on the HPD manifold [33], which, equipped
with an appropriate metric, forms a Riemannian manifold. The
point Σ̂ is transported along the geodesic path from ΣA, rep-
resenting the operational domain, to ΣS, representing the ref-
erence domain, by Parallel Transport (PT) [32], [57], which
preserves the orientation of Σ̂ with respect to the manifold.

The new point after the PT is given by [32]

ΣPT =EPTΣ̂EH
PT, (23)

for

EPT =
(
ΣSΣ

−1
A

) 1
2 . (24)

Notice the similarity between (24) and (20), which coincide
when the matrices ΣA and ΣS commute. So, the geometric
perspective leads to a similar approach with a slightly different
implementation. We remark that, empirically, this alternative
based on PT withEPT leads to similar results as using the matrix
E in (20).

E. Theoretical Analysis

The proofs for the theoretical results appear in the supple-
mentary material (SM). Note that in the experimental results in
Section V, we do not consider the assumptions made in this
section. We start by examining the mean sample correlation
matrix of the adapted signal over ÑS different experiments.

Proposition 1: If the mean sample correlation matrix in the
operational phase is equal to that of the adaptation phase, i.e.,

1

LÑS

ÑS∑

i=1

L∑

l=1

zi(l)z
H
i (l) =ΣA, (25)

then,

1

LÑS

ÑS∑

i=1

L∑

l=1

y(l)yH(l) =ΣS. (26)

According to Proposition 1, the proposed approach aligns
the mean sample correlation matrix of the received signal from
the operational domain with a signal generated in the reference
domain.

In the following result, we provide an explicit expression for
ΣA, the mean correlation matrix characterizing the operational
environment, which offers insight into the proposed adaptation.
In this analysis, we consider the population correlation matri-
ces, neglecting the errors stemming from the finite sample.

Proposition 2: If the desired source, the interfering sources
and the noise are all uncorrelated, then

ΣA =
1

NA

NA∑

j=1

σ2
sjhjh

H
j +

ÑI∑

i=1

σ2
qigig

H
i + σ2

vI (27)

where

σ2
sj =

1

L

L∑

l=1

|sj(l)|2

is the signal power of the source at the jth position,

σ2
qi =

1

L

L∑

l=1

|qi(l)|2

is the signal power of the interfering source at the ith position,
and ÑI is the total number of transmissions of interfering
sources during the adaptation phase.

Before the array deployment, simulated steering vectors are
generated to compute the matrix ΣS. In contrast, during the
adaptation phase, after the array deployment, we do not have
direct access to the TFs characterizing the environment, and
the received signals are used to compute the matrix ΣA. So,
the matrices ΣS and ΣA are computed using different entities.
However, according to Proposition 2, even though the matrix
ΣA is computed using the received signal, it comprises outer
products of TFs. The proposed approach can be viewed as trans-
porting the received signal from an operational environment
with TFs that include interfering sources and indirect paths to
the reference environment, considering solely the direct path.

For the last result, we assume that the environment remains
unchanged in the adaptation and operational phases, except for
the presence of the desired source whose DoA is estimated. This
implies that only the interfering sources are active during the
adaptation phase. In contrast, during the operational phase, the
desired source and the interfering sources are active.

We consider multiple experiments, where the desired source
could change its position at each experiment. We consider NI

interfering sources. In this setting, the population correlation
matrix of the received signal during the operational phase at
the ith experiment is given by (following Proposition 2)

Σi = σ2
sihih

H
i +

NI∑

j=1

σ2
qjgjg

H
j + σ2

vI

= σ2
sihih

H
i +ΣA. (28)

We assume that for the desired source, the direct path is domi-
nant such that hi, the TF, reduces to the steering vector, which is
denoted by dSi

for the ith experiment. This could be the case for
the RF setting for example, if the desired source has a dominant
line of sight path, whereas the interfering sources are positioned
next to obstacles that result in multipath. Namely,

Assumption 1: Σi =ΣA + dSi
dH
Si

.
We note that Assumption 1 also implies that we neglect the

attenuation differences of the different elements in the array due
to their different positions.

The following result shows that for the proposed approach,
under some conditions on the precomputed matrix ΣS , which
we generate, the DS spectrum at the direction of the desired
source is greater than the DS spectrum at the direction of each
interfering source.

Proposition 3: If

dH
Si
ΣSdSi

≥ dH
IjΣSdIj , (29)

λmin{Σ
1
2

S} ≥
λmax{Σ

1
2

A}
M

, (30)

and

λmin{Σ
1
2

S} ≥M, (31)
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then

PDS(EΣEH ; θSi
)≥ PDS(EΣEH ; θIj ). (32)

Condition (29) implies that the precomputed matrix ΣS ,
which we control, has more energy in the direction of the
desired source than in the direction of an interfering source.
This could be the case, for example, if the interfering source
is positioned outside the region of interest. We recall that we
generate the matrix ΣS using the known region of interest and
a simplified model, so this could be viewed as a condition on
the construction of the matrix. As for condition (30), the right-
hand side is λmax{Σ

1
2

A}/M , which upper bounds λmax{Σ
1
2

A} ≥
||Σ

1
2

AdIj ||/M , i.e., the energy of the matrix ΣA at the direction
of an interfering source. Similarly, for the left-hand side of (30)
it holds that λmin{Σ

1
2

S} ≤ ||Σ
1
2

SdSi
||, i.e., it lower bounds the

energy ofΣS at the direction of the desired source. So, condition
(30) leads to ||Σ

1
2

SdSi
||M ≥ ||Σ

1
2

AdIj ||, which implies that the
energy of ΣS at the direction of the desired source is greater
than the energy of ΣA at the direction of an interfering source
up to a factor. We emphasize that we can ensure that conditions
(30) and (31) are met by scaling the matrix ΣS (which is under
our control). The scaling does not affect condition (29).

F. Empirical Support

We present the following experiment, which examines the
theoretical advantage of the proposed approach. We consider
desired and interfering sources with the same power positioned
in an anechoic environment. The population correlation matrix
of the received signal is

Σ= σ2dSd
H
S + σ2dId

H
I + σ2

vI, (33)

where dS and dI are the steering vectors of the desired source
and the interfering source, respectively, and σ = σs1 = σq1 . We
define the output signal-to-interference ratio (SIR) associated
with the correlation matrix Σ by

SIR(Σ) =
P (Σ, θS)

P (Σ, θI)
, (34)

where θS and θI are the directions to the desired and interfering
sources, respectively. So, the output SIR of the typically used
DS beamformer is

SIR(Σ) = 0dB. (35)

We simulatively examine the theoretic expression of the output
SIR of the proposed approach with the DS beamformer for a
phased array of M = 9 elements, i.e.,

SIR(EΣEH) =
PDS(EΣEH , θS)

PDS(EΣEH , θI)
, (36)

for different directions of the desired source, θS . The direction
of the interfering source is set to θI = 30◦. For the computation
of the matrix E, we consider NA = 100 different positions
during the adaptation phase and NS = 100 simulated steering
vectors. Fig. 1(a) presents the results for the proposed approach

Fig. 1. Theoretic expression for the output SIR in the presence of (a)
A single interfering source. (b) Two interfering sources. The input SIR is
0dB. The proposed approach using (20) and (24) appears in blue and red,
respectively. The solid black line shows the direction of the interfering sources.

as well as the results for EPT in (24). We see that for all the
directions of the desired source, the output SIR is greater than
0dB, which means that the spectrum of the DS beamformer with
the proposed approach reduces the interfering source. Estimat-
ing the DoA by the argmax of the spectrum according to (22)
results in an accurate estimation of the desired source rather
than estimating the DoA of the interfering source instead. In
addition, the results for the map using E in (20) and EPT in
(24) are very similar. Fig. 1(b) is the same as Fig. 1(a) only for
two interfering sources. Even with two simultaneously active
interfering sources, the proposed approach leads to higher SIR
values than the commonly used DS beamformer.

V. SIMULATION RESULTS

In this section, we showcase the advantages of the proposed
approach in two scenarios: a reverberant acoustic environment
and an RF setting1. In both cases, the desired source is accom-
panied by interfering sources. The proposed approach serves
as data enhancement and is applied before a subsequent DoA
estimation method. Therefore, to illustrate the versatility of our
approach, we examine its performance using three widely used
beamformers: the DS, the MVDR, and MUSIC, which represent
three different approaches for DoA estimation. The proposed
DA could also be applied to other DoA estimation methods.
We note that since the power of the desired source and the in-
terfering sources is unknown, and the interfering sources could
be stronger than the desired source, the dominant eigenvector of
the sample correlation matrix is not necessarily associated with
the desired source. Therefore, when comparing to the typically
used MUSIC, we assume to know the number of active sources
to be able to properly capture the desired source subspace. We
emphasize that we make no such assumption for the proposed
approach. For quantitative evaluation, we use the absolute value
of the DoA estimation error given by

Δθi = |θ̂i − θi|, (37)

where θi is the DoA of the ith source, and θ̂i is the DoA estima-
tion of the ith source computed using the different beamformers

1The code is available at https://github.com/amitaybar/Domain-Adaptation-
for-DoA-Estimation-in-Multipath-Channels-with-Interferences

https://github.com/amitaybar/Domain-Adaptation-for-DoA-Estimation-in-Multipath-Channels-with-Interferences
https://github.com/amitaybar/Domain-Adaptation-for-DoA-Estimation-in-Multipath-Channels-with-Interferences
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Fig. 2. A 3D view of the acoustic room. The positions of the desired source
in the adaptation and operational phases are marked by blue circles and orange
asterisks, respectively. A purple ‘x’ marks the phased array.

using (22). For computing ΣS in our experiments, we set ε=
10−7 in equation (15). We note that the results are insensitive
to the choice of ε, even for orders of magnitude.

A. The Acoustic Setting

We consider a microphone array of M = 9 microphones in
a reverberant room of dimensions 5.2m × 6.2m × 3.5m. The
reference microphone is positioned at (2m, 0.5m, 1.5m) and
the rest of the microphones are distant 12cm apart along the
X-axis. In all the experiments, the region of interest is a rectan-
gular of dimensions 4m × 2m in the XY plane with two corners
at (0.5m, 3.5m, 1.5m) and (0.5m, 5.5m, 1.5m), and the other
two corners are distant 4m along the X-axis. Fig. 2 presents
the room. A purple ‘x’ marks the position of a microphone, a
blue circle marks the position of a source during the adaptation
phase, and an orange asterisk denotes the position of a source
during the operational phase. The positions of the simulated
steering vectors, generated before the deployment of the array,
are omitted for presentation purposes.

The signal of each source is generated as Gaussian noise
using the standard normal distribution. Its duration is 2.5s, sam-
pled at 12KHz resulting in 30, 000 samples. Since the acoustic
signal is wideband, the received signal is processed in the
time-frequency domain using the short-time Fourier transform
(STFT) with a rectangular analysis window of 2048 samples
and 50% overlap. We focus on a single frequency bin (in-
dexed 242 and corresponds to a frequency of approximately
1.42KHz), so the distance between the microphones is half
the wavelength. The acoustic impulse response (AIR) between
the different sources and each microphone is modeled using
the image method [58] as implemented by the room impulse
response simulator in [59]. Each AIR consists of 2048 samples.
In all the experiments, the SNR at each microphone is 20dB.
We note that further improvement in the DoA estimation can
be made by fusing multiple frequency bins. We demonstrate
the proposed approach on a single-frequency bin and leave the
fusion for future work.

In the first experiment, we examine the performance of the
proposed approach for different reverberation times. The num-
ber of varying transmission positions in the adaptation phase

Fig. 3. (a) The spectrum of the proposed approach with the DS
beamformer (blue) and the typically used DS beamformer (red) in the
reverberant room. The solid black line shows the direction of the desired
source. (b) The quadratic terms |dH(θ)Ed(θ)|2, |dH(θ)Σ

− 1
2

A d(θ)|2, and

|dH(θ)Σ
1
2
S d(θ)|2 in blue, red, and orange, respectively.

is 100, which leads to 100 received signals. These signals
could originate from several sources from different places or
a single source from 100 different positions. We note that for
a signal duration of 2.5s, the total duration of all the signals at
the adaptation phase is slightly above 4 minutes. The number
of reference steering vectors generated in the pre-deployment
phase is 200.

We start with an example of the spectrum of the DS beam-
former in the reverberant room. Fig. 3(a) presents the spectrum
of the proposed approach with the DS beamformer and the spec-
trum of the commonly-used DS beamformer in blue and red,
respectively, for a reverberation time of β = 400ms. The black
solid line indicates the direction of the desired source. Both
spectra present main lobes that coincide with the direction of
the desired source, albeit with a minor bias (the main lobe of the
proposed approach is slightly closer). Other nuisance lobes exist
for the commonly-used DS beamformer due to reverberations.
In contrast, the proposed approach results in a main lobe, while
the other lobes are significantly attenuated.

Fig. 3(b) presents the absolute value of the quadratic term
of the matrix E, i.e., |dH(θ)Ed(θ)|2, in blue. We refer to it as
the spectrum of E. We note that the section bounding the upper
line of the rectangular region of interest is θ ∈ [68◦, 112◦], and
we see that the spectrum of E is directed to that section. By
considering the reverberations as interfering sources, we ob-
serve that the quadratic term takes on higher values for sources
located within or paths originating from the region of interest.
The matrix E is a product of the two matrices, Σ

− 1
2

A and Σ
1
2

S ,
whose spectra using the DS beamformer appear in red and
orange, respectively. We see that the spectrum of Σ

− 1
2

A is close

to omnidirectional and the spectrum of Σ
1
2

S is similar to the
spectrum of E. Even though these spectra look similar, using
E still leads to better results. The reason is that the spectrum
only considers the absolute value, i.e. the size of the vector,
whereas the direction of the vector is also significant. This result
sheds some light on the effect of E on the adapted signal and
the resulting beamforming spectrum. It leads to a beam that is
focused on the region of interest, which is “learned” implic-
itly from the simulated steering vectors and captured by the
matrix E.

Next, we examine the performance of the proposed approach
for different reverberation times. We evaluate the DoA esti-
mation using 300 randomly generated source positions. Fig. 4
presents the obtained DoA estimation error as a function of
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Fig. 4. The median of the DoA estimation errors for different reverberation
time values β for (a) the DS beamformer, (b) the MVDR, and (c) MUSIC.

the reverberation time for the DS beamformer, the MVDR, and
MUSIC. For the MVDR beamformer, we empirically found that
to adapt to a reverberant environment, it is best to adapt the
inverse of the sample correlation matrix of the received signal,
Σ̂−1. We follow the same steps as in Algorithm 1, only with the
following set of matrices

{ (
ΣS

j

)−1 }NS

j=1
and

{
(Σ̂A

i )
−1

}NA

i=1
.

The figure shows that the longer the reverberation time is, the
larger the DoA estimation errors are. Importantly, for all the
tested reverberation times and all the tested beamformers, the
proposed approach leads to improved results, up to ∼ 2[deg]
improvement for β = 500ms. Furthermore, the longer the rever-
beration time is, the greater the improvement of the proposed
approach is. Following Proposition 2, we can view the proposed
approach as transporting the received signal from the opera-
tional domain of the reverberant environment to the reference
domain of an anechoic environment. The reverberations can
be viewed as the domain shift between the two domains. We
see that the larger the domain shift is, the more significant the
improvement of the proposed approach becomes.

In the next experiment, we consider an interfering source po-
sitioned uniformly at random within the region of interest. The
SIR is −20dB, i.e., the interfering source is much stronger than
the desired source. The SIR is defined with respect to the trans-
mitted signals. The number of signals in the adaptation phase is
100, and the number of reference steering vectors is 200. The
number of positions in the operational phase is 200. We repeat
this experiment for 20 different interfering source positions. All
the positions of the sources are generated uniformly at random
in the region of interest. Fig. 5 presents the DoA estimation
errors of the DS, the MVDR, and the MUSIC beamformers,
obtained by the proposed approach and the baseline approach,

Fig. 5. DoA estimation errors in the presence of an interfering source with
SIR −20dB for the proposed approach and the standard beamformers in blue
and red, respectively.

in blue and red, respectively. The box indicates the 25th and the
75th percentiles, and the horizontal line indicates the median.

We see that the proposed approach improves the performance
of all the beamformers by more than 10◦. We recall that the
proposed approach with MUSIC considers a signal space of a
single dimension even in the presence of the interfering source.
The fact that the proposed method with MUSIC results in im-
proved performance indicates that the proposed approach leads
to the rejection of the interfering source, maintaining the desired
source as the dominant eigenvector of the correlation matrix.
The standard beamformers estimate the DoA of the interfering
sources, which results in large errors.

We repeat the experiment for different SIR values. Table I
presents the median of the DoA estimation error, along with
the interquartile range (IQR) in parenthesis, for the proposed ap-
proach and the typically used beamformers. We see a significant
improvement in the accuracy of the DoA estimation when the
proposed approach is applied to all the tested beamformers. In
addition, the proposed approach results in smaller IQR values.

In the next experiment, the interfering source is positioned
in a rectangular region of 1m × 2m, separate from the region
of interest. The farthest corner of the interference region from
the array is (0m, 3m, 1.5m). In the adaptation phase, a source
is active at 100 different positions, chosen uniformly at random
within the region of interest. For each such position, an inter-
fering source positioned uniformly at random within the inter-
ference region is also active. The number of reference steering
vectors is 200. During the operational phase, the desired source
is positioned uniformly at random in the region of interest,
and two interfering sources are placed uniformly at random in
the interference region. The SIR is 0dB and the reverberation
time is β = 200ms. The results are evaluated on 300 different
positions. We emphasize that the interference region remains
unknown during the adaptation and operational phases. More-
over, the relative position between the region of interest and the
interference region is also unknown.

Fig. 6(a) is the same as Fig. 2, presenting the room with the
positions of the different sources of this scenario. The positions
of the interfering sources appear in red triangles. Fig. 6(b)
presents the DoA estimation errors obtained by the DS, the
MVDR, and the MUSIC beamformers when using the proposed
approach and the baseline, in blue and red, respectively. For
all the beamformers, there is a clear improvement in the DoA
estimations using the proposed approach.
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TABLE I
THE MEDIAN AND IQR (IN PARENTHESIS) OF THE DOA ESTIMATION ERROR FOR THE ACOUSTIC SETTING

Beamformer DS Our DS MVDR Our MVDR MUSIC Our MUSIC
SIR=−20dB 14.7 (16.0) 2.6 (4.3) 13.9 (17.6) 3.6 (9.0) 14.5 (17.3) 2.6 (4.2)
SIR=−10dB 14.5 (16.4) 1.9 (2.9) 10.3 (17.9) 2.6 (5.1) 6.0 (16.2) 2.0 (2.9)

SIR=0dB 4.5 (12.7) 1.8 (2.6) 4.1 (14.9) 2.1 (3.7) 5.2 (15.1) 1.8 (2.6)

Fig. 6. (a) A 3D view of the room with the interference region. The positions
of the desired source in the adaptation and operational phases are marked by
blue circles and orange asterisks, respectively. The positions of the interfering
sources appear in a red triangle. A purple ‘x’ marks the phased array. (b) The
DoA estimation errors in the presence of two simultaneously active interfering
sources with SIR 0dB.

We emphasize that the proposed approach performs well in
the presence of two interfering sources, although the adaptation
phase consisted of only one active interfering source at a time.
In the adaptation phase, the interference region is learned, and
the proposed approach can be viewed as leading to a null section
towards the interference region. Furthermore, if the interference
region is a priori known, steering vectors from the interference
region can be generated before the deployment instead of col-
lecting signals in the adaptation phase, making the adaptation
phase redundant. As a result, the proposed approach can also be
viewed as a method of implicitly designing beamformers with
null steering towards known interference regions.

B. The RF Setting

We consider a narrowband signal at the frequency of 2.4GHz.
The phased array consists of 9 elements distant 6.25cm apart
along the x-axis, where the reference element is positioned at
the origin. The region of interest is a section of 120◦ between
30◦ and 150◦ and a radius between 100m and 250m. Fig. 7
presents the scenario with the different sources. It is the same
as Fig. 2, only for the RF setting and a top view.

Fig. 7. The RF scenario. The positions of the desired source in the
adaptation and operational phases are marked by blue circles and orange
asterisks, respectively. The interfering source appears in a red triangle. A
purple ‘x’ marks the phased array.

The signal from all the sources is simulated as complex
Gaussian noise. We consider a channel comprising the direct
path as follows. The TF of the channel between the source and
the mth element is given by [36]

hm =
a

rm
e−j2π rm

λ , (38)

where a is a constant and rm is the distance between a source
and the mth element of the array. We set a= 1 without loss
of generality since the results are presented as a function of the
SNR. In all the experiments, we consider 100 different positions
in the adaptation phase and 200 reference steering vectors.

In Fig. 8, we present an example of the spectrum of the DS
beamformer in the presence of an interfering source. Fig. 8(a)
presents the spectrum for the proposed approach with the DS
beamformer and the typically used DS beamformer in blue and
red, respectively, for SIR −20dB. The solid black line shows
the direction of the desired source, and the dashed black line
shows the direction of the interfering source. We see that the
DS spectrum of the proposed approach results in a main lobe
directed at the desired source. In contrast, the typically used DS
spectrum points toward the interfering source. Fig. 8(b) presents
the quadratic terms |dH(θ)Ed(θ)|2, |dH(θ)Σ

− 1
2

A d(θ)|2, and

|dH(θ)Σ
1
2

S d(θ)|2, in blue, red, and orange, respectively. The
dashed black line shows the direction of the interfering source.
We see that the spectrum of E results in null steering in the
direction of the interfering source in addition to attenuation at
the directions outside the region of interest. Additionally, we
see that the spectrum of the matrix Σ

− 1
2

A has a null towards
the interfering source. However, it also leads to high values in
directions outside the region of interest. The spectrum of the
matrix Σ

1
2

S attains high values at the region of interest but also
at the direction of the interfering source.

We continue by examining the performance of the pro-
posed approach for different SNR values (considering the fixed
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Fig. 8. (a) The spectrum of the proposed approach with the DS beamformer
(blue) and the typically used DS beamformer (red) in the presence of an
interfering source with SIR −20dB. The solid black line indicates the direction
of the desired source and the dashed black line indicates the direction
of the interfering source. (b) The quadratic terms of |dH(θ)Ed(θ)|2,

|dH(θ)Σ
− 1

2
A d(θ)|2, and |dH(θ)Σ

1
2
S d(θ)|2 in blue, red, and orange, respec-

tively, in the presence of an interfering source with SIR −20dB. The dashed
black line indicatess the direction of the interfering source.

Fig. 9. (a) The RMSE of the DoA estimations of the proposed approach
with the DS beamformer (blue) and the typically used DS beamformer (red)
in the presence of an interfering source with SIR −20dB. (b) The std of the
proposed approach (blue) and the CRB (black).

mapping matrix E). Fig. 9(a) presents the RMSE of the pro-
posed approach applied to the DS beamformer and the typically
used DS beamformer. The typically used DS results in a high
RMSE value fixed across different SNRs. This stems from its
spectrum, which is pointing in the direction of the interfering
source. In contrast, the proposed approach reduces the effect of
the interfering source, allowing for an accurate DoA estimation
of the desired source. For SNR values higher than 10dB, the
performance of the proposed approach is approximately fixed
around 0.5 [deg]. This is due to a bias in the DoA estimations.
The bias of the proposed approach stems from the strong inter-
fering source located at a fixed position. The proposed approach
greatly reduces the interfering source. However, since it is not
entirely reduced, it introduces a small bias to the performance
of the proposed approach. We emphasize that this is in contrast
to the typically used DS, which estimates the DoA to the inter-
fering source instead of the DoA to the desired source, resulting
in a bias of ∼ 30[deg]. Next, we compare the performance
of the proposed approach to the Cramér-Rao bound (CRB).
The derivation of the CRLB follows the standard derivation as
appears in [60]. The CRB assumes an unbiased estimator, so
we focus on the standard deviation (std) instead of the RMSE.
Note that the bound assumes a single desired source without the
interfering source (we consider a CRB that does not address the
association of the peaks in the spectrum with different sources).
Fig. 9(b) presents the std of the proposed approach in blue and
the CRB in black. We see that the higher the SNR, the closer
the std of the proposed approach is to the CRB.

Fig. 10. The DoA estimation errors in the presence of an interfering
source with SIR −20dB for the proposed approach (blue) and the standard
beamformers (red) in the log scale.

In the next experiment, we examine the performance of the
DoA estimation in the presence of a constantly active interfering
source positioned at the region of interest. The SIR is set to
−20dB, and the SNR is 20dB. We evaluate the performance
using 300 different desired source positions. The positions of
the desired source and the interfering source are generated
uniformly at random in the region of interest. We repeat the
experiment for 20 different interfering source positions. Fig. 10
shows the DoA estimation errors for the DS, MVDR, and MU-
SIC beamformers similarly to Fig. 5. The proposed approach
with MUSIC considers a signal space of a single dimension
even in the presence of interfering sources. For the standard
MUSIC, we assume to know the number of active sources. We
see that the proposed approach improves the accuracy for all the
beamformers. The standard beamformers lead to large errors
since they result in the estimation of the DoA of the interfering
source, which is stronger than the desired source. We repeat
the experiment for different SNR and SIR values; the results
are similar. See more details in the SM.

We conclude with the following setting, demonstrating that
the proposed approach can be applied to a scenario where the
interference region consists of two separate regions. The region
of interest is set between 70◦ and 120◦, and the interference re-
gion is the two separate sections θ ∈ [30◦, 60◦] ∪ [130◦, 160◦].
The radii remain the same. In the adaptation phase, each trans-
mission of a desired source is contaminated by an interfer-
ing source. We evaluate the performance using 500 different
sources. The positions of the different sources are generated
uniformly at random in their respective regions. The SNR is
20dB. Fig. 11 is the same as Fig. 7, presenting the setup of the
current scenario.

Fig. 12 presents the performance of the DoA estimation for
the proposed approach and the typically used beamformers in
blue and red, respectively. It is the same as Fig. 10 only for
the current setting and for SIR −10dB (a) and for SIR −20dB
(b). We see that for all the tested beamformers, the proposed
approach leads to better DoA estimation accuracy. The standard
beamformers estimate the DoA of the interfering sources, which
results in large errors. This experiment is an example of using
the proposed approach for null section to separate sections, even
when the sections are unknown a priori.

Next, we consider the work in [42], which proposed a method
for designing a beam pattern with a null to a known section
(null section). For our version of the algorithm, we follow [42]
with one modification: we utilize the sample covariance matrix
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Fig. 11. The RF setting with a desired source region and two disjoint
interfering source regions. The positions of the desired source in the adaptation
and operational phases are marked by blue circles and orange asterisks,
respectively. The interfering sources appear in red triangles. A purple ‘x’
marks the phased array.

Fig. 12. The DoA estimation errors in the presence of an interfering source
for the proposed approach (blue) and the standard beamformers (red) with (a)
SIR of −10dB and (b) SIR of −20dB.

after applying the map E. Fig. 13 shows the beam pattern of
the null section method (red) and the null section method using
the mapped sample covariance matrix (blue). The solid black
line indicates the direction of the desired source and the dashed
black line indicates the direction of the interfering source. By
applying the map, we see that the interfering source is further
attenuated. This demonstrates that the proposed DA mapping
is general and can be used with various methods that consider
the sample correlation matrix. We note that this example specif-
ically considers our approach for the design of beam patterns
(and not DoA estimation).

C. Induced Beamformer Spectra

This section considers a noise-only (null) scenario where
the sample correlation matrix is I . In this case, the matrix
EEH can be viewed as the proposed DA applied to the sample
correlation matrix I , which is white spatial noise. So, in a sense,
it gives us the “beamforming” used by our DA. Additionally, it

Fig. 13. The beam pattern of the null section method in [42] after applying
the DA mapping to the sample correlation matrix (blue) and the beam pattern
of the null section method in [42] (red). The solid black line indicates the
direction of the desired source and the dashed black line indicates the direction
of the interfering source.

Fig. 14. Spectra for the setting shown in Fig. 11 considering an interfering
source with SIR −20dB. (a) The DS spectrum of EEH . (b) Spectrum of
the proposed approach with the DS beamformer (blue) and the typically used
DS beamformer (red). The solid black line shows the direction of the desired
source and the dashed black line shows the direction of the interfering source.

allows the examination of the steered response obtained by the
adaptation independent of the source.

Another motivation for examining the spectrum of EEH is
that it is the square norm of the vector used for computing the
spectrum of the proposed approach with the DS spectrum, as
detailed below. The DS spectrum using the proposed approach
in the null scenario is given by

PDS(EIEH , θ) = dH(θ)EEHd(θ) = ||EHd(θ)||2. (39)

By denoting u(θ) =EHd(θ) the spectrum of the DS beam-
former with the proposed approach for a sample correlation
matrix Σ̂ is given by

PDS(EΣ̂EH , θ) = uH(θ)Σ̂u(θ). (40)

So, (39) can be viewed as the norm of the vector that interacts
with the correlation matrix to produce the spectrum of the DS
beamformer. The matrix EH can be viewed as transporting
the steering vector from the reference domain (consisting of
steering vectors) to the operational domain. So, u and Σ̂ in (40)
are in the same domain.

In the first experiment, we consider the scenario shown in
Fig. 11 with two separate interference regions and SIR −20dB.
Fig. 14(a) presents the spectrum of the DS beamformer induced
by EEH as the correlation matrix. We see one significant
main lobe directed towards the region of interest. Directions
from the two interference regions are significantly attenuated
(over 20dB). So, the proposed approach implicitly acts as a null
sector towards the interference regions. Fig. 14(b) presents the
spectrum of the DS beamformer for a desired source contam-
inated by an interfering source. The spectrum of the proposed
approach and the typically used DS beamformer appear in blue
and red, respectively. The directions of the desired and interfer-
ing sources appear in solid and dashed black, respectively. We
see that the spectrum of the proposed approach has one main
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Fig. 15. The RF setting with two desired source regions and one interfering
source. The positions of the desired source in the adaptation and operational
phases are marked by blue circles and an orange asterisk, respectively. The
interfering source appears in a red triangle. A purple ‘x’ marks the phased
array.

Fig. 16. Spectra for the scenario shown in Fig. 15 with SIR −20dB. (a) The
DS spectrum of EEH in the presence of an interfering source. The dashed
black line shows the direction of the interfering source. (b) The spectrum of
the proposed approach with the DS beamformer (blue) and the typically used
DS beamformer (red) in the presence of an interfering source. The solid black
line shows the direction of the desired source and the dashed black line shows
the direction of the interfering source.

lobe, pointing at the desired source. Conversely, the spectrum of
the typically used DS beamformer points toward the interfering
source, with low power in the direction of the desired source.

In the second experiment, we consider an RF setting with
a region of interest comprising two sections, θ ∈ [30◦, 60◦] ∪
[130◦, 160◦] and a single interfering source with SIR −20dB.
Fig. 15 shows the scenario. It is the same as Fig. 11 only for the
current setting. Fig. 16(a) presents the DS spectrum of EEH .
We see null in the direction of the interfering source. Further-
more, the spectrum attains high values in the direction of the
region of interest, whereas the values are much lower in other
directions. The proposed approach implicitly performs null
steering in the direction of the interfering source. We emphasize
that the direction of the interfering source is unknown and need
not be estimated at any stage. Fig. 16(b) presents the spectrum
of the proposed approach applied to the DS beamformer and
the typically used DS beamformer, in blue and red, respectively.
The solid black line shows the direction of the desired source,
and the dashed black line shows the direction of the interfering
source. We see that the spectrum of the proposed approach
points toward the desired source. In contrast, the spectrum of
the typically used DS beamformer points toward the interfering
source.

VI. CONCLUSION

This work considers the DoA estimation of a desired source
in the presence of interfering sources and multipath. We lever-
age prior knowledge of the known region of interest and the

location of the phased array to compute a map applied to the
received signal before the DoA estimation. The map is viewed
as domain adaptation, adapting the signal from a noisy domain
to a reference environment, thereby mitigating the interfering
sources and multipath. The proposed approach can be applied
to various DoA estimation methods. We show theoretically and
empirically that the proposed approach improves DoA estima-
tion using three commonly used beamformers for acoustic and
RF signals.
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