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ABSTRACT

We propose an advance Steered Response Power (SRP)
method for localizing multiple sources. While conventional
SRP performs well in adverse conditions, it remains to strug-
gle in scenarios with closely neighboring sources, resulting
in ambiguous SRP maps. We address this issue by apply-
ing sparsity optimization in SRP to obtain high-resolution
maps. Our approach represents SRP maps as multidimen-
sional matrices to preserve time-frequency information and
further improve performance in unfavorable conditions. We
use multi-dictionary Sparse Bayesian Learning to localize
sources without needing prior knowledge of their quantity.
We validate our method through practical experiments with
a 16-channel planar microphone array and compare against
three other SRP and sparsity-based methods. Our multidi-
mensional SRP approach outperforms conventional SRP and
the current state-of-the-art sparse SRP methods for localizing
closely spaced sources in a reverberant room.

Index Terms— Source Localization, Steered Response
Power, Sparse Representation, Sparse Bayesian Learning

1. INTRODUCTION

Acoustic source localization in reverberant environments is
an active problem in microphone signal processing. Several
methods have been developed for source localization, such as
subspace-based approaches like MUltiple SIgnal Classifica-
tion (MUSIC) [1, 2] and ESPRIT [3], time differences of ar-
rival (TDOA) approaches like Generalized Cross-Correlation
Phase Transform (GCC-PHAT) [4, 5] and steered response
power (SRP) [4, 6], sparsity-based approaches like Orthog-
onal Matching Pursuit (OMP) [7], Sparse Bayesian Learning
(SBL) [8, 9], as well as learning-based approaches [10, 11].

The SRP method estimates sound source positions by the
summation of cross-correlation of all possible microphone
pairs. Recently, several approaches have focused on hierar-
chical search [12,13] and real-time SRP [14] to reduce errors
and complexity. However, SRP still struggles with localiza-
tion in scenarios where multiple sources closely spaced in re-
verberant environments due to an ambiguous SRP map. Some
research has overcome this challenge by iterative grid decom-
position [15] or sparse fitting [16, 17]. However, the former

approach still requires careful selection for the grid resolu-
tion, especially in scenarios with numerous sources. Whereas,
the latter performs well in low reverberation scenarios but de-
grades dramatically as reverberation increases.

In this paper, we propose a method to improve localiza-
tion performance by following the sparse fitting approach. To
reduce high localization errors caused by reverberant environ-
ments, we represent the obtained SRP maps as multidimen-
sional matrices to preserve more time-frequency information.
We apply multi-dictionary SBL (M-SBL) [18] as the spar-
sity optimization method, allowing the proposed method to
operate without prior knowledge of the number of sources,
thereby adapting to adverse real-world conditions. We utilize
two sets of candidate grids with different resolutions for SRP
mapping and sparsity fitting to further improve efficiency. We
validate the proposed method through practical experiments
with a planar microphone array, demonstrating improvements
in localizing multiple closely spaced sources in a reverber-
ant room compared against other conventional and state-of-
the-art methods. Results show our method enhances robust-
ness, allowing for stable performance even when localizing
on short duration recordings.

2. PROBLEM FORMULATION

Consider J sound sources, j= {1, · · ·, J}, located at posi-
tions yj that each emit signals sj . Additionally, consider a
microphone array with M elements each positioned at xm

for m= {1, · · ·,M}. Received signals can be expressed as

pm(t) = sj(t) ∗ gm(t,yj) + vm(t), (1)

where pm(t) denotes the mth-microphone’s signal at time t,
gm(t,yj) denotes the impulse response from the jth source to
the mth microphone, and vm denotes a noise term.

The TDOA between the pair of microphones (m,m′) due
to the jth sound source is given by [4]:

τm,m′(yj) =
1

c

{
∥yj−xm∥ − ∥yj−xm′∥ for NF,
(xm−xm′) · y⃗j for FF,

(2)

where c is the speed of sound, NF and FF denote near-field
and far-field sound propagation, respectively.
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The goal of TDOA-based sound source localization is to
find the source locations of yj from estimated TDOAs (2) of
a microphone array.

3. SOURCE LOCALIZATION BY SRP

Two common TDOA-based localization methods are GCC-
PHAT [4, 5] and SRP-PHAT [6]. While GCC-PHAT maxi-
mizes the GCC function of a microphone pair (m,m′) to es-
timate TDOAs, SRP-PHAT maximizes the GCC functions of
all L=

(
M
2

)
microphone pairs denoted by ℓ = {1, · · ·, L}.

The GCC function at a time-frequency frame is defined as

Rm,m′(τ, k, t) = Ψm,m′(k,t)Pm(k,t)P ∗
m′(k,t)ej2πkτ , (3)

where k = {1, · · ·,K} and t = {1, · · ·, T} index the wave
number and the time frame in time-frequency domain, re-
spectively, K and T denote the totals, Pm(k, t) is the short-
time Fourier transform of pm(t), (·)∗ is the complex conju-
gate, Ψm,m′(k, t) = 1/|Pm(k, t)P ∗

m′(k, t)| is the frequency-
dependent weighting function for GCC-PHAT.

Assuming all sound sources belong to a set of N candi-
date positions yn ∈ {y1, · · ·,yN}, where N >J , the SRP
function is given as

zk,t(yn) = ℜ
(∑L

ℓ=1Rℓ(τ, k, t)
)
, (4)

where ℓ ≡ (m,m′).
The SRP map is composed of the SRP functions (4) of

all N candidate positions. When the obtained SRP reaches a
local maximum, the candidate position will be an estimated
source location. In practice, the source positions ŷj are esti-
mated by averaging SRP over time and frequency as follows:

ŷj = argmax
n∈N

z(yn) = argmax
n∈N

∑K
k=1

∑T
t=1zk,t(yn), (5)

where z(yn) denotes the averaged SRP function of the nth

candidate position.
The SRP method for localization is robust in adverse envi-

ronments after time-frequency averaging. However, multiple
sources located close to each other can still lead to an ambigu-
ous SRP map and poor source localization. In the next section
we address this issue of closely spaced sources by employing
a sparsity-based SRP method with M-SBL [18].

4. PROPOSED METHOD

We propose optimizing SRP mapping through the use of M-
SBL. We aim for a sparse solution to enforce concentrated
peaks in a high resolution SRP map, which allows for distinc-
tion between multiple sources placed close to each other.

We define another set of Q candidate positions yq ∈
{y1, · · ·,yQ}, the microphone signal model from yq to xm

can be expressed as a linear regression model by STFT as
follows:

Pm(k, t) = Gq,m(k)Sq(k, t) +Nm(k, t) (6)

where Pm(k, t) denotes the mth microphone signal at the kth

wave number and the tth time frame, Gq,m denotes the dic-
tionary matrix, Sq(k, t) denotes the source weight at yq , and
Nm(k, t) denotes the noise term.

We assume the reverberation of the environment is un-
known, hence the dictionary function Gq,m(k) is modeled as
Green’s functions in case of NF or FF scenarios, respectively,
as follows:

Gq,m(k) =

{
ejk∥xm−yq∥/(4π∥xm − yq∥) for NF,
e−jky⃗q·xm for FF.

(7)

By combining between equation (3) and equation (6), we
can obtain the corresponding GCC from this candidate posi-
tion yn as follows:

Rm,m′(τ ,k,t) ≈
Sq(k,t)Gq,m(k)(Sq(k,t)Gq,m′(k))∗

|Sq(k,t)Gq,m(k)(Sq(k,t)Gq,m′(k))∗|
ej2πkτ ,

(8)

where the TDOA τ corresponds one-to-one with the first set
of N candidate positions. It is worth noting to clarify the two
sets of candidate grids in the proposed method: N is for SRP
mapping while Q is for the subsequent sparsity fitting. Fol-
lowing equation (7), the TDOA between the microphone pair
(m,m′) for the candidate position yn, denoted as τm,m′(yn),
can be expressed as follows:

τm,m′(yn) =
1

j2πk
ln
(
Gn,m′(k)G∗

n,m(k)
)
. (9)

By combining equation (4), (8), and (9), the SRP can be
reformulated as:

zk,t(yn,yq) ≈ ℜ

(
L∑

ℓ=1

H∗
n,ℓ(k)

Hq,ℓ(k)

|Hq,ℓ(k)|

)
, (10)

where Hn,ℓ(k) = Gn,m(k)G∗
n,m′(k) is the relative transfer

function of the microphone pair ℓ [19].
We define vectors aℓ(k)∈CN×1 and bℓ(k)∈C1×Q to

represent the right part of equation (10) for brevity, where

aℓ(k)=
[
H∗

1,ℓ(k), · · ·, H∗
N,ℓ(k)

]⊤
,

bℓ(k)=
[

H1,ℓ(k)
|H1,ℓ(k)| , · · ·,

HQ,ℓ(k)
|HQ,ℓ(k)|

]
.

(11)

Then, we can regard the SRP map of all candidate posi-
tions as the summation of equation (10) as follows:

zk,t = ℜ (AkBkSk,t) +N k,t, (12)



where zk,t = [zk,t(y1), · · ·, zk,t(yN )]⊤∈RN×1 is the SRP
map, matrices Ak = [a1(k), · · ·,aL(k)]∈CN×L and Bk =
[b1(k), · · ·,bL(k)]

⊤∈CL×Q are formed by vectors aℓ and
bℓ, respectively, Sk,t = [S1(k,t), · · ·, SQ(k,t)]

⊤∈CQ×1 de-
notes the source weight matrix of Q candidate positions, and
N k,t∈RN×1 denotes the noise term.

Since sources are spare in numbers, we here assume Sk,t

should have mostly zero entries. Under this assumption, we
define equation (12) as an underdetermined system where
Q≥N . This indicates that we represent SRP maps using a
higher-resolution source weight map. Hence, (12) is a sparse
representation of the SRP map for a single time frame and a
single wave number. Such a sparse solution of Sk,t can be
obtained by solving the following optimization problem:

min
Sk,t

1

2
∥zk,t −ℜ(AkBkSk,t)∥22 + λ ∥ℜ(Sk,t)∥pp , (13)

where ∥·∥p denotes the ℓp-norm as 0< p≤ 1.
To further enhance the robustness, we consider incorpo-

rating time-frequency diversity from SRP inputs. We here
represent the SRP function as a multidimensional matrix
Z∈RN×T×K instead of the vector form z∈RN×1 in equa-
tion (5). We then express a group-sparse representation of the
multidimensional matrix Z as

Z = ℜ(ABS) +N , (14)

where Z ∈ RN×T×K , A ∈ CN×L×K , B ∈ CL×Q×K ,
S ∈ CQ×T×K , and N ∈ RN×T×K . Equation (14) repre-
sents multidimensional matrix multiplication.

We solve the group-sparse representation (14) by intro-
ducing a multidimensional mixed-norm penalty term [20] as

min
S

1

2
∥Z−ℜ(ABS)∥22 + λJp1,p2,p3

(ℜ(S)), (15)

where p1, p2, p3 denote the norms of spatial, time, and fre-
quency domain, respectively, following a descending order
where 0< p1 ≤ p2 ≤ p3 ≤ 2, and Jp1,p2,p3

(ℜ(S)) denotes the
penalty function of ℜ(S).

Here we assume source signals are non-sparse in time-
frequency domain, hence we set p1 = p, p2 =2, p3 =2, which
means the penalty term of (15) is a ℓp,2,2-norm function.

We next apply M-SBL to optimize (15) since it is suitable
for solving the underdetermined problem without the prior
knowledge of the source quantities J . The M-SBL method
is based on two assumptions. First, the noise term N is as-
sumed to be the zero-mean Gaussian noise term with density
N (N ;0, σ2I). Second, the source weight S is assumed to be
the zero-mean complex Gaussian with density CN (S;0,Γ),
where Γ = diag(γ) is the diagonal matrix of hyperparameters
γ = [γ1, · · ·, γQ].

In the M-SBL framework, the hyperparameters γ are as-
sumed to be unknown and learned iteratively through maxi-
mizing the evidence to reach a sparse result. Here, the ev-
idence model is also the zero-mean Gaussian with density

N (Z;0,Σk), where Σk = σ2
kI + GkΓG

H
k . Maximizing

γ̂ is facilitated iteratively using derivatives of the evidence.
Further procedural details of M-SBL can be found in [18].
Finally, the update equation is obtained as

γnew
q =

γold
n

T

∑K
k=1

∥∥ZH
k Σ−1

k Dk,q

∥∥2
2∑K

k=1D
H
k,qΣ

−1
k Dk,q

, (16)

where Dk,q denotes the qth column of the dictionary matrix
Dk =ℜ(AkBk). The candidate positions corresponding to
the largest peaks of γ̂ will be the estimated source locations.
It is worth noting that M-SBL terminates iterations when the
error falls below the convergence threshold, thus removing
the need to determine the number of sources.

Compared to the current state-of-the-art sparsity-based
modeling method for SRP maps [17], the proposed method
represents obtained SRP maps as a multidimentional matrix
Z instead of a time-frequency-averaged vector z to improve
localization by retaining time-frequency information. Addi-
tionally, we set two candidate grids for SRP mapping and
sparse fitting with different resolutions for efficiency. We will
compare these two methods and other localization methods
through experiments in the next section.

5. EXPERIMENTAL VALIDATION

We conducted recordings in a large meeting room with a
hard floor and ceiling at 3.3 m height, with a T60 ≈ 0.7 s
(T20 =113 ms measured). We used a M =16-channel MEMS
microphone planar array (MiniDSP UMA-16 v2) and J =3
target loudspeakers (Genelec 8030C) positioned in the room
as detailed in Fig. 1. The loudspeaker’s played speech sig-
nals from the MS-SNSD dataset [21]. The recording and
localization used 48 kHz sampling frequency and 1024 STFT
frame length with 50% overlap. We note that the ground truth
positions and DOAs of the speakers in Fig. 1 were obtained
by hand and are thus prone to human error.

We evaluate the DOA estimation performance of the pro-
posed method through this experiment. We therefore use FF
propagation for equations (2) and (7). The candidate DOAs
are defined over a hemisphere since the planar array struggles
in distinguishing front-back symmetry. We select N =247
candidate DOAs for the SRP map, with a 15◦ resolution over
elevation range θ∈ [−90◦, 90◦] and a 10◦ resolution over
azimuth range ϕ∈ [0◦, 180◦], Q=8281 candidate DOAs for
the M-SBL, with a 2◦ resolution for elevation θ and a 2◦-
resolution for azimuth ϕ. The grids are with respect to the
center of the microphone array. We set the convergence er-
ror of M-SBL as 10−3. We denote the proposed method as
SRP-SBL in the results for brevity.

We compare SRP-SBL to three methods: conventional
SRP-PHAT, M-SBL, and SRP-sparsity (SRP-S) [17] which is
the current state-of-the-art sparsity-based modeling method
for SRP maps. The candidate DOAs for these methods are
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Fig. 1. Illustration of experiment setup. Loudspeaker distance
and azimuth positions are drawn in (a). Loudspeaker and mi-
crophone heights are pictured in (b).

(a) (b)

Fig. 2. Normalized output maps of (a) SRP-PHAT and (b)
SRP-SBL. Note that the color scale of (b) is logarithmic to
better illustrate the localized peaks. The true DOAs are de-
noted by (◦).

the same as SRP-SBL with Q=8281. It is important to dis-
tinguish that SBL utilizes microphone measurements P for
sparsity optimization, as opposed to SRP-SBL which uses the
SRP maps Z. Furthermore, the sparsity optimization method
for SRP-S in [17] utilized the ADMM solver. However, due
to the sensitivity of ADMM to adverse environments and the
heuristic setting of the regularization parameter, we instead
nominated to use Simultaneous OMP [22] as an alternative
optimization method in our evaluation.

In Fig. 2 we demonstrate the output maps of conventional
SRP-PHAT and our proposed SRP-SBL. In Fig. 2(a) we ob-
serve that the generated SRP-PHAT map exhibits an ambigu-
ous peak at (θ,ϕ) = (0◦,75◦), making it challenging to dis-
tinguish all three sources. In contrast, the SRP-SBL map in
Fig. 2(b) clearly distinguishes the individual three sources
and their relative locations. We note that the color-scale of
this SRP-SBL map is logarithmic.

Fig. 3 presents an azimuth slice of the Fig. 2 results along
with the results of M-SBL and SRP-S. We observe that M-
SBL is unable to correctly localize the sources. Whereas,
SRP-S correctly localizes y1 and closely finds y2 but misses
the third source.

We evaluate the impact of recording duration on lo-
calization accuracy in Fig. 4. In some scenarios where
one source peak significantly outweighs others, leading to
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difficulties in estimating local maxima, we here impose a
constraint that each estimated DOA should be spaced 3◦

apart. The localization error is given as the average an-
gles between the estimated DOA (θ̂j ,ϕ̂j) of the J high-
est peaks and the nearest true DOA (θj , ϕj) as LE =
1
J

∑J
j=1 cos

91(sin(θ̂j) sin(θj) cos(ϕ̂j9ϕj)+ cos(θ̂j) cos(θj)).
It can be observed that both SRP-PHAT and M-SBL yield
significant LE for all recording duration. The SRP-S method
performs well for recording duration greater than 1 s but ex-
hibits instability for duration ≤ 1 s. In contrast, the proposed
SRP-SBL method is robust across a range of recording dura-
tion due to the way we maintain time and frequency diversity.

6. CONCLUSION

In this paper, we propose a sparsity-based optimized SRP
method for localizing multiple neighboring sources. The
method utilizes a multidimensional SRP matrix as input and
optimizes it through multidimensional SBL (M-SBL). Prac-
tical experiment results indicate that the proposed method
outperforms conventional SRP, M-SBL, and the current state-
of-the-art SRP sparsity-based method (SRP-S), maintaining
stable localization performance in reverberant environments.
In contrast, multiple closely spaced sources cause both SRP
and M-SBL to consider all sources as a single point. While
SRP-S enhances localization performance, it still loses its
robustness in low-recording-duration scenarios.
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