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ABSTRACT

In wireless acoustic sensor networks (WASNs), the conventional
steered response power (SRP) approach to source localization re-
quires each node to transmit its microphone signal to a fusion center.
As an alternative, this paper proposes two different fusion strategies
for local, single-node SRP maps computed using only the micro-
phone pairs within a node. In the first fusion strategy, we sum all
single-node SRP maps in a fusion center, requiring less communi-
cation than the conventional SRP approach because the single-node
SRP maps typically have less parameters than the raw microphone
signals. In the second fusion strategy, the single-node SRP maps
are distributively averaged without using a fusion center, requiring
communication amongst connected nodes only. Simulations show
that we achieve a good trade-off between communicational load and
localization performance.

Index Terms— Source localization, wireless acoustic sensor
network, generalized cross correlation, steered response power, dis-
tributed microphone processing, distributed averaging

1. INTRODUCTION
In many applications of acoustic signal processing, source localiza-
tion in noisy and reverberant environments is a crucial task [1, 2].
Over many years, microphone arrays have been used for this chal-
lenging task [3, 4, 5]. Lately, the production of small arrays for
implementation in wireless acoustic sensor networks (WASN) has
increased and source localization using a WASN has become a trend-
ing topic. In [6], the authors used a compact circular array, equipped
with additional vertically placed microphones to estimate the direc-
tion of arrival (DOA). In [7], the authors proposed a method for the
integration of spatial likelihood functions (SLFs) produced by mi-
crophone arrays. Deep learning based methods are also exploited in
source localization using distributed microphones [8, 9].

For devices equipped with multiple microphones such as hear-
ing aids and teleconferencing systems, acoustic signals from a sound
source will arrive at the different microphones at different times.
Hence a conventional approach to source localization problem con-
sists of estimating the time difference of arrivals (TDOAs) between
the microphone signals and then mapping these to a corresponding
source position.
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One particularly popular source localization approach is the
steered response power (SRP) approach [10, 11, 12]. In SRP, loca-
tions are estimated using the generalized cross-correlation (GCC)
often with a phase-transform (PHAT) weighting [1, 13]. A power
map of the acoustic scene is built from the output power of a delay-
and-sum beamformer (DSB) steered towards a set of candidate
locations, as informed by the estimated TDOAs, and the source lo-
cation is estimated to be at the position of maximum power over this
spatial grid [1, 14]. Although SRP is a robust algorithm, it is often
unsuitable for real-time applications due to its high computational
complexity, which is in part due to the fact that cross-correlations
between all microphone pairs have to be computed. In a WASN
context, conventional SRP would require that the processing takes
place in a centralized manner where it is assumed that all micro-
phone signals are available in a fusion center. In the literature, the
SRP algorithm has mostly been employed using a single microphone
array [15, 16, 17]. As opposed to the conventional SRP strategy, in
this paper, we propose two distributed SRP strategies which can be
used in a WASN. A typical WASN consists of several nodes dis-
tributed over the acoustic environment that can communicate with
one another or with a fusion center with a wireless communication
protocol [18].

We propose two approaches to build the SRP maps in a dis-
tributed manner, by fusing local, single-node SRP maps computed
using only the microphone pairs within a node, avoiding the need
to share raw microphone signals in a fusion center. In the first fu-
sion strategy, we sum all single-node SRP maps in a fusion center,
requiring less communication than the conventional SRP approach
because the single-node SRP maps typically have less parameters
than the raw microphone signals. In the second fusion strategy, the
single-node SRP maps are distributively averaged without using a
fusion center, requiring communication amongst connected nodes
only. Simulations show that we achieve a good trade-off between
communicational load and localization performance.

The remainder of the paper is organized as follows. Section 2
describes the conventional SRP algorithm. In Section 3, we intro-
duce the proposed distributed approaches. In Section 4, we present
the results of simulations comparing the proposed approaches to the
conventional SRP method and finally Section 5 concludes the paper.

2. STEERED RESPONSE POWER
SRP is a beamforming-based approach where a microphone array
is steered towards a set of candidate source locations searching for
the true source location. The location with maximum power of the
output of the DSB is used as the estimate of the source position[19].

Let M ∈ N be the number of microphones and let ym(t) with
m = 1, . . . ,M denote the mth microphone signal in the time do-
main. The number of microphone pair combinations is given by
P = M(M − 1)/2.
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In the frequency domain, with ω the radial frequency, the GCC
matrix Ψ(ω) ∈ CM×M is defined as

[Ψ(ω)]m,m′ = ψm,m′(ω) =
Ym(ω)Y ∗m′(ω)

|Ym(ω)Y ∗m′(ω)| (1)

where Ym(ω) and Ym′(ω) are the Short Time Fourier Trans-
form (STFT) of a pair of microphone signals and * is the com-
plex conjugation operator. Here, a PHAT weighting function
1/|Ym(ω)Y ∗m′(ω)| is used, so that only the phase information
remains in order to improve spatial resolution [1, 20].

Then, we can define the frequency-dependent SRP map as [15]

SRP(ω, i) = hH(ω, i)Ψ(ω)h(ω, i)− tr[Ψ(ω)]

= 2
∑

(m,m′):m>m′

<[ψm,m′(ω)ejω∆tm,m′ (i)] (2)

Here, ()H , <(), tr[ ], ψm,m′(ω) denote the Hermitian, the real part,
the trace and the frequency-domain GCC respectively and h(ω, i) is
the DSB steering vector towards the candidate location i with i =
1, . . . , J and relative to the first microphone it is defined as [19]

h(ω, i) = [1 ejω∆t2,1(i) . . . ejω∆tM,1(i)] (3)

where ∆tm,m′(i) is the TDOA observed at the microphone pair
m,m′ from a sound source located at qi and is given by

∆tm,m′(i) =
(‖qi − pm‖ − ‖qi − pm′‖)

c
(4)

where qi is the Cartesian coordinate vector of the ith candidate lo-
cation and pm is the Cartesian coordinate vector of the mth micro-
phone position and c is the speed of sound. Commonly, tr[Ψ(ω)] is
subtracted here, as it creates an offset and does not contribute to the
purpose of spatial mapping [1, 15]. The summation in the SRP func-
tional is taken over all combinations of P microphone pairs (m,m′)
with m > m′.

By integrating SRP(ω, i) over frequency, one can obtain the
broadband SRP value

SRP(i) =

∫ ω0

−ω0

SRP(ω, i) dω (5)

After calculating the broadband SRP value for each candidate
location, the location of the source can be estimated by finding the
location index with the highest SRP. So that

î = argmax
i

SRP(i). (6)

This method will be referred to as the conventional SRP method
from now on.

Given the frequency-domain GCC, ψm,m′ at K frequency bins,
the computation of the conventional SRP requires JPK complex
multiplications [15].

3. DISTRIBUTED SRP METHODS
In this work, our primary aim is to employ the SRP approach in the
context of WASNs. In some applications, the nodes of a WASN
can transmit their recorded microphone signals to a dedicated device
which is also known as the fusion center. All signals are processed
in the fusion center which results in a network with a centralized
topology. In some other applications however a distributed approach
is preferred where the nodes can make local processing and share

their data only with their neighbouring nodes, not with the fusion
center. This approach is very useful if no fusion center is available,
if it is too far or if the compounded data of all microphone signals is
too large to process in a single device [18].

We propose two SRP approaches that correspond to these two
different parameter fusion strategies for WASNs.

3.1. All-node SRP

LetN ∈ N be the number of nodes and let n = 1, . . . , N denote the
nth node. In this method, we compute the SRP maps as in (2), but
instead of taking the sum over all microphone pair combinations, we
compute the SRP maps using all possible microphone pairs within
that node. We compute this for every candidate location in the grid,
and we obtain individual power maps for each node, which will be
denoted as a “single-node SRP map” throughout this paper.

Let An be the set that contains all microphone pairs within the
node n. Then

SRPsinglenode(ω, i, n) = 2
∑

(m,m′)∈An

<[ψm,m′(ω)ejω∆tm,m′ (i)]

(7)
By integrating SRP(ω, i) over frequency as in (5), one can ob-

tain the broadband single-node SRP value:

SRPsinglenode(i, n) =

∫ ω0

−ω0

SRPsinglenode(ω, i, n) dω (8)

Next, we define a centralized SRP map computed from all nodes.
For this, we take the sum of single-node SRP maps over all the nodes
and name it “all-node SRP map”,

SRPallnode(i) =

N∑
n=1

SRPsinglenode(i, n). (9)

The location of the source can be estimated by finding the loca-
tion index with the highest SRP. So that

î = argmax
i

SRPallnode(i). (10)

This approach corresponds to a scenario in which the WASN has
a fusion center where the summation of the single-node SRP maps
can be carried out. Also the conventional SRP method can be used in
a WASN with a fusion center, requiring each node to transmit its mi-
crophone signals to the fusion center. The proposed approach is then
an alternative to the conventional SRP method requiring less com-
munication from the nodes to the fusion center as the single-node
SRP maps typically have a lower dimension than the microphone
signals.

Given the frequency-domain GCC, ψm,m′ at K frequency bins,
and Pn microphone pairs in node n, the computation of the all-node
SRP requires JPnK complex multiplications per node.

3.2. Multi-node SRP

The second approach is proposed for a scenario without a fusion
center in which only the neighbouring nodes will communicate and
share the SRP information with each other according to some topol-
ogy. Instead of computing (9) directly, we approximate the all-node
SRP map by means of a linear iteration that computes the aver-
age of the single-node SRP maps in a distributed manner. A fast
distributed linear averaging (FDLA) algorithm has been proposed
in [21], in which firstly an optimal (symmetric) weighting matrix



WFDLA is calculated by solving the following convex optimization
problem [21, 22]:

WFDLA = argmin
W

‖W− 11T /N‖

s.t. W ∈ S(C), 1T W = 1T ,W1 = 1
(11)

where 1 denotes a length-N column vector with all elements equal
to one and S(C) is the class of matrices having the same sparsity
pattern as the sensor connectivity matrix C in which the nodes that
are connected correspond to a value 1 and the nodes that are not con-
nected correspond to a value of 0. The resulting matrix WFDLA will
contain non-zero weights only for those nodes that are connected in
the WASN.

We can now form our new map which will be denoted as a
“multi-node SRP map” by multiplying the vector formed from the
single-node SRP maps with the weight matrix iteratively,


SRP(k+1)

multinode(i, 1)

SRP(k+1)
multinode(i, 2)

...
SRP(k+1)

multinode(i,N)

 = WFDLA .


SRP(k)

multinode(i, 1)

SRP(k)
multinode(i, 2)

...
SRP(k)

multinode(i,N)

 (12)

in which the initialization corresponds to the single-node SRP
values,

SRP(0)
multinode(i, n) = SRPsinglenode(i, n) n = 1, . . . , N (13)

where k is the iteration number; k = 1, . . . , kmax and the iterative al-
gorithm of (12) is run for each candidate location index i separately.

The location of the source can be estimated by finding the loca-
tion index with the highest SRP for each node. So that

î = argmax
i

SRPmultinode(i, n) n = 1, . . . , N (14)

This approach, in which the single-node SRP maps are distribu-
tively averaged and a multi-node SRP map is formed, is a fusion
strategy that does not require a fusion center and relies only on com-
munication of single-node SRP maps amongst neighboring nodes.

Given the frequency-domain GCC, ψm,m′ at K frequency bins,
and Pn microphone pairs in node n, let Cn be the number of con-
nected nodes in that node and Nit be the number of iterations. Then
the computation of the multi-node SRP requires JPnK complex
multiplications and JCnNit real multiplications per node.

4. SIMULATIONS
In this section, we consider a scenario in which the WASN consists
of N = 5 nodes, and each node consists of a microphone pair hence
M = 2N = 10. We compare the localization errors of the all-node
SRP, the multi-node SRP and the conventional SRP method. The
acoustic scenario is modelled using the randomized image method
[23] at a sampling rate of 16 kHz. We simulate a shoe-box room of
5 × 7 x 5 m with 600 ms reverberation time, wherein 5 microphone
pairs, as well as a single source at coordinates (4,4,1) m, are placed.
Female speech is used as the source signal [24]. Additive white
Gaussian noise (AWGN) is added at signal-to-noise ratios (SNRs)
of SNR = [−3, 0, 3, 6, 12, 24, 48, 60] dB. Fig. 1a shows a top view
of our acoustic setup.

Fig. 2a shows the conventional SRP map which is computed
from the GCCs of all microphone pair combinations; that isM(M−
1)/2 GCCs.

As explained in Section 3.1, single-node SRP maps are com-
puted for each microphone pair and Fig. 2b shows an example with

(a) Top view of the position of the
microphone pairs and the source

(b) Connectivity map of the micro-
phone pairs considered in the simu-
lation scenario

Fig. 1: Acoustic Setup

an SNR = 6 dB. The leftmost plot shows the map obtained from the
first microphone pair only and the second from left shows the map
obtained from the second microphone pair only etc. With these maps
only, it is not possible to locate the source. However if we sum the
single-node SRP values obtained from all 5 nodes, a fairly accurate
localization may be possible as seen in Fig. 2c.

In section 3.2, a multi-node SRP approach has been proposed,
for which we must first define the connectivity matrix, C of the mi-
crophone pairs. There are many possible configurations and Fig. 1b
shows one possible configuration that we used in our simulations.
In this configuration, the first and second pair are connected and the
fifth pair is connected to both the fourth and the third pair.

Fig. 2d shows the resulting multi-node SRP maps for each node
obtained after 50 iterations of (12). We observe that the nodes that
are connected converge to the same SRP value. This way, we can
achieve source localization based only on communication of single-
node SRP maps amongst neighboring nodes.

Figure 3 shows the localization errors and their averages for 50
realizations of AWGN added to the female speech with SNR =
[−3, 0, 3, 6, 12, 24, 48, 60] dB. The root-mean-square-error (RMSE)
is used as a performance metric. The conventional SRP approach
gives the best localization performance. Compared with the con-
ventional SRP approach the proposed approaches show acceptable
errors and we achieve a good trade-off between communicational
load and localization performance.

5. CONCLUSION
In this work, instead of using a microphone array in a centralized
fashion, we have proposed two methods for source localization by
using distributed microphones in a WASN. Both methods are based
on the SRP algorithm. The first method applies to a WASN which
has a fusion center and the second method can be used in a WASN
that does not require a fusion center and relies only on the commu-
nication of single-node SRP maps amongst neighboring nodes. Sim-
ulations comparing the proposed methods and the conventional SRP
show low errors in the localization and we achieve a good trade-off
between communicational load and localization performance. A fu-
ture work would involve investigating the communicational load in
more detail.



(a) (b)

(c) (d)

Fig. 2: SRP maps (an example with SNR = 6 dB) using (a) Conventional SRP, (b) Single-node SRPs, (c) All-node SRP, (d) Multi-node SRPs
of each node n = 1, . . . , N from left to right. Red star: source position. Green cross: estimated source position. Legends for the microphone
pairs are the same as Fig. 1a

(a) Conventional SRP error (b) All-node SRP error

(c) Multi-node SRP error (nodes 1, 2) (d) Multi-node SRP error (nodes 3, 4, 5)

Fig. 3: SRP error for 50 AWGN realizations (dots) and RMSE (solid line)
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