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ABSTRACT
We propose a novel wideband acoustic direction finding
method for highly reverberant environments using measure-
ments from a single Acoustic Vector Sensor (AVS). Since an
AVS is small in size and can be effectively used within the full
acoustic frequency bands, the proposed solution is suitable
for wideband acoustic source localization. In particular, we
introduce a novel approach to extract the signal portions that
are not distorted with multipath signals and noise. We do not
make any stochastic and sparseness assumptions regarding
the underlying signal source. Hence, our approach can be
applied to a wide range of wideband acoustic signals. We
present experiments with acoustic signals that are specially
exposed to long reverberations, where the Signal-to-Noise
Ratio is as low as 0 dB. In these experiments, the proposed
method reliably estimates the source direction with less than
5 degrees of error even under the introduced significantly
high reverberation conditions.

Index Terms— Acoustic Vector Sensor, Under-determined
Direction Finding, Reverberation, Time-Frequency Analysis.

1. INTRODUCTION

In real communication environments, the transmitted signal
is often received via multiple paths due to reflection, diffrac-
tion, and scattering by objects in the transmission medium [1].
In such cases, each path is considered to generate a virtual
source that is highly correlated with the actual source [2],
which degrades the detectability of the actual source, i.e., it
generates -in a sense- a concealing effect. The signal power
and total number of these virtual sources are directly related
to the reverberation in the medium. For instance, as the rever-
beration increases, the total number of incident signals includ-
ing the real and virtual sources is more likely to exceed the
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number of sensors. Under these adverse conditions, namely,
under high reverberation, we study the acoustic source local-
ization problem and propose a novel and robust direction of
arrival (DOA) estimation method without any stochastic as-
sumptions regarding the signal source.

When the total number of sources (including the virtual
ones) exceeds the number of acoustic sensors, the actual
source localization can be performed by solving an under-
determined DOA estimation problem. Since the acoustic
signals are typically wideband, this problem is addressed
by analyzing the signals in time-frequency domain. Several
methods have been proposed to determine the time-frequency
bins with single active source and estimate the DOAs only
at those bins [3–5]. In this case, the under-determined DOA
estimation problem becomes an over-determined DOA esti-
mation problem at specific time-frequency bins. The most
critical part in this respect is to correctly determine the time-
frequency bins, where only a single source is active. In [5],
subspace based time-frequency selection procedure is pro-
posed with the assumption that signals and noise are statis-
tically independent. In [3], only the most powerful source
is assumed to be active in the time-frequency bins with high
signal power. The methods in [3] and [5] are jointly used for
single source selection in [4]. All of these selection methods
strictly depend on the time-frequency sparseness of source
signal and are mostly applied to speech sources. However,
the assumptions used in these methods are not valid under
high reverberation, where the DOA estimation performances
are known to seriously degrade [6, 7].

On the contrary, we propose a novel 2-D robust wide-
band acoustic source localization method for highly rever-
berant environment, which utilizes a single Acoustic Vector
Sensor (AVS) that is composed of only 4 sensors [8]. In the
proposed method, the time-frequency bin selection for a sin-
gle active source is performed without any assumption about
the signal power distribution and signal statistics. Our ap-
proach performs the DOA estimation and the time-frequency
bin selection jointly in one framework. We first assume that
there is only a single active source in the medium and estimate
DOA at each time-frequency bin with a computationally effi-
cient direct solution. Then, we select the time-frequency bins,
where the estimated DOA is consistent with the received sig-
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nals by exploiting the special structure of the AVS array re-
sponse. The proposed method is more reliable compared to
the previous methods (as also shown by our experiments) that
perform the time-frequency bin selection and DOA estimation
separately.

2. PROBLEM STATEMENT

We assume that a wideband acoustic source is impinging on a
four element Acoustic Vector Sensor (AVS) [9] in a highly re-
verberant environment. The level of the reverberation is mea-
sured with the reverberation time RT60, which describes the
time it takes for the sound to decay by 60 dB after the sound
is generated.1 If the source signal is received from L different
paths, then the signal at the output of an AVS can be expressed
as

x(t) =

L∑
i=0

a(θi, φi)γie
−ατis(t− τi) + w(t), (1)

where s(t) and w(t) are the wideband acoustic source signal
and 4x1 vector contains the noise signals at sensor outputs,
respectively. The attenuation coefficient in sound propagation
is denoted by α and γi is the reflection coefficient for the i’th
path. Also, θi and φi are the azimuth and elevation angles of
the i’th path, respectively. The time delay corresponding to
the i’th path relative to the direct path (i = 0) is represented
by τi. Since the direct path is the shortest path between the
source and an AVS, τi > τ0 = 0 is valid for any non-zero i.
The array response vector a(θ, φ) is defined as [9]

a(θ, φ) =
[

1 cos(θ) cos(φ) sin(θ) cos(φ) sin(φ)
]T
.

(2)
Our goal is to estimate the 2D DOA angles of an acoustic

source signal for a given microphone outputs in highly rever-
berant environment, i.e., large number of multipaths, small
attenuation coefficient and large reflection coefficient without
knowing environmental and signal characteristics.

3. DIRECTION FINDING IN REVERBERANT
ENVIRONMENT

The proposed algorithm -to detect the direction of a wide-
band acoustic source- consists of four main steps. In the first
step, the array output in time domain is transformed into time-
frequency domain via an overlapped short-time Fourier trans-
form (STFT). In the second step, we first estimate the DOA
angles at each time-frequency bin by assuming that there is
only one active source. Then, we check whether the estimated
DOA is consistent with the received signal components and
select the time-frequency bins satisfying the consistency con-
dition. In the third step, the DOA estimates at the selected

1We consider that in this paper, the reverberation is “high” when the re-
verberation time is more than a second.

time-frequency bins are grouped into clusters, where the esti-
mated DOAs are close to each other. Each cluster is associ-
ated with one of the paths and we select a cluster correspond-
ing to the direct path based on the fact that the direct path is
the shortest path. In the final step, we estimate the source di-
rection as the weighted average of the DOA estimates at the
selected cluster.

The details of each step are explained in the following
sections.

3.1. Transform Into Time-Frequency Domain

The initial step of the proposed algorithm is to transform the
signal in time domain into time-frequency domain with over-
lapped STFT by

X(m,ωk) =

L∑
i=0

a(θi, φi)γie
−αiτiS(m− κi, ωk)ej

2πk
K ξi

+W(m,ωk), (3)

where m = 0, . . . ,M − 1 is the time block index, ωk =
2πk/K, k = 0, . . . ,K − 1 is the frequency bin index,
S(m,ωk) and W(m,ωk) are the STFT of s(n) and w(n),
respectively. The time shift for the i’th path is expressed as
τi = κiFT + ξiT , where κi ∈ Z+ and ξi ∈ Z are the time
bin shift and the sample shift inside the time bin, respectively.
The sampling period and the offset between successive time
blocks in samples are denoted by T and F , respectively. We
assume that without loss of generality, τ0 = κ0 = ξ0 = 0
since time shifts are defined with respect to the direct path.

The signal in time-frequency domain (3) can be rewritten
in terms of direct path, i.e., i = 0, and the multipaths as

X(m,ωk) = D(m,ωk) + M(m,ωk), (4)

where D(m,ωk) is the direct path signal at time-frequency
bin (m,ωk) and M(m,ωk) is the interference signal that con-
tains both the noise signal and the multipath components of
the source signal. Namely,

D(m,ωk) = a(θ0, φ0)S(m,ωk), (5)

M(m,ωk) =

L∑
i=1

a(θi, φi)γie
j 2πk
K ξie−αiτiS(m− κi, ωk)

+W(m,ωk). (6)

It is important to note that in the first m < min(κi) time
blocks, the interference signal contains only the noise signal
since S(m,ωk) = 0,∀m < 0. Hence, there is no multipath
component during these time blocks. To guarantee that there
is at least one time block in that condition, the window size
of STFT should be selected by considering all possible time
delays as

N <

(
min

1≤i≤L
τi

)
1

T
. (7)
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3.2. Single Active Source Detection

To eliminate the multipath distortion, we estimate the source
DOA at the time-frequency bins, where only the direct path
signal is active, i.e., X(m,ωk) = D(m,ωk). Since the source
signal and the environmental characteristics are unknown, this
case can not be evaluated directly. On the other hand, the
array output normalized with its first entry is equal to the AVS
array response when only the direct path signal is active, cf.
(2) and (5). Therefore, we first estimate DOA at each time-
frequency bin assuming that there is only one active source
with

θ̂(m,ωk) = tan−1
(
X3(m,ωk)

X2(m,ωk)

)
, (8)

φ̂(m,ωk) = tan−1

(
X4(m,ωk)√

X2
2 (m,ωk) +X2

3 (m,ωk)

)
. (9)

Then, we check the consistency of DOA estimates with the
array outputs and identify the time-frequency bins with single
active source as

P (m,ωk) =

{
1, Q(m,ωk) ≤ ε, |X1(m,ωk)|2 > ψ
0, otherwise

,

(10)
where ε and ψ are user specified thresholds for error and
signal power levels, respectively. The consistency error
Q(m,ωk) is defined as

Q(m,ωk) =
∥∥∥X̄(m,ωk)− a(θ̂(m,ωk), φ̂(m,ωk))

∥∥∥2 ,
(11)

where X̄(m,ωk) = 1
X1(m,ωk)

X(m,ωk) is the array output
signal in time-frequency bin (m,ωk) normalized with omni-
directional sensor signal X1(m,ωk). Note that, P (m,ωk) =
1 corresponds to the case, where there is only one active
source at the corresponding time-frequency bin. Since the
consistency error measures the similarity between array out-
put and AVS array response structure, it may also take a small
value for noise only signal. Therefore, we also check the sig-
nal power constraint at each time-frequency bin to conclude
that there is only one active source.

3.3. Clustering

After determining the time-frequency bins with single active
source, we group them into clusters by considering the close-
ness (in the euclidean sense) of direction estimates at those
bins as

Ci =
{

(m,ωk)
∣∣∣√E(m,ωk) < Γ, P (m,ωk) = 1

}
, (12)

where Γ is a threshold and E(m,ωk) is the deviation of the
estimated directions in each cluster which is defined as

E(m,ωk) =
∣∣∣θ̂(m,ωk)− θ̂(mi, ωki)

∣∣∣2 +∣∣∣φ̂(m,ωk)− φ̂(mi, ωki)
∣∣∣2 (13)

with (mi, ωki) ∈ Ci. Each cluster corresponds to a path with
different direction in multipath propagation. In order to lo-
calize the acoustic source correctly, the cluster corresponding
to the direct path is required to be identified. Since the direct
path is the smallest path among all the other paths, in the first
m ≤ min(κi) time bins, only the source signal is active. On
the other hand, in the later time bins, there may be more than
one signal from different paths at different frequency bins.
Therefore, we define the cluster corresponding to the direct
path as a cluster with minimum time bin such that there are
no other clusters on that time bin.

This definition of direct path clustering is prone to noise
in the signal and its direct application may generate spurious
clusters. However, since the noise -in general- is arbitrary and
unstructured, those spurious clusters are often small in size
and spread on time-frequency bins. Therefore, we can elim-
inate such issues by updating single active source mapping
P (m,ωk) with regards to these spurious cluster characteris-
tics in two stages. We first discard the time-frequency bins,
which are the members of a cluster with smaller number of
direction estimates by

P (m,ωk) =

{
0

∣∣∣∣(m,ωk) ∈ Ci, NCi < ρ max
1<i<V

(NCi)

}
,

(14)
where V is the total number of determined clusters andNCi is
the number of direction estimates in cluster Ci and 0 ≤ ρ ≤ 1
is the scale factor for cluster elimination. Then, we discard all
frequency bins in the time bin, where there are more than one
cluster, i.e.,

P (m, :) = {0 |(m,ωk) ∈ Ci, (m,ωl) ∈ Cj ,∃i 6= j, k 6= l} ,
(15)

where P (m, :) ∈ {P (m,ω0), P (m,ω1), . . . , P (m,ωK−1)}
is a single source map corresponding to all frequency bins in
m’th time bin.

3.4. Direct Path Direction Estimation

Once the possible direct path clusters are robustly identified,
the clustering is performed for the remaining time-frequency
bins with single source as in (12) and a cluster with smallest
time bin is selected. Then, the source direction is estimated as
a weighted sum of the direction estimations in time-frequency
bins corresponding to the selected cluster by

θ̂d =
∑

(m,ωk)∈Cd

β(m,ωk)∑
(m,ωk)∈Cd

β(m,ωk)
θ̂(m,ωk), (16)

φ̂d =
∑

(m,ωk)∈Cd

β(m,ωk)∑
(m,ωk)∈Cd

β(m,ωk)
φ̂(m,ωk), (17)

where Cd is the selected cluster for direct path and β(m,ωk)
is the weighting coefficient for time-frequency bin (m,ωk)
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and defined as

β(m,ωk) =
|X1(m,ωk)|2

Q(m,ωk)
. (18)

The weighting coefficients are selected as in (18), since the di-
rection estimation in the time-frequency bin with higher sig-
nal power and lower consistency error Q(m,ωk) is more reli-
able.

4. PERFORMANCE RESULTS

The performance of the proposed algorithm is evaluated for
the direction estimation errors and failure conditions in var-
ious scenarios. In our simulations, the array output is gen-
erated from the recorded gunshot sound signal with 360 ms
duration and 22.050 Hz sampling rate as in (1). The reverber-
ant environment is modeled by considering that the signals
are received from L = 100 multipaths with 30 ≤ τi ≤ 300
ms time delays. The attenuation coefficient of a sound sig-
nal is determined as α = − ln(10−3)/RT60 and a perfect
reflection is assumed, i.e., γi = 1 for all paths. For trans-
forming signal in time domain into time-frequency domain,
K = 512 frequency bands and N = 128 Hanning window
with 75% overlap ratio is used. The functional parameters for
the proposed method are selected as ψ = 20 dB, ρ = 0.6,
ε = 0.05 and Γ = 5o. The performance results are averaged
over 500 trials. At each trial, arbitrarily selected source direc-
tion, multipath directions, time delays between signal paths
and additive white Gaussian noise signal are used for signal
generation. The DOA estimation errors are measured as the
averaged root mean squared error (RMSE) as

RMSE =

√√√√ 1

Ns

Ns∑
i=1

|θie − θic|
2

+ |φie − φic|
2
, (19)

where (θie, φ
i
e) and (θic, φ

i
c) are the estimated and correct

value of the direction estimations in i’th trial, respectively.
Ns is the number of successive trials after removing the fail-
ure conditions. The algorithm is considered to fail when the
DOA estimation error is more than 20 degrees.

The source direction estimation performance of the pro-
posed algorithm for varying SNR values is illustrated in Fig-
ure 1. The performance of the proposed algorithm is com-
pared with the algorithms in [4], labeled as “Tho”, and in [5],
labeled as “Mohan AVS”. For a fair comparison, extra one
microphone is added to the co-planar 3 omni-directional mi-
crophones in [4] on a perpendicular plane for estimating 2D
directions. In “Mohan AVS”, the Acoustic Vector Sensor
structure is used as in the proposed algorithm. Algorithms
are tested in no reverberant (RT60 = 0 s) and highly rever-
berant (RT60 = 5 s) environments. “Tho” is highly sensitive
to the reverberation and its performance seriously degrades
under high reverberation as demonstrated in Figure 1. On

the other hand, both “Mohan AVS” and the proposed algo-
rithm is robust to the reverberation as their performances are
comparable in the no reverberant and highly reverberant en-
vironments. For low SNR values, “Mohan AVS” performs
slightly better than the proposed algorithm. However, its per-
formance saturates after SNR = 20 dB, while the proposed
algorithm achieves better performance as the SNR increases.
Since the direction estimation method in “Mohan AVS” is
based on MUSIC spectra search, the resolution of direction
estimates is finite for a reasonable computational time. In the
simulation, MUSIC spectra is generated with 1 degree reso-
lution in both azimuth and elevation. On the other hand, in
the proposed algorithm, the directions are computed directly
from data as in (16), (17).

Figure 2 illustrates the failure rates of the algorithms. We
observe that the failure rates increase with reverberation for
all of the compared methods. On the other hand, the failure
rates of the proposed algorithm in highly reverberant environ-
ment are as low as the failure rates of the other algorithms in
no reverberant environment after SNR = 5 dB. This shows
that the proposed algorithm is remarkably robust to high re-
verberation.

The averaged computational times of the algorithms are
illustrated in Figure 3. The algorithms are implemented in
MATLAB run on Intel Core i7 3.40 GHz CPU with 32 GB
of RAM. The computational time of the proposed algorithm
is about 1.63 seconds and flat over SNR under high reverber-
ation. On the other hand, in no reverberant environment, its
computational time slightly increases with increasing SNR,
since the total number of time-frequency bins that satisfy
single active source condition increases. While “Tho” has
comparable computational time with the proposed algorithm,
“Mohan AVS” requires much more time which exponentially
increases with increasing SNR in no reverberant environment.
These results show the effectiveness of the direct solution for
DOA estimation as compared with the computationally heavy
MUSIC method as in “Mohan AVS”.

5. CONCLUSION

In this paper, a novel method for wideband acoustic source di-
rection finding in highly reverberant environment with single
acoustic vector sensor (AVS) is presented. This method ex-
ploits the AVS array structure to identify the time-frequency
bins where only one signal is active. The proposed time-
frequency bin selection procedure does not rely on time-
frequency sparseness or any statistical assumptions on sig-
nals and noise. Therefore, it can be applied to any wideband
acoustic signal, not limited to speech signal. DOA angle
at each time-frequency bin is estimated directly from data
without an exhaustive search. The estimated DOAs that are
close to each other are grouped into clusters to identify the
time-frequency bins corresponding to the direct path sig-
nal. Highly reverberant environment is modeled with a large
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Fig. 1. RMSE of DOA estimation errors of the algorithms for
different reverberation times.
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Fig. 2. Failure rate of the algorithms for different reverbera-
tion times.

number of multipaths (L = 100) and large reverberation time
(RT60 = 5 seconds). The DOA estimation performance and
the failure rates are investigated both in no reverberant and
highly reverberant environment. The simulation results show
that the proposed algorithm can accurately estimate the source
direction with a small failure rate even under extremely high
reverberation conditions.
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