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A B S T R A C T

This paper proposes a novel localization scheme for multiple sound sources that imposes the relaxed sparsity
constrains (not all time-frequency coefficients are overlapped) on the source signals. First, a “DOA convergence”
assumption is proposed, which means that if most of the time-frequency (T-F) bins in a T-F zone are derived from
only one source – defined as single source bins (SSBs), the corresponding direction of arrival (DOA) estimates are
relatively concentrated with a heavy density. This assumption is validated through statistical analysis by ap-
plying a quantitative measure of convergence. Accordingly, by applying the “DOA convergence” assumption, the
detection of SSBs is converted to a clustering problem, K-means clustering and density-based spatial clustering of
applications with noise (DBSCAN) algorithms are utilized to complete the task in this paper. The cross distortions
(localization error due to the cocktail party phenomenon) in localization caused by multiple simultaneously
occurring sources is significantly weakened by conducting DOA estimation among these SSBs, i.e., the multiple
source localization is rewritten to a single source one among these SSBs. Moreover, the proposed SSBs detection
is applicable to other localization methods and not limited to specific microphone topology. Experimental results
demonstrate the localization accuracy of the proposed method outperforms the state-of-the- art localization
approaches which are based on single source zone detection. However the proposed method is capable of real-
time processing, the accuracy is insufficient in the current system. If non-real time processing is allowed, our
method can be realized with higher accuracy than the conventional ones.

1. Introduction

Spatial audio gives the listener a sensation that sound comes from a
particular direction in 3D space and helps to create immersive virtual
soundscapes. Recently, virtual/augmented reality (V/AR) has attracted
renewed interest, it aims to improve the reality of sound scene as well.

For non-real time applications, each source objects in the sound
scene can be recorded through an exclusive microphone. The immersive
listening of original sound scene can be reproduced by a convolution
processing between all the mono signals of each source objects and
their head-related transfer functions (HRTF) filters, respectively.
However, it does not work in real-time applications, where there are
only recording mixtures can be provided for processing. Considering
this situation, a more accurate localization approach is needed to obtain
the spatial parameter of sound scene at low-delay procedure.
Specifically, source localization aims to estimate the direction of arrival
(DOA) s of unknown source signals from the recording mixtures. It
plays an essential role in various audio applications, such as: automated
camera steering and teleconferencing systems [1], speaker separation

[2] and robot audition [3]. Moreover, the information obtained by
sound source localization could be widely used for scalable audio
coding and reconstruction of the sound scene.

Broadly, the existing localization methods can be divided into four
main categories. The first one is time difference of arrival (TDOA) es-
timation based methods and its extensions [4–6]. However, most of the
localization methods based on TDOA require excessive microphones to
improve the reliability [7]. The second one is high-resolution spectral
estimation techniques, such as multiple signal classification (MUSIC)
[8–10] and estimation of signal parameters via rotational invariance
(ESPRIT) [11] algorithms, that are based on the spectral analysis of the
correlation matrix of the measured signals. Nevertheless, there are two
issues regarding the MUSIC algorithm, one is the computational cost,
while the other is the requirement of previous knowledge about the
number of actual sources [10]. The third category of localization
methods are based on maximization of the steered response power
(SRP) of a beamformer output, the maximum likelihood (ML) criterion
is applied, which in the case of a single source, culminates in inspecting
the output power of a beamformer steered to different locations and in
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searching the points where it receives its maximum value [12]. The last
one, derive as a solution to the blind source separation (BSS) problem,
Independent Components Analysis (ICA) [13] and Sparse Components
Analysis (SCA) [14,15] are applied to localization for multiple sound
sources, but the w-disjoint orthogonally (W-DO) property they are re-
lying on is less accuracy when there are more sound sources or with
reverberation/noise.

Recently, a “single source” zone (SSZ) detecting based DOA esti-
mation method is proposed which works by conducting DOA estimation
in single-source zones where there is only one source absolutely
dominant than others. It has been proved to have good performance by
using circular microphone, B-format microphone and so on [14,16].
However, the T-F bin belongs to the detected SSZ is not all strictly come
from one source, there are a few overlapped T-F bins which will badly
affect the accuracy of localization especially for the underdetermined
case.

In this paper, a novel localization scheme for multiple sources is
presented by converting the multi-source problem to a single-source
one. Specifically, based on the relaxed sparsity constrains on the source
signals [16], a “DOA convergence” assumption is definitely proposed.
By applying this assumption, the scheme can detect all the SSBs by
using a clustering algorithm and then the multiple source localization
can be achieved by only retaining the DOA estimates among SSBs. In
detail, the main contribution of this work includes the following re-
spects:

1. Based on the statistical results of the existence of SSBs among dif-
ferent number of sources, a conclusion is drawn that there are still
SSBs even when the number of sources exceeds the number of mi-
crophones.

2. A “DOA convergence” assumption is proposed that the DOA esti-
mates among the SSBs in a T-F zone will converge to a central di-
rection which corresponds to a true source with a high probability.
Conversely, the DOA estimates among the non-SSBs would be badly
influenced due to the overlapped T-F coefficients of multiple sources
and uniformly distributed over all directions. Besides, this assump-
tion is definitely validated via a statistical experiment.

3. In this paper, k-means clustering and DBSCAN algorithms are
adopted as two alternative clustering algorithms for comparison.
The implementation principles of these two methods (k-means
clustering and DBSCAN algorithm based SSBs detection) are also
illustrated in this paper. Moreover, a series of aspects including lo-
calization and source counting accuracy, low-delay are considered
in the evaluation. Experimental results demonstrate the localization
accuracy of the proposed method outperforms existing SSZ based
localization approaches.

The remainder of the paper is organized as follows: Section 2 in-
vestigates the proportion of SSBs among multiple sources and the de-
finition and verification of “DOA convergence” assumption. Section 3
presents the proposed method. Experimental results are presented in
Section 4, while conclusions are drawn in Section 5.

2. Basis of the proposed method

2.1. Exploring the proportion of SSBs among multiple sources

From the investigation of [16], it can be concluded that the spar-
sity/W-DO assumption was found to be satisfied more often for multiple
source signals recorded by pairs of directional microphones in a B-
format array compared with analyzing the raw signals. That is, multiple
source signals satisfy the relaxed sparsity that there are always some
SSZs over the recording mixture signals where one source is absolutely
dominant over the others. Similar to the principle of calculus, when the
width of the T-F zone gradually reduces to one, the zone is auto-
matically converted to a T-F bin. If the T-F bins in the mixture signals

only derives from one source, it is defined as SSBs in this paper. The
other T-F bins that derive from more than one sources are defined as
non-SSBs. Aiming to exploring the proportion of SSBs versus different
source numbers, the difference of distribution characteristics on DOA
estimation between SSBs and non-SSBs is adopted to define the mea-
surement in this subsection.

Specifically, suppose there are Q sources simultaneously occurring,
mixture signals are recorded via a microphone array (linear, circular or
others). The corresponding DOA estimates at each T-F bin can be cal-
culated by different localization methods which are based on the choice
of microphone array [14,16]. In order to investigate the proportion of
SSBs among different source number, the difference of distribution
characteristics on DOA estimation between SSBs and non-SSBs is con-
sidered, i.e., the DOA estimates at SSBs will correspond to a true source
and locate in a range [ − +μ μ μ μΔ , Δi i ] with a very high probability,
where μi denotes the DOA of the source i and μΔ is a range threshold to
get a better tolerance; while for non-SSBs, the DOA estimates will
hardly correspond to a true source and located outside the above range
[17]. Therefore, for any one of the mixture signal X n k( , ) (the TF re-
presentation of speech signal x, where n and k are the time and fre-
quency index, respectively), a sparse signal of it denoted by ′X n k( , )i for
source i, can be obtained by extracting the TF components whose DOA
estimates locate in − +μ μ μ μ[ Δ , Δ ]i i , i.e.,

̂′ = ⎧
⎨⎩

∈ − +
X n k

X n k μ n k μ μ μ μ
( , )

( , ), if ( , ) [ Δ , Δ ]
0, otherwisei

i i

(1)

where = … = …i Q k L L1,2, , 1,2, , is the number of Short Time Fourier
Transform (STFT) points, and ̂μ n k( , ) denotes the DOA estimate at TF
instant n k( , ). All the preserved TF points of X n k( , ) by using (1) are
SSBs. So the Frame SSB Proportion (FSP) is defined as the occupied
ratio of the SSBs among the total TF bins, i.e.,
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where the bold-type letter = …X X n X n X[ ( ,1), ( ,2), ,
′ = ′ ′ … ′Xn L X n X n X n L( , )], [ ( ,1), ( ,2), , ( , )]i i i i , and ‖·‖0 counts the number of

non-zero components in its argument. It can be concluded from the
definition of FSP that a higher value will be obtained when there are
more SSBs in the mixture signal.

It should be noted that SSBs detected by this methods is not the best
one, if two sources are active in the same time frequency bin, but the
estimated DOA is within the threshold range, the overlapped bins will
be counted as belonging to only 1 source, when actually it is not a single
source bin. The other way to measure the truth number of non-SSBs
may like the method of SSZ detection [16]. For the original sources,
that might mean just checking for each bin and each source if the
amplitude is above a given threshold indicating a source is active. This
gives a binary mask time-frequency mask for each source (of 1 or 0 for
each bin). Adding the masks together for each source will then tell us if
we have 1, 2, 3, …, M sources active in each bin. The latter one may be
more accurate, but it does not correspond to the use in practical loca-
lization procedure, because we cannot know the source signals priorly.
Thus, though the former measurement may include a few non-SSBs, it
can directly indicate the proportion of SSBs when using the mixture
signals for detection.

By using the quantitative measure defined in (1) and (2), a statis-
tical analysis is taken to investigate the ratio of SSBs. A total of 40
sentences (the sampling frequency is 16 kHz, both male and female
speakers are included) from the NTT speech database were used for
testing. The B-format microphone is used for recording due to its sim-
plicity of DOA estimation ([16,18]) and the testing anechoic environ-
ment is simulated by Roomsim toolbox [19]. The source number ranges
from 1 to 6, the angle between adjacent sources keeps °60 , four values,
i.e., ° ° ° °6 ,8 ,10 ,12 , of μΔ are chosen for statistic.

The results of average FSP are shown in Fig. 1, it can be seen that
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