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Abstract

Sound source localization and separation with permu-
tation resolution are essential for achieving a computa-
tional auditory scene analysis system that can extract
useful information from a mixture of various sounds.
Because existing methods cope separately with these
problems despite their mutual dependence, the overall
result with these approaches can be degraded by any
failure in one of these components. This paper presents
a unified Bayesian framework to solve these problems
simultaneously where localization and separation are
regarded as a clustering problem. Experimental results
confirm that our method outperforms state-of-the-art
methods in terms of the separation quality with various
setups including practical reverberant environments.

1 Introduction
Computational auditory scene analysis (CASA) seeks for the
intelligence capable of the analysis and comprehension of
ambient or recorded auditory events in terms of their speech
content or type of sound source (Rosenthal and Okuno 1998;
Wang and Brown 2006). This technology contributes to a
better understanding of auditory events as well as an agent
capable of oral interaction with human beings (Nakadai et al.
2000). Because most environments contain multiple sounds,
many CASA systems use multiple sensors, namely a micro-
phone array, to extract useful information from the observed
audio mixture (Benesty, Chen, and Huang 2008).

CASA systems may conform to the three-layer architecture
shown in Figure 1, which is similar to the subsumption archi-
tecture (Brooks 1986) in that each layer deals with a specific
goal and higher layers become more abstract; (1) a sensor
arrangement and a microphone array configuration (Hulse-
bos, de Vries, and Bourdillat 2002), (2) the decomposition of
the observed sound mixture into individual sources such as
sound source localization and separation (Asano et al. 2001;
Nakadai et al. 2010), and (3) an analysis of each source, e.g.,
speech recognition or speaker identification (McTear 2004;
Yamada, Sugiyama, and Matsui 2010). This paper focuses
on the 2nd layer because the decomposition quality generally
affects the subsequent applicative processes such as speech
recognition.
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Figure 1: Three-layer architecture for CASA systems

We tackle sound source separation along with permutation
resolution and localization as the decomposition problem.
The goal of sound source separation is to retrieve sound
sources from an observed sound mixture to facilitate the anal-
ysis of each source (Common and Jutten 2010; Lee, Kim,
and Lee 2007; Sawada, Araki, and Makino 2011). Some sep-
aration methods require permutation resolution (Sawada et
al. 2004); when an unsupervised separation is carried out in
the time-frequency domain, separated signals of the same
source should be aggregated from all frequency bins to resyn-
thesize the original signal. Finally, the localization aims to
estimate the arrival direction of each sound source (Asano
and Asoh 2011). This information is useful for robots aware
of ambient auditory events (Wang, Ivanov, and Aarabi 2003;
Sasaki, Kagami, and Mizoguchi 2009), or displaying the ac-
tivity in a meeting involving multiple people (Kubota et al.
2008).

While the problems of sound source localization, sepa-
ration, and permutation resolution are mutually dependent,
most existing methods deal with a specific part of these prob-
lems, and are combined to handle a compound problem. The
metaphor of Liebig’s barrel applies to the disadvantage of the
combinational approach, namely, the overall quality is deter-
mined by the worst component. For example, a failure in the
localization would degrade the separation, or an incorrect per-
mutation resolution would result in a degraded audio signal.
Our contribution consists of the formulation of a probabilistic
generative model to solve these problems simultaneously in
a unified Bayesian manner. The advantage of our method is
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in that it both solves the multiple problems and improves the
separation quality by incorporating a localization estimate.

2 Problem statement and issues
This section presents the problem dealt with in this paper,
three issues, and the need for a unified framework. The de-
composition problem is summarized as follows:� �

Input: Multichannel audio signal,
Outputs: The direction of arrival and separated signal
of each sound source,
Assumptions: The microphone array configuration is
known as steering vectors, the number of sources is
given, and the sound source directions do not change
over time.� �

A steering vector conveys the time difference of sound ar-
rivals at each sensor given a certain direction of the sound
source and a frequency bin. Our implementation uses steering
vectors measured in an anechoic chamber. Thus, our method
works independently of the environment. The number of
sources is important especially in reverberant environments
where automatic estimation is still a challenge. Some allevia-
tion of these assumptions is discussed in Section 5.

The issues are threefold; (1) permutation resolution with
frequency domain processing, (2) underdetermined condi-
tions where the number of sources exceeds the number of
sensors, and (3) distinguishable sound source selection.

Three issues First, most environments contain reverbera-
tion modeled as a convolutive mixture (Pedersen et al. 2007).
Microphone array processing in the frequency domain copes
with this situation. Although this strategy can handle the re-
verberation by converting the convolution into element-wise
multiplications through a Fourier transform, the permutation
problem (Sawada et al. 2004) is induced.

The permutation problem occurs when the separation is
carried out independently of each frequency bin in an unsu-
pervised manner, for example using independent component
analysis (ICA) (Common and Jutten 2010). When we aggre-
gate the spectrogram of a certain source, we must identify
signals of the same sound source from all frequency bins.
Independent vector analysis (IVA) (Lee, Kim, and Lee 2007;
Ono 2011) avoids the permutation problem by maximizing
the independence of constituent sound sources across all
frequency bins at the same time.

Second, some linear mixture models including ICA and
IVA assume that the number of sources N does not exceed
the number of microphonesM . In practice, however,N is not
always guaranteed to be capped at M . The case where N >
M is called an underdetermined condition. While Sawada
et al. (2011) cope with the underdetermined condition by
the frequency-wise clustering of sound sources, their method
requires permutation resolution after the clustering. This two-
step strategy may degrade the overall separation quality.

The third issue is typically related to linear mixture models
such as IVA (Lee, Kim, and Lee 2007; Ono 2011). In many
cases, we have to selectN distinct sound sources from among
the M separated signals because in practice we often set
M > N to avoid underdetermined conditions. A failure in

this selection step would degrade the separation itself as well
as any subsequent analysis such as speech recognition.

The IVA algorithm simply decomposes an observed mix-
ture consisting of M channels into M independent signals.
In many cases, IVA is applied where M > N . Thus, we
have to reduce the dimensionality M to N by employing, for
example, principal component analysis as a preprocessing.

Towards a unified framework As explained in Section 1,
the relationship between sound source localization, separa-
tion, and the permutation resolution obeys the Liebig’s Law.
For example, (Nakadai et al. 2010) achieves both localiza-
tion and separation by solving each problem in order; after
localizing each sound, each sound source is extracted by
emphasizing signals coming from the estimated directions.
This method is advantageous in that the separation avoids the
permutation resolution because each source can be specified
by its direction. Here, incorrect localization would result in
degraded separation quality. The localization with IVA is
another example: The correlation of the separated signals and
steering vectors is investigated for the localization. Here, the
localization process is sensitive to the preceding separation.

Two major solutions have been proposed for the permu-
tation problem (Sawada et al. 2004). One involves synchro-
nizing the change in the power envelope of a source over
frequency bins. The other involves combining the separated
signals estimated to come from the same direction. Both
methods can degrade the outcome due to permutation errors
by incorrect frequency-wise separation or localization.

Our method unifies all the problems into a Bayesian frame-
work. The separation and localization problem is formulated
as a clustering problem in the time-frequency domain. Per-
mutation resolution employs both the above ideas: 1) We
introduce a sound dominance proportion for each time frame
to encourage each sound source to synchronously increase
its power over frequency bins. 2) The direction is used to
identify the separated signals at each frequency bin.

3 Method
Figure 2 outlines our method. First, the mixed signal to be
observed is generated by adding sound sources as shown on
the left in Fig. 2. A real-valued waveform in the time do-
main is converted into complex values in the time-frequency
domain by a short-time Fourier transform (STFT). Then, a
time-frequency mask (TF mask) is estimated for each source
to retrieve it from the mixture.

Figure 2 shows power spectrograms on a linear scale to
emphasize that the power is sparsely distributed in the time-
frequency domain, that is, the power is nearly zero at most
time-frequency points. Therefore, we can assume that only
one sound source is dominant at each time-frequency point
and that we are able to extract sound sources with TF masks.

The estimation of the TF masks is formulated as a clus-
tering problem on the observed multi-channel signal in the
time-frequency domain. Each time-frequency point stems
from a certain source referred to as a class in the clustering
context. Our method estimates the posterior probability to
which class each time-frequency point belongs. Furthermore,
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Figure 2: Illustration of mixture process and separation method based on time-frequency masking

our method handles more classes than the actual number of
sound sources for the clustering to make our algorithm in-
dependent of the number of actual sound sources. We set
parameters s.t. redundant classes shrink during the clustering
and we obtain stable results regardless of the source number.

Our method resembles (Mandel, Ellis, and Jebara 2007)
in that time-frequency points are clustered into each source
to generate TF masks. While Mandel et al. use only the
phase of complex values and 2 microphones, our method
uses the complex values themselves and allows 2 or more
microphones that produce better results.

Sections 3.1–3.3 explain the generative process and Sec-
tion 3.4 presents the inference procedures. Table 1 shows the
notations we use. A set of variables is denoted with a tilde
without subscripts, e.g., x̃ = {xtf |1 ≤ t ≤ T, 1 ≤ f ≤ F}.

Table 1: Notations

Symbol Meaning
t Time frame ranging from 1 to T
f Frequency bin from 1 to F
k Class index from 1 to K
d Direction index from 1 to D
M Number of microphones
N Number of sound sources
xtf Observed M -dimensional complex column vector
ztf Class indicator at t and f
πt Class proportion at time t
wk Direction indicator for class k
ϕ Direction proportion for all classes
λtfk Inverse power of class k at t and f
Hfd Inverse covariance of direction d at frequency f

3.1 Observation model with time-varying
covariance matrices

We employ the covariance model (Duong, Vincent, and Gri-
bonval 2010) for the likelihood function of the signal in the
time-frequency domain; each sample follows a complex nor-
mal distribution with zero mean and time-varying covariance.
Figure 3 shows a scatter plot of the two-channel observations
of two sources in blue and red. These samples are generated
as follows; let stfk and qfd denote the signal of the kth class
at time t and frequency f , and the steering vector from direc-
tion dwhere class k is located. Then, the signal is observed as
xtf =stfkqfd, where the elements of xtf are the observation
of each microphone. The covariance is

E[xtfx
H
tf ] = E[|stfk|2qfdqHfd], (1)

where ·H means a Hermitian transpose.
As shown in Figure 3, the covariance matrix of each source

has an eigenvector with a salient eigenvalue. This vector cor-
responds to the steering vector associated with the direction
in which the source is located. That is, the clustering of each
sample corresponds to the separation of sound sources, and
the investigation of the eigenvectors of the clustered covari-
ances means the localization of sources.

The covariance is factorized into a power term and a steer-
ing matrix. While the power of the signal |stfk|2 is time-
varying in Eq. (1), the steering term qfdq

H
fd is fixed over

time since we assume steady sources. Because we can as-
sume st,f,k and qfd are independent, we introduce an in-
verse power λtfk ≈ |stfk|−2 and an inverse steering matrix
Hfd ≈ (qfdq

H
fd+εIM )−1, where IM is theM×M identity

matrix. The likelihood distribution is
p(x̃|z̃, w̃, λ̃, H̃) =

∏
tfkd

NC(xtf |0, (λtfkHfd)
−1)ztfkwkd ,

(2)

where NC(x|µ,Λ−1) = |Λ|
(2π)M

exp
(
−xHΛx

)
is the prob-

ability density function (pdf) of the complex normal distri-
bution (van den Bos 1995) with a mean µ and precision Λ.
ztf = [ztf1, ..., ztfK ] and wk = [wk1, ..., wkD] indicates
the class of xtf and the direction of class k, respectively. In
this vector representation, one of the elements equals 1 and
the others are 0; if the class is k′ at t and f , ztfk′ = 1 and
ztfk = 0 for any other k. By placing these binary variables
in the exponential part of the likelihood function and calcu-
lating the product over all possible k and d, Eq. (2) provides
the likelihood given the class and its direction. |Λ| is the
determinant of the matrix Λ.

We adopt conjugate priors for parameters λtfk and Hfd:

p(λ̃) =
∏
tfk

G(λtfk|a0, btf ), (3)

p(H̃) =
∏
fd

WC(Hfd|ν0,Gfd), (4)

where G(λ|a, b) ∝ λa−1e−bλ denotes the pdf of a gamma
distribution with a shape a and inverse scale b, and

WC(H|ν,G) =
|H|ν−M exp{−tr(HG−1)}
|G|νπM(M−1)/2

∏M−1
i=0 Γ(ν−i) is the pdf of a

complex Wishart distribution (Conradsen et al. 2003). tr(A)
is the trace of A and Γ(x) is the gamma function.

Hyperparameters are set as: a0 = 1, btf = xHtfxtf/M ,
ν0 = M , Gfd = (qfdq

H
fd+ εIM )−1. The gamma parameter
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btf reflects the power of the observation and the Wishart
parameter Gfd is generated from the given steering vectors
qfd where qfd is normalized s.t. qHfdqfd = 1, and ε = 0.001
to allow the inverse operation.

3.2 Permutation resolution based on LDA
The bottom right image in Figure 4 shows how dominant
each source is at time frames. As the figure shows, the red
source is dominant in some time frames whereas the blue
source is dominant in others. We can expect to resolve the
permutation by preferring one or several classes for each
time frame in a way similar to that used in (Sawada, Araki,
and Makino 2011) to seek the synchronization of the sound
dominance over frequency bins.

Here, we use a topic model called latent Dirichlet allo-
cation (LDA) (Blei, Ng, and Jordan 2003) to introduce the
proportion of classes. LDA infers the topic of documents con-
taining many words from a document set by assigning each
word to a certain topic. We regard the topic as a sound source,
the document as a time frame, and the words as frequency
bins.

Let πt denote the class proportion at time t hereafter. The
class indicator variable ztf in Eq. (2) determines which class
xtf belongs to in accordance with πt as:

p(z̃|π̃) =
∏
tfk

π
ztfk
tk , (5)

where πt follows a conjugate prior Dirichlet distribution:

p(π̃|β) =
∏
t

D(πt|αβ)

=
∏
t

Γ(αβ·)∏
k Γ(αβk)

∏
k

παβk−1
tk ,

(6)

where the subscript · denotes the summation over the speci-
fied index, i.e., β· =

∑
k βk.

The global class proportion β = [β1, ..., βK ] is made
asymmetric to encourage the shrinkage of redundant
classes (Wallach, Mimno, and McCallum 2009). The con-
struction is similar to the stick-breaking process (Sethuraman
1994). In contrast to the sampling procedure in the ordinary
stick-breaking process, we use the expectation of stick seg-
ments to avoid the numerical problem of any βk being zero:

β′k = E[B(β′|1, γ)] = 1/(1 + γ), (7)

β1 = β′1, βk = β′k

k−1∏
l=1

(1− β′l), for k = 2 ... K, (8)

where E[B(x|α, β)] is the expectation of a beta distribution
with parameters α and β. These parameters are given as:
γ = 0.2 and α = 0.2.

3.3 Latent variable for localization
A discrete variable wk = [wk1, ..., wkD] that indicates the di-
rection d of each class k is introduced to localize each sound
source and to solve the permutation problem by employing
the sound location. The directions of the sound sources are
discrete in this model to simplify the inference process.

The indicator wk is dependent on the direction proportion
ϕ that follows a Dirichlet distribution:

p(w̃|ϕ) =
∏
kd

ϕwkdd , (9)

p(ϕ) = D(ϕ|κ1D) =
Γ(Dκ)∏
d Γ(κ)

∏
d

ϕκ−1
d , (10)

where 1D is a D-dimensional vector whose elements are
all 1. Note that we use a symmetric Dirichlet distribution
with concentration parameter κ because we have no prior
knowledge about the spatial position of the sound sources.
The hyperparameter κ is set uninformative: κ = 1.

3.4 Inference
Figure 5 depicts the probabilistic dependency; the double-
circled xtf is the observation, the circled symbols are latent
probability variables, and the plain symbols are fixed values.

The posterior distribution over all latent variables given
the observation is estimated by the variational Bayesian in-
ference (Attias 2000), as derived in detail in (Bishop 2006).
The posterior is approximated by factorized distributions q:
p(z̃, w̃, λ̃, H̃, π̃,ϕ|x̃) ≈ q(z̃)q(w̃)q(λ̃)q(H̃)q(π̃)q(ϕ).

(11)
During the inference process, we update one of the factor-

ized distributions in Eq. (11) while fixing the other distribu-
tions s.t. the following objective function is maximized:

L(q) = Eq[log p(x̃, z̃, w̃, λ̃, H̃, π̃,ϕ)]

− Eq[log q(z̃)q(w̃)q(λ̃)q(H̃)q(π̃)q(ϕ)],
(12)

where Eq[·] means the expectation over distribution q in
Eq. (11). Note that the joint distribution p of all variables
in Eq. (12) is the product of Eqs. (2–6, 9, 10).

The choice of conjugate priors enables factorized posteri-
ors to conform to the same distributions as the priors:

q(z̃) =
∏
tfk

ξ
ztfk
tfk , q(w̃) =

∏
kd

ηwkdkd ,

q(λ̃) =
∏
tfk

G(λtfk|âtfk, b̂tfk),

q(H̃) =
∏
fd

WC(Hfd|ν̂fd, Ĝfd),

q(π̃) =
∏
t

D(πt|β̂t), q(ϕ) = D(ϕ|κ̂).

(13)

The parameters in Eqs. (13) are updated as follows:

log ξtfk = ψ(β̂tk)− ψ(β̂t·) +MEq[log λtfk]

+
∑
d

ηkd
{
Eq[log |Hfd| − λtfkxHtfHfdxtf ]

}
+ C,

log ηkd = ψ(κ̂d)− ψ(κ̂·)

+
∑
tf

ξtfk
{
MEq[log λtfk + log |Hfd| − λtfkxHtfHfdxtf ]

}
+ C,

(14)
β̂tk = βk + ξt·k, κ̂d = κ+ η·d,

âtfk = a0 +Mξtfk, b̂tfk = btf + ξtfk
∑
d

ηkdν̂fdx
H
tfĜfdxtf ,

ν̂fd = ν0 +
∑
tk

ξtfkηkd, Ĝ−1
fd = G−1

fd +
∑
tk

ξtfkηkd
âtfk

b̂tfk
xtfx

H
tf .

(15)
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Figure 3: Plot of complex-valued multi-
channel signals at 3000 (Hz). The colors
represent respective sound sources.

Figure 4: TF mask for two sources
(top right) and their proportion for
each time frame (bottom right).
Left: log-scale power spectro-
grams of the two sources in blue
and red.

Figure 5: Graphical representation of our
model.

Eq. (14) has constant terms C such that ξtfk and ηkd are
normalized as ξtf · = 1 and ηk· = 1. The expectations over
the gamma and complex Wishart distributions are given as:

Eq[log λtfk] = ψ(âtfk)− log b̂tfk,

Eq[log |Hfd|] =
M−1∑
i=0

ψ(ν̂fd − i) + log |Ĝfd|,

Eq[λtfkxHtfHfdxtf ] =
âtfk

b̂tfk
xHtf ν̂fdĜfdxtf .

Note that these expectations are over q(λ), q(H) or both in
Eq. (13). ψ(x) = d

dx log Γ(x) is the digamma function.
The updates in Eqs. (14–15) are iterated in turn until the

objective function in Eq. (12) converges. During the iteration,
the class index k is sorted by the total weights calculated by
ξ··k to accelerate the shrinkage of redundant classes (Kuri-
hara, Welling, and Teh 2007).

Finally, the spectrogram of the nth sound source x̂ntf is
extracted as follows:

x̂ntf =
ξtfn∑N

k′=1 ξtfk′
xtf . (16)

The weights ξtfk are normalized within a given number of
sources N to obtain better separation quality. The direction
of the nth sound d̂n is obtained as

d̂n = argmax
d′

ηnd′ . (17)

Initialization The inference begins by setting ηkd and ξtfk.
First, ηkd is initialized s.t. each class takes on an equal range
of directions. Then, ξtfk is set in accordance with the corre-
lation between xtf and designated directions. The equations
are:

ηkd ∝
{

1 (k − 1)D/K ≤ d < kD/K,
0 otherwise,

(18)

ξtfk ∝ exp

{
−xHtf

∑
d

(ηkdGfd) xtf

}
(19)

Figure 6: Experimental setup for the impulse response mea-
surement shown in red dotted lines and simulated convolutive
mixtures.

Note that a large K ensures that each class k contains at most
one sound source. During the inference, classes lose their
weight when they do not cover any direction in which a sound
source actually exists, and classes associated with directions
in the presence of sound sources increase in weight.

4 Experimental Results
This section presents localization and separation results ob-
tained with simulated convolutive mixture signals. The ex-
periments explore the way in which our method is influenced
by the number of microphones and speakers, the amount of
reverberation, and the interval between speakers. Our method
is compared with state-of-the-art sound separation methods;
IVA (Ono 2011) when M ≥ N and TF-masking with per-
mutation resolution referred to as TF-Perm. (Sawada, Araki,
and Makino 2011) when M < N .

4.1 Experimental setup
Figure 6 shows a circular microphone array and the location
of the speakers. Impulse responses are measured with a 5◦

resolution around the array, namely D = 72, as drawn with
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Figure 8: Separation scores in signal to distortion ratio (SDR). Larger values mean better separation results. The bars are the
mean values and the segments are the standard deviations. Top: results with 2 sources. Bottom: results with 3 sources.

Figure 9: Signal to interference ratio (SIR). Larger values mean better quality. The bars are the mean values and the segments are
the standard deviations. Top: results with 2 sources. Bottom: results with 3 sources.

Figure 7: Absolute errors in degree in localization results.
Smaller values mean better localization results. The bars are
the mean values and the segments are the standard deviations.
Left: results with 2 sources. Right: results with 3 sources.

dotted red lines in three environments where the reverbera-
tion times are RT60 = 20, 400, 600 (msec), measured in an
anechoic chamber, and two lecture rooms, respectively.

As depicted in Fig. 6, eight microphones are embedded
with their channel number. The number of microphones M is
2, 4, or 8; channels 1 and 5 are used when M = 2, channels
1, 3, 5, and 7 when M = 4, and all channels when M = 8.
Two or three sound sources are placed 100 (cm) from the
array at an interval θ = 30, 60, 90◦. When two sources are
present, the central source, shown in red in Fig. 6, is omitted.

Therefore the interval becomes 2× θ. Under all conditions,
the clustering is carried out with K = 12.

For each condition, 20 convolutive mixtures are generated
from JNAS phonetically-balanced Japanese utterances. The
speakers on the two sides in Fig. 6 are male and the center
speaker is female. The audio signals are sampled at 16000
(Hz) and a short-time Fourier transform is carried out with a
512 (pt) hanning window and a 128 (pt) shift size. Steering
vectors q are generated from a Fourier transform of the first
512 points of the anechoic impulsive responses.

Sound sources are selected as follows: Our method chooses
the N most weighted classes. TF-Perm. assumes N sources
to generate the TF masks. IVA has two strategies; (1) M -
dimensional samples are preprocessed into the N -dimension
by principal component analysis (IVA w/ PCA), and (2) N -
first sources are chosen from M separated signals after being
sorted in terms of signal power (IVA w/o PCA).

4.2 Results
Figure 7 shows the absolute localization errors with our
method. The bars are the mean errors for 20 utterances under
each condition and the segments are their standard deviation.
The bar color represents the number of microphones, and the
pattern shows the source intervals.
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Figure 10: Signal to artifacts ratio (SAR). Larger values mean better quality. The bars are the mean values and the segments are
the standard deviations. Top: results with 2 sources. Bottom: results with 3 sources.

The errors are suppressed with low reverberation RT60 =
20 (msec) and with a larger number of microphones. In rever-
berant environments where RT60 = 400, 600 (msec), local-
ization errors are caused by the mismatched anechoic steering
vectors and “ghost” sources reflected on walls.

The separation results are evaluated in terms of the signal
to distortion ratio (SDR), signal to interference ratio (SIR),
and signal to artifacts ratio (SAR) (Vincent, Gribonval, and
Févotte 2006). SDR measures the overall retrieval quality of
sound sources from their mixture while SIR measures how
much the interfering other sources are removed and SAR
shows the effect of artifacts caused by the separation process.
Figure 8 shows mean SDR scores obtained with our method
and competing methods; IVA w/ and w/o PCA whenM ≥ N ,
and TF-Perm. when M < N .

The mean SDR of our method is superior to that of com-
peting methods whereas their standard deviation is larger.
This is because the competing methods tend to extract one
dominant source from the mixture while our method extracts
all the sources with nearly equal quality. This result suggests
that our sound selection by class weights is superior to the
power-based selection or PCA-based preprocessing of IVA.
In particular, when RT60 = 400, 600 (msec), the competing
techniques fail to extract distinct sources that are confused
with reflected echoes. Furthermore, regardless of the rela-
tionship between M and N , our method outperforms the
competing methods that switch between IVA and TF-Perm.

Similarly to the localization results, the separation quality
is degraded by the smaller number of microphones as well
as the reverberation. Reverberation hinders the shrinkage of
redundant classes by adding weights to reflected sounds. A
possible way of alleviating this problem is to incorporate
dereverberation techniques (Yoshioka et al. 2011).

Figures 9 and 10 show the SIR and SAR scores, respec-
tively. We can observe two tendencies in comparison be-
tween time-frequency clustering methods (our method and
TF-Perm.) and the linear separation-based method (IVA).
Time-frequency clustering methods tend to produce larger
SIR and smaller SAR scores because explicit selection of
sound sources at each time-frequency point can reduce the
interference but cause the artifacts. Linear separation-based

methods such as IVA can separate sound sources with less
artifacts while some interference may remain.

Although our method requires steering vectors, these rely
only on the form of the microphone array rather than on
specific environments. The results show that the anechoic
steering vectors are robust, especially for the separation task.

5 Discussion and Future work
The experiments used simulated convolutive mixtures of hu-
man speech. Future work includes an evaluation with actual
recordings and other types of sounds such as music signals.

Our model is currently a finite-mixture model where we
need to determine the number of classes K. An important
extension of our method is the nonparametric Bayesian model
where K is infinitely large. By using this model, we may
be able to estimate the number of sources solely from the
observation along with dereverberation techniques.

While a nonparametric model called infinite independent
component analysis (Knowles and Ghahramani 2007) is ap-
plied to sound source separation with a microphone array,
the model is limited to the time domain (Knowles 2007),
which is extremely vulnerable to reverberation. The exten-
sion to time-frequency processing is necessary for the ro-
bustness against reverberation. We can expect the infinite
extension of our method by incorporating (Teh et al. 2006;
Wang, Paisley, and Blei 2011).

For moving sound sources, one possible extension is to
make the direction variable wk into a time-series sequence,
e.g., wtk. We can naturally model the time-series data by
introducing a hidden Markov model (MacKay 1997).

6 Conclusion
This paper presented a solution to sound source localization
and separation with permutation resolution using a micro-
phone array that is essential to CASA systems. Because the
problems are mutually dependent, the compound problems
are unified as a Bayesian clustering method. Experimental re-
sults confirmed that our method outperforms state-of-the-art
separation methods under various conditions.
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