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ABSTRACT

This paper describes an application of relative transfer func-
tions (RTFs) to underdetermined blind source separation
(BSS). A clustering-based BSS approach has the advantage
that it can even deal with the underdetermined case, where
the sources outnumber the microphones. Among others, clus-
tering of a normalized observation vector (NOV) has proven
effective for BSS even under reverberation. We here point out
that the NOV gives information about RTFs of the dominant
source, and hence call it the RTF features. Most of the previ-
ous BSS methods are limited in that they undergo significant
performance degradation when the number of sources is not
known precisely. This paper introduces our recently devel-
oped method for joint BSS and source counting based on
permutation-free clustering of the RTF features. We demon-
strate the effectiveness of the method in experiments with
reverberant mixtures of an unknown number of sources with
a reverberation time of up to 440 ms.

Index Terms— Blind source separation, source counting,
relative transfer functions, clustering, permutation problem

1. INTRODUCTION

Over the last decade, the clustering-based BSS approach has
been studied extensively [1-5], primarily because it can even
deal with the underdetermined case. In this approach, we as-
sume that each source signal is sparse enough in the time-
frequency domain that at most one source signal is dominant
in each time-frequency slot (disjointness) [1, 6]. Under this
assumption, source location features (e.g., the time difference
of arrival (TDOA) or the direction of arrival (DOA)) form N
clusters (/V: the number of sources). Since each of the clus-
ters corresponds to a source, we can realize source separation
by collecting the time-frequency components in each cluster.

Among others, clustering of the normalized observation
vector (NOV) based on fitting of a Watson mixture model
(WMM) [5,7] has proven effective for BSS even under rever-
beration. Since the NOV is differently distributed in different
frequency bins, the clustering is performed in each frequency
bin separately. After the clustering, there remains permuta-
tion ambiguity: it remains unknown which source each bin-
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wise cluster corresponds to. Therefore, to group together the
bin-wise clusters corresponding to the same source, cluster-
ing of the activity sequences of the bin-wise clusters is per-
formed. In this paper, we point out that the NOV gives infor-
mation about relative transfer functions (RTFs) [8—10] of the
dominant source, and hence call it the RTF features.

Most of the previous BSS methods including those pro-
posed in [5, 7] require that the number of sources should be
given. When it is not known precisely, such methods un-
dergo significant performance degradation. Although there
exist some methods for counting sources prior to BSS [11], it
has been difficult to count sources under reverberation. This
has limited the application area of BSS significantly, and
therefore BSS for an unknown number of sources remains an
important fundamental problem.

This paper introduces our recently developed method for
joint BSS and source counting [12], which extends the previ-
ous methods [5,7]. It is known that the frequency components
of a speech signal tend to be activated synchronously, which
is called the common amplitude modulation property. The
property enables us to group together the frequency compo-
nents activated synchronously as corresponding to the same
source. We model the property by introducing time-variant,
frequency-invariant mixture weights. By exploiting the prop-
erty, our method can perform bin-wise clustering and, at the
same time, group together the bin-wise clusters correspond-
ing to the same source, which we call permutation-free clus-
tering. Furthermore, our method can perform BSS even when
N is unknown, since if we set the number of clusters, L,
greater than IV, the grouping results in NV dominant clusters.

The method presented in this paper has been published
partly in [12, 13]. Here, we clarify the relationship between
the NOV and RTFs, and also present new experiments in-
cluding evaluation of the source counting performance of our
method.

The rest of this paper is organized as follows. In Section 2,
we formulate the BSS problem we deal with in this paper.
In Section 3, we introduce our method for the permutation-
free clustering of the RTF features. In Section 4, we present
experimental results to verify our method, and in Section 5
we conclude.
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2. PROBLEM FORMULATION

Suppose that we observe N concurrent speech signals using
M microphones, where N is unknown. In the short-time
Fourier transform (STFT) domain, the observed signals

T
v 2ol 0l (M)

are modeled as follows:
wffEZ*MM“ @)
Here, t € {1,...,T} and f € {1,..., F} denote the frame

and the frequency-bin indices, §E;§) the STFT of the nth
source signal,
T
p(n) a [7(1,n) 7 (M,n)
Rl & [h ¢ S 3)
the time-invariant transfer function from the nth source to the

microphones, and T transposition.
(2) can be rewritten as

wf—§jé“h 4
where
st 2 Rt (%)
i
(n) o °f
hf = ﬁ(l’”). (6)
!

sgf) is the nth source signal observed at the first micro-

phone. hgfl) consists of relative transfer functions (RTFs)
ﬁ;m’n)/ﬁ;l’n) (m =1,..., M), and is hence called the RTF
vector in this paper.

Under the disjointness assumption (see Section 1), the ob-
servation model (4) is simplified as

Yif = stf)h( ") where v = dif, (7)

where d;y denotes the index of the dominant source in the
time-frequency slot (¢, f).

In (7), we assume no noise for simplicity. The readers are
referred to [14] for integration with noise suppression.

Our goal is to estimate sg;) from vy, ; without knowing the

RTF vector h(f") or the number of sources, V. Once we have

estimated d; 7, we can estimate s, f) by, e.g.,

s 2 My, (8)
where .
1, ifdir=n
M(n) é ) tf 9 9
tf 0, otherwise. ©)
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Here, * denotes the estimate, and Mgﬁ) is the time-frequency
mask for extracting the nth source signal.

Therefore, our problem has boiled down to the estimation
of d; s, which is dealt with in Section 3.

3. OUR METHOD

3.1. Relative Transfer Function (RTF) Features
Our observation model (7) implies that y, s is parallel to the
RTF vector h(f”), while its Euclidean norm ||y || is affected

by the source spectrum s f) Therefore, a normalized obser-
vation vector [5,7]

@y & (10)
[yerl
contains information on the RTF vector. Indeed, under (7),
(10) equals an unit directional vector of the RTF vector h(u),
because substitution of (7) into (10) gives

(V) R
Ty = . —L _ Where v = dyf. (11)
IW)IW?H

Hence, we call «;; the RTF features. Note that st;) / |5(V)|
is a mere phase factor, which affects neither the direction nor
the norm of ;.

3.2. Watson Mixture Model for RTF Feature Clustering

We perform clustering of the RTF features by fitting a Watson
mixture model (WMM) [5, 7]

N
= Z P(dtf = n‘@) (a:tjya‘gfn)v K/‘(fn))v (12)

n=1

p(z:f|O)

where © denotes the set of all model parameters. Here, the
Watson distribution

W(mtf;ascn),/@;n)) %S exp(ﬁgfn)‘agpn)thff) (13)

is defined on the unit hypersphere in C", and models the
histogram of x;; for the nth source. The mean orientation

h(n)
af) & L (14)
I

equals a nominal value of x; for the nth source, which can
be seen from (11). The concentration parameter m(") >0

controls the degree of deviation of ;¢ from a ) due to mod-
eling errors of (7).

Note that (13) is an increasing function of ]agc")H:vt f’ =
cos ), where 0 (0 < 6 < 7/2) denotes the intersection angle

between x;¢ and agc”). This has two important implications.
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Fig. 1. The common amplitude modulation of a speech sig-
nal is modeled by the time-variant, frequency-invariant prior
probability of the signal being dominant.

First, (13) is a decreasing function of #, and takes its maxi-

mum (minimum) value at z s parallel (perpendicular) to al™.

Second, (13) is insensitive to the phase factor st;) / |5(”)| in
(11), since the factor does not affect the direction of the vec-
tor.

Experiments have shown that the clustering of the RTF
features is effective for BSS even under reverberation [5].
This is partly attributed to the distance measure defined by the
WMM. Another reason is that this approach does not assume
planewave propagation of the source signals unlike fullband
clustering of, e.g., the DOA or the TDOAs [1-3].

3.3. Time-variant Source Dominance Prior for Modeling
Common Amplitude Modulation of a Speech Signal

It is known that the frequency components of a speech signal
tend to be activated synchronously, which is called the com-
mon amplitude modulation property (see Fig. 1). The prop-
erty enables us to group together the frequency components
activated synchronously as corresponding to the same source.

We model the common amplitude modulation property by
assuming that the prior probability of the nth source being
dominant, P(d;y = n|0), is dependent on ¢ but independent
of f:

P(diy =n|0) = o™, (15)

The parameter aé") is called the source dominance prior, and
represents the amplitude modulation of the nth source. Note

that o{™ should satisfy

(16)

N
Z a§”) =1.
n=1
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3.4. BSS Based on Permutation-free Clustering

Noting that the source dominance priors (15) are also the mix-
ture weights in the WMM (12), we obtain

p(xif|©) = Z af"W(zepsal” w10). (7)
By using (17), which models the common amplitude modu-
lation property explicitly, our method can perform bin-wise
clustering and, at the same time, group together the bin-
wise clusters corresponding to the same source. We call it
permutation-free clustering. This contrasts with the conven-
tional approach [5, 7], which performs bin-wise clustering
and permutation alignment separately.

The permutation-free clustering is realized by jointly esti-
mating agn), agpn), and n;n) based on maximum a posteriori
(MAP) estimation. Specifically, we maximize the logarithm

of the posterior probability defined by

Inp(©{mis}ir) éZZlnp x:7|0) +Inp(©), (18)

with respect to the parameter set ©, where = denotes equality
up to a constant. The prior p(©) is the following isotropic

Dirichlet prior on {a{™}V_:

(19)

where ¢ is a hyperparameter. The optimization can be per-
formed efficiently based on an expectation-maximization
(EM) based algorithm detailed in [13].

Using the estimated parameters, the posterior probability

(M) 2 P(dy; = n|wiy,©),

of the nth source being active, -,

can be computed as follows:

(n) _ O[En)W(EEtf; aﬁc")a “}n))
Tif TN
S o W(aiial” w1

v=1

(20)

Source separation can be performed by (8), where the domi-
nant source index dy ¢ is estimated as

diy = argmax *yt(}l). 21

Note that we can design not only time-frequency masks
but also beamformers, because we can also identify the RTF
vector using the estimated parameters. Noting that (14) im-

plies h(n) | a; (") and that h(l ") = 1 by definition, we obtain

(n)
ay
e
ay

h(")

(22)

Here, a' f ") denotes the first entry of a(").
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judged as the dominant clusters.

for N =3, L =4. A

. Clusters 1, 2, and 4 are

3.5. Source Counting

Our method can perform BSS even when N is unknown. In-
deed, if we set the number of clusters, L, greater than N,
the common amplitude modulation property makes clusters
with synchronous activation grouped together, which results
in NV dominant clusters and L — N almost empty clusters (see
Fig. 2). Therefore, N can be estimated by counting the dom-
inant clusters.

To this end, we first calculate the following total activity
for each cluster:

(23)

T F
P AN
t=1 f=1

We then apply k-means clustering with two clusters to
{pW1E . Since only N elements of {p}L | have sig-
nificant values, IV can be obtained as the number of elements
of the cluster with the larger centroid.

4. PERFORMANCE EVALUATION

To evaluate the source separation and the source counting per-
formances of our method (called the “proposed method” here-
after), we conducted experiments under the conditions shown
in Fig. 3. To generate mixtures, we convolved 8s-long En-
glish speech signals with room impulse responses measured
in the environment shown in Fig. 3. The sampling frequency
was 8 kHz, the frame length was 1024 points (128 ms), and
the frame shift was 256 points (32 ms). The hyperparameter
of the Dirichlet prior was set at ¢ = 600. The number of it-
erations in the EM-based algorithm was 100. As a baseline,
we also evaluated the source separation performance of the
conventional method [5], which assumes that N is given.
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445cm
I® microphones (height 120cm, omnidirectional)
‘ loudspeakers (height 120cm)
--------------------------- . 150°
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reverberation time 130~440ms
Fig. 3. Experimental conditions.
Table 2. Source counting accuracy (%) of the proposed

method. We conducted 16 trials, and calculated the ratio of
the trials with correct source counting to the total number of
trials.

reverberation time (ms)

N 130 200 250 300 370 440
2 100% 100% 100% 100% 100% 100%
3 100% 100% 93% 100% 100%  93%

Table 1 shows the source separation performance in terms
of the signal-to-distortion ratio (SDR) [15], when N was
given. We see that the proposed method achieved SDRs
comparable to the conventional method when N was given.

Table 2 shows the source counting accuracy by the pro-
posed method, when N was unknown. We set the number
of clusters L = 4, which exceeded the number of sources
N = 2,3. We see that the proposed method counted sources
almost perfectly under all conditions including underdeter-
mined and reverberant conditions, where source counting has
conventionally been difficult [11, 16]. Note that the conven-
tional method [5] cannot be applied in this case, because N
was unknown.

5. CONCLUSION

In this paper, we have introduced our method for joint BSS
and source counting based on permutation-free clustering of
the RTF features.

The future work includes extension of the application area
of the method by taking advantage of its probabilistic formu-
lation. Firstly, we are working on integration of the method
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Table 1. Source separation performance in terms of signal-to-distortion ratio (SDR). We averaged the SDRs of 16 trials with
different combinations of speech signals and different distances between sources and the array centroid.
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