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ABSTRACT. The paper proposes a real-time blind source separation method without a
scaling indeterminacy. The proposed method does not require an iteration processing. The
scale of separated signals using the proposed method is decided by transfer functions.
This fact means that the separated signals are expressed as the observed signals when one
source is only active. The proposed methods have been verified by a simulation.
Keywords: Blind source separation, Independent component analysis, Scaling indeter-
minacy, Real-time BSS

1. Introduction. BSS (Blind Source Separation) is a method for estimating the sound
sources from observed mixture signals without using the information about the sources
and the transfer functions. For BSS, ICA (Independent Component Analysis) can esti-
mate original source signals from their mixtures, provided that the sources are statistically
independent. For the instantaneous mixtures, the original sources can be completely re-
covered except for indeterminacy of scale and permutation [1, 2, 3, 4]. The indeterminacy
of scale is that the amplitude scale of the separated signals is not equal to that of the
source signals. The indeterminacy of permutation is that the order of the separated sig-
nals is not equal to that of the source signals. Furthermore, ICA algorithms are iteration
methods based on a gradient method or a Newton method. This fact means that these
algorithms are not good at a real-time processing.

For a real-time separation, several methods have been proposed. SS (Spectral Subtrac-
tion) and SAFIA (sound source Segregation based on estimating incident Angle of each
Frequency component of Input signals Acquired by multiple microphones) can estimate
the original source signals [5, 6]. In these methods, the musical-noise has been generated
depending on the parameter. In order to reduce the musical-noise, a method based on the
high-order statistics has been proposed [7]. However, multivariate data are necessary for
the method.

Therefore, we propose a new BSS method using an amplitude ratio of observed signals.
When the target source signal and the noise signals exist at the same time, the joint distri-
bution made from the observed signals has straight lines depending on transfer functions.
Based on this fact, the proposed method estimates a separating matrix using ratios of
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the straight lines. The proposed method does not require an iteration. Furthermore, the
method can estimate separated signals without a scaling indeterminacy.

2. Blind Source Separation. Under the situation that some sound sources are observed
by the microphones, BSS (Blind Source Separation) is a method for estimating the sound
sources without using the information about the sources and the transfer functions. We
assume that the observed mixture signals © = [z, -+ , T, -+ , 2|7 by M microphones
are generating a linear mixture of the sources as

xr = As (1)

where s =[sy, -+ ,8p, -+ ,sy]7 denotes unknown source signals, N denotes the number
of the sources and A denotes an unknown mixing matrix whose elements are a,,,. The
separated signals w = [uy, -+ ,up, - ,uy]?, the estimated of the source signals s, are
expressed as

u=Wez (2)
where W denotes a separating matrix. The matrix W is estimated by ICA algorithms |1,
2,3, 4].

ICA can estimate the sources s except for indeterminacy of scaling and permutation

under the assumption that each component of s is statistically independent. The separated
matrix using ICA algorithms has scaling indeterminacy and permutation problem as

WA=PD (3)
where P is a permutation matrix, where all elements of each column and row are 0 except
for one element with value 1, and D = diag|d;,--- ,d,, - ,dy] a diagonal matrix, of

which elements d,, denote the scaling factors.

Furthermore, ICA needs statistically information of the sources and these algorithms
are iterative methods. It means that ICA is not good at a real-time processing. For a
real-time process, we propose a separation method using a distribution of the observed
signals.

3. Real-Time Blind Source Separation Method. Consider two speakers have ut-
tered. These waveforms are shown in Figure 1(a). Using these waveforms, their joint
distribution is shown in Figure 1(b) where the horizontal and the vertical axis are de-
noted by amplitude of s; and sg, respectively.

The mixture signals @ are observed by Equation (1). The waveforms and the joint
distribution of @ are shown in Figures 2(a) and 2(b), respectively. From these facts, the
essence of the BSS is to transform from the distribution of the mixtures as shown in
Figure 2(b) to the distribution of the sources as shown in Figure 1(b) [8].
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FiGURE 1. Waveforms of the sound source signals and their joint distribution
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FIGURE 2. Waveforms of the observed mixture signals and their joint distribution

Therefore, we propose a new BSS method under the condition of two-microphones. We
define an amplitude ratio r of two mixture signals as r = x5/x;. In Figure 2, two dense
crossing lines are recognized. Then we define r; calculated as the mode value (the most
frequent value) of r. And 7y is defined as the second most frequent value of r. r; and 79
are estimated value of either £2 = 2251 — 421 oy 22 — 9228 — 922 pegpectively, because

z1 a1151 ail zy a1252 a2
the human speech has the sparseness such as the silent interval.

Using r; and 79, separated signals without the scaling indeterminacy are estimated as
follows (see Appendix).
V11 _ 1 —T 1 T (4>
V12 ro — 11 | —T1T2 T2| | T2

V21 _ 1 T2 —1 T (5)
V22 rg — 11 [T1T2 —T1| |22

The separated signals are expressed as follows.

Vil = AmnSn (6>

Equation (6) means that the scale of the separated signals is decided by the transfer
functions.

4. Simulation. In order to verify our proposal, a simulation was carried out. Sources
were 2 female speakers’ speech signals [9] in 2 seconds. The mixed signals were sampled
at a rate of 8000Hz with 16bit resolution. The mixed signals were calculated by Equation
(1) in which the diagonal components have 0.9 + 7 and non-diagonal components have
0.6 £ n, and 7 is a random value from 0 to 0.1.

Figure 3(a) are two female speakers’ uttered source signals, Figure 3(b) are mixed
signals using Figure 3(a), and Figure 3(c) are estimated signals by the proposed method.
From the waveforms, it is found that the estimated signals can restore the source signals.

Sources were 6 speakers’ (3 females and 3 males) speech signals in 2 seconds. The
simulations were carried out using 30 (= ¢P2) mixing patterns. The average value of the
mean square error of the proposed method was 9.31 x 10~7. For comparison, the mean
value of the mean square error was 1.79 x 107% when using a natural gradient method of
ICA. From these results, it is found that our proposed method has the high estimation
accuracy.

5. Conclusions. We propose a new blind source separation method without the scaling
indeterminacy using amplitude ratios of observed mixture signals. The proposed method
can estimate the separation matrix based on the amplitude ratio of the joint distribution of
the observed mixture signals. By using the proposed method, we can propose a real-time
BSS introduced to a short-time process.
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FIGURE 3. Simulation results when two female speakers’ uttered: (a) two
female speakers’ uttered source signals, (b) mixture signals, (c) estimated
signals by the proposed method

Several directions for future research are pointed out. Separation performance for sam-
pling frequency, frame length and frame period should be evaluated. The separation
method under the condition of the multi-source must be discussed. It is necessary to
propose the separation method for the convolution mixing process. In addition, we will
build a noise reduction device.
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Appendix A. Derivation of Equation (6). First, consider the case where ry is esti-
mated % and ry is estimated %, the estimated signals vy, are generated by Equation

(4) as

V11 _ 1 —T1 ]_ i}
V12 ro — 11 | T2 T2| | T2

1 [_m 1] [ansl—l—amsﬂ -

ro — 1y | —T1T2 T2| [@21S1 + Q2282
_an
_ 1 ail 1 1151 + 1252 (8)
Toaz2 a1 | 421422 422 9151 + G259
a12 ail ail a2 a1z
a11012 —7(01181 + a1252) + (a2151 + a2252) ()
- a a
(11022 — Q12021 —a—lif(ansl + a1252) + ﬁ(am& + ag257)
B aisa
B a11012 —a2181 — 1(121121 So + a2181 + a2282 (10)
- a21a22 a21a22 az1a22
11022 — Q12091 | — $1 — Sg + 9214224, 9%
11022 12021 s ay S2t LSt ons2

a12a21
B 11012 ( ann T a22) 52 (11)
110929 — Q120921 — 21022 4 a§2 s
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. 11012 ( ariaiz ) 41252 (13)
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B a11a12
ai12S
2252
In the same way, vy are generated by Equation (5) as
Vo1| 1 T2 —1 T
V22 ro — 11 |T1T2 —T1| | T2
a22 _
_ 1 a1z 1 1151 + A1252 (15)
a2 __ 421 | G182 _ Q21 2151 + A9252
a2 ail ail ai2 all
alla
_ a11012 1;12225 T Q2282 — a§181 — Q2252 (16)
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ai2 ail ail all
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Next, consider the case where 7
generated by Equation (4) and Equatlon

|
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(18)

(19)

21 - the estimated signals vy, are

(28)

(29)

The estimated signals vy; are derived to be expressed as a product of the source signal

s, and the transfer function a,,,. Therefore, v,,, has no indeterminacy of scaling.



