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ABSTRACT

A blind source deconvolution method without indetermi-
nacy of permutation and scaling is proposed by using no-
table features of split spectrum and locational information
on signal sources. A method for extracting human speech
exclusively is also proposed by taking advantage of the rule,
the property of FastICA separates sources in order of large
non-Gaussianity from their mixtures and the fact that hu-
man speeches are usually larger in non-Gaussianity than
noises. The proposed methods have been verified by sev-
eral experiments in a real room.

1. INTRODUCTION

Independent component analysis (ICA) can separate un-
known signal sources from their mixtures if they are statis-
tically independent [1, 2]. For the instantaneous mixtures,
the original sources can be completely recovered in the time
domain except for indeterminacy of scaling and permuta-
tion. In a real environment, however, the signals observed
at microphones are not instantaneous mixtures but are con-
volved mixtures: delayed, attenuated and reverberated ver-
sions of the original sources. On account of this convolu-
tion, there have been reported many trials to separate the
convolved mixtures in the frequency domain. However the
indeterminacy of scaling and permutation appears at ev-
ery frequency bin. In order to recover the sources in the
time domain, this indeterminacy problem must be essen-
tially solved before making an inverse transformation from
the frequency to the time domain.

In the presence of noise, it is further desired to extract
exclusively human speech. In this case, there still remains
another problem even if the indeterminacy problem is suc-
cessfully settled and the sources are properly estimated; of
the estimated signals, which is the human speech and which
is the undesired noise?

In the present paper, at first, the blind deconvolution
in the frequency domain is reviewed. Ikeda et al. [3, 4] have
suggested that the split spectrum defined by themselves is
determined uniquely in terms of a signal source and its prop-
agating characteristics to a microphone and has no scaling
inderminacy. By applying their suggestion to the case of
two sources and two microphones, a permutation correc-
tion rule is proposed under the condition that, of the two
sources, the first source is in the side of a microphone and

the second source is in the side of the other microphone.
This rule also provides proper estimates for the sources.
Further a method for extracting exclusively a human speech
is proposed by taking advantage of the rule and the follow-
ing two facts: FastICA proposed by Hyvärinen [5, 6] yields
a separated signal in order of large non-Gaussianity and
human speeches are usually larger in non-Gaussianity than
noises. From several experiments in a real room, it has been
confirmed that the proposed rule and method are valid.

2. BLIND DECONVOLUTION IN
FREQUENCY DOMAIN

Consider the case that two statistically independent sound
sources are observed by two microphones as

x(t) = G(t) ∗ s(t) (1)

where s(t) = [s1(t), s2(t)]
T denotes the source signals � x(t) =

[x1(t), x2(t)]
T the convolved mixtures, ∗ the convolutional

operator, G(t) a matrix whose elements are transfer func-
tions from the sources to the microphones � The mixtures
are transformed into the short time spectra by the discrete
Fourier transform:

xj(ω,k) =
∑

t

e−
√
−1ωtxj(t)w(t − kτ )

(j = 1, 2; k = 0, 1, · · ·, K − 1) (2)

where ω(= 0, 2π/M, · · ·, 2π(M −1)/M) denotes a frequency
bin, M the number of samples in a frame, k the frame
number, τ the frame shift, w(t) a window function.

In the frequency domain, the mixtures are expressed by

x(ω, k) = G(ω)s(ω, k) (3)

where s(ω, k) and G(ω) are the Fourier transformed repre-
sentations of the windowed sources and the transfer func-
tion matrix, respectively. The mixtures are generally whitened
so that its covariance matrix becomes equal to the identity
matrix. This whitening process can be expressed as x̃(ω) =
Q(ω)x(ω) where Q(ω) is a whitening matrix.

The separated spectra u(ω, k) = [u1(ω, k)u2(ω, k)]T can
be obtained as

u(ω, k) = H(ω)x̃(ω, k) (4)

where H(ω) = [h
T

1 (ω),h
T

2 (ω)]T is a demixing matrix.



2.1. FastICA Algorithm

Under the assumption that all the spectra of whitened mix-
tures x̃(ω, k) are zero-mean and they have unit variances
and uncorrelated real and imaginary parts of equal vari-
ances, FastICA algorithm [7] is formulated in the frequency
domain as follows.

h+
n(ω) =

1

K

K−1∑

k=0

{
x̃(ω,k)un(ω,k)f(|un(ω,k)|2)

−[f(|un(ω,k)|2)+|un(ω,k)|2f ′(|un(ω,k)|2)]hn(ω)
}

(5)

hn(ω) = h+
n (ω)/ ‖ h+

n (ω) ‖ (6)

where hn(ω)(n = 1, 2) a demixing weight vector, f(·) is
a nonlinear function, f ′(·) is its differential and ¯ de-
notes the conjugation. At each frequency ω, the demix-
ing weights are updated by the FastICA algorithm until a

convergence condition h
T

n (ω)h+
n (ω) ' 1 can be satisfied �

In addition, h2(ω) is orthogonalized with h1(ω) such as

h2(ω)=h2(ω)−h1(ω)h
T

1 (ω)h2(ω), and h2(ω) is again regu-
larized by Eq.(6) � The separated spectra u(ω, k) are yielded
by substituting hn(ω) to Eq.(4). The separated signals u(t)
can be obtained by the inverse discrete Fourier transform
of these spectra u(ω, k) to the time domain.

2.2. Indeterminacy of Scaling and Permutation

In the frequency domain, the indeterminacy of scaling and
permutation occur at every frequency ω:

H(ω)Q(ω)G(ω) = PD(ω) (7)

where P is a permutation matrix of which all the elements
of each column and row are 0 except for one element with
value 1, and D(ω) = diag[d1(ω), d2(ω)] is a diagonal ma-
trix, of which elements dn(ω) denote scaling factors at fre-
quency ω and take arbitrary complex values resulting from
the whitening process. This means that not only amplitude
but also phase are indeterminate. Therefore, the indetermi-
nacy of permutation, amplitude and phase must be settled
to get a meaningful signal un(t) before inversely transform-
ing u(ω, k) from the frequency domain to the time domain.

3. SPLIT SPECTRUM AND ITS UNIQUENESS

A flow from the source si(ω, k) to the separated spectra
un(ω, k) is shown in Fig.1, where the nodes yielding u1(ω, k)
and u2(ω, k) are represented by Node A and B, respec-
tively, for convenience of the later discussion. Split spectra
vA(ω, k) = [vA1(ω, k), vA2(ω, k)]T at Node A and vB(ω, k) =
[vB1(ω, k), vB2(ω, k)]T at Node B are defined by Ikeda et al .,
respectively, as follows [3, 4]:

[
vA1(ω, k)
vA2(ω, k)

]
= (H(ω)Q(ω))−1

[
u1(ω, k)

0

]
(8)

[
vB1(ω, k)
vB2(ω, k)

]
= (H(ω)Q(ω))−1

[
0

u2(ω, k)

]
. (9)

First, we consider the case where there occur no permu-
tations but there occurs the scaling problem. In this case,
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Figure 1: Signal flow: sound sources, convolutive mixtures,
separated signals, split spectra.

the separated spectra u(ω, k) are given by

[
u1(ω, k)
u2(ω, k)

]
=

[
d1(ω)s1(ω, k)
d2(ω)s2(ω, k)

]
(10)

and the split spectra are derived to be expressed as a prod-
uct of the source signal si(t) and the transfer function gji(ω)
from the i-th source to the j-th microphone (See Appendix).

[
vA1(ω, k)
vA2(ω, k)

]
=

[
g11(ω)s1(ω, k)
g21(ω)s1(ω, k)

]
(11)

[
vB1(ω, k)
vB2(ω, k)

]
=

[
g12(ω)s2(ω, k)
g22(ω)s2(ω, k)

]
. (12)

As seen in Eq.(11), Node A generates a pair of split spec-
tra originated from the first source s1(t); vA1 (= g11s1) is
the observation of s1(t) through Mic 1 and vA2 (= g21s1)
is the observation of s1(t) through Mic 2. Node B also
generates another pair of split spectra originated from the
second source s2(t); vB1 (= g12s2) is through Mic 1 and vB2

(= g22s2) is through Mic 2. Note that the split spectra have
no interdeterminacy of scaling because, at frequency bins,
the scaling factors do not take arbitrary values anymore but
take the values equal to the transfer functions gji(ω).

Next, we consider the case where both permutation and
scaling problems occur. In this case, the separated spectra
are given by

[
u1(ω, k)
u2(ω, k)

]
=

[
d1(ω)s2(ω, k)
d2(ω)s1(ω, k)

]
. (13)

The split spectra are also derived to be expressed as a prod-
uct of si(t) and gji(ω) (See Appendix).

[
vA1(ω, k)
vA2(ω, k)

]
=

[
g12(ω)s2(ω, k)
g22(ω)s2(ω, k)

]
(14)

[
vB1(ω, k)
vB2(ω, k)

]
=

[
g11(ω)s1(ω, k)
g21(ω)s1(ω, k)

]
. (15)

In this case, as seen in Eq.(14), a pair of split spectra gener-
ated at Node A is not originated from s1(t) but from s2(t);
vA1 (= g12s2) and vA2 (= g22s2) are the observations of
s2, respectively, through Mic 1 and Mic 2. Another pair
of split spectra at Node B is originated from s1(t); vB1 (=
g11s1) is the observation through Mic 1 and vB2 (= g21s)
is the one through Mic 2. These split spectra have also no
interdeterminacy of scaling any longer.



Table 1: Decision rule for permutation.

Split Spectral Difference
Permutation Node A Node B

vA
1−2(ω, k) vB

1−2(ω, k)
Not occur positive negative

Occur negative positive

From the above discussion, it is clarified that every split
spectrum is uniquely determined as a product of a source
spectrum and its transfer function; although the combina-
tion of the source and transfer function differ depending on
whether permutations occur or not. It is also clarified that
every split spectrum has no ambiguity of scaling in that the
scaling factor is a transfer function itself; while the scaling
factor dn(ω) for the separated spectrum un(ω) varies ar-
bitrarily, depending on the whitening result at individual
frequency bin ω.

4. PERMUTATION CORRECTION RULE

4.1. Decision Rule for Permutation

Hereafter we assume that the first source s1(t) is closer to
Mic 1 than to Mic 2 and the second source s2(t) is closer to
Mic 2 than to Mic 1. From this assumption, gain inequal-
ities on the transfer functions from the source 1 and 2 are
obtained, respectively, by

|g11(ω)| > |g21(ω)| (16)

|g12(ω)| < |g22(ω)|. (17)

We also define the difference between two split spectra pair-
wisely generated at Node A and B, respectively, by

vA
1−2(ω, k) = |vA1(ω, k)| − |vA2(ω, k)| (18)

vB
1−2(ω, k) = |vB1(ω, k)| − |vB2(ω, k)|. (19)

Under the above preparation, we derive a decision rule
whether the permutation occurs or not [8]. In the case of no
permutation, it is derived by substituting Eqs.(11) and (12)
to Eqs.(18) and (19) that the difference vA

1−2(ω, k) at Node
A is positive while the difference vB

1−2(ω, k) at Node B is
negative. On the other hand, in the case of permutation, it
is derived by substituting Eqs.(14) and (15) to Eqs.(18) and
(19) that vA

1−2(ω, k) is negative while vB
1−2(ω, k) is positive.

These results are summarized in Table 1 as a decision rule
for permutation. If the spectral difference is positive at
Node A and negative at Node B, the rule gives the decision
that no permutations occur. On the contrary, if the spectral
difference is negative at Node A and positive at Node B, the
rule gives the decision that permutation occurs.

4.2. Permutation Correction Rule and Recovered
Signal in Time Domain

There exist two candidate estimates for one source; e.g ., for
the first source s1(t), vA1(ω, k) and vA2(ω, k) in the case of
no permutation, and vB1(ω, k) and vB2(ω, k) in the case

of permutation. Here, in the case of no permutation, we
adopt vA1(ω, k) as the spectral estimate y1(ω, k) for the
first source s1(t); this is because vA1(ω, k), the split spec-
trum observed at Mic 1, is larger and thus may be less
disturbed by ambient noise than vA2(ω, k), the split spec-
trum observed at Mic 2. For the same reason, in the case
of permutation, we adopt vB1(ω, k) as the spectral estimate
y1(ω, k) for the first source s1(t). Then, for the first source
s1(t), we can formulate a permutation correction rule as

y1(ω, k)=

{
vA1(ω, k) if vA

1−2 >0, vB
1−2 <0

vB1(ω, k) if vA
1−2 <0, vB

1−2 >0.
(20)

Similarly, as the spectral estimate y2(ω, k) for the second
source s2(t), we adopt vB2(ω, k) in the case of no permuta-
tion and vA2(ω, k) in the case of permutation:

y2(ω, k)=

{
vA2(ω, k) if vA

1−2 <0, vB
1−2 >0

vB2(ω, k) if vA
1−2 >0, vB

1−2 <0.
(21)

The recovered signal yi(t) (i = 1, 2) in the time domain
for the signal source si(t) can be obtained by applying the
inverse Fourier transform of sepectrograms {yi(ω, k)|k =
0, 1, · · ·, K − 1}(i = 1, 2).

yi(t) =
1

2π

1

W (t)

∑

k

∑

ω

e
√
−1ω(t−kτ)yi(ω, k) (22)

where W (t) =
∑

k
w(t − kτ ).

5. SOURCE ESTIMATION AND SPEECH
EXTRACTION

5.1. Source Estimation

It should be noted that the signs of split spectral difference
vA
1−2(ω, k) and vB

1−2(ω, k) depend on the frequency bin ω
but are independent of k; in a single frequency bin, the
difference at a node is calculated by using two split spectra
originated from the same source signal.

Thus, instead of correcting permutation at every frame
k as in Eqs.(20) and (21), we correct the permutation at
every sequence: vnl(ω) = {vnl(ω, k)|k = 0, 1, ···, K−1}(n =
A, B; l = 1, 2). To this end, we define a power of split
spectrum sequence as

Pnl(ω) =
1

K

K−1∑

k=0

|vnl(ω, k)|2. (23)

Then, the permutation correction rules of Eqs. (20) and
(21) are modified as follows.

y1(ω)=

{
vA1(ω) if P A

1−2(ω)>0, P B
1−2(ω)<0

vB1(ω) if P A
1−2(ω)<0, P B

1−2(ω)>0
(24)

y2(ω)=

{
vA2(ω) if P A

1−2(ω)<0, P B
1−2(ω)>0

vB2(ω) if P A
1−2(ω)>0, P B

1−2(ω)<0
(25)

where P A
1−2(ω) = PA1(ω)−PA2(ω) and P B

1−2(ω) = PB1(ω)−
PB2(ω) are the power differences at Node A and B.

For some trial experiments, at high frequencies over
3.1[KHz] there appeared two exceptional instances such that



both of the power differences at the two nodes take the same
signs: one is the instance of P A

1−2(ω) > 0 and P B
1−2(ω) > 0

and the other is the instance of P A
1−2(ω) < 0 and P B

1−2(ω) <
0. On close inspection, the reason has been found to be be-
cause the power Pnl(ω) is extremely small and is disturbed
by ambient noises.

Note that the permuation correction rules described in
Eqs.(24) and (25) can be performed in accordance with the
power difference at either of the two nodes, instead of us-
ing the two power differences at both of the two nodes.
Thus, we first define a node-power at Node A and B, re-
spectively, by PA(ω) = PA1(ω) + PA2(ω) and PB(ω) =
PB1(ω) + PB2(ω). Then we select the node of larger node-
power as a significant node for permutation correction. Fi-
nally, the permutation correction rule is modified as follows:
If Node A is significant (PA(ω) > PB(ω)), then

y1(ω) =

{
vA1(ω) if P A

1−2(ω) > 0

vB1(ω) if P A
1−2(ω) < 0

(26)

y2(ω) =

{
vA2(ω) if P A

1−2(ω) < 0

vB2(ω) if P A
1−2(ω) > 0.

(27)

If Node B is significant (PA(ω) < PB(ω)), then

y1(ω) =

{
vA1(ω) if P B

1−2(ω) < 0

vB1(ω) if P B
1−2(ω) > 0

(28)

y2(ω) =

{
vA2(ω) if P B

1−2(ω) > 0

vB2(ω) if P B
1−2(ω) < 0.

(29)

5.2. Speech Extractor

Assume the situation that, of the two sources, one is a hu-
man speech and the other is a noise, and that it is uncertain
whether the speech source is located in the side of Mic 1 or
Mic 2. In other words, there is no prior information on the
location of the two sources. Under this situation, for ex-
tracting the speech exclusively, there still remains another
problem even if the two sources are successfully estimated;
of the two estimated spectra, which is the human speech
and which is the undesired noise?

FastICA proposed by Hyvärinen [6] generates the sep-
arated signal in order of large non-Gaussianity. Human
speech is usually larger in non-Gaussianity than noises. Un-
der the above situation, therefore, the separated spectra
for a speech are yielded more frequently at Node A than at
Node B. In other words, Node A gives the spectral estimate
for a speech at higher probability than Node B. Therefore
it is concluded that permutations do not occur at many fre-
quency bins if the source 1 is a speech, and permutations
occur at many frequency bins if the source 2 is a speech.
This conclusion is formulated as a method for extracting
only the spectral estimate y∗(ω) of the human speech:

Y ∗ =

{
Y1 if #NoPerm > #Perm

Y2 if #NoPerm < #Perm
(30)

where Y ∗ = {y∗(ωm)‖m = 1, 2, · · · , M}, Yi = {yi(ωm)‖m =
1, 2, · · · , M} (i = 1, 2), M denotes the number of all the fre-
quency bins, and #NoPerm and #Perm denote the number
of frequency bins, respectively, with permutation and with-
out permutation.

MIC 1 MIC 2
10cm

Source 1  Source 2

10 10
oo

r1 r2

Figure 2: Locations of sources and microphones in experi-
ments.

Table 2: No permutation rates[%].

Noise Location 30[cm] 60[cm]
Proposed Correction 93.26 97.92
FastICA 89.77 90.93

6. EXPERIMENTAL RESULTS

In order to verify our proposals, several experiments were
carried out in a laboratory(L7.3m×W6.5m×H2.9m) where
the reverberation time was 0.5[sec] and the ambient noise
was 48.0[dB]. As shown in Fig. 2, Source 1 was located at
a distance of r1 = 10cm with 10◦ angle from Mic 1, and
Source 2 was located at a distance of r2 = 30, 60cm with
10◦ angle from Mic 2. Mic 1 and 2 with 10cm spacing were
the condenser microphones with band width 200-5000[Hz].

The microphone signals were sampled at the rate of
8KHz with 16[Bit] resolution. The sampled data were win-
dowed by Hamming window of frame length 16[msec] with
frame period 8[msec]. In the FastICA algorithm, the nonlin-

ear function was chosen as f(|un(ω, k)|2) =1−2/(e2|un(ω,k)|2

+1) and the weight were initialized by random numbers (-
1,1). The algorithm was iterated until the convergence cri-

terion |h
T
(ω)h+(ω)| > 0.999999 was satisfied.

Over a loudspeaker located at Source 2, we play a roar-
ing train noise recorded at a station premises [9]; departure
and arrival announcements and passengers’ conversations
were also included in the noise. The noise level was in av-
erage 82.1[dB] at a distance of r2=30cm and 76.3[db] at
a distant of r2=60cm from the loudspeaker. Under these
conditions, 4 kinds of Japanese words ( Tokyo, Sin Iizuka,
Kinki Daigaku, Sangyo Gijyutu Kenkyuhka ) were uttered
by 4 male and 4 female speakers at the position of r1=10cm.
In total, 64 data sets were obtained and the utterance du-
ration was from 2.3 to 6.9 seconds.

6.1. Permutation Correction

Table 2 shows no permutation rate which is defined by

NoPermRate =
#NoPerm

#NoPerm + #Perm
. (31)

From the results, it is found that the permutation problem
are well resolved by applying only FastICA. This reflects



Table 3: Speech extraction rates[%].

Noise Location 30[cm] 60[cm]
Proposed Method 100 100
Kurtosis 87.50 96.88
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Figure 3: Experimental results when a male speaker (tar-
get sound source) uttered ”Sangyou gijyutu kenkyuhka” un-
der the station premise noise from the loudspeaker (r2 =
30[cm]) � (a), (b) Mixed signals recorded by Mic 1 and 2
respectively. (c), (d) Restored signals of the male utterance
and the station premise noise, respectively, by the proposed
method. (e), (f) Restored signals by FastICA.

the property that FastICA separates a signal in order of
high non-Gaussianity. Much better rates are obtained by
our proposed correction rule given by Eqs.(26) to (29). The
further the noise source is located from the microphones and
thus the lower the noise level becomes, the higher no per-
mutation rates become in the case of our rule, while only
little improvement can be seen in the case of FastICA.

We examined what frequency bins the permutation oc-
curred at. In the case of our rule, the permutation occurred
at frequency bins with extremely small power spectrum.
In the case of FastICA, contrastedly, the permutation oc-
curred even at frequency bins with large power spectrum
and its occurrence was independent of magnitude of power
spectrum. This discrepancy in permutation occurrence at
frequency bins can be considered to result in the fact that
the restored waveform in Fig. 3(c) is much less noisy than
that in Fig. 3(e), although the no-permutation rate by
our proposal is only 3.5% higher than that by FastICA at
r2 = 30cm. By articulation tests, it was confirmed that the
restored utterances by our rule are much better than those
by FastICA. This test result can be also attributed to the
discrepancy of permutation occurrence at frequency bins.
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Figure 4: Experimental results when a male speaker uttered
”Sangyou gijyutu kenkyuhka” and a female speaker ”Shin
Iizuka” � (a), (b) Mixing signals recorded by Mic 1 and 2
respectively. (c), (d) Restored signals of the male and fe-
male utterance, respectively, by the proposed method. (e),
(f) Restored signals by FastICA.

6.2. Speech Extraction

In trial experiments for the FastICA algorithm, it was con-
firmed that, at 80% frequency bins, the separated spectrum
for a speaker’s utterance appeared at Node A, irrespective
of the speaker position.

Table 3 shows the speech extraction rates for the 64
data sets; the rate is defined by c/64 where c is the number
of times the estimate for the speaker’s utterance is properly
selected. As seen in the results, the method described in
Eq.(30) extracted only the human utterance without excep-
tion in both cases of r2 = 30 and 60[cm]. For comparison,
we computed the kurtosis of yi(t) given by inverse Fourier
transform of the spectral estimate yi(ω) and adopted yi(t)
of larger kurtosis as the human utterance. The rates by
this kurtosis based approach is 87.50% at r2 = 30[cm] and
96.88% at r2 = 60[cm]. These results mean that proposed
method is robust to the noise level, while the performance
of the kurtosis based approach depends on the noise level.

6.3. Source Estimation

For experiments for the source estimation, we acquired an-
other set of mixture data in the following way. One of two
speaker uttered a word at r1=10cm and the other uttered
another word at r2=10cm in Fig. 2. These words were
again uttered after changing the speaker’s position. Then
we acquired 4 sets of mixtures for a pair of words. This
data acquisition was repeated for 6 speakers (3 males and
3 females) and for 3 pairs of words. In total, 180 sets of
mixtures were obtained and their utterance duration was
from 2.3 to 4.1 seconds.

No permutation rate obtained by our permutation cor-
rection was 99.08% while the rate obtained by applying only



FastICA was 50.60%. This fact assures that the correction
rule is valid even if both of the two sources are speeches.
Fig. 4 shows the source estimates yi(t) recovered in the
time domain. From the results, it is found that there exist
less cross talk in Fig. 4(c) and (d) by our proposal while
in Fig. 4(e) and (f) by FastICA there exist much cross talk
because of the unresolved permutation described above. It
is also found that the waveforms in Fig. 4(c) and (d) are
properly scaled while those in Fig. 4(e) and (f) not.

7. CONCLUSIONS

In the present paper, it has been clarified that the split spec-
trum is uniquely determined in terms of the sound source
and its propagating characteristics to the microphone. Tak-
ing advantage of this fact, the permutation correction rule
has been proposed under the condition that, of the two
sources, the source 1 is in the side of a microphone and
the source 2 is in the side of the other microphone. This
rule can give the estimates for the source signals, too. The
method for extracting only a human speech has been also
proposed by taking advantage of the rule, the FastICA’s
useful property that the signal is separated in order of large
non-Gaussianity and the fact that human speech signals
are usually larger in non-Gaussianity than noises. The pro-
posed rule and method have been verified by several ex-
periments in a real room. The assumption on source and
microphone location can lead to phase inequalities, from
which another permutation correction can be developed.
The results will be reported later.
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Appendix: Derivation of Eqs.(20),(21),(24) and (25)

First, consider the case where both permutation and
scaling occur:

HQG = PD (32)

where P is the permutation matrix and D = diag[d1, d2] is
the scaling matrix. Then, the separated signal u =[u1, u2]

T

is developed as u = Hx̃ = HQGs = PDs where x̃(= Qx)
is the convolved mixture after whitening. Hence,

[
u1

u2

]
=

[
d1s2

d2s1

]
(33)

Note that the separated signal is the permuted version of
source with indeterminate scaling. The split spectra vA =
[vA1, vA2]

T generated at Node A is developed as
[

vA1

vA2

]
= (HQ)−1

[
u1

0

]
=

GD−1P
[

u1

0

]
=

1

d1

[
g12u1

g22u1

]
(34)

Therefore, from u1 =d1s2 in Eq.(33), the split spectrum is
found to be expressed as a product of the second source s2

and its transfer function gj2 (j = 1, 2) to the j-th micro-
phone:

[
vA1

vA2

]
=

[
g12s2

g22s2

]
(35)

The other split spectrum vB = [vB1, vB2]
T generated at

Node B is expanded as
[

vB1

vB2

]
= (HQ)−1

[
0
u2

]

= GD−1P
[

0
u2

]
=

1

d2

[
g11u2

g21u2

]
(36)

and, from u2 = d2s1 in Eq.(33), is found to be expressed as
a product of the first source s1 and its transfer function gj1

(j = 1, 2) to the j-th microphone:
[

vB1

vB2

]
=

[
g11s1

g21s1

]
(37)

Next, consider the case where the scaling is indetermi-
nate but no permutations occur:

HQG = D (38)

Hence, the separated signal is developed as u = HQGs =
Ds, and is given in the same ordering to the source, i.e.,
[u1, u2]

T = [d1s1, d2s2]
T . Therefore, from u1 = d1s1, the

split spectra generated at Node A is found to be expressed
as

[
vA1

vA2

]
=

[
g11s1

g21s1

]
(39)

From u2 = d2s2, the split spectra generated at Node B is
found to be expressed as

[
vB1

vB2

]
=

[
g12s2

g22s2

]
(40)
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