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ABSTRACT

We propose a novel beamforming method that is complementar-
ily combined with the time-frequency domain independent com-
ponent analysis (TF-ICA). Under reverberant environments, per-
formance of TF-ICA is known to be limited. On the other hand,
when time period in which there are only noise sources (noise-only
period) is given, beamforming based on multichannel spatial pre-
diction (MSP-BF) are shown to achieve good noise reduction per-
formance. The proposed method applies noise-period identifica-
tion based on the output of TF-ICA to obtain a noise-only period.
MSP-BF using the obtained noise-only period is performed. Fur-
thermore, to avoid performance degradation, the proposed method
selects the better output signal obtained by TF-ICA and MSP-BF.
Experimental results under a reverberant environment indicate that
the proposed method outperforms TF-ICA. Furthermore, thanks to
output-signal selector, even when there are no noise-only periods,
performance degradation can be avoided.

1. INTRODUCTION

Multichannel noise-reduction techniques have been widely stud-
ied. In particular, for conference-recording systems or video-
conferencing systems, noise-reduction techniques that work well
under reverberant environments are strongly required. Minimum
variance beamformer [1] and generalized sidelobe canceller [2] are
frequently used. As for these beamforming techniques, the impulse
response between the target source and a microphone array is one
important system parameter. When the impulse response is given,
a completely-noise-reduced signal can be achieved by conventional
methods [3]. However, obtaining the impulse response of a target
source from mixed signals of the target source and the noise sources
is difficult and not realistic. Recently, blind source separation (BSS)
techniques, such as independent component analysis (ICA), have
been studied [4][5]. ICA can reduce noise without pre-knowledge
of the impulse response between the target source and a micro-
phone array. It only requires that the target source and noise sources
are mutually independent. Accordingly, ICA is commonly used as
an alternative noise-reduction method to conventional beamforming
techniques. For example, ICA performed in the time-frequency do-
main (TF-ICA) is a popular approach. However, Araki, et al. [6]
found that the performance of TF-ICA is limited under reverberant
environments. To overcome this limitation of TF-ICA, ICA in the
subband domain [7] or a combination of TF-ICA with ICA in the
time domain [4] have been studied. However, even if subband ICA
or time-domain ICA are used, it is very hard that the separation filter
of ICA converges under reverberant environments.

On the other hand, aiming to improve noise-reduction perfor-
mance of beamforming techniques under reverberant environments,
the authors have proposed a novel beamforming technique based
on multichannel spatial prediction (MSP-BF) [8]. MSP-BF does
not require the impulse response of the target source, and it can re-
duce non-stationary noise under reverberant environments. More-
over, it requires a time period in which there are only noise sources
(noise-only period). In this paper, we propose a novel beamform-
ing method that is complementarily combined with TF-ICA. Using

the output signals of TF-ICA, Noise period identification detects a
noise-only period. The noise-reduction filter of MSP-BF is adapted
according to the obtained noise-only period, and the target source
component is extracted from the noisy input signal by MSP-BF. To
avoid performance degradation when there are no noise-only pe-
riod, the proposed method selects the better output signal of either
TF-ICA orMSP-BF according to the non-linear correlation between
the output target source estimation and the noise-source estimation.
Experimental results in the case of a reverberant environment (re-
verberation time is about 300 ms) indicate that the noise reduction
performance of the proposed method is higher than that of TF-ICA.
Furthermore, thanks to an output-signal selector, even when there is
no noise-only period, performance degradation can be avoided.

2. PROBLEM STATEMENT

2.1 Input Signal Model

M is defined as the number of microphones. N is defined as the
sum of the number of target signals Ns and the number of noise
signals Nn. The received sound signal at the m-th microphone el-
ement is given as xm(t). t is the sampling number of an A/D con-
verter. The original source signal of the i-th target signal is de-
scribed as si(t), and that of the i-th noise signal is described as
ni(t). hi,m is the impulse response of the i-th target signal be-
tween the i-th source position and the m-th microphone. gi,m is
the impulse response of the i-th noise signal.xm(t) is defined as

xm(t) = ∑
Ns−1
i=0

(

hi,m ∗ si(t)
)

+ ∑
Nn−1
i=0

(

gi,m ∗ni(t)
)

, where ∗ is the
operator of convolution. In this paper, the noise reduction is defined

as extraction of the target source component ∑
Ns−1
i=0

(

hi,c ∗ si(t)
)

at

the c-th microphone from M noisy input signals [x1(t), . . . ,xM(t)].
c is defined as the target microphone index.

2.2 Subband Beamformer with Multichannel Prediction [8]

Subband beamfomer with multichannel spatial prediction (MSP-
BF) has been shown to achieve good noise reduction under re-
verberant environments [8]. MSP-BF does not require the im-
pulse response of the target source; it requires a time period in
which there are only noise sources. For easy description, the target
source component of the recorded signal in the m-th microphone

is replaced as ym(t) = ∑
Ns−1
i=0

(

hi,m ∗ si(t)
)

, and the noise source

component is replaced as vm(t) = ∑
Nn−1
i=0 (gi(t)∗ni(t)). Therefore,

xm(t) = ym(t) + vm(t). xm(t) is transformed into subband domain
signal xm(k, t) by DFT filter bank [9], k is the subband index, and
xm(k, t) is the k-th subband signal at the m-th microphone. MSP-BF
for each subband is composed of two processes; noise reduction and
distortion-restoration.

2.2.1 Noise Reduction Process

vm(k, t) is removed from xm(k, t) by multichannel spatial prediction
with no constraint on the target source as follows:

ŷm(k, t) = xm(k, t)−amxe
m(k, t), (1)
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where xe
m(k, t) is the noisy input signal that do not

include the noisy signal at the m-th microphone,

xe
m(k, t) = [x1(k, t)

T , . . . ,xm−1(k, t)
T ,xm+1(k, t)

T , . . . ]T ,
xm(k, t) = [xm(k, t),xm(k, t − 1), . . . ,xm(k, t − L + 1)]T , and
(M−1)L is the length of the noise reduction filter. am is the spatial
prediction coefficient of the noise in the m-th microphone, and it
is adapted in the time period when there is only one noise source
(noise-only period) so as to remove noise component vm(k, t) as
follows:

am ← argmin
am

∑
t∈Tn

||vm(k, t)−amve
m(k, t)||2,

am = ∑
t∈Tn

vm(k, t)ve
m(k, t)H( ∑

t∈Tn

ve
m(k, t)ve

m(k, t)H)−1, (2)

where H is the operator for conjugate transpose, and Tn is the noise-
only period. In MSP-BF, the noise-only period is assumed to be
pre-defined. In Eq. 1, amxe

m(k, t) is the estimate of the noise com-
ponent in them-th microphone, and the noise component in them-th
microphone can be filtered out by the subtraction. The noise reduc-
tion process can be executed without pre knowledge of the impulse
response of the target source. The output signal ŷm(k, t) is noise-
less, but the target source component in ŷm(k, t) is greatly distorted.
The target source component in the output signal of noise reduction
process is ym(k, t)−amye

m(k, t). The second term is not always 0-
valued and causes distortion of the target source component. The
distortion is restored described as follows.

2.2.2 Distortion-Restoration Process

From the m-channel noise-less signal ŷm(k, t), the target source
component in the c-th microphone is restored as follows:

ŷc(k, t) ← w(k)ŷ(k, t), (3)

where ŷ(k, t) = [ŷ1(k, t)
T , . . . , ŷM(k, t)T ]T ,ML2 is the length of the

restoration filter, and ŷ1(k, t) = [ŷ1(k, t), . . . , ŷ1(k, t−L2+1)]T . The
restoration filter w(k) is updated so as to approximate the filtered
signal to the target microphone input signal xc(k, t) as follows:

w(k) ← argmin
w(k)

(

∑
t∈Tmix

||xc(k, t)−w(k)ŷ(k, t)||2 +

µ ∑
t∈Tn

||w(k)ŷ(k, t)||2
)

, (4)

where Tmix is the time period when the target sources and the noise
sources are mixed, and ŷ(k, t) in the second term of the cost func-
tion is the residual noise component after the noise reduction pro-
cess in the noise-only period. The first term of the cost function
of Eq. 4 is a penalty for the distortion of the target source, and the
second term is a penalty for the residual noise. µ is the weighting
coefficient of the second term. When µ is set to 0, residual noise is
ignored, and when µ is set to be a large-value, the residual noise is
reduced as distortion of the target source increases.

2.3 Time-FrequencyDomain ICA (TF-ICA)

The signal representation domain of xm(t) is converted into the
time-frequency domain as xm( f ,τ), where f is frequency, and τ
is the frame index. The i-th source component, yi( f ,τ) can be ex-
tracted by the M channel linear filter wi( f ) as follows:

yi( f ,τ) = wi( f )x( f ,τ), (5)

where x( f ,τ) = [x1( f ,τ), . . . ,xM( f ,τ)]T .
The separation filter W ( f ) = [w1( f )

T , . . . ,wM( f )T ]T at each
frequency bin is updated at each iteration t as follows:

W ( f )t+1 = W ( f )t +η(I − 〈 ϕ(Y ( f ,τ))Y ( f ,τ)H〉)W ( f )t , (6)

where 〈 ·〉 is the operator for mathematical expectation, Y ( f ,τ) =
[y1( f ,τ), . . . ,yM( f ,τ)], and ϕ is the derivative of the probability of
sources. In this paper, the derivative of multivariate Laplacian dis-
tribution [5] is used. Thanks to multivariate Laplacian distribution,
the permutation problem can be solved automatically by Eq. 6. To
obtain the i-th source in each microphone, the separation filter is
modified to obtain as follows:

Wi( f ) ← W −1( f )ΛiW ( f ), (7)

where Wi( f ) is the filter that separates the i-th source component
from the multichannel input signal, only the (i, i) component of Λi

is 1, and the other components of Λi are 0. In Eq. 7, ambiguity
of the energies of the output signals is solved, because when the
separation filter in Eq. 6 is P times larger, the same separation filter

in Eq. 7 can be obtained, as Wi( f ) ← P−1W −1( f )ΛiPW ( f ) =
W −1( f )ΛiW ( f ). The i-th source component at each microphone
position is obtained as follows:

yi( f ,τ) = Wi( f )x( f ,τ), (8)

where yi( f ,τ) = [yi,1( f ,τ), . . . ,yi,M( f ,τ)]T , yi,m( f ,τ) is estimation
of the i-th source at the m-th microphone.

3. PROPOSED METHOD

TF-ICA can separate sources blindly, but under reverberant envi-
ronments, the separation performance of TF-ICA is limited. On the
other hand, MSP-BF can reduce noise under reverberant environ-
ments, but a noise-only period is required. Therefore, to reduce
noise under reverberant environments by MSP-BF, the most impor-
tant task is to detect the noise-only period. To detect the noise-only
period, voice activity detection technique (VAD) is frequently used.
When the noise sources are stationary and the sound volume of the
noise sources are less than that of the target sources, noise-only
period can be easily obtained by VAD. However, when the noise
sources are non-stationary and their sound volume is equivalent to
or more than that of the target sources, noise-only period is diffi-
cult to detect. To overcome this problem, a detection technique for
noise-only period based on TF-ICA is proposed. In the proposed
method, TF-ICA is used for only estimation of the ratio between
the sound volume of the target sources and that of the noise sources
(target power ratio) at each frame. It can be assumed that estima-
tion of target power ratio is easier than estimation of the waveform
of the sound sources. Therefore, even if TF-ICA cannot separate
sources completely, target power ratio can be estimated. In TF-
ICA, from the view point of computational cost, STFT (short term
Fourier transform ) is adopted. In the STFT domain, the convolu-
tion in the time domain can be approximated as an instantaneous
mixture. In MSP-BF, to reduce noise correctly, the signal is mod-
eled as a convolutive mixture in the frequency domain. However,
In the STFT domain, it is not possible to obtain an accurate convo-
lutive mixture in each frequency bin. The approximation error of
the convolution causes degradation of the noise-reduction perfor-
mance of MSP-BF. To achieve an accurate convolutive mixture in
the frequency domain, DFT filter bank is used in MSP-BF.

The block diagram of the proposed method is shown in Fig. 1.
At first, TF-ICA is performed, and the output streams of TF-ICA
are divided into either target streams or noise streams by direction
of arrival (DOA) estimation. When the estimated direction of the
i-th stream is within the target source direction area, Ωs, the i-th
stream is recognized as the target stream. Otherwise, the i-th stream
is recognized as the noise stream. Ωs needs to be pre-defined. Af-
ter extraction of target stream and noise stream, target power ratio
at each frame is estimated. Time period when there are only noise
sources (noise-only period) and time period when there is the target
source (target-period) are identified by target-power-ratio estima-
tion. The noise reduction filter of MSP-BF is adapted according to
the identified noise-only period, and the restoration filter of MSP-
BF is adapted according to the identified target period. The target
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Fig. 1. Block diagram of proposed method

source component in the noisy input signals is extracted by MSP-
BF. To avoid performance degradation when there are no noise-only
periods, the proposed method selects the better output signal of ei-
ther TF-ICA or MSP-BF according to the non-linear correlation,
power envelope correlation, between the output-target-source esti-
mation and the noise-source estimation

3.1 Target Stream and Noise Stream Extraction byDOA Esti-
mation

DOA of the i-th ICA output stream is estimated at each time-
frequency point as follows:

θi( f ,τ) = argmax
θ

|aθ ( f )Hyi( f ,τ)|, (9)

where aθ ( f ) is the steering vector of direction θ , which is cal-

culated by the microphone-array alignment, and |aθ ( f )|2 is nor-
malized to 1. When DOA of the i-th stream is φ , yi( f ,τ) =
si( f ,τ)aφ ( f ), and |aθ ( f )Haφ ( f )| has maximum value when θ =
φ . In this case, DOA estimation result θi( f ,τ) is φ . And yi( f ,τ)
can be replaced by yi( f ,τ) = Wi( f )x( f ,τ), and Wi( f ) is replaced
by Eq. 7. Therefore,

θi( f ,τ) = argmax
θ

|aθ ( f )HW −1( f )ΛiW ( f )x( f ,τ)|,

θi( f ,τ) = argmax
θ

|aθ ( f )HW −1( f )1isi( f ,τ)|, then

θi( f ,τ) = θi( f ) = argmax
θ

|aθ ( f )HW −1( f )i|

where 1i is a vector (only i-th element is 1 value, other elements are

0 value), si( f ,τ) is the i-th element of W ( f )x( f ,τ), and W −1( f )i
is the i-th column of W −1( f ). θi( f ,τ) histogram is obtained as
follows:

Pi(θ) = ∑
f

{

∑τ max(log |yi( f ,τ)|2,0) when θ = θi( f )

0 otherwise
, (10)

where δ (x) is 1 value only when x is true, otherwise, δ (x) is 0.
DOA of the i-th stream θi is estimated by peak-searching for Pi(θ)
depicted in Fig. 2 DOA of the target source (the target source area
Ωs) is assumed to be pre-defined as “from -30 degrees to +30 de-
grees”. When DOA of the i-th source is within Ωs, this source is
recognized as the target source. Otherwise, this source is recog-
nized as the noise source.

Fig. 2. DOA estimation of each stream

3.2 Noise Period Identification Based on Target Power Ratio
Estimation

Target power ratio at each time point, R(τ), is calculated from TF-
ICA output signals as follows:

R(τ) =
Ps(τ)

Ps(τ)+Pn(τ)
, (11)

where Ps(τ) and Pn(τ) are power estimates of the target source and

the noise source and are defined as Ps(τ) =
√

∑ f ∑θi∈Ωs
|yi( f ,τ)|2,

Pn(τ) =
√

∑ f ∑θi /∈Ωs
|yi( f ,τ)|2. Noise-only period is identified by

using R(τ) in the following procedure.

1. Execute K-means clustering of R(τ).
2. Sort clusters by the center value of each cluster in ascending

order. Let ri is the center value of the i-th cluster, and pi is the

occupancy of the i-th cluster, which is defined as pi = Ni

∑ j N j
,

where N j is the number of the elements connected with the i-th
cluster.

3. Sum pi until the summed value psumis smaller than the given

threshold. Let psum = ∑
ith
i=1 pi. ith is the index of the cluster

whose center value is the biggest among the summed clusters.

4. Regard clusters whose index is less than ith are as noise clusters,
and other clusters as target clusters.

5. Set the average value Rth between the ith-th cluster and the
(ith + 1)-th cluster as the threshold for identification of noise-
only period and target period.

6. Perform voice-activity-detection based on R(τ) and the thresh-
old Rth. Short pause of the target source is permitted. The
frames at which R(τ) transiently exceeds threshold are also re-
garded as a target-period.

7. Regard continuous frames in which there is no target source as
noise-only period.

8. When a noise-only period is not detected, the threshold of the
occupancy of the noise source becomes lower, and return to step
2. Similarly, when the target-period is not detected, threshold
of the occupancy becomes higher, and return to step 2. When
both noise-only period and target-period are detected, stop the
procedure.

When the target source is mixed into a detected noise-only pe-
riod, the noise reduction filter of MSP-BF is adapted so as to cancel
the target source. On the other hand, a false detection of an noise-
only period as the target period is not critical. The proposed method
is designed not to mistakenly detect a target period as an noise-only
period.
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3.3 Output Signal Selector

Let ŷc( f ,τ) be the target source estimate in the time-frequency do-
main, and xc( f ,τ)− ŷc( f ,τ) be the noise-source estimate. The coef-
ficient of correlation between the target source and the noise source
is one candidate for the criteria of output-signal selector. However,
primarily, the noise-source estimate and the target source estimate
of both MSP-BF and TF-ICA are uncorrelated. Therefore, the sim-
ple correlation between the noise source estimate and the target
source estimate is not suitable for the criteria of the output signal
selector. In this paper, a power-envelope correlation, which is not
the criterion of the nonlinear correlation in TF-ICA adaptation, is
set as the criterion of the output signal selector. Power-envelope
correlation at frequency f , r( f ), is defined as the correlation be-

tween |ŷc( f ,τ)|2 and |xc( f ,τ)− ŷc( f ,τ)|2. The output signal se-
lector selects the better signal yout( f ,τ) at every frequency bin as
follows:

yout( f ,τ) =

{

yica( f ,τ) if rmsp( f ) ≥ rica( f )
ymsp( f ,τ) else

, (12)

where yica( f ,τ) is the target-source estimation of TF-ICA at each
time-frequency point, ymsp( f ,τ) = STFT(Synth(yc(k, t))), yc(k, t)
is the output signal of MSP-BF obtained from Eq. 3, STFT(·) is the
operation of STFT, Synth(·) is the operation of the synthesis opera-
tion from subband domain to time domain, and r is the correlation
coefficient of power envelelopes of the estimated target source and
the estimated noise source.

4. EXPERIMENT

Noise reduction performance of the proposed method under a re-
verberant environment (RT60 is about 300 ms) was evaluated. The
noisy input signal was made by convolution of the impulse re-
sponses that were recorded in the experimental environment. The
noise sources were human speech, office noise. The target sources
were set to be human speech. The speech sources were obtained
from ATR speech database. The number of the microphones in the
microphone array was 12. The length of the microphone array was
0.70 m. The number of target sources was 1, and the number of
noise sources was set to 1 or 2. The location of the sound sources
are shown in Fig .3. SNR of the noisy input signal was set to 0
dB. The wavelength of the noisy input signal was set to about 10
seconds. The sampling rate was set to be 8000 Hz. The evaluation
measures are SIR (signal interference rate), and PESQ [10]. SIR is

defined as SIR = 10log10
∑
Lwave
t=0 (s(t))2

∑
Lwave
t=0 (n̂(t))2

, s(t) is target source signal,

n̂(t) is the residual noise signal after noise reduction, n̂(t) is calcu-
lated by the output signal after noise reduction with noise only input
signal, and Lwave is the length of waves. When SIR and PESQ are
high, performance of the noise reduction system is also high.

The proposed method was evaluated in two forms. One form is
the combination of TF-ICA and MSP-BF without the output selec-
tor (“PROPOSED”). The another is the combination method of TF-
ICA,MSP-BF, and the output selector (“SELECT”). These methods
are compared with TF-ICA and MSP-BF using the given noise-only
period (“ORACLE”). The upper performance limit of the proposed
method is equivalent to “ORACLE”.

Table. 1 (a) lists the experimental results for the case of one
human-speech noise. “density”is the ratio of the length of the

target-period Ltarget to total wavelength Lwave,
Ltarget
Lwave

. Table. 1 (b)

lists the experimental results for office noise. Table. 1 (c) lists the
experimental results for two human-speech noises. When the den-
sity of the target sources are from 34% to 74% , SIR and PESQ
of “PROPOSED”are much higher than those of TF-ICA. As for
comparison of “PROPOSED”with “SELECT”, SIR of “SELECT”
is slightly less than that of “PROPOSED”. However, PESQ of “SE-
LECT”is almost the same as that of “PROPOSED”. The differ-
ence between the output signals of “SELECT”and “PROPOSED”
is considered to be less than the audible level. When the density of
the target source is 100%, there is no noise-only period. Therefore,

Fig. 3. Location of sound sources

the output signal of “PROPOSED”is distorted. PESQ of “PRO-
POSED”is less than that of TF-ICA. However, PESQof “SELECT”
is better than that of “PROPOSED”. This indicates that thanks to the
output signal selector, the distorted-frequency component of MSP-
BF is replaced by the frequency component of TF-ICA. The spec-
trograms of the output signals and the result of noise-only period
identification are shown in Fig. 4. Compared with the residual
noise signal for TF-ICA, that for “PROPOSED”and “SELECT”
is significantly reduced.

5. CONCLUSION

In this paper, we proposed a novel beamforming method that is
complementary combined with time-frequency domain indepen-
dent component analysis (TF-ICA). Noise-only period can be ob-
tained by noise period identification using the output signals of
TF-ICA. A noise reduction filter of MSP-BF (beamforming based
on multichannel spatial prediction) is adapted according to the ob-
tained noise-only period. To avoid performance degradation, the
proposed method selects the better output signal obtained by TF-
ICA and MSP-BF. The cost function used in the output-signal se-
lector is power-envelope correlation between output-target-source
estimation and noise-source estimation. Experimental results for a
reverberant environment indicate that the proposed method outper-
forms TF-ICA. Furthermore, thanks to the output signal selector,
even when there are no noise-only periods, performance degrada-
tion can be avoided.

REFERENCES

[1] O. L. Frost, III, “An algorithm for linearly constrained adaptive
array processing,”In Proc. IEEE, vol. 60, no. 8, pp. 926-935,
1972.

[2] L. J. Griffith and C. W. Jim, “An alternative approach to linearly
constrained adaptive beamforming,”IEEETrans. AP, vol. 30, i.
1, pp. 27-34, 1982.

[3] J. Benesty, et al., “On microphone-array beamforming from
a MIMO acoustic signal processing perspective,”IEEETrans.
ASLP, vol. 15, pp. 1053-1065, 2007.

[4] T. Nishikawa, et al., “Blind source separation based on multi-
stage ICA combining frequency-domain ICA and time-domain
ICA”, Proc. ICASSP2002, vol. I, pp. 2938-2941, 2002.

153



Table 1. Experimental results: the better result of “PROPOSED”and “SELECT”is highlighted in each column.
(a) The number of noise sources is 1. Noise source is human speech.

# density SIR (dB) PESQ
TF-ICA PROPOSED SELECT ORACLE PRE PESQ TF-ICA PROPOSED SELECT ORACLE

1 34 % 18.69 46.82 46.77 53.00 1.99 2.65 3.89 3.92 3.99
2 53 % 19.29 45.84 44.01 52.15 2.22 2.79 3.94 3.93 4.02
3 74 % 17.83 38.21 31.66 51.98 2.20 2.77 3.41 3.49 4.04
4 100 % 15.91 20.64 18.30 51.22 2.05 2.59 1.39 2.35 4.04

(b) The number of noise sources is 1. Noise source is office noise.
# density SIR (dB) PESQ

TF-ICA PROPOSED SELECT ORACLE PRE PESQ TF-ICA PROPOSED SELECT ORACLE
1 34 % 18.25 43.25 43.38 51.13 1.85 2.82 3.66 3.72 3.79
2 53 % 18.38 42.61 29.97 50.32 1.85 2.75 3.76 3.77 3.99
3 74 % 17.68 41.32 39.02 49.50 1.84 2.79 3.72 3.71 4.06
4 100 % 13.55 36.47 14.99 49.53 1.88 2.59 1.55 2.58 4.00

(c) The number of noise sources is 2. Noise sources are human speech.
# density SIR (dB) PESQ

TF-ICA PROPOSED SELECT ORACLE PRE PESQ TF-ICA PROPOSED SELECT ORACLE
1 34 % 18.79 40.71 29.93 47.41 1.85 2.67 3.37 3.35 3.60
2 53 % 15.13 40.61 31.18 45.85 2.07 2.73 3.60 3.57 3.70
3 74 % 17.14 36.54 34.39 46.17 2.08 2.79 3.47 3.47 3.72
4 100 % 14.53 11.13 14.96 45.21 1.80 2.53 1.82 2.34 3.72

(a) Spectrograms of the output signals

(b) Result of noise-only period identification

Fig. 4. Spectrograms of the output signals and result of noise-only
period identification: The number of noise sources is 1.

[5] T. Kim, et al., “Blind source separation exploiting higher-order
frequency dependencies,”IEEETrans. ASAP, vol. 15, no. 1, pp.
70-79, 2007.

[6] S. Araki, et al., “The fundamental limitation of frequency
domain blind source separation for convolutive mixtures of
speech,”IEEETrans. SAP, vol. 11, no. 2, pp. 109-116, 2003.

[7] S. Araki, et al., “Subband-based blind separation for convo-
lutive mixtures of speech,”IEICETrans. Fundamentals, E88-
A(12), pp. 3593-3603, 2005.

[8] M. Togami, et al., “Subband nonstationary noise reduction
based on multichannel spatial prediction under reverberant en-
vironments,”Proc. ICASSP2009, pp. 133-136, 2009.

[9] R. Crochiere and L. Rabiner, Multirate Digital Signal Process-
ing, Prentice-Hall, Englewood Cliffs, NJ, 1983.

[10] ITU-T Rec. P. 862, “Perceptual evaluation of speech qual-
ity (PESQ), an objective method for end-to-end speech qual-
ity assessment of narrowband telephone networks and speech
codecs,” International Telecommunication Union, Geneva,
Switzerland, 2001.

154


