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ABSTRACT

This paper proposes a reference signal extraction method for a semi-adaptive sound reproduction system based on
semi-blind source separation (semi-BSS) under a noisy environment. Since the fluctuation of room transfer functions
degrades the reproduced sound, we have proposed a semi-adaptive sound reproduction system that updates the inverse
filters. However, in a noisy environment, it is difficult to observe only the reference signal. Therefore, we introduce
semi-BSS based on frequency domain independent component analysis (FDICA) to the semi-adaptive sound reproduction
system for extraction of the reproduced signal from the noisy observed signal. First, we obtain the noise signal from the
noisy observed signal by semi-BSS. Next, the estimated reference signal is obtained by subtracting the noise signal from
the observed signal. In a simulation using real environmental data, the proposed method can extract the reference signal
with a high signal-to-deviation ratio (SDR) when RTFs were changed by temperature fluctuation.

INTRODUCTION

In order to realize a sound reproduction system with several
loudspeakers, it is important to design inverse filters which can-
cel the effects of room transfer functions (RTFs) (Bauck and
Cooper 1996). The RTFs vary depending on environmental vari-
ations (such as variations of speed of sound due to temperature
fluctuations, change of reflection conditions due to changes in
indoor items, etc.) and are not time invariant. Therefore, the
reproduction accuracy is deteriorated by environmental vari-
ations in a sound reproduction system using a fixed inverse
filter coefficients. Also, if unstable inverse filters enlarging the
original signal are used, variation of the RTFs cause deteriora-
tion of sound quality, it is necessary to either re-estimate the
RTFs after variations or to adaptively relax the inverse filters.
Therefore, in sound reproduction systems that use fixed inverse
filters, reproduction accuracy is degraded by fluctuations in the
environmental. As an adaptive design procedure for the inverse
filters, a method has been proposed for updating the inverse
filter coefficients by means of reference microphones set up at
several control points (Elliott et al. 1987, Nelson et al. 1992).
However, since the reference microphones must be placed near
the ears of the listener, hearing is significantly impaired.

We previously proposed a semi-adaptive sound reproduction
system that compensates for environmental fluctuations, such as
temperature fluctuations (Tatekura et al. 2002, Yai et al. 2008),
and an inverse filter relaxation algorithm (Tatekura et al. 2005)
in order to maintain the quality of the reproduced sound. In this
system, one monitoring microphone can be placed at a location
that does not restrict the listener, and the inverse filters can be
updated by the signal observed at the monitoring microphone
as a reference signal. However, since the environment normally
contains several noise sources, it is difficult to observe only the
reproduced signal by the conventional system.

To resolve this problem, we herein propose a method for observ-
ing only the reproduced signal in a noisy environment using
the semi-adaptive sound reproduction system. In the proposed
method, we introduce semi-blind source separation (semi-BSS)

(Even et al. 2008) to the semi-adaptive sound reproduction
system for extraction of the reproduced signal from the noisy
observed signal.

SEMI-ADAPTIVE SOUND REPRODUCTION SYS-
TEM

Sound reproduction system and inverse filters

In this section, we describe the design method of the inverse
filter in the frequency domain for sound reproduction system.
In the following, we assume a multichannel sound reproduction
system with M secondary sound sources Lm (m = 1,2, · · · ,M)
and N control points Cn (n = 1,2, · · · ,N). We define the matrix
representing the RTF, the inverse filter, the original sound source
signal, and the reproduced sound be G(ω), H(ω), D(ω), and
X(ω), respectively.

The matrices can be expressed as follows:

G(ω) =


G11(ω) G12(ω) . . . G1M(ω)
G21(ω) G22(ω) . . . G2M(ω)

...
...

. . .
...

GN1(ω) GN2(ω) . . . GNM(ω)

 (1)

H(ω) =


H11(ω) H12(ω) . . . H1N(ω)
H21(ω) H22(ω) . . . H2N(ω)

...
...

. . .
...

HM1(ω) HM2(ω) . . . HMN(ω)

 (2)

D(ω) = [D1(ω),D2(ω), · · · ,DN(ω)]T (3)

X(ω) = [X1(ω),X2(ω), · · · ,XN(ω)]T , (4)

where ω denotes the frequency, G ji(ω) is the RTF and Hi j(ω)
is the inverse filter coefficient. i (= 1,2, · · · ,M) is the order of
the secondary sound source and j (= 1,2, · · · ,N) is the order
of the control point. D j(ω) is the original sound reproduced at
control point j and X j(ω) is the reproduced sound at control
point j.
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Figure 1: Extraction of the reproduced signal from the noisy observed signal by semi-BSS in the semi-adaptive sound reproduction
system.

The reproduced signal X(ω) can be expressed as follows in
terms of the matrices given above:

X(ω) = G(ω)H(ω)D(ω). (5)

Since our objective is to achieve control such that D(ω) =X(ω)
in sound reproduction, the inverse filter H(ω) can be obtained
by deriving the inverse matrix of the room transfer function
G(ω). That is, the inverse filter design method is reduced to
solving the following linear equation:

G(ω)H(ω) = IN , (6)

where IN is the N×N identity matrix. The inverse filter H(ω)
can be derived as the generalized inverse matrix of G(ω) in the
case of M > N. Since the solution becomes underdetermined if
there is no rank reduction, the generalized Moore-Penrose (MP)
inverse matrix with the least norm solution (LNS) (Kaminuma
et al. 1999) is used. In the following, the generalized MP inverse
matrix of G(ω) is expressed as G†. In order to derive the gen-
eralized MP inverse matrix, the singular value decomposition
(SVD) of G(ω) is carried out as follows:

G(ω) = U(ω) ·
[
PN(ω), ON,M−N

]
·VH(ω) (7)

PN(ω)≡ diag
[
µ1(ω), . . . ,µN(ω)

]
, (8)

where U(ω) is N×N orthogonal matrix, V(ω) is M×M or-
thogonal matrix, VH(ω) is the Hermitian transposed matrix of
V(ω), and ON,M−N indicates the N×(M−N) null matrix. Also,
µk(ω) (k = 1, . . . , N, µk(ω)≥ µk+1(ω)) denotes the singular
values. By using Eq.(7), the generalized MP inverse matrix of
G(ω), G†(ω), can be given by

G†(ω) = V(ω) ·
[

P−N (ω)
OM−N,N

]
·UH(ω), (9)

where

P−N (ω)≡ diag
[
ξ1(ω), . . . ,ξN(ω)

]
(10)

ξk(ω) =

{ 1
µk(ω)

µk(ω) 6= 0
0 otherwise

. (11)

By computing the inverse matrix G†(ω) for each frequency, the
inverse filter H(ω) can be designed.

Semi-adaptation and its problem

For the cases in which the RTFs do not fluctuate, the observed
signal X(ω) can be written as Eq. (5). However, the RTFs are
not time invariant and vary with fluctuations in the environment.
If Ĝ(ω) represents the RTFs obtained after the fluctuation of
G(ω), then Ĝ(ω) is given by

Ĝ(ω) = G(ω)+∆G(ω), (12)

where

∆G(ω) =


∆G11(ω) ∆G12(ω) . . . ∆G1M(ω)
∆G21(ω) ∆G22(ω) . . . ∆G2M(ω)

...
...

. . .
...

∆GN1(ω) ∆GN2(ω) . . . ∆GNM(ω)

 (13)

expresses the difference between the original RTFs G(ω) and
the fluctuated RTFs Ĝ(ω). Here, the observed signal after fluc-
tuation X̂(ω) can be expressed as

X̂(ω) = Ĝ(ω)H(ω)D(ω)

= D(ω)+∆G(ω)H(ω)D(ω). (14)

The left-hand side of Fig. 1 shows an overview of a semi-
adaptive sound reproduction system. Let the Nth control point
be the control point for signal observation. The monitoring
microphone CN is set apart from the listener so as to promote
agreeable listening. The observed signal after fluctuation X̂N(ω)
observed at the monitoring microphone CN is also given by

X̂N(ω) = DN(ω)+∆GN(ω)H(ω)D(ω), (15)

where

∆GN(ω) = [∆GN1(ω), ∆GN2(ω), · · · , ∆GNM(ω)] (16)

represents the RTFs from each loudspeaker to the monitoring
microphone. Using the observed signal X̂N(ω) as the reference
signal, all of the inverse filters can be updated.

However, these semi-adaptive algorithms are assumed to detect
only the reproduced sound from the system by the monitoring
microphone. If there are any noise sources inside or outside the
reproduced room, the monitoring microphone detects X̂N(ω)+
N(ω) rather than X̂N(ω), where N(ω) is the noise signal. As
such, when several background noises, such as the voice of the
user, are also observed, the algorithms do not necessarily work
correctly. Therefore, we must extract only the reproduced signal
X̂N(ω) from X̂N(ω)+N(ω).
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REFERENCE SIGNAL EXTRACTION UNDER NOISY
ENVIRONMENT

Semi-blind source separation

Blind source separation (BSS) based on frequency domain in-
dependent component analysis (FDICA) is a technique for es-
timating an original sound source based solely on the mixed
signals observed at each microphone (Murata and Ikeda 1998).
This technique does not necessarily require prior information
such as the direction of the target sound source or speech break.
If one of original sound sources is known, then conventional
FDICA-based BSS can be developed into semi-BSS (Even et al.
2008). In the proposed semi-adaptive sound reproduction sys-
tem, we introduce the semi-BSS method to obtain the reference
signal from a noisy observed signal as shown in Fig.1.

The separated signal of semi-BSS, i.e.,

Y(ω) = [Y1(ω),Y2(ω)]T , (17)

can be written in terms of the 2× 2 separation matrix W(ω)
and the input signal

S(ω) = [S1(ω),S2(ω)]T (18)

as follows:
Y(ω) = W(ω)S(ω). (19)

In semi-BSS, the component S2(ω) of S(ω) is assumed to be
a known signal, and so we can set S2(ω) = DN(ω). The input
signal S1(ω) is set to be the observed signal at the monitoring
microphone, which can be written as

S1(ω) = X̂N(ω)+N(ω). (20)

We can write W(ω) in semi-BSS as follows:

W(ω) =

[
W11(ω) W12(ω)

0 W22(ω)

]
. (21)

Here, W(ω) is optimized with the following iterative update
procedure:

W(ω)←W(ω)+µ

(
I−E[ϕ(Y(ω))Y(ω)H ]

)
W(ω), (22)

where µ is the step-size parameter, I is the 2×2 identity matrix,
and ϕ(·) is a nonlinear vector function.

Note that, in actual BSS, the short-time analysis of the input
signals is performed using DFT in a frame-by-frame manner.

Reference signal extraction from observed signal

The reproduced signal picked up by the monitoring microphone
XN(ω) is expected to be equivalent to the original sound source
signal DN(ω) in the absence of environmental fluctuation. Al-
though the RTFs fluctuated as shown in Eq. (12), the original
signal DN(ω) and the fluctuated reproduced signal X̂N(ω) are
highly similarity. Therefore, X̂N(ω) can be separated with high
accuracy from noisy observed signal S1(ω) using DN(ω) by
semi-BSS. However, semi-BSS extracts an unknown signal
from the observed signal using a known signal. In other words,
the noise signal, and not the reproduced signal, can be obtained
directly. The goal is to obtain X̂N(ω) from noisy observed signal
S1(ω).

Therefore, we first obtain the noise signal N(ω) from S1(ω) by
semi-BSS. Next, the estimated reference signal Z(ω), which
is assumed to be X̂N(ω), is obtained by subtracting the noise
signal from the observed signal, as follows:

Z(ω) = S1(ω)−αY1(ω), (23)

Figure 2: Layout of acoustic experiment room.

where α represents the scaling parameter. An optimized α , α̂ ,
is obtained in order to minimize the spectrum distortion (SD)
between Z(ω) and the original source signal DN(ω):

α̂ = argmin
α

√√√√ 1
N ∑

ω

(
20log

|Z(ω)|
|DN(ω)|

)2

= argmin
α

√√√√ 1
N ∑

ω

(
20log

|S1(ω)−αY1(ω)|
|DN(ω)|

)2

. (24)

NUMERICAL EVALUATION

Experimental setup

To investigate the effect of the proposed method, a numeri-
cal simulation with real environmental data was carried out.
A sound reproduction system having 12 loudspeakers and 7
control points (6 for listening and 1 for monitoring) was set
up in the experimental room, in which the reverberation is ap-
proximately 0.14 seconds. The arrangement is shown in Fig.
2.

The impulse responses of the RTFs used in this simulation are
obtained by a time stretched pulse signal (Suzuki et al. 1995) of
65,536 points, where the sampling frequency is 48,000 Hz, the
quantization is 16 bits, and averaging is performed four times.
In this simulation, these impulse responses are downsampled
from 48,000 Hz to 8,000 Hz. The fluctuation of the RTFs is
assumed to be caused by temperature variation in the room,
and the impulse responses were measured at several temper-
atures. The inverse filters with 16384 points are designed by
the MP generalized inverse matrix of G(ω) under the initial
temperature condition.

A music signal of 9 seconds is used as the original signal for
reproduction, and different music signal is used as the origi-
nal signal for monitoring. Three signals, namely, a telephone
ring tone, a clock alarm, and a speech signal were used for
background noise.

As the analysis conditions of semi-BSS, the frame length was
256 ms, and the frame shift was 64 ms. In Eq. (22), the tanh
function is used as the nonlinear function. The iteration times
and step size for which the extraction accuracy is maximum
are set by preliminary experiments at each input SNR. The
input-SNR is defined as follows:

input-SNR [dB] = 10log10
∑n |x̂N(n)|2

∑n |n(n)|2
, (25)
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Figure 3: Signal to deviation ratio of the extracted signal for
different input-SNR conditions for different temperature fluctu-
ations.

Figure 4: Signal to deviation ratio of the extracted signal for
different input-SNR conditions for different background noise
conditions.

where x̂N(n) and n(n) are time domain representations of X̂N(ω)
and N(ω), respectively.

Experimental results

Figure 3 shows the result for extraction accuracy under different
temperature fluctuation conditions using the telephone ring tone
as the background noise signal. The signal to deviation ratio
(SDR) is used to evaluate the extraction accuracy, which can be
computed as follows:

SDR [dB] = 10log10
∑n |z(n)|2

∑n |z(n)− x̂N(n)|2
, (26)

where z(n) is time domain representations of Z(ω). The loud-
speaker Ns1 in Fig.2 was used as noise source in any case.
This result shows that high extraction accuracies are maintained
under all of the temperature fluctuation conditions.

Figure 4 shows the results for extraction accuracy for different
background noises where the temperature fluctuation is 2.3◦C.
The loudspeaker Ns1 in Fig.2 was used as noise source in this
case also. The figure indicates large differences in the extraction
accuracy depending on the type of background noise at lower
input-SNRs. However, SDR of over 15 dB can be obtained
under any condition using the proposed method considered
herein when the input-SNR exceeds 0 dB.

Figure 5 shows the results for extraction accuracy under two
background noises conditions where the temperature fluctuation
is 2.3◦C. The combinations of the background noise signals and
loudspeakers as noise sources are listed in table 1. In this case,
another speech signal of 9 seconds is used as the original signal
for reproduction. This figure reveals that each combination
shows almost similar tendency though SDR of setup C is a

Figure 5: Signal to deviation ratio of the extracted signal for
different noise sources arrangement for two background noise
conditions.

Table 1: Combinations of the noise sources and loudspeakers

setup A Ns1: telephone ring tone
Ns1: speech signal

setup B Ns1: telephone ring tone
Ns2: speech signal

setup C Ns1: telephone ring tone
Ns3: speech signal

little low at lower input-SNRs. As a result, we can find that the
performance of the proposed method is strongly influenced by
the input-SNR, and is not influenced so much by the number of
background noises.

CONCLUSION

We have proposed an algorithm to extract a reference signal
from a noisy observed signal by semi-BSS for achievement of
noise robust semi-adaptive sound reproduction system. In simu-
lations using real environmental data, the proposed method was
demonstrated to extract the reference signal with a high SDR.
In addition, the results reveal that the proposed method is robust
against temperature fluctuation of the reproduced room and
various types of noise. In future studies, we intend to apply the
proposed method to an actual semi-adaptive sound reproduction
system and evaluate its efficiency by subjective evaluation.
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