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a b s t r a c t

In this paper, the DUET binaural model is extended to the single-channel mixing model where
only one microphone is available for recording. A novel “artificial stereo” mixing model
is proposed to create a synthetic stereo signal by weighting and time-shifting the original
single-channel mixture. Separability analysis of the proposed model has also been derived to
verify that the artificial stereo mixture is separable. This work, therefore, relaxes the under-
determined ill-conditions associated with monaural source separation and path the way for
binaural source separation approaches to solve monaural mixture.

& 2013 Elsevier B.V. All rights reserved.

1. Introduction

The Degenerate Unmixing Estimation Technique (DUET)
[1] has been proposed as a separating method using binary
time–frequency (TF) masks. A major advantage of DUET is
that the estimates from two channels are combined inher-
ently as part of the clustering process. The DUET algorithm
has been demonstrated to recover the underlying sparse
sources given two anechoic mixtures in the TF domain.
However, the DUET algorithm has been practically handi-
capped to separate signals when only one recording channel
is available which leads to the problem of single channel
signal separation [2,3]. In this paper, a new method for
formulating an artificial binaural mixture using a monaural
mixture is presented. To the best knowledge of the authors,
the proposed method is the first artificial stereo mixture
based on the autoregressive (AR) process.

This paper is organized as follows: Section 2 proposes an
artificial stereo mixing model. Section 3 presents the assum-
ptions. Next, the artificial stereo mixing model in time–
frequency representation is given in Section 4. The

separability of the proposed model is analyzed in Section 5.
Finally, Section 6 concludes the paper.

2. Artificial stereo mixing model

In this paper, we consider the case of a mixture of two
sources in time domain which can be expressed as

x1ðtÞ ¼ s1ðtÞþs2ðtÞ ð1Þ
where x1ðtÞ is the observed mixture, and s1ðtÞ and s2ðtÞ are
the original source signals which are assumed to be mod-
eled by the autoregressive (AR) process [4]

sjðtÞ ¼ � ∑
Mj

m ¼ 1
asj ðm; tÞsjðt�mÞþejðtÞ ð2Þ

where asj ðm; tÞ denotes the mth order AR coefficient of the
jth source at time t, Mj is the maximum AR order, and ejðtÞ
is an independent identically distributed (i.i.d.) random
signal with zero mean and variance s2ej . This AR process
is particularly interesting in source separation; firstly,
many audio signals satisfy this process [5] and secondly,
it enables us to formulate a virtual mixture by weighting
and time-shifting the single channel mixture x1ðtÞ as

x2ðtÞ ¼
x1ðtÞ þ ηx1ðt�δÞ

1þ η
�� �� ð3Þ
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In Eq. (3), ηAℜ is the weight parameter, and δ is the time-
delay. The mixture in (1) and (3) is termed as “artificial
stereo” because it has an artificial resemblance of a stereo
signal except that it is given by one location which results
in the same time-delay but different attenuation of the
source signals. To show this, we can express (3) in terms of
the source signals, AR coefficient and time-delay as

x2ðtÞ ¼
x1ðtÞ þ ηx1ðt�δÞ

1þ η
�� ��

¼ s1ðtÞþs2ðtÞþη½s1ðt�δÞþs2ðt�δÞ �
1þ η
�� ��

¼ �∑M1
m ¼ 1as1 ðm; tÞs1ðt�mÞ þ e1ðtÞ

1þ η
�� �� þηs1ðt�δÞ

1þ η
�� ��

þ � ∑M2
m ¼ 1as2 ðm; tÞs2ðt�mÞ þe2ðtÞ

1þ η
�� �� þηs2ðt�δÞ

1þ η
�� ��

¼ ð�as1 ðδÞþηÞ
1þ η
�� �� s1ðt�δÞþð�as2 ðδÞþηÞ

1þ η
�� �� s2ðt�δÞ

þ

e1ðtÞ�∑M1

m¼ 1
maδ

as1 ðm; tÞs1ðt�mÞ

1þ η
�� ��

þ

e2ðtÞ�∑M2

m¼ 1
maδ

as2 ðm; tÞs2ðt�mÞ

1þ η
�� �� : ð4Þ

Define

ajðt; δ; ηÞ ¼
�asj ðÞδ; tþη

1þ η
�� �� ð5Þ

rjðt; δ; ηÞ ¼

ejðtÞ�∑Mj

m¼ 1
maδ

asj ðm; tÞsjðt�mÞ

1þ η
�� �� ð6Þ

where ajðt; δ; ηÞ and rjðt; δ; ηÞ represent the mixing attenua-
tion [1] and residue of the jth source, respectively. Using
Eqs. (5) and (6), the overall proposed mixture model1 can
now be formulated in terms of the sources as

x1ðtÞ ¼ s1ðtÞþs2ðtÞx2ðtÞ ¼ a1ðt; δ; ηÞs1ðt�δÞ
þa2ðt; δ; ηÞs2ðt�δÞþr1ðt; δ; ηÞþr2ðt; δ; ηÞ: ð7Þ

By comparing with the single-channel mixture x1ðtÞ,
the artificial stereo mixture x2ðtÞ contains extra informa-
tion i.e. ajðt; δ; ηÞ, δ, and rjðt; δ; ηÞ. The terms ajðt; δ; ηÞ and

rjðt; δ; ηÞ represent the signature of the jth source. In this
light, these parameters can be used for estimating the
parameter of the jth source.

3. Assumptions

For the purposed of analysis, the following assumptions
are used:

Assumption 1. The sources satisfy the windowed-disjoint
orthogonality (WDO) [6] condition where different signals
are approximately orthogonal to each other.
Siðτ;ωÞSjðτ;ωÞ � 0; 8 ia j ; 8τ;ω; ð8Þ
where Sjðτ;ωÞ is the Short-Time Fourier Transform (STFT)
of sjðtÞ defined as

Sjðτ;ωÞ ¼ FW ½sjðtÞ�ðτ;ωÞ
¼ 1ffiffiffiffiffiffi

2π
p

Z 1

�1
Wðt�τÞsjðtÞe� iωtdt ð9Þ

andW(t) is the window function. The STFT is performed on
the signal frame-by-frame and thus, τ represents the
window shift.

Assumption 2. The sources satisfy the local stationarity of
the time–frequency representation. This refers to the approx-
imation of Sj(τ,ω)ESj(τ�ϕ,ω) where ϕ is the maximum time-
delay (shift) associated with Fw( � ) with an appropriate
window function W( � ). If ϕ is small compared with the
length of W( � ) then W(�)EW( � ) [7]. Hence, the Fourier
transform of a windowed function with shift ϕ yields
approximately the same Fourier transform without ϕ for
the proposed method, the artificial stereo mixture is shifted
by δ and by invoking the local stationarity this leads to

sjðt�δÞ-STFTe� iωδSjðτ�δ;ωÞ
� e� iωδSjðτ;ωÞ; 8δ; δj jrϕ ð10Þ

Thus, the STFT of sjðt�δÞ where δj jrϕ is approximately
e� iωδSjðτ;ωÞ according to the local stationarity.

4. Time–frequency representation

Based on the assumptions, the mixing model is trans-
formed into the TF domain by using the STFT of xjðtÞ;
j¼ 1;2 as

for δ and mrϕ. In Eq. (13), we have used the fact that
ejðtÞ{sjðtÞ, thus the TF of rjðtÞ in (6) simplifies to

Rjðτ;ωÞ ¼ � ∑
Mj

m¼ 1
maδ

asj ðm; τÞ
1þ η
�� �� e� iωmSjðτ�m;ωÞ ð14Þ

X1ðτ;ωÞ ¼ S1ðτ;ωÞþS2ðτ;ωÞX2ðτ;ωÞ
¼ a1ðτÞe� iωδS1ðτ�δ;ωÞþa2ðτÞe� iωδS2ðτ�δ;ωÞ

� ∑
M1

m¼ 1
maδ

as1 ðm; τÞ
1þ η
�� �� e� iωmS1ðτ�m;ωÞþ ∑

M2

m¼ 1
maδ

as2 ðm; τÞ
1þ η
�� �� e� iωmS2ðτ�m;ωÞ

0
BBBBB@

1
CCCCCA; 8ðτ;ωÞ ð13Þ

1 In DUET [1] x1ðtÞ ¼∑N
n ¼ 1snðtÞ; x2ðtÞ ¼∑N

n ¼ 1cnðt�βnÞ where N is
the number of sources,βn is the arrival delay between the microphones,
and cn is a relative attenuation factor corresponding to the ratio of the
attenuations of the paths between sources and microphones.
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