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Abstract – Recently, many researches have been done to solve the challenging problem of Blind 
Source Separation (BSS) problems in the underdetermined cases, and the “Two-step” method is widely 
used, which estimates the mixing matrix first and then extracts the sources. To estimate the mixing 
matrix, conventional algorithms such as Single-Source-Points (SSPs) detection only exploits the 
sparsity of original signals. This paper proposes a new underdetermined mixing matrix estimation 
method for time-delayed mixtures based on the receiver prior exploitation. The prior information is 
extracted from the specific structure of the complex-valued mixing matrix, which is used to derive a 
special criterion to determine the SSPs. Moreover, after selecting the SSPs, Agglomerative 
Hierarchical Clustering (AHC) is used to automaticly cluster, suppress, and estimate all the elements 
of mixing matrix. Finally, a convex-model based subspace method is applied for signal separation. 
Simulation results show that the proposed algorithm can estimate the mixing matrix and extract the 
original source signals with higher accuracy especially in low SNR environments, and does not need 
the number of sources before hand, which is more reliable in the real non-cooperative environment. 
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1. Introduction 
 
The goal of Blind Source Separation (BSS) is to separate 

source signals only using the mixtures, which has been 
widely used in the fields of audio, biomedical, digital 
communications, and array signal processing [1-3]. Recently, 
many researches focus on the Underdetermined Blind 
Source Separation (UBSS) problems when the number of 
observations is less than the sources [4, 5], in which 
conditions the Independent Component Analysis (ICA) 
methods are no longer applicable. Instead, “two-step” 
method is introduced, which estimates the mixing matrix 
first and then separates the sources [6, 7].  

Obviously, mixing matrix estimation is the first and 
crucial step in the whole process of UBSS, and some 
classical methods have been developed, such as Sparse 
Component Analysis (SCA) and statistical-based methods, 
etc. SCA methods aim to exploit the sparse nature of 
sources in Time-Frequency (TF) domain and then use the 
clustering algorithms to estimate the mixing matrix, which 
have some requirements for sparsity [8, 9]. Differently, 
statistical-based methods further exploit the mutual 
statistical independence between sources, and formulate 
the problem in terms of a decomposition of a tensor (such 

as Canonical Decomposition), which has closed form 
solutions in some cases [10, 11]. For example, X. Luciani 
et al. [12] formulated the Second Characteristic Function 
(CAF) of the observations, and blindly estimated the 
underdetermined mixing matrix successfully using tensor 
decomposition. However, even if the mixing matrix has 
been estimated, the original signals are still not easily 
recovered in the underdetermined condition because the 
model has more unknowns than equations. To solve the ill-
conditioned problem, additional assumptions must be set, 
then sources can be extracted by minimum norm solution 
using pl -norm criterion [13], matrix diagonalization [14], 
and subspace method [15], etc.  

Among the existing algorithms, Single-Source-Point 
(SSP) detection [16-18] is a kind of simple and efficient 
method for mixing matrix estimation, which achieves 
good performance in both over and underdetermined 
cases. Specifically, it sets no conditions on the stationarity, 
independence or non-Gaussianity of the sources, which 
made it be widely used. F. Abrard et al. [19] first introduced 
the concept of single-source regions, and developed the 
Time-Frequency Ratio of Mixtures (TIFROM) algorithm 
for instantaneous mixtures. Based on this, M. Puigt et al. 
[20] got two extensions, which take both attenuation and 
delay into account. However, TIFROM-based methods 
have their limitations. They suppose single-source TF 
regions can be found, but if only discrete SSPs exist, the 
performances will turn worse.  

Recently, exploitation of prior information and latent 
component has been proved to be quite powerful for blind 
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separation in some complicated conditions. V. G. Reju [17] 
found that the directions of real and imaginary parts of 
Fourier transform coefficients of the same source should 
stay the same when the sources are linear instantaneous 
mixed. In general, Reju’s method is simple and practicable, 
but it works only when the elements of mixing matrix are 
real-valued, which limits their applications. Lihui et al. 
[18] determined another criterion to identify SSPs. After 
that, binary masking and K-means clustering methods are 
implemented to get the clustering centers. However, K-
means algorithm needs to know the number of sources to 
ensure the accuracy, which is not able to be guaranteed in 
non-cooperative environment.  

In this paper, a new mixing matrix estimation method 
for UBSS from delayed mixtures is introduced. Firstly, 
we exploit prior information carried on by the special 
structured complex mixing matrix, and then derive the new 
criterion for SSPs detecting. Then, modified Agglomerative 
Hierarchical Clustering (AHC) is used for automatic 
clustering and mixing matrix calculating. Finally, subspace 
projection method is used to extract the original signals.  

The main contribution of this paper is to propose a new 
algorithm based on SSP detection for complex-valued 
mixing matrix estimation. Comparing with the existing 
algorithms, the proposed prior-aided algorithm plays a 
more rigid role in SSPs detecting, which achieves better 
performance for mixing matrix estimation, especially in 
noisy environment. 

The remainder of this paper is organized as following. 
Section 2 provides problem formulation. Section 3 studies 
the priors and derives the criterion for SSPs detecting. In 
section 4, AHC is introduced for mixing matrix estimation. 
Section 5 proposes the separation method based on 
subspace. Simulation results are given in section 6. Section 
7 concludes this paper. 

 
 

2. Problem Formulation 
 

2.1 Signal mixing model 
 
In this paper, the anechoic mixing model is used taking 

the time delay of sources into account. Uniform Linear 
Antenna (ULA) is used here to receive the signals, as 
shown in Fig. 1. It is a delayed mixture model by 
considering the time delay τ . nφ  is the incident angle of 
n-th signal. d  is the element spacing, which is set to 

2d λ= , where λ  is wavelength.  

( )1x t ( )2x t ( )Mx t( )ix t

( )ns t

nφ

d

τ

 
Fig. 1. Uniform Linear Antenna with M elements 

The received mixture at i-th element by linear delayed 
mixing can be written as 

 

 
1

( ) ( ) (t) ( 1,2, , )
N

i n in i
n

x t s t w i Mτ
=

= − + =∑ "   (1) 

 
where 

( )ix t  observed i-th mixture signal, 
( )ns t  n-th source signal, 
( )iw t  additive white Gaussian noise at i-th element, 

inτ time delay for n-th source transmitting to thei-th 
element, and for ULA antenna, ( 1) cosin ni d cτ φ= − . 

 
For narrow-band signals, (1) can be changed into 
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1

( ) ( ) ( ) ( 1, 2, , )n in
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where nf  is the carrier frequency of each source signal 
[14]. Particularly, if source signals are real-valued, Hilbert 
transformation must be applied first to get the analytic 
signals. Then, rewrite (2) in the form of matrix operation 

 
 ( ) ( ) ( )t t t= +x As w   (3) 

 
where ( ) ( ) ( ) ( )1 2, , ,

T M
Mt x t x t x t⎡ ⎤= ∈⎣ ⎦x " ^ ,  

( ) ( ) ( ) ( )1 2, , ,
T N

Nt s t s t s t⎡ ⎤= ∈⎣ ⎦s " \  and  

( ) ( ) ( ) ( )1 2, , ,
T M

Mt w t w t w t⎡ ⎤= ∈⎣ ⎦w " ^ . M N×∈A ^  is  

the complex-valued mixing matrix with element 2 c inj fe π τ− . 
 

2.2 Short-Time Fourier Transform (STFT) 
 
Short-time fourier transform is adopted to exploit the 

sparsity of signals in TF domain. The STFT of source and 
mixture signals are defined as 
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∫

 (4) 

 
where h(t) is the window function. 

Considering that A  is a constant, and applying STFT to 
(3) at both sides, the mixing model in TF domain becomes 

 
 ( ) ( ) ( ), , ,t f t f t f= +X AS W   (5) 

 
2.3 Assumptions 

 
The sources are supposed to be non-Gaussian and 

statistically independent. In the underdetermined case, the 
number of sources is larger than the number of sensors, i.e., 
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N M> . To separate all the source signals successfully, the 
ill-conditioned UBSS model should satisfy the following 
assumptions. 

Assumption 1: For each source, there exist some TF 
points where the source exists alone. This assumption is 
necessary only for mixing matrix estimation since we 
develop the algorithm based on SSP detection. 

Assumption 2: Any M M×  submatrix of the mixing 
matrix A  is of full rank. This assumption helps us in the 
mixing matrix estimation. To maintain this, sources are 
assumed to come from different directions in the 
simulation.  

Assumption 3: The number K  of sources occur at any 
TF point is less than the number M  of observations, i.e., 
K M< . This assumption is required for original signals 
extraction using subspace projection method. 

 
 

3. Proposed SSPs Detection Method 
 

3.1 Prior information exploitation 
 
Prior information can help to improve the performance 

especial in the complicated environments. Usually, they are 
derived from the analysis of source signals, which cannot 
be acquired in the premise of “blind”. Consequently, we 
exploit the information from the receiver end. 

In section 2, time-delayed mixture is introduced. 
Different from the commonly studied instantaneous 
mixtures, mixing matrix A  in (3) is a complex-valued 
with a specific structure, which can be expressed as 
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  (6) 

 
The objective of mixing matrix estimation is to calculate 

all the elements in (6). The column vector of mixing matrix 
corresponds to every source signal, which is 
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where ,i na  denotes the element at i-th row and n-th 
column of A . Obviously, all the elements at the first 
row are equal to 1, whereas the others can be written as 
complex numbers, with modulus equal to 1. Let 

, , ,i n i n i na R jI= + , then the prior information can be 
achieved as 

 

 ( )1,
2 2

, , ,

1
1 ,1

1
n

i n i n i n

a
i M n N

a R I
=⎧⎪ ≤ ≤ ≤ ≤⎨ = + =⎪⎩

 (8) 

Different from the commonly referred “prior information” 
exploited from the internal characteristics of sources, (8) is 
derived only using the parameters of receiver antennas, 
which is feasible in practice. 

 
3.2 Proposed method for SSPs detecting 

 
To estimate the mixing matrix, we detect the SSPs in the 

TF domain where only one source is active first, and then 
classify them by clustering method to achieve the 
estimation of mixing matrix. In this section, a new SSPs 
detection based on prior information is introduced as 
follows. 

Temporarily ignoring the noises, (5) can be expressed as 
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  (9) 

 
Suppose TF point ( )1 1,t f  is a SSP, where only signal 
( )ns t  is active, then (9) becomes 
 

 ( ) ( )1 1 1 1, ,nt f S t f= nX b   (10) 
 
Apply (7) into (10), and considering the particularity of 

1na  equals to 1, we get 
 

 
( ) ( )
( ) ( ) ( )
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  (11) 

 
Obviously, ( )1 1,iX t f , ( )1 1,nS t f  and , , ,i n i n i na R jI= +  

are all complex numbers. Rewrite (11) in the form of 
complex multiplication as 

 
( )( ) ( )( )1 1 1 1Re , Im ,i iX t f j X t f+  

( )( ) ( )( ) ( )
( ) ( )( ) ( )( ) ( )

1 1 1 1

, , 1 1 1 1
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n n
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R jI S t f j S t f i M
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   (12) 
 

where ( )Re X  and ( )Im X  denote the real and imaginary 
part of X , respectively. So 
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Apply (13) into (14) we can get 
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Then, considering that 2 2

, , 1i n i nR I+ = , (15) can be 
rewritten as 
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which can be changed to the form of matrix operation as 
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Obviously, only ,i nR  and ,i nI  are unknown, which can 

be calculated by (18) directly. Each SSP corresponds to a 
vector , ,[ , ]T

i n i nR I , which satisfies , , , 1i n i n i na R jI= + =  
under ideal conditions. However, because of the noise and 
computational errors, ,i na  may not equal to 1 strictly, 
then the threshold ε  (which is very close to 0) is 
introduced, and the SSPs should satisfy the following 
inequation as in (19). 
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3.3 Feasibility analysis 
 
Remark 1: Multi-Source-Points (MSPs) do not satisfy 

(19). 
Derivation in Section 3.1 proves that criterion (19) holds 

when a TF point is SSP. However, the actual SSPs 
detection is a reverse process, that is, a TF point is 
determined to be a SSP if it satisfies (19). Before doing this, 
we have to ensure MSPs will not meet the criterion. 

Suppose ( ), ( 1, 2, , )
p

s t p Nα α= "  are the pN  sources 
occur at TF point 2 2( , )t f . That is 
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So that, 
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Then, as for 2 i M≤ ≤ , following equation can be got 
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Suppose (19) also holds at MSPs, equations like (16) can 

also be got with the help of (22), that is 
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It is obvious that (23) and (24) hold at the same time 

only when the following conditions are satisfied. 
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, ,Re ( ) Im ( ) 1
q qi ia aα α+ =  and 

2 2
, ,Re ( ) Im ( ) 1

p pi ia aα α+ = , (26) can be obtained as 
 

 
, ,

, ,

Re( ) Re( )
,Im( ) Im( )

q p

q p

i i

i i

a a
p qa a

α α

α α

=⎧⎪ ≠⎨ =⎪⎩
  (26) 



Liangjun Zhang, Jie Yang, Zhiqiang Guo and Yanwei Zhou 

 http://www.jeet.or.kr │ 2183

Eq. (26) reveals that there are two different column 
vectors with same values, that is, ( ),

p q
p qα α= ≠b b . It is 

impossible because Assumption 2 ensures that the mixing 
matrix proposed in (4) is column full rank, which means 
the sources come from different directions. Therefore, (26) 
can not meet, and MSPs can not satisfy criterion (19). 

 
Remark 2: Algorithm can be applied to wideband 

signals. 
For wideband signals, (2) is no longer exist, apply SFTF 

to (1) directly, so that 
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Let ' int t τ= − , (27) can be changed into 
 
( )

( ) ( )( ) ( ) ( )2 2*

1

,

' ' in in

i
N

j f j f
n in in

n

X t f

s t h t e e dπ τ τ π ττ τ τ τ
∞ − − −

−∞
=

= − − −∑∫

( ) ( )( ) ( ) ( )22 *

1
' ' inin

N
j fj f

n in in
n

e s t h t e dπ τ τπ τ τ τ τ τ
∞ − −−

−∞
=

= ⋅ − − −∑ ∫

( )2

1
,in

N
j f

n
n

e S t fπ τ−

=

= ⋅∑    (28) 

 
Rewrite (28) in the form of matrix operation as 
 

 ( ) ( ) ( ) ( ), , ,t f f t f t f= +X A S W   (29) 
 

where ( ) 2
,

inj f
i n f e π τ−=A . Different from (5), the mixing 

matrix ( )fA  is not a constant in the whole TF domain, 
whereas a function of f  instead. However, given a fixed 
TF point ( )2 2,t f , ( )fA  is determined immediately. 
Then, (29) is equivalent to the standard narrowband model, 
which means that the proposed SSPs detection method is 
also available for wideband signals. 

 
Definition 1: Any TF point ( )0 0,t f  is determined as a 

SSP only when criterion (19) is satisfied. And SSPs can be 
collected as a series of data vector as 

 

( ) ( ) ( )( ) ( )( )
( )( ) ( )( )

1

1 1 1 1
, ,

1 1 1 1

Re , Im ,
Re , Im

Im , Re ,
T i i

i n i n
i i

X t f X t f
a a

X t f X t f

−
⎡ ⎤

⎡ ⎤ ⎢ ⎥=⎣ ⎦ −⎢ ⎥⎣ ⎦

( )( )
( )( )

1 1 1

1 1 1

Re ,
Im ,

X t f
X t f

⎡ ⎤
⎢ ⎥
⎢ ⎥⎣ ⎦

  (30) 

 
The only thing to note here is that the proposed SSP 

detection method works under the condition with at least 

two observed signals, i.e., 2M ≥ , which makes sure (30) 
can be used to get the data for clustering. 

 
 

4. Mixing Matrix Estimation Based on AHC 
 
Every detected SSP corresponds to a matrix element 
( ), 2 ,1i na i M n N≤ ≤ ≤ ≤ , and it is a complex of which 

modulus value is 1. They should distribute on a unit circle 
when setting X and Y axis correspond to the real and 
imaginary part respectively, and show a clustering feature 
to indicate different sources. After applying clustering 
method, clustering centers can be obtained, which denote 
different elements of mixing matrix. Once estimate all the 
matrix elements ( )ˆ 2 ,1ina i M n N≤ ≤ ≤ ≤ , the mixing 
matrix can be formulated as 

 

 2,1 2,2 2,

,1 ,2 ,

1 1 1
ˆ ˆ ˆˆ

ˆ ˆ ˆ

N

M M M N

a a a

a a a

⎡ ⎤
⎢ ⎥

= ⎢ ⎥
⎢ ⎥
⎢ ⎥⎣ ⎦

A

"
"

# # % #
"

  (31) 

 
K-means clustering method is commonly used for its 

fast computation and high accuracy especially for large 
data. However, it needs to know the clustering number and 
initial cluster centers before hand, which is difficult in non-
cooperative environments. It may converge to a local 
solution if inappropriate initialization is used. Besides, K-
means method ascribes every scatter point to one class 
including the scatter points caused by noises, which 
undoubtedly increases the estimation error. Fig. 2 shows 
the distribution of SSPs. C1, C2, and C3 refer to the actual 
cluster centers. In fact, scatter points usually can not be 
avoided, which usually locate far from the true centers. 
They may be caused by noises or calculation errors, which 
should be discarded.  

To overcome the shortage of general clustering methods, 
a special agglomerative hierarchical clustering is used for 
automatic clustering. The so-called “agglomerative” refers 
to the algorithm initialization. It initializes every SSP as a 
class and merges the two closest clusters at each step, and 
results in a series of classes. At last, the final clusters are 
determined after removing the scattered classes caused by 
noises or computation errors. Here, two parameters are 
adopted, th_d denotes the minimum Euclidean distance to 
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Fig. 2. Schematic plot of SSPs’ distribution histogram. 
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determine when the clustering is completed, and th_N is 
used to drop discrete error classes. In this way, the number 
of sources is estimated together with the elements of 
mixing matrix. To further eliminate the influence of noise, 
the singular value decomposition method is applied, which 
takes the singular vectors with maximum singular values as 
the estimation of mixing matrix elements. The advantage 
of the AHC method is that in the non-transition merger 
cases, the noise points have their own clusters and 
discarded at last, which reduces the interferences for center 
calculating. 

Suppose [ , ] ( 1, 2, , )T
l l lU R I l L= = "  denotes the 

detected L SSPs. Then, some important parameters are 
defined as follows. lP  denotes different classes with lN  

elements, that is, { }1 2, , ,
ll NP U U U= " . Define the center 

of lP  and distance between every two classes as 
 

 
1

1 lN

l k
kl

C U
N =

= ∑   (32) 

 
1 2 1 2 2l l l lD C C= −   (33) 

 
The detailed algorithm for mixing matrix estimation is 

provided in Table 1. 
 

Table 1. Mixing matrix estimation based on SSP and AHC 

Input mixed signals ( ), 1,2, ,ix t i M= " . 
1). Calculate ( , )t fX  using STFT in (4); 
2). Detect SSPs using (19), and calculate the dataset 

[ , ] , 1, 2, ,T
l l lU R I l L= = "  using (30); 

3). Initialization for AHC: set th_d and th_N; generate L 
classes { } , 1, 2, ,l lP U l L= = " ; calculate distances 

using (32) and (33) between each class as 1 2 1 2, ,l lD l l =  
1, 2, L" ; 

4). while { }1 2
( _ ) 0l lfind D th d< > , do: 

(i) Merge two classes with distance less than th_d, 'L  is 
the new number of classes; 

(ii) Calculate new 
1 2

'
1 2, , 1, 2,l lD l l L= "  using (32) and 

(33); 
5). Keep classes ( 1, 2, , )kP k N= "  with element number 

larger than th_N, calculate the final clustering center 
using (32) as ˆ ˆ[Re( ), Im( )]T

mn mna a ; 
6). Build matrix Â  using (31) with all the ˆmna ; 

Output estimated mixing matrix Â . 
 
 

5. Source Signals Extraction 
 
After estimating the mixing matrix, source separation 

algorithm is then used to extract the original signals. 
However, source signals can not be directly acquired 

since we can not calculate the inverse matrix of mixing 
matrix in the underdetermined case. The UBSS model is 
ill-conditioned, which has an infinite number of possible 
solutions exactly. However, after exploiting the sparsity of 
sources and under some assumptions, it can be solved 
successfully. Aissa-El-Bey et al. [15] first introduced the 
subspace projection method for signal extraction supposing 
the number of signals appeared at any TF point was less 
than the number of sensors.  

Suppose the number of active source at TF point 
( 0 0,t f ) is K, and the signals are 1

( ), , ( )
K

s t s tα α" , 

respectively, K<M  and { } { }1, , 1, 2, ,K Nα α ⊂" " . 
Define the actual mixing matrix at 0 0( , )t f  as K =A  

1
[ , , ]

Kα αa a" , which corresponds to the source signal 

matrix 
1

( ) [ ( ), , ( )]
K

Tt s t s tα α=s� " . Then, temporarily ignoring 
the additive noise item, the mixing model after STFT in (5) 
at point 0 0( , )t f  can be written as 0 0 0 0( , ) ( , )Kt f t f=X A S� . 

The orthogonal projection matrix Q for 1
( ), , ( )

K
s t s tα α"  

projecting to noise space is calculated by 
 

 ( ) 1H H
K K K K

−
= −Q I A A A A   (34) 

 
{ }
{ } { }

1

1

0, , ,
0, 1, 2, , , , ,

i K

i K

i
i N i

α α
α α

⎧ = ∈⎪
⎨ ≠ ∈ ∉⎪⎩

Qa
Qa

"
" "  (35) 

 
In real environment, because of the noises and 

calculation errors, { }1( , , )i Ki α α∈Qa "  are not strictly 
equal to 0, whereas very close to 0 instead. Considering 
that A  has been estimated, the column vectors of KA  
can be detected by minimizing 

 

 { } ( ){ }
1

1 0 0, ,
, , arg min ,

K
K Kt f

α α
β β = QX A

"
"   (36) 

 
Then the real mixing matrix at TF point 0 0( , )t f  can be 

formed as 1
[ , , ]

KK β β=A a a" . 
The STFT values of K  sources at 0 0( , )t f  are 

estimated by pseudo-inverse calculation 
 

 ( ) ( )1
0 0 0 0, ,Kt f t f−=S A X�   (37) 

 
At last, transform 0 0( , )t fS�  back to time domain using 

inverse STFT. 
In general, the subspace-based method works well in 

most cases. However, the authors [21] have proved that it 
may “over-estimated”, which means the estimated mixing 
matrix at TF point 0 0( , )t f  is larger than the actual ones. 
To solve the problem, a modified subspace method based 
on convex model is proposed by replace (36) with new 
objective function 

 
{ } ( ) ( ){ }

1
1 0 0, ,
, , arg min ,

r
r r r rt f rank

α α
β β γ= + ⋅Q X A A

"
"  (38) 
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where γ  is the balance factor, which is set to 0.4 in the 
simulation. 

 
 

6. Simulation and Results 
 
Estimation error EA  and average Signal to Interference 

Ratio (SIR) are adopted to measure the performance of 
mixing matrix estimation and signal extraction, 
respectively, as in (39). 

 

 ( )

( ) ( )

2

2
1

1 ˆ10 lg ( )

1 10lg ( )
ˆ

F

N n

n
n n

E dB
N

E s t
SIR dB

N E s t s t=

⎧ ⎛ ⎞= −⎪ ⎜ ⎟
⎝ ⎠⎪⎪ ⎛ ⎞⎡ ⎤⎨ ⎜ ⎟⎢ ⎥⎣ ⎦⎪ = ⎜ ⎟⎪ ⎡ ⎤−⎜ ⎟⎪ ⎢ ⎥⎣ ⎦⎝ ⎠⎩

∑

A A A

  (39) 

 
where N is the number of sources, A  and Â  are the 
actual and estimation of mixing matrix. F

i  calculates 
the Frobenius norm. In the following simulations, speech 
signals are used. The time window length of STFT is 32, 
overlapping with 0.75, FFT size is 256, and threshold for 
SSPs detecting is 0.001ε = . Set th_d and th_N to 0.3 and 
90, respectively.  

 
6.1 Performance of mixing matrix estimation  

 
In this part, ULA with 2 sensors is adopted for simplicity. 

Three speech signals are taken as sources, and the DOAs 
are 8π , 4π  and 5 8π , respectively, SNR is 25dB, the 
actual mixing matrix can be calculated using (6) as  

 
1 1 1

 -0.9715+0.2369j  -0.6057+0.7957j 0.3603-0.9328j
⎡ ⎤= ⎢ ⎥⎣ ⎦

A

  (40) 
 
Fig. 3 shows the scatter plot of detected SSPs. 

Theoretically, all the column vectors of mixing matrix 
should be different when setting different DOAs, and 
then clustering methods can be used to distinguish. In Fig. 
3(a), all the SSPs locate on a unit circle, and obvious 
clustering characteristic is shown according to the SSPs’ 
density of distribution. More points stay around the actual 
centers. Fig. 3(b) shows the SSPs’ distribution after AHC, 
with most discrete points removed. Clearly, the proposed 
method can cluster the SSPs into three groups 
automatically, and the estimated centers almost have the 
same position as the actual centers. The estimated mixing 
matrix is Â  as in (41), with EA  equals to -19.5298dB. 

 
1 1 1ˆ

0.9604 0.2520j -0.5862 0.7811j 0.3492 0.9261j
⎡ ⎤= ⎢ ⎥− + + −⎣ ⎦

A   

  (41) 

-1.5 -1 -0.5 0 0.5 1 1.5
-1.5

-1

-0.5

0

0.5

1

1.5

Real

Im
ag

 

 
SSPs
Actual Center

 
(a) 

-1.5 -1 -0.5 0 0.5 1 1.5
-1.5

-1

-0.5

0

0.5

1

1.5

Real

Im
ag

 

 
SSPs with AHC
Actual Center
Estimated Center

 
(b) 

Fig. 3. Performance of AHC for SSPs: (a) SSPs before 
clustering; (b) SSPs after AHC. Blue and red 
points represent the estimated and actual centers, 
respectively. 

 
Fig. 4 shows the performance of mixing matrix 

estimation with different SNRs, in comparison with the 
TIFROM [20] and the algorithms proposed by Reju [16] 
and Lihui [18]. When the SNR increases, the estimation 
errors of all the algorithms reduce. Lihui’s method seems a 
little different, it achieves the best performance with large 
SNRs, but the degradation is obvious in low SNRs 
conditions. It is reasonable, because the scatter points 
caused by noises greatly reduced in high SNR conditions, 
which is more convenient for clustering. On the contrary, 
lower SNR results in more error scatter points, and K-
means method ascribes every scatter point to one class, 
which undoubtedly increases the estimation error. The 
algorithm proposed in this paper has the most stable and 
reliable performance, with error changing less than 5dB 
when SNR decreases from 40dB to 15dB. It outperforms 
the ones developed by Reju and TIFROM, with about 6dB 
error reduction when SNR is lower than 30dB. Particularly, 
the proposed method plays a stricter rule in detecting the 
SSPs by exploiting prior information of mixing matrix, 
which makes it more effective in low SNR environments. 
The advantage is more obvious when the number of 
sources increases, and the optimal SNR range expands. 
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Fig. 4. Performances with different SNRs, M =2: (a) N =3; 
(b) N =4. 
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Fig. 5. Performances with different number of sources, 
M =2. (a) SNR=15dB; (b) SNR=25dB. 

Fig. 5 describes the performance with different number 
of sources. The increase of source number results in the 
estimation error expansion. Lihui’s method has the least 
estimation error when N =2, but when N increases, its 
performance drops together with the others. The proposed 
method has better performance when the source number 
continues to increase, and gets the lowest EA  at last. In 
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Fig. 6. Separation results with speech signals, SNR=25dB. 
(a)-(d) are three original signals; (e)-(g) are two 
observed mixtures; (h)-(k) represent the estimated 
source signals. 
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general, our method has significant advantages in low 
SNRs and more source environment, which make it more 
reliable in real applications. 

 
6.2 Performance of source signal extraction 

 
In this part, the number N of source is four and the 

number M of sensor is three. The DOAs of the signals 
are 11π , 3 11π , 5 11π  and 7 11π , respectively. Fig. 6 
shows that all the signals have been reconstructed 
successfully. The top four plots show the original signals; 
the middle three plots represent the three mixtures and the 
bottom four plots describe the estimation of sources by the 
proposed algorithm and subspace method. The recovered 
waves almost have the same shapes as the original ones.  

Fig. 7 shows the SIR comparison of different methods. It 
is clear that the proposed method achieves highest SIR 
when SNR is less than 30dB. It is reasonable because our 
method estimate the mixing matrix more accurately in the 
low SNR environments, which is consistent with the result 
expressed in Fig. 4(b). In particular, the performance tends 
towards stability when the SNR is higher than 30dB, which 
almost have the same performance as Lihui’s method.  
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Fig. 7. SIR comparison with different SNRs. 

 
 

7. Conclusion 
 
This paper focuses on the underdetermined blind source 

separation from linear time-delayed mixtures, and a new 
complex-valued mixing matrix estimation method based on 
prior information exploitation is developed. The proposed 
method relaxes the sparsity of signals as long as there are 
SSPs in TF domain, no matter continuous or discrete, and 
does not need the number of sources before hand, which 
makes it more reliable in the real non-cooperative 
environment. Simulation results indicate that the proposed 
method can estimate the mixing matrix and extract the 
original sources with higher accuracy, and has significant 
advantages especially in low SNR and more sources 
conditions. In the future work, our attention should be 
focused on exploiting more effective methods for 
underdetermined blind source separation in the non-

disjoint cases. Another trend for blind source separation 
is to extract more prior information about true nature, 
morphology or structure of latent variables or sources, to 
get better performance. 

 
 

Acknowledgements 
 
The authors are grateful for the support from the 

National Science Foundation of China (51479159) and the 
Soft Science Project of China’s Ministry of Transport 
(2013-322-811-470). 

 
 

References 
 

[1] C. Jutten and J. Herault, “Blind Separation of Sources, 
Part I: An Adaptive Algorithm based on Neuro-
mimetic Architecture,” Signal Processing, vol. 24, no. 
1, pp. 1-20, Jul. 1991. 

[2] A. Hyvarinen, J. Karhunen and E. Oja, Independent 
Component Analysis; New York: John Wiley&Sons, 
2001, p.407-440.  

[3] P. Comon and C. Jutten, Handbook of Blind Source 
Separation: Independent Component Analysis and 
Applications; Academic Press of Elsevier, 2010. 

[4] P. Bofill and M. Zibulevsky, “Blind Separation of 
More Sources than Mixtures using Sparsity of Their 
Short-Time Fourier Transform,” in Proceedings of 
ICA 2000, pp. 87-92, Jun. 2000. 

[5] P. Bofill and M. Zibulevsky, “Underdetermined Blind 
Source Separation using Sparse Representations,” 
Signal Processing, vol. 81, no. 11, pp. 2353-2362, 
Nov. 2001. 

[6] P. Comon, “Blind Identification and Source Separa-
tion in 2×3 Underdetermined Mixtures,” IEEE Trans. 
Signal Process., vol. 52, no. 1, pp. 11-22, Jan. 2004. 

[7] N. Cho and C. C. J. Kuo, “Enhanced speech separa-
tion in room acoustic environments with selected 
binaural cues,” IEEE Trans. Consumer Electron., vol. 
55, no. 4, pp. 2163-2171, Nov. 2009. 

[8] P. Georgiev, F. Theis and A. Cichocki, “Sparse 
Component Analysis and Blind Source Separation of 
Underdetermined Mixtures,” IEEE Trans. Neural 
Networks, vol. 16, no. 4, pp. 992-996, Jul. 2005. 

[9] Y. Li, S. Amari, A. Cichocki, D.W.C. Ho and S. Xie, 
“Underdetermined Blind Source Separation Based on 
Sparse Representation,” IEEE Trans. Signal Process., 
vol. 54, no.2, pp. 423-437, Feb. 2006.  

[10] P. Comon and M. Rajih, “Blind Identification of 
Under-determined Mixtures Based on the Charac-
teristic Function,” Signal Processing, vol. 86, no. 9, 
pp. 2271-2281, Sep. 2006. 

[11] L. De. Lathauwer, J. Castaing and J. Cardoso, “Four-
order Cumulant-based Blind Identification of Under-
determined Mixtures,” IEEE Trans. Signal Process., 



Underdetermined Blind Source Separation from Time-delayed Mixtures Based on Prior Information Exploitation 

 2188 │ J Electr Eng Technol.2015; 10(5): 2179-2188 

vol. 55, no. 6, pp. 2965-2973, Jun. 2007. 
[12] X. Luciani, Andre L.F. de Almeida and P. Comon, 

“Blind Identification of Underdetermined Mixtures 
Based on the Characteristic Function: the complex 
case,” IEEE Trans. Signal Process., vol. 59, no. 2, pp. 
540-553, Feb. 2011. 

[13] R. Saab, O. Yilmaz, M. J. McKeown, and R. 
Abugharbieh, “Underdetermined Anechoic Blind 
Source Separation via ql -basis-pursuit with 1q ≤ ,” 
IEEE Trans. Signal Process., vol. 55, no. 8, pp. 4004-
4017, Aug. 2007. 

[14] F.B. Lu, Z.T. Huang, and W.L. Jiang, “Underdeter-
mined Blind Separation of Non-disjoint Signals in 
Time-frequency Domain Based on Matrix Diagonali-
zation,” Signal Processing, vol. 91, no. 7, pp. 1568-
1577, Jul. 2011. 

[15] A. Aissa-El-Bey, N. Linh-Trung, K. Abed-Meraim, A. 
Belouchrani, and Y. Grenier, “Underdetermined Blind 
Separation of Nondisjoint Sources in the Time-
frequency Domain,” IEEE Trans. Signal Process., vol. 
55, no. 3, pp. 897-907, Mar. 2007. 

[16] V. G. Reju, S. N. Koh and I. Y. Soon, “Under-
determined Convolutive Blind Source Separation via 
Time-Frequency Masking,” IEEE Trans. Audio, Speech, 
and Language Process., vol. 18, no. 1, pp. 101-116, 
Jan. 2010. 

[17] V. G. Reju, S. N. Koh and I. Y. Soon, “An Algorithm 
for Mixing Estimation in Instantaneous Blind Source 
Separation,” Signal Processing, vol. 89, no. 9, pp. 
1762-1773, Sep. 2009. 

[18] H. Li, Y. H. Shen, J. G. Wang and X. S. Ren, 
“Estimation of the Complex-valued Mixing matrix by 
Single-source-points Detection with Less Sensors 
than Sources,” Trans. Emerging Tel. Tech., vol. 23, no. 
2, pp. 137-147, Mar. 2012. 

[19] F. Abrard and Y. Deville, “A Time-frequency Blind 
Signal Separation Method Applicable to Underdeter-
mined Mixtures of Dependent Sources,” Signal 
Processing, vol. 85, no. 7, pp. 1389-1403, Jul. 2005. 

[20] M. Puigt and Y. Deville, “Time-frequency Ratio-
based Blind Separation Methods for Attenuated and 
Time-delayed Sources,” Mechanical Systems and 
Signal Processing, vol. 19, no. 6, pp. 1348-1379, Nov. 
2005. 

[21] J. Yang, L. J. Zhang, K. W. Lu, and Q. N. Zhang, 
“Underdetermined Blind Source Separation Using 
Modified Subspace Method Based on Convex 
Model,” in Proc. IEEE International Conference on 
Consumer Electronics, Las Vegas, USA, pp. 135-136, 
Jan. 2014. 

 

Liangjun Zhang He received his BS 
degree in Electronic Information Engi-
neering from Wuhan University of 
Technology, China, in 2009 and MS 
degree in Signal and Information Pro-
cessing in 2012. He is currently a PHD 
candidate in Information and Com-
munication Engineering in Wuhan 

University of Technology, Wuhan, China. His current 
research includes signal processing on image and passive 
radar, and blind signal processing. 
 
 

Jie Yang She received her BS degree 
in Communication Engineering from 
XiDian University, China, in 1982 and 
MS degree in Computer and Automa-
tion from Wuhan Transportation Uni-
versity, China, in 1988. She received 
Ph.D. degree in Electronic Engineering 
from the Shanghai Jiao Tong University, 

China, in 1999. She has been a Professor of School of 
Electronics and Information at Wuhan University of 
Technology since 1999. Her current research interests include 
image processing, information hiding, cryptography and 
multimedia communication. 
 
 

Zhiqiang Guo He received the PhD 
degree in electrical engineering from 
Wuhan University of Technology 
(WHUT), China, in 2010. He is an 
associate professor of communication 
department of WHUT. His research 
interests include the signal processing, 
image processing, machine learning 

and pattern recognition. He has published more than 20 
technical papers in these areas. 
 
 

Yanwei Zhou He received his BS 
degree from Gui Lin Air Force Aca-
demy in 2002, majored in the military 
command. He is currently studying for 
MS degree in Information and Com-
munication Engineering in Wuhan 
University of Technology since 2012. 
His main research includes the Signal 

and Information Processing. 



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket true
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.1000
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 150
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages false
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 150
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages false
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /PDFX3:2003
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (None)
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /Unknown

  /Description <<
    /ENU (Use these settings to create PDF documents with higher image resolution for high quality pre-press printing. The PDF documents can be opened with Acrobat and Reader 5.0 and later. These settings require font embedding.)
    /JPN <FEFF3053306e8a2d5b9a306f30019ad889e350cf5ea6753b50cf3092542b308030d730ea30d730ec30b9537052377528306e00200050004400460020658766f830924f5c62103059308b3068304d306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103057305f00200050004400460020658766f8306f0020004100630072006f0062006100740020304a30883073002000520065006100640065007200200035002e003000204ee5964d30678868793a3067304d307e305930023053306e8a2d5b9a306b306f30d530a930f330c8306e57cb30818fbc307f304c5fc59808306730593002>
    /FRA <>
    /DEU <>
    /PTB <>
    /DAN <>
    /NLD <>
    /ESP <>
    /SUO <>
    /ITA <>
    /NOR <>
    /SVE <>
    /CHS <FEFF4f7f75288fd94e9b8bbe7f6e521b5efa76840020005000440046002065876863ff0c5c065305542b66f49ad8768456fe50cf52068fa87387ff0c4ee575284e8e9ad88d2891cf76845370524d6253537030028be5002000500044004600206587686353ef4ee54f7f752800200020004100630072006f00620061007400204e0e002000520065006100640065007200200035002e00300020548c66f49ad87248672c62535f0030028fd94e9b8bbe7f6e89816c425d4c51655b574f533002>
    /CHT <FEFF4f7f752890194e9b8a2d5b9a5efa7acb76840020005000440046002065874ef65305542b8f039ad876845f7150cf89e367905ea6ff0c9069752865bc9ad854c18cea76845370524d521753703002005000440046002065874ef653ef4ee54f7f75280020004100630072006f0062006100740020548c002000520065006100640065007200200035002e0030002053ca66f465b07248672c4f86958b555f300290194e9b8a2d5b9a89816c425d4c51655b57578b3002>
    /KOR <>
  >>
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [545.000 394.000]
>> setpagedevice


