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Previous studies dedicated to source localization are based on the spectral matrix algebraic properties. In particular, two
noneigenvector methods, namely, propagator and Ermolaev and Gershman (EG) algorithms, exhibit a low computational load.
Both methods are based on spectral matrix structure. The first method is based on the spectral matrix partitioning. The second one
obtains directly an approximation of noise subspace using an adjustable power parameter of the spectral matrix and choosing a
threshold value. It has been shown that these algorithms are eﬃcient in nonnoisy or high signal to noise ratio (SNR) environments.
However, both algorithms will be improved. Firstly, propagator is not robust to noise. Secondly, EG algorithm that requires the
knowledge of a threshold value between largest and smallest eigenvalues, which are not available as eigendecomposition, is not
performed. In this paper, we aim firstly at demonstrating the usefulness of QR and LU factorizations of the spectral matrix for
these methods and secondly we propose a new way to reduce the computational load of a high resolution algorithm by estimating
only the needed eigenvectors. For this, we adapt fixed-point algorithm to compute only the leading eigenvectors. We evaluate the
performance of the proposed methods by a comparative study.
Copyright © 2008 S. Bourennane et al. This is an open access article distributed under the Creative Commons Attribution License,
which permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly cited.

1.

INTRODUCTION

The most popular high-resolution method for source localisation is multiple signal classification (MUSIC) [1, 2]. The
principles of this method are to exploit the structure of the
vector space which is spanned by the measures collected
upon the sensors. This vector space is the direct sum of the
signal subspace and the noise subspace, which are orthogonal. In the MUSIC method, the orthogonality between signal
and noise subspaces is exploited. Source localization is based
on the structure of the spectral matrix of the sensor outputs,
that is, the Fourier domain version of the covariance matrix
of the received signals. To cope with a spatially correlated
additive noise, the appropriate “cumulant matrix” of the signals [3, 4] is used instead of spectral matrix. In practice, the
main limitation for real-time implementation of the highresolution methods is the computational load. In the last
two decades, several algorithms without eigendecomposition
have been proposed [5–8]. In [5], propagator method is
developed. It is based upon spectral matrix partitioning.
In [6, 7], fast algorithms for estimating the noise subspace
projection matrix are proposed. These algorithms require a

prior knowledge of threshold value and an adjustable power
parameter. The problem of the choice of threshold value
is not completely solved. Independently, Bischof and Shroﬀ
[8], and Strobach [9] developed two other noneigenvector
algorithms for source localization based on QR factorization.
All these algorithms [5–9] assume that the number of sources
is known. The existing criteria [10–13] cannot be applied
because the noneigenvector algorithms do not calculate the
eigenvalues of the spectral matrix.
In this paper, we propose new versions of the propagator and EG localization methods [5, 7] which employ
a factorized spectral matrix and which are eﬃcient in
noisy situations. To this end, we use the upper triangular
matrices obtained by the LU or QR factorizations of the
spectral matrix. We also propose a noneigenvector version
of MUSIC algorithm, where singular value decomposition
(SVD) is replaced by a faster algorithm to compute leading
eigenvectors.
Following [8, 9, 14, 15] the upper triangular matrices
obtained by the LU or QR factorizations of the spectral matrix contain the main information concerning the
eigenelements of the spectral matrix. Both methods are
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meant to concentrate all the signal information in the upperleft corner block matrix of the upper triangular matrix.
We recall that the LU factorization [14, 15] consists
in decomposing the spectral matrix Γ as Γ = LU where
L is a unity lower triangular matrix (“unity” meaning
that LLH = I, where superscript (·)H represents the
Hermitian transposition of (·)) and U is an upper triangular
matrix (UTM). QR factorization consists in decomposing
the spectral matrix Γ as Γ = QR where Q is a unitary
matrix and R is UTM [14, 15]. In both factorizations,
it has been shown that the diagonal elements of R or
U matrices tend to the eigenvalues of the spectral matrix
in decreasing order [14, 15]. We propose to use these
elements to estimate the number of sources and to determine
the threshold value needed in Ermolaev and Gershman
algorithm [7]. We also exploit the benefit of the factorization
algorithm regarding the new rearrangement of the elements
of the spectral matrix in the resulting upper triangular
matrices R or U. All the signal information is focused in
the upper-left corner block matrix of size equal to the
number of sources. This block matrix contains the largest
diagonal elements of the factorized matrix. In other words,
it concentrates the signal information which is scattered in
all spectral matrix elements. This concentration improves the
propagator operator. Indeed, according to the partitioning
procedure defined in the propagator method [5], when we
use R or U, the estimation of the propagator uses this
block matrix. This is in accordance with the principle of
the propagator theory, and the obtained result is similar to
that obtained in the nonnoisy case. This new way leads to
minimize the influence of model errors. This permits the
propagator method to estimate accurately the directions-ofarrival of the sources in the presence of noise.
We also propose a new solution to accelerate the
subspace-based high-resolution method. A fixed-point algorithm is adapted to compute the leading eigenvectors from
the spectral matrix.
The remainder of the paper is organized as follows:
problem statement is presented in Section 2. In Section 3, we
give an overview of the propagator localization method and
the outline of Ermolaev and Gershman algorithm. Section 4
details improved versions of propagator and EG methods.
In particular it describes the propagator estimation using
LU or QR factorization. It also details the estimation of
the threshold value for the EG method. It presents how
a statistical criterion can be adapted to the estimation of
the number of sources. It provides a solution to accelerate
the subspace-based high-resolution MUSIC method, using
fixed-point algorithm. Section 5 provides a study about
performance analysis of the reviewed methods. Section 6
provides the numerical complexity of the reviewed and proposed algorithms. Comparative results are given in Section 7
on simulated data. Last section concludes the paper.
2.

PROBLEM STATEMENT

Consider an array of N sensors receiving the wave field
generated by P (P < N) narrow-band sources in the presence
of an additive noise. The received signal vector is sampled

and the FFT algorithm is used to transform the data into the
frequency domain, we present these samples by [1, 2, 5]
x( f ) = A( f )s( f ) + n( f ).

(1)

In the rest of the paper the frequency f is omitted. In (1) x is
the Fourier transform of the array output vector,


s = s1 , . . . , sP

T

(2)

is the signal source vector, and


n = n 1 , . . . , nN

T

(3)

is the additive noise vector. The (N × P) matrix


A = a(θ1 ), . . . , a(θP )



(4)

is the transfer matrix of the sources-sensors array system
with respect to a chosen reference point. The steering vectors
a(θi ), where θi , i = 1, . . . , P, is the DOA of the ith source
measured with respect to the normal of the array. For a linear
uniform array with N sensors the steering vector is
T
1 
a(θi ) = √ 1, e− jϕi , e−2 jϕi , . . . , e−(N −1) jϕi ,
N

(5)

where ϕi = 2π f (d/c) sin(θi ), d is the sensor spacing, and
c is the wave propagation velocity. Assume that the signals
and the additive noises are stationary and ergodic zero-mean
complex-valued random processes. In addition, the noises
are assumed to be uncorrelated between sensors, and to have
identical variance σ 2 in each sensor. It follows from these
assumptions that the spatial (N × N) spectral matrix of the
observation vector is given by
Γ = AΓs AH + Γn ,

(6)

where











H

Γ = E xxH ,
Γs = E ssH ,
Γn = E nn

(7)
= σ 2 I,

where E[·] denotes the expectation operator and I is the (N ×
N) identity matrix.
In the following, the propagator and EG algorithms are
presented and improved.
3.

OVERVIEW OF EXISTING
NONEIGENVECTOR METHODS

We present in this section two noneigenvector methods,
propagator and “Ermolaev and Gershman” methods.
3.1.

Propagator method

3.1.1. Principles of propagator method
Propagator method [5, 16] relies on the partition of the
transfer matrix A. Providing that A is full rank P, and the
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first rows are linearly independent, there exists a P × (N − P)
matrix ΠΓ called propagator operator, such that [5]

cost function J(ΠΓ ) = Γ12 − G11 ΠΓ 2 , where · is the
Frobenius norm. The optimal solution is given by

A = ΠH
Γ A,

−1
Γ12 .
ΠΓ = G11

(8)

where A and A are the P × P and (N − P) × P block matrices,
respectively, obtained by partitioning the transfer matrix A:


A= A

T

A T

T

.

(9)

Define the N × (N − P) matrix DΓ :


DΓ = ΠTΓ −IN −P

T

,

H

DH
Γ A = ΠΓ A − A = 0.

3.2.

(11)

In other words, the (N − P) columns of DΓ are orthogonal to
the columns of A. This means that the subspace spanned by
the columns of the matrix DΓ is the same as the subspace
spanned by the noise subspace given by the eigenvectors
associated with the (N − P) smallest eigenvalues of matrix Γ.
We then obtain the DOAs of the sources by the peak positions
in the so-called spatial spectrum [5, 14]:


FPr (θ) = a(θ)H DΓ DH
Γ a(θ)

−1

.

(12)

Equation (12) shows that the propagator algorithm is based
on the noise subspace spanned by the columns of matrix DΓ .
The computation of matrix DΓ requires a prior knowledge of
the sources DOAs ((8) and (10)). In practice, these DOAs are
unknown. However, the matrix DΓ must be estimated only
from the received data [5, 17].
3.1.2. Estimation of the propagator from
the received signals
We define the data matrix X containing all K signal
realizations as X = [x1 , . . . , xK ].
Matrix X is partitioned (in the same way as in (9)) as X =
T
T
 ]T . The resulting spectral matrix will be expressed as
[X X
follows [18]:
Γ=

Γ11

+ σ 2I

ΠH
Γ Γ11

p



Γ11 ΠΓ
ΠH
Γ Γ11 ΠΓ

+ σ 2I

N−p


=

G11 Γ12
Γ21 G22



Ermolaev and Gershman method

The conventional high-resolution algorithms are based on
the noise subspace spanned by the eigenvectors associated
with the smallest eigenvalues of spectral matrix. In order
to reduce the computational load, several methods have
been proposed for estimating the noise subspace without
singular value decomposition (SVD). In [6, 7], the proposed
algorithms are based on the properties of the spectral matrix
eigenvalues. A threshold value and an adjustable parameter
are used in order to make an approximation of noise
subspace projection matrix.
The Ermolaev and Gershman algorithm relies on the
eigenvectors of the spectral matrix:
Γ=

P


N


i=1

i=P+1

λi Pi +

H
λi Pi = Vs Λs VH
s + Vn Λn Vn ,

(16)

where λi , i = 1, . . . , N, is the ith eigenvalue of Γ and Pi =
vi viH is the associated ith eigenprojection operator Vi , being
the ith eigenvector. The well-known properties are [1, 2] as
follows.
(i) The smallest eigenvalues of Γ are equal to σ 2 with
multiplicity (N − P). Then, we have
λ1 ≥ · · · ≥ λP > λP+1 = λP+2 = · · · = λN = σ 2 ,

(17)

(ii) The eigenvectors associated with the smallest eigenvalues are orthogonal to the columns of matrix A. Namely,
they are orthogonal to the signal steering vectors:




Vn = vn+1 , vn+2 , . . . , vN ⊥ a θ1 , a θ2 , . . . , a θP ,
(18)

,
(13)

where Γ11 and Γ12 are, respectively, (P × P) and (P × (N − P))
matrices, using the partition of matrix A ((8) and (9)), we
H
have Γ11 = AΓs A .
In nonnoisy environment (σ 2 = 0) in [18], the relation
Γ12 = Γ11 ΠΓ is used to estimate ΠΓ :
−1
Γ12 .
ΠΓ = Γ11

In practice, the data are generally impaired and the SNR
value is not always high. Then, the performance of propagator method depends on the signal information contained in
the block matrix G11 with respect to the noise and its linear
dependency with the block matrix Γ12 . In [16], a statistical
performance study concerning the propagator method is
presented.

(10)

where IN −P is the (N − P) × (N − P) identity matrix.
Now, using (8) and (9), we have



(15)

(14)

In the presence of noise, (14) is no longer valid. An
estimation of the matrix ΠΓ is provided by minimizing the

where the columns of the (N × (N − P)) matrix Vn are
the (N − P) eigenvectors associated with the (N − P)
smallest eigenvalues of the spectral matrix. The columns of
matrix span Vn the noise subspace [2]. This orthogonality
is used for estimating the DOAs. Vs = [v1 , v2 , . . . , vP ] is
called the signal subspace, Λs = diag λ1 , . . . , λP  and Λn =
diag λP+1 , . . . , λN . For any integer value m, the calculation
of the estimate of the noise subspace projection matrix can
be found in details in [7]; we have
Ven VH
en = lim

m→∞

1
Γ
λs

−1

m

+I

,

(19)
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where the threshold value λs is bounded by λP and λP+1 :
λP > λS > λP+1 .

(20)

In (19), index “en” in Ven refers to Ermolaev and
Gershman. Equation (19) shows also that the estimation
of the noise subspace projection matrix depends on the
threshold value λs which separates the largest and the
smallest eigenvalues of the spectral matrix. In practice, the
determination of this value still remains very diﬃcult. In [6],
the inverse power algorithm is used to calculate the threshold
value, which is taken equal to the smallest eigenvalue of the
spectral matrix. However, the stability of this algorithm is not
always ensured. More precisely, the matrix inversibility is not
ensured.
Propagator method is not robust to noise, and Ermolaev
and Gershman method requires the threshold value. In
the next section, we propose to solve both problems by
introducing LU and QR factorization methods.
4.

PROPOSED IMPROVEMENTS FOR
NONEIGENVECTOR METHODS

In this section, we show how LU or QR factorization of the
spectral matrix can improve propagator and EG algorithms.
We propose a method for the estimation of the number of
sources and an accelerated version of MUSIC algorithm.

−1
R12 .
ΠR = R11



L11 0
L21 IN −P



U11 U12
;
0 U22

(21)



L11 U11
L11 U12
Γ=
.
L21 U11 L21 U12 + U22

(22)

Using (13), (14), and (22), we have
L11 U12 = L11 U11 ΠU .

(23)

Finally, the novel estimate of the propagator operator using
LU factorization is
−1
U12 .
ΠU = U11

 











T



T

(28)

DR = ΠTR −I .

It follows that the DOAs of the sources are given by the
positions of the maxima of the following functions:


−1



−1

FU −Pr (θ) = aH (θ)DU DH
U a(θ)

,
(29)

.

Column vectors of DU and DR do not form an orthonormal
basis, as was provided by SVD method. However, in general,
this is not necessary since the roots of FU −Pr (θ) or FR−Pr (θ)
are, respectively, identical for all basis DU or DR of the noise
subspace [8].
Both LU and QR factorization procedures rearrange the
elements of the spectral matrix by concentrating all the
signal information in the upper-left corner block matrix
of the upper triangular matrix, whereas signal information
is scattered arbitrarily in the initial matrix. Indeed, this
block matrix contains the largest elements of the factorized
matrix. This permits the propagator method to keep its good
performance even in the presence of noise.
4.2.

(25)

In this subsection, we show how the upper triangular
matrices can be used to estimate the threshold value in



−1
0
U11
U12
=
.
−I
−U22

(27)

(24)

If we calculate the following product,
U11 U12
0 U22



−1
0
R11
R12
.
=
−R22
−I

FR−Pr (θ) = aH (θ)DR DH
R a(θ)

we have





As in the LU factorization the smallest eigenvalues are in the
lower-right corner of R, that is, the block matrix R22 . The
 −1 
columns of matrix R11−RI 12 form a basis for the eigenvectors
associated with the smallest eigenvalues and the block matrix
R22 contains the smallest eigenvalues of matrix Γ.
Let the matrices





R11 R12
0 R22

DU = ΠTU −I ,

In this subsection, we insert an LU decomposition step in
propagator method to improve the robustness to noise of
propagator method. The properties of the upper triangular
matrix are used to minimize the influence of model errors.
Assume that spectral matrix Γ bears LU factorization,
then it is expressed as [19, 20]
Γ = LU =

(26)

In the same way as for LU-based method, we have

4.1. Propagator method using upper
triangular matrices





−1

We show that the columns of matrix U11−UI 12 form a basis
for the eigenvectors associated with the smallest eigenvalues
and the block matrix U22 contains the smallest eigenvalues of
matrix Γ. This result confirms that the propagator (see (15))
estimated from the LU factorized spectral matrix (24) is in
accordance with the propagator principle.
As mentioned in several papers [12, 19, 21], (25) shows
that the smallest eigenvalues are in the lower-right corner
of U, that is, the block matrix U22 . The useful signal
components are concentrated in matrices U11 and U12 . This
yields a better robustness to noise compared to the case,
where the classical propagator method is applied.
Following similar calculations with the QR factorization,
we obtain

Improvement of EG method: threshold value
estimation using triangular factorization of
spectral matrix
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the EG algorithm [7]. We propose an analytical solution
based on the linear algebra results developed in [19] and
recently improved in [20] concerning the eigenvalues of the
symmetric and definite positive matrices.
Let us consider that the spectral matrix Γ has a numerical
LU factorization, then its factorization is [19, 20]


L11 0
Γ = LU =
L21 IN −P





U11 U12
.
0 U22

(30)

Following the algebra results published in [19, 20], we have


U22 

λP ≥ λmin L11 U11

λP+1 ,

(31)

where L11 is a (P × P) unit lower triangular block matrix,
U11 is (P × P) upper triangular block matrix, L21 , U12 , and
U22 are the (N − P) × P, P × (N − P) and (N − P) × (N − P)
block matrices, respectively. λmin L11 U11 is the minimal
eigenvalue of the (P × P) matrix L11 U11 . Several papers [19–
22] were dedicated to the question of whether there is a
strategy that will force entries with magnitudes comparable
to those of eigenvalues to concentrate them in the lower-right
corner of U, so that LU factorization reveals the numerical
rank.
The QR factorization of the spectral matrix is [19, 20]


Γ = QR = Q



R11 R12
,
0 R22

(32)

where R is an (N × N) UTM and Q is a (N × N) matrix
with orthonormal columns. R11 , R12 , and R22 are the (P ×
P), P × (N − P), and (N − P) × (N − P) block matrices,
respectively. Besides being able to reveal rank deficiency of
Γ, a QR factorization with a small R22 block is very useful
in many applications, such as in rank deficient least squares
computation [22]. Following [20] we have the minimal
eigenvalue of R11 , denoted by λmin R11 , and
 the
 maximal
eigenvalue of R22 , denoted by λmax R22 = R22 , bounded
[19, 20, 22] by


R22 

λP ≥ λmin R11

λP+1 .


m→∞





1
Γ
λS

−1

−1

m

+I


a(θ)


.

(34)

with λS = λUS = U22  or λS = λRS = R22 .
We have concluded from numerous simulations that
values close to 10 are convenient. Close values were experimentally shown, in [6, 7, 23], to be the appropriate ones.

Estimation of the number of sources using
the upper triangular matrices

In this subsection we show how to estimate the number
of sources. We use the diagonal elements, which are in
decreasing order, of the matrices R or U for this purpose.
We propose to add this step in the noneigenvector source
localization procedures, which currently suﬀer with this
problem in real-world applications. Indeed, in propagator
method, we need the number of sources to partition matrices
Γ, R, or U.
The estimation of the number P of sources is a delicate
problem. Several methods have been developed. The two
most popular methods are akaike information criterion
(AIC) [10] and minimum description length (MDL) [11].
These algorithms are based on spectral matrix eigenvalues.
This is the main diﬃculty, while applying the noneigenvector
methods, as the eigenvalues are supposed to be known. In
this paper, we propose to use the diagonal elements of the
UTM obtained thanks to the triangular factorizations of the
spectral matrix for estimating the number of sources. Indeed,
asymptotically the diagonal elements of R or U matrix tend
to the eigenvalues of Γ.
Algorithms for LU factorization based on Gaussian
transformations are given, for example, in [15, Section
3.2] or in [24]. Algorithms for QR factorization based on
Householder and Givens orthogonalization procedures are
described in [15, Sections 5.2 and 5.3] and in [25]. In
this paper, we refer to the Householder orthogonalization
procedure, which is generally preferred to Givens method
because it is twice fast.
The estimation of the number of sources is usually based
on the application of AIC or MDL criteria to the eigenvalues
of the spectral matrix. We propose to use the diagonal
elements of the matrix U or R instead of eigenvalues, as these
elements tend to the eigenvalues [14, 15]. According to [23],
another simple way to estimate the number of sources is
based on the successive comparison of diagonal elements of
the matrix U or R defined as


Λu = diag

(33)

The EG algorithm [7] requires the prior knowledge of the last
signal eigenvalue and the first noise eigenvalue to estimate
the threshold. In this paper, we propose to improve the
traditional EG algorithm concerning crucial threshold value
estimation problem. According to the
 previous

 expressions

(25), (27), (31), and (33) the values U22  or R22  can be
chosen as threshold value λs .
The spatial spectrum corresponding to EG algorithm for
source localization becomes
F(θ) = lim aH (θ)

4.3.

or

u1 u2
u
,
,..., N
uN uN
uN



ΛR = diag



(35)



r
r1 r2
, ,..., N ,
rN rN
rN

(36)

where ui and ri for i = 1, . . . , N are the diagonal elements of
U and R in decreasing order, respectively.
For instance, we have u1 ≥ u2 ≥ · · · ≥ uN and r1 ≥ r2 ≥
· · · ≥ rN .
It is easy to see that lim ΛU−1 = lim ΛR−1 = diag[0, 0, . . . ,
t →∞
t →∞
1, 1]. Then, the number of zeros in this diagonal matrix gives
the number of sources. Choosing a too small value of t does
not permit to distinguish clearly between null and 1 values,
choosing a too high value of t increases the computational
load.
According to the numerous simulations we performed,
a value of t less than 10 gives good results, which is in
accordance with the results presented in [6, 7, 23].

6

EURASIP Journal on Advances in Signal Processing

4.4. MUSIC without eigendecomposition
In this subsection, we present an overview of the traditional
multiple signal characterization (MUSIC) method and propose a noneigenvector version of MUSIC.
4.4.1. Principles of MUSIC method
MUSIC method provides the DOAs of the sources by the
peak positions in the so-called spatial spectrum [5, 14]:


Fmusic (θ) = aH (θ)Vn VH
n a(θ)

−1

.

(37)

The maximum values of Fmusic (θ ) yield the source DOAs.
MUSIC requires the eigenvectors of the spectral matrix
that span the noise subspace. Traditionally, singular value
decomposition (SVD) of the spectral matrix is performed.
We propose to replace singular value decomposition by
fixed-point algorithm [26] and thereby accelerate MUSIC
algorithm.
4.4.2. Acceleration of MUSIC algorithm
with fixed-point algorithm
We present the fixed-point algorithm for computing leading
eigenvectors and show how it can be inserted in MUSIC to
compute the noise subspace.
Fixed-point algorithm for computing the P orthonormal
basis vectors is summarized in the seven following steps.
(1) Choose P, the number of eigenvectors to be estimated. Consider spectral matrix Γ and set p ← 1.
(2) Initialize eigenvector v p of size N × 1, for example,
randomly.
(3) Update v p as v p ← Γv p .
(4) Do the Gram-Schmidt orthogonalization process
 p−1
v p ← v p − j =1 (vPT v j )v j .
(5) Normalize v p by dividing it by its norm: v p ← v p /
v p .
(6) If v p has not converged, go back to step (3).
(7) Increment counter p ← p + 1 and go to step (2) until
p equals P.
The eigenvector with dominant eigenvalue will be measured
first. Similarly, all remaining P − 1 basis vectors (orthonormal
to the previously measured basis vectors) will be measured
one by one in a reducing order of dominance. The previously
measured (p − 1)th basis vectors will be utilized to find
the pth basis vector. The algorithm for pth basis vector will
converge when the new value v+p and old value vP are such
that vTp vP+ = 1. It is usually economical to use a finite
tolerance error to satisfy the convergence criterion | vPT vP+ −
1 | < δ, where δ is a prior fixed threshold and |·| is the
absolute value. Let Vs = [v1 , v2 , . . . , vP ] be the matrix whose
columns are the P orthonormal basis vectors. Then, Vs is the
subspace spanned by the P eigenvectors associated with the
largest eigenvalues. It is also called ”signal subspace.” The
projector onto the noise subspace spanned by the (N − P)

eigenvectors associated with the (N − P) smallest eigenvalues
H
is I − Vs VH
s = V f n V f n . This estimated projector can be used
in (37). In V f n and VHfn , index “ f n” refers to fixed point.
5.

PERFORMANCE ANALYSIS OF
THE CONSIDERED ALGORITHMS

In this section, we investigate the performance of the
considered methods in terms of mean-squared error of the
source bearing estimates. This investigation is inspired by
previous results in [27–29].
A common model for the null spectrum function
associated with the propagator, EG algorithm as well as with
MUSIC is
M(θ) = aH (θ)Ba(θ) ,

(38)

where B = D DH with D = DΓ , DU , or DR or B =
H
H
Vn VH
n , B = V f n V f n , or B = Ven Ven
The DOAs are the arguments of the minima of M(θ),
when no perturbation aﬀects matrix B. When noise is present
in the data, or when there are some uncertainties on the data
model, the function from which we search for the minima in
order to determine the DOA estimates is

 a(θ)
M(θ)
= aH (θ)B

(39)

 (θ) of
with a first-order expansion of the first derivative M

 (θ) around the bearing estimates θ p and with a firstM
 = B + ΔB it has been shown in [28] that
order expansion B
the error on the bearing estimates, Δθ p = θ p − θp , is given by

Δθ p = −

Real aH θ p ΔBg θ p
gH θ p Bg θ p

,

(40)

where g(θ) is the vector whose components are the first
derivative of the components of a(θ). In order to compute
the DOA estimation error (40), it is necessary to evaluate
matrix ΔB when the data matrix is perturbed by X = X f +
ΔX, where X = [x1 , . . . , xK ] with K number of snapshots
of measurement vectors x and X f is the data matrix with
no perturbation and where ΔX is the additive perturbation
matrix. From the partition (9), we can write X f = [ XTf X Tf ]T .
Following the calculation given in [27, 28], in the case
of the MUSIC method using SVD, that is, B = Vn VH
n , the
authors of [28] have shown that
Δθ p = −

Real aH θ p T1 ΔXH Bg θ p
gH θ p Bg θ p

(41)

with T1 = Vs Λs−1 VH
s , Vs = [v1 , . . . , vP ], Λs = diag[λ1 , . . . ,
λP ] which gives the error on the bearing estimates for the
H
EG and fixed point, by replacing B by Ven VH
en and V f n V f n ,
respectively.
Following the same calculations [27, 28], we obtain for
the propagator method
Δθ p = −

Real aH θ p T2 ΔXH DDH g θ p
gH θ p DDH g θ p

(42)
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with D = DΓ , DU , or DR



T2 = −

H
(X f X f )−1 ·X f

0

6.2.



.

(43)

In [28, 29], the MSE, that is, E[|Δθ p |2 ] has been derived
from (41) for an additive perturbation matrix ΔX with zeromean uncorrelated random components with equal variance
σ 2 (see [28, 29]), for the MUSIC method, we have
2 

a
E Δθ p  = σ 2

H

θ p T1 TH
1 a θp
θ p Bg θ p

2gH

(44)

with B = Ven VH
en .
When EG method is considered B = Ven VH
en , and
when MUSIC with fixed-point algorithm is considered, B =
V f n VHfn .
We easily deduce that the MSE expressions are

The traditional MUSIC method estimates the noise subspace eigenvectors by singular value decomposition (SVD).
Then, we compare the computational complexities of the
traditional MUSIC method and the proposed accelerated
version of MUSIC method through the comparison of
the computational complexities of SVD and fixed-point
algorithm.
One well-known SVD method is the cyclic Jacobi’s
method. The Jacobi’s method which diagonalizes an (N ×
N) symmetric matrix requires around N 3 computations.
The computational complexity of fixed-point algorithm is
computed as follows. Let It be the number of iterations used
in converging the algorithm to obtain v p . Then, the estimated
computational complexity is given in the following steps.
(i) The Gram-Schmidt orthogonalization for v p (any
value of p) implies around NP It operations.

2 

gH θ p DDH DDH g θ p aH θ p T2 TH
2 a θp
E Δθ p  = σ 2
2
H
H
2 g θ p DD g θ p
(45)

(ii) Which yields, for all p = 1, . . . , P basis vectors,
around NP 2 It operations.

with D = DΓ , DU , or DR .
We therefore provided the expressions of the error
((41) and (42)) and variance ((44) and (45)) for the DOA
estimation by the considered methods.
6.

ALGORITHM COMPLEXITIES

In this version, we provide the theoretical expressions of
the numerical complexities of the proposed noneigenvector
methods.
6.1. Propagator and Ermolaev and
Gershman methods
The main advantage of the methods presented in this
paper, namely, propagator (29) and Ermolaev and Gershman
methods (34) is their low computational load. Indeed, these
methods do not require the costly eigendecomposition of
the spectral matrix. The complexity of the LU factorization
LU (N) ≈ N 3 /3. The number of operaalgorithm is [19, 25] Nop
tions required by Householder QR factorization algorithm
QR
(N) ≈ 2N 3 /3. The number of multiplications
[25] is Nop
involved in calculating an upper triangular matrix inversion
is N 2 . Proposed EG method requires consequently around
N 3 /3 + N 2 operations. It is well known that the number of
operations to calculate an (N × N) matrix Γ inversion is
N 3 , so the original EG method needs around N 3 operations.
Considering the number of sensors which is usually used, the
proposed method is faster than the traditional one.
Following [16] the cost involved by the estimation of the
propagator from the spectral matrix of the received signals
(15) is N 2 P + P 2 N + P 3 . The computational load involved
by the LU or QR-based methods to obtain ΠU (24) or ΠR
(26) is P 2 (N − P + 1). The proposed methods are based
on the LU or QR factorization which requires considerably
less computations than eigendecomposition. This result is
interesting for large arrays with few sources which is often
the case in underwater acoustics.

MUSIC algorithm and accelerated version

(iii) The updating process for all p = 1, . . . , P basis vectors
implies around N 2 P It operations.
(iv) Then, the total estimated is then It (NP 2 + N 2 P)
operations.
If dimension N is large compared to P the computational complexity can be estimated to be around N 2 .
Then, replacing SVD by fixed-point algorithm, the gain
in terms of computational complexity is of an order of
magnitude. Therefore, MUSIC with fixed-point algorithm
has the smallest computational load.
7.

SIMULATION RESULTS

In the following simulations, a linear antenna of N = 15
equispaced sensors d = c/2 f0 is used, where f0 is the source
frequency and c is the velocity of the propagation. Eight
uncorrelated source signals of equal power have DOA values:
5◦ , 10◦ , 20◦ , 25◦ , 35◦ , 40◦ , 50◦ , and 55◦ , and are temporally
stationary zero-mean with the same central frequency f0 =
115 Hz. The additive noise is not correlated with the signals
and it is also assumed white. The number of snapshots taken
was 1000 and the number of observations was 1000. Taking
an elevated number of snapshots yields a good estimation of
the spectral matrix. Then, the performance of each method
can be evaluated independently from the accuracy of the
estimation of the spectral matrix. Choosing a number of
snapshots equal to 100, such as in [1, 2, 6, 7, 23], does not
change the results.
Reducing these numbers while keeping for them the same
order of magnitude does not change the DOA estimation
performance. The SNR is defined by SNR = 10log10 (s/σ 2 ),
where s is the power of the source and σ 2 is the noise variance.
The following experiments are carried out in order to
study the performance of the noneigenvector source localization algorithms based on the U or R matrix properties.
This section is divided into two experiments: one is devoted
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Figure 1: ΠΓ -propagator with SNR = 0 dB.
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7.1. Experiment 1: Propagator method

12

In order to study the source localization using the propagator
methods based on the U or R matrices, we have considered
several simulations with diﬀerent SNR values. Firstly, the
employed propagator methods are calculated using (15),
(24), and (26) with SNR = 0 dB. The number of sources is
estimated from the matrices of (36), parameter t is chosen
as t = 10. We have obtained a correct estimated number of
sources P = 8.
It has been shown that, in the presence of an additive
noise, the performances of the standard propagator (15)
are considerably degraded [16, 18]. However, the results
obtained show that these degradations are not significant
when the proposed propagator algorithms are used even if
the values of SNR are relatively low. Indeed Figures 1, 2, and
3 show that only the proposed methods have localized all the
sources when the SNR is equal to 0 dB.
We propose a statistical study to measure the robustness
of the considered methods. The criterion that is used is the
standard deviation (std) defined by

10

2
1  
θ − θji 
std =
8T j =1 i=1
8

T

1/2

,

20
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40
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50
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70

Figure 2: ΠU -propagator with SNR = 0 dB.

to the propagator method and the other concerns the EG
algorithm.



10

(46)

where T is the number of trials, θi is the estimate of the DOA
from ith trial, and θ = {θ1 , θ2 , θ3 , θ4 , θ5 , θ6 , θ7 , θ8 }.
The results provided in Figure 4 show that the std values
obtained with the propagator method based on U or R
matrix are lower than those obtained with the classical
propagator for all SNR values.
The previous results have shown that even in the presence
of noise, the propagator algorithms localize all the sources
when LU or QR factorization is used.
These results could be expected according to the theoretical results obtained in Section 4 (see (24) and (26)).
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Figure 3: ΠR -propagator with SNR = 0 dB.

The estimation of matrix Π leads exactly to the noise
subspace (see (25) and (27)). In contrast to the case where
the traditional propagator method is used in the presence of
noise, only a least square solution is possible to implement.
That is why the corresponding results are more biased.
To assess these first results, we performed another study:
in place of studying the bias over angle estimation we study
the bias over the estimation of Π. We refer to the basic
definition of the propagator, that is, A = ΠH A. We compute
Π from all considered methods ((15), (24), and (26)) and
for several numbers of sensors. We considered the following
error criterion:




 − ΠH A,
e = A

(47)

 and A are the matrices used for simulating the data.
where A
The evolution of the error criterion with respect to the
number of sensors for all propagator operators ΠΓ , ΠU , and
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Figure 4: std of estimation errors as a function of SNR for
propagator and modified propagator.
0.4

confined in the matrices U or R, we have used the lower unit
triangular matrix L, instead of the matrix U, with several high
SNR values. Our conclusion is that the lower matrix cannot
be used to localize the sources.

0.35

7.2.

0.3

Experiment 2: Ermolaev and Gershman algorithm

In this experiment, we first justify the choice of parameter m
involved in EG method, and we then study its performance
in terms of accuracy of source localization and robustness
to noise. The number of sources is taken equal to 8 as in
experiment 1.
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7.2.1. Choice of parameter m value
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Figure 5: Error obtained with diﬀerent propagator operators as a
function of the number of sensors.

ΠR is represented in Figure 5. The main outcome of this
figure is that whatever the number of sensors, the error
obtained with LU or QR-based factorization techniques is
lower than the one obtained with the spectral matrix-based
technique. QR-based factorization technique gives slightly
better results compared to LU-based factorization technique,
especially for low SNR values (less than –10 dB).
This confirms that better estimation of Π leads to better
estimation of angles.
Note that during our simulations, in order to verify
that the information about the source localization is totally

We performed a specific study concerning the EG method:
in the current experimental conditions, with SNR = 0 dB,
we vary the value of parameter m (see (34)). We use QR
factorisation and we will keep the same conclusions while
using further LU decomposition. The std value over the
estimation of source DOAs is decreasing until m = 10
and is then steady (Figure 6). Then, we deduce that the
best compromise between reliability of DOA estimation and
computational load is reached by choosing m = 10, in
the considered experimental conditions. This result is in
accordance with studies performed in [6, 7, 23].
7.2.2. Performance of EG method for source localization
In order to compare the performance of the considered
algorithms based on our thresholds λUs or λRs to one based
on the threshold value λs arbitrarily chosen between λP and
λP+1 as suggested by [10], several experiments with the same
experimental conditions as in the previous subsection are
carried out with m = 10 and P = 8. Figure 7 plots the
std values over the angles obtained with each considered
method and for several SNR values. Therefore, the proposed
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Figure 8: EG algorithm as a function of the threshold values λUS and
λs with m = 10 and SNR = −5 dB.

threshold values lead to better results for all SNR values.
Figures 8 and 9 exemplify the obtained localization results.
The good performances of the proposed modified EG
method are reached thanks to the estimation of the number
of sources using diagonal elements and the proposed threshold values. The results obtained show that the rank revealing
triangular factorizations improve DOA localization. This can
be explained as follows.
In [7], the approximation of (19) depends strongly on
the threshold λs between signal subspace and noise subspace
eigenvalues of the spectral matrix.

Figure 9: EG method as a function of the threshold values λRS and
λs with m = 10 and SNR = −5 dB.

Supposing that P is the correct number of sources,
choosing a value of λs which is too close to λ p induces
the overestimation of noise subspace dimension as signal
subspace vectors may be included in the noise subspace,
which leads to the degradation of the localization using the
EG algorithm.
Now, if P is chosen inadequately, std increases. Indeed
several simulations have shown the following behavior. If
the number of sources is underestimated the estimated DOA
values are uncorrect and if the number of sources is overestimated one observes unexpected DOA values depending on
the experiment.
Then, the problem of the estimation of λs required in EG
algorithm could be solved thanks to LU or QR factorizations
of the spectral matrix.
7.3.

Experiment 3: Fixed-point algorithm and MUSIC

We exemplify the proposed fixed-point algorithm with
source localization based on MUSIC method. Several experiments with the same experimental conditions as in the
previous subsections are carried out with various numbers
(see Figure 10 and Table 1, N = 20 up to 250) of sensors, to
study the computational load of the proposed algorithm as a
function of the antenna size. Parameter δ is fixed to 10−6 and
SNR to 0 dB with P = 8 sources. DOA values are 5◦ , 10◦ , 20◦ ,
25◦ , 35◦ , 40◦ , 50◦ , and 55◦ .
The number of realizations is 1000, and the number of
observations is 1000. By taking into account the computational time needed to localize the sources at each experiment,
the mean computational load is then up to 2.5 times less
with fixed-point algorithm than with SVD. Both versions of
MUSIC provide the same pseudospectra (Figures 11 and 12).
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Table 1: Computational time needed to run MUSIC, using SVD and fixed point, for various numbers of sensors.
Number of sensors
Time SVD (10−2 second)
Time fixed point (second)
Ratio SVD/fixed poin

10
0.95
0.5
1.9

15
1.3
0.6
2.2

20
2.4
1.1
2.2

25
4.4
1.8
2.4

×1014
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Figure 10: Computational time for MUSIC with SVD (·) and for
MUSIC with fixed-point algorithm (+).
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Figure 12: Pseudospectrum of MUSIC obtained using fixed point.
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Figure 11: Pseudospectrum of MUSIC obtained using SVD.

Figure 10 and Table 1 show that MUSIC method with
fixed-point algorithm is up to 2.5 faster than MUSIC method
using SVD.
7.4. Experiment 4: Performance of
noneigenvector methods
In this experiment, we study the robustness to noise of
propagator and of the EG method both using QR factoriza-

−10

−5

0

5
SNR(dB)

10

15

20

Figure 13: Standard deviation values for various SNR values
obtained with noneigenvector EG method (+), MUSIC method (∗ ),
propagator method (o), Cramér Rao bound (∗ -).

tion of the accelerated MUSIC algorithm. Indeed we noticed
(see Figures 4 and 7) that the results obtained are the best
when QR factorization is used. Moreover, using fixed-point
algorithm in place of SVD does not alter the results in terms
of performance.
Figure 13 provides the std values for various SNR values
and for the three considered noneigenvector methods and
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Cramér-Rao bound for MUSIC method (which exhibits the
lowest Cramér Rao bound values).
We used the formulas provided in [27].
7.5. Performance in the estimation of
the number of sources
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The purpose of this special issue is to report recent
progress in enhanced physical layer and diversity techniques
that would facilitate HDTV to be delivered over both
terrestrial and wireless broadband channels. Of special
concerns are innovative techniques that improve spectrum
usage, channel capacity, bandwidth, coverage, and quality of services (QoS). Experts from both academia and
industry are invited to submit high-quality manuscripts
that describe the latest research results. Discussions on
existing systems/standards are also welcomed if the results include objective comparison of diﬀerent technical
solutions and concrete suggestions on how to improve existing systems/standards to achieve significant performance
enhancement.
Topics of interest include, but are not limited to:
• Coding and modulation: Turbo codes/LDPC,
COFDM, BST-OFDM, SOFDM, VSB
• Transmit/receive diversity techniques: cyclic delay
diversity (CDD), discontinue Doppler diversity
(DDoD), equal gain combining (EGC), maximal ratio
combining (MRC)
• MIMO techniques, wideband MIMO channel models,
channel estimation and equalization, and time and/or
frequency synchronization
• Practical issues relevant to enhanced PHY: frequency
utilization, dynamic bandwidth/robustness control,

backward compatibility, coexistence receiving techniques, network planning, service coverage and onchannel repeater design consideration
• Hardware prototyping, that is, system-on-chip and
software-defined radio techniques, field testing and
measurement campaign relevant to enhanced PHY
Authors should follow the International Journal of Digital Multimedia Broadcasting manuscript format described
at the journal site http://www.hindawi.com/journals/ijdmb/.
Prospective authors should submit an electronic copy of their
complete manuscript through the journal Manuscript Tracking System at http://mts.hindawi.com/, according to the following timetable:
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EURASIP Journal on Information Security

Special Issue on
Secure Steganography in Multimedia Content
Call for Papers
Steganography, the art and science of invisible communication, aims to transmit information that is embedded invisibly into carrier data. Diﬀerent from cryptography it hides
the very existence of the secret. Its main requirement is undetectability, that is, no method should be able to detect a hidden message in carrier data. This also diﬀerentiates steganography from watermarking where the secrecy of hidden data is
not required. Watermarking serves in some way the carrier,
while in steganography, the carrier serves as a decoy for the
hidden message.
The theoretical foundations of steganography and detection theory have been advanced rapidly, resulting in improved steganographic algorithms as well as more accurate
models of their capacity and weaknesses.
However, the field of steganography still faces many challenges. Recent research in steganography and steganalysis has
far-reaching connections to machine learning, coding theory,
and signal processing. There are powerful blind (or universal) detection methods, which are not fine-tuned to a particular embedding method, but detect steganographic changes
using a classifier that is trained with features from known
media. Coding theory facilitates increased embedding eﬃciency and adaptiveness to carrier data, both of which will
increase the security of steganographic algorithms. Finally,
both practical steganographic algorithms and steganalytic
methods require signal processing of common media like images, audio, and video. The field of steganography still faces
many challenges, for example,

• Practical secure steganographic methods for images,
•
•
•
•
•
•
•
•

audio, video, and more exotic media and bounds on
detection reliability
Adaptive, content-aware embedding in various transform domains
Large-scale experimental setups and carrier modeling
Energy-eﬃcient realization of embedding pertaining
encoding and encryption
Steganography in active warden scenario, robust
steganography
Interplay between capacity, embedding eﬃciency, coding, and detectability
Steganalytic application in steganography benchmarking and digital forensics
Attacks against steganalytic applications
Information-theoretic aspects of steganographic security

Authors should follow the EURASIP Journal on Information Security manuscript format described at the journal
site http://www.hindawi.com/journals/is/. Prospective authors should submit an electronic copy of their complete
manuscript through the journal Manuscript Tracking System at http://mts.hindawi.com/ according to the following
timetable:
Manuscript Due

August 1, 2008

• how could one make benchmarking steganography

First Round of Reviews

November 1, 2008

more independent from machine learning used in steganalysis?
• where could one embed the secret to make steganography more secure? (content adaptivity problem).
• what is the most secure steganography for a given
carrier?

Publication Date

February 1, 2009

Material for experimental evaluation will be made available
at http://dud.inf.tu-dresden.de/∼westfeld/rsp/rsp.html.
The main goal of this special issue is to provide a stateof-the-art view on current research in the field of steganographic applications. Some of the related research topics for
the submission include, but are not limited to:
• Performance, complexity, and security analysis of

steganographic methods
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Special Issue on
Active Antennas for Space Applications
Call for Papers
Over the last years, many journal articles appeared on the
principles, analysis, and design of active and active integrated
antennas (AAs and AIAs). An AA is a single system comprising both a radiating element and one or more active components which are tightly integrated. This gives clear advantages
in terms of costs, dimensions, and eﬃciency. In the case of an
AIA, both the active device and the radiator are integrated on
the same substrate. Both options lead to very compact, lowloss, flexible antennas, and this is very important especially
at high frequencies, such as those typical of a satellite link.
As microwave integrated-circuit and the microwave monolithic integrated-circuit technologies have ripened, AA and
AIA applications have become more and more interesting,
not only at a scientific level but also from a commercial point
of view, up to the point that they have recently been applied
to phased array antennas on board moving vehicles for satellite broadband communication systems.
The goal of this special issue it to present the most recent
developments and researches in this field, with particular attention to space-borne applications, as well as to enhance the
state of the art and show how AAs and AIAs can meet the
challenge of the XXI century telecommunications applications.
Topics of interest include, but are not limited to:
• Active (integrated) antenna design, analysis, and simulation techniques
• Active (integrated) antenna applications in arrays,
retrodirective arrays and discrete lenses
• Millimeter-wave active (integrated) antennas
Authors should follow International Journal of Antennas
and Propagation manuscript format described at the journal site http://www.hindawi.com/journals/ijap/. Prospective
authors should submit an electronic copy of their complete
manuscript through th journal Manuscript Tracking System at http://mts.hindawi.com/, according to the following
timetable:
Manuscript Due

September 1, 2008

First Round of Reviews

December 1, 2008

Publication Date

March 1, 2009
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EURASIP Journal on Embedded Systems

Special Issue on
Formal Techniques for Embedded Systems
Design and Validation
Call for Papers
Computing platforms that are embedded within larger systems they control, called embedded systems, are inherently
very complex as they are responsible for controlling and regulating multiple system functionalities. Often embedded systems are also safety-critical requiring high degree of reliability and fault tolerance. Examples include distributed microprocessors controlling the modern cars or aircrafts and
airport baggage handling system that track and trace unsafe
baggage. To address this growing need for safety and reliability, formal techniques are increasingly being adapted to suit
embedded platforms. There has been widespread use of synchronous languages such as Esterel for the design of automotive and flight control software that requires stronger guarantees. Languages like Esterel not only provide nice features
for high-level specification but also enable model checkingbased verification due to their formal semantics. Other semiformal notations are also being proposed as standards to
specify industrial embedded systems using, for example, the
newly developed IEC61499 standard for process control. This
standard primarily focuses on component-oriented description of embedded control systems. The goal of this special
issue is to bring together a set of high-quality research articles looking at diﬀerent applications of formal or semiformal
techniques in specification, verification, and synthesis of embedded systems.
Topics of interest are (but not limited to):
•
•
•
•
•
•
•
•

Verification of system-level languages
Verification of embedded processors
Models of computation and verification
Models of computation for heterogeneous embedded
systems
IP verification issues
Open system verification techniques such as module
checking and applications of module checking
Formal techniques for protocol matching and interface
process generation
Applications of DES control theory in open system
verification

• Adaptive techniques for open system verification
• Verification techniques for automatic debugging of
•
•
•
•

embedded systems
Formal approaches for secure embedded systems
Hardware-software coverification of embedded systems
Compositional approaches for SOC verification
Verification of distributed embedded system

Before submission authors should carefully read over the
journal’s Author Guidelines, which are located at http://www
.hindawi.com/journals/es/guidelines.html. Authors should
follow the EURASIP Journal on Embedded Systems manuscript format described at the journal’s site http://www
.hindawi.com/journals/es/. Prospective authors should submit an electronic copy of their complete manuscript through
the journal’s Manuscript Tracking System at http://mts
.hindawi.com/, according to the following timetable:
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November 1, 2008

Publication Date
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