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A dual-step approach for speaker localization based on a microphone array is addressed in this paper. In the first stage, which
is not the main concern of this paper, the time difference between arrivals of the speech signal at each pair of microphones is
estimated. These readings are combined in the second stage to obtain the source location. In this paper, we focus on the second
stage of the localization task. In this contribution, we propose to exploit the speaker’s smooth trajectory for improving the current
position estimate. Three localization schemes, which use the temporal information, are presented. The first is a recursive form
of the Gauss method. The other two are extensions of the Kalman filter to the nonlinear problem at hand, namely, the extended
Kalman filter and the unscented Kalman filter. These methods are compared with other algorithms, which do not make use of
the temporal information. An extensive experimental study demonstrates the advantage of using the spatial-temporal methods. To
gain some insight on the obtainable performance of the localization algorithm, an approximate analytical evaluation, verified by an
experimental study, is conducted. This study shows that in common TDOA-based localization scenarios—where the microphone
array has small interelement spread relative to the source position—the elevation and azimuth angles can be accurately estimated,
whereas the Cartesian coordinates as well as the range are poorly estimated.
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1. INTRODUCTION AND PROBLEM FORMULATION

Determining the spatial position of a speaker finds a grow-
ing interest in video conference scenarios where automated
camera steering and tracking are required. Acoustic source
localization might also be used as a preprocessor stage for
speech enhancement algorithms, which are based on micro-
phone array beamformers.

Usually, methods for speaker localization are comprised
of two stages. In the first stage, which is not the main con-
cern of this paper, microphone array is used for extracting
the time difference between arrivals of the speech signal at
each pair of microphones. These readings are then processed
by the second stage to obtain the source position. This pa-
per focus is on the second algorithmic stage of the two-step
approaches.

In the first algorithmic stage, the time difference of ar-
rival (TDOA) is estimated using spatially separated micro-
phone pairs. The classical method for performing this task is
the generalized cross-correlation (GCC) algorithm [1]. Many
improvements of this method for the reverberant case exist.
Brandstein and Silverman used a robust estimate of the cross-
power spectral density phase [2]. A cepstrum-based prefilter
applied to the received signals prior to the application of the

cross-correlation is proven by Stéphene and Champagne to
be beneficial [3]. Benesty [4] and Doclo and Moonen [5] are
using subspace tracking methods for performing the desig-
nated task. Recently, Dvorkind and Gannot [6–8] proposed a
method for TDOA estimation, based on the nonstationarity
of the speech signal, which was proven to be superior to the
other methods in tracking scenarios.

During the second algorithmic stage, the noisy TDOA
readings are combined to produce the source location esti-
mate. The locus of speaker positions associated with a given
microphone pair, from which we have extracted a TDOA
measurement, forms one half of a hyperboloid of two sheets.
By intersecting hyperboloid surfaces, one can estimate the
speaker position [9]. However, this formulation is hard to
compute in 3-dimensional space and tends to be noise sensi-
tive (since small measurement errors can divert the intersec-
tion curve significantly). Another approach is useful in far-
field applications, where the hyperboloid is approximated by
a cone (centered at the midpoint of the microphone pair).
By intersecting the bearing lines associated with such cones,
location estimate can be derived by properly weighting the
potential source locations according to the likelihood of the
measurement. Brandstein et al. denote this method by linear
intersection estimate [10].
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By manipulating the measurement model, as will be
shown in the sequel, the hyperbolic equations can be recast
into a spherical form. The obtained equation set is shown to
be nonlinear. Since the number of equations increases with
the number of microphones, the noisy case can be solved by
applying the (nonlinear) least squares (LS) approach.

The nonlinear LS problem yields a cumbersome expres-
sion. This difficulty might be alleviated in several ways. Three
methods provide a closed-form solution, which differ in the
way they mitigate the nonlinearity. The spherical intersection
(SX) method was proposed by Schau and Robinson [11]. The
spherical interpolation (SI) was proposed by Smith and Abel
[12], while Huang et al. proposed the one-step least squares
(OSLS) method [13]. Dealing with the differences between
these methods is beyond the scope of this short survey.

Recently, Huang et al. [14] addressed the same nonlin-
ear equation set and solved it by using Lagrange multiplier.
Since a polynomial of degree six is involved in the proposed
method, no closed-form solution exists. Thus, the iterative
secant method [15] was used for the root search. The two-
step approach is referred to as linear correction least squares
(LCLS) approach. We will elaborate more on this method
while formulating the problem.

Direct maximum likelihood-based algorithms are widely
used in the localization task. Maximum likelihood (ML) pro-
cessors require a priori knowledge of the joint probabil-
ity density function of the errors in the TDOAs, and need
search-based algorithms for determining the maximizer. Yao
et al. [16] proposed a frequency-domain, one-step, approx-
imate ML estimator for extracting both the source location
and the received signal spectrum. They also proposed an it-
erative method for dealing with multiple source scenarios.
Chen et al. further developed this concept and presented the
Cramér-Rao lower bound (CRLB) for the localization prob-
lem in [17]. When the microphones locations are not known
exactly, a two-stage estimation procedure is proposed, where
iterations are performed between the ML estimation stage
and a calibration stage. In the ML context, Segal et al. work
should be mentioned, in which the estimate-maximize (EM)
procedure is applied (in the frequency domain) for estimat-
ing both the position of several sources and their respective
parameters [18]. Birchfield and Gillmor [19] utilized Bayes
rule to obtain an ML estimator for the source location. In
a simplified, reverberant-free room, the proposed method
is shown to be more robust against additive noise than the
conventional beamformer. Chen et al. [17] proposed the
use of two beamformers with several look directions for ex-
tracting several candidate azimuth angles. A majority-based
rule is then used for estimating the azimuth angle of the
source.

All the prementioned methods exploit the spatial in-
formation obtained by different microphone pairs, but do
not exploit the temporal information available from adjoint
speaker position estimates. The speaker smooth trajectory
can be used to obtain a more robust localization estimate.
Bayesian estimation procedures were previously proposed by
Ward et al. [20] and Vermaak and Blake [21]. In the former,
a particle filter is used in conjunction with a beamformer to
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Figure 1: Microphone array. Speaker location at time instant t is
s(t) with azimuth angle φs(t) and elevation angle θs(t). Microphone
position notated by mi; i = 0, . . . ,M.

estimate the speaker position in a one-stage procedure. In
the latter, the reverberation model is considered through a
bimodal distribution of the noisy measurement around the
true TDOA. Utilizing this distribution and giving a first-
order Markov process model for the speaker trajectory, a par-
ticle filter is derived and applied to the problem at hand.
Lehmann and Williamson [22] also used the particle fil-
ter. However they incorporate the importance sampling (IS)
concept, in which particles are generated in each time step,
based on the previous time step and the current measure-
ment. The importance function is implemented based on a
delay-and-sum beamforming results. Bechler et al. [23] pro-
posed the use of a two-stage algorithm. In the first, the TDOA
readings are used by the OSLS method [13] to obtain an
initial estimate of the speaker position. These estimates are
spatially smoothed by using three parallel linear Kalman fil-
ters. Each of the filters is using a different state transition
model, namely, static, constant velocity, and constant accel-
eration. The three Kalman filters are weighted according to
their a posteriori probability given the measurements. Klee
and McDonough [24] showed by simulation results that the
intermediate stage, in which source is localized by the SX
method before applying the Kalman filter, deteriorates the
overall performance. They proposed instead to apply the it-
erated extended Kalman filter directly on the TDOA read-
ings.

In [25] we introduced two methods for exploiting the
speaker’s smooth trajectory for improving the tracking abil-
ity of source localizers, namely, a recursive Gauss (RG)
method and the extended Kalman filter (EKF). These meth-
ods were compared with several nontemporal methods. In
[26] the use of the unscented Kalman filter (UKF) for the
problem at hand was proposed. The current contribution,
which is an extension of the ideas presented in both [7, 26],
includes a more detailed exposition of the ideas and a com-
prehensive comparative experimental study.

We turn now to an exact formulation of the localization
problem. Consider an M + 1 microphones array as depicted
in Figure 1. The microphones are placed at the Cartesian
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coordinates mi � [xi yi zi]T ; i = 0, . . . ,M. To simplify
the exposition, the location of a reference microphone m0

is set as the axes origin m0 = [0 0 0]T . (·)T stands for the
transpose operation. Define the source coordinates at time
instant t by s(t) � [xs(t) ys(t) zs(t)]T . Each of the M mi-
crophones, combined with the reference microphone, is used
at time instant t to extract a TDOA measurement τi(t); i =
1, . . . ,M [8]. Denote the ith range difference measurement
by ri(t) = cτi(t), where c is the sound propagation speed (ap-
proximately 340 m/s in air). It can be easily verified from sim-
ple geometrical considerations (see Figure 1) that this range
difference is related to the source and the microphone loca-
tion by the nonlinear equation

ri(t) =
∥
∥s(t)−mi

∥
∥− ∥∥s(t)

∥
∥, i = 1, . . . ,M, (1)

where the fact that the reference microphone is positioned at
the origin was used.

Usually, only an estimate of the real TDOA is available.
Thus, concatenating M estimates of the quantity in (1), a
nonlinear measurement model is obtained:

r̂(t) =

⎡

⎢
⎢
⎢
⎣

∥
∥s(t)−m1

∥
∥− ∥∥s(t)

∥
∥

...
∥
∥s(t)−mM

∥
∥− ∥∥s(t)

∥
∥

⎤

⎥
⎥
⎥
⎦

+ v(t) � h
(

s(t)
)

+ v(t).

(2)

Here, vT(t) = [v1(t) v2(t) · · · vM(t)] is a vector of mea-
surement errors, depicting the nonperfect estimate of the
range differences. The goal of the localization task is to ex-
tract the speaker’s trajectory s(t) from the measurements
vector r̂(t). Any estimation procedure (e.g., [1, 4, 5] or [8])
could be used for the TDOA estimation. The methods intro-
duced in this contribution, constituting the second stage of
the localization procedure, are independent of the choice of
the first stage.

Following the derivation presented in [11–14], a practical
approach for solving the nonlinear problem can be derived.
Defining the distance between the speaker and the ith micro-
phone as Di(t) � ‖s(t)−mi‖ (see Figure 1), we get

D2
i (t) = ∥

∥s(t)−mi

∥
∥

2 = ∥
∥s(t)

∥
∥

2 − 2mT
i s(t) +

∥
∥mi

∥
∥

2
. (3)

However, using (1), the estimated distance is given by

D̂i(t) = r̂i(t) +
∥
∥s(t)

∥
∥, i = 1, . . . ,M. (4)

An estimator of the speaker location is derived by minimiz-
ing the error between the estimated and the true squared

distance:

εi(t) � 1
2

(

D̂2
i (t)−D2

i (t)
)

= mT
i s(t) + r̂i(t)

∥
∥s(t)

∥
∥

− 1
2

(∥
∥mi

∥
∥

2 − r̂2
i (t)

)

, i = 1, . . . ,M.

(5)

Concatenating the equations in (5), we have

ε(t) = A(t)g
(

s(t)
)− b(t), (6)

where

A(t) �

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎣

x1 y1 z1 r̂1(t)

x2 y2 z2 r̂2(t)

...

xM yM zM r̂M(t)

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎦

,

b(t) � 1
2

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

∥
∥m1

∥
∥

2 − r̂2
1 (t)

∥
∥m2

∥
∥

2 − r̂2
2 (t)

...
∥
∥mM

∥
∥

2 − r̂2
M(t)

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

,

g
(

s(t)
)

�

⎡

⎢
⎢
⎢
⎢
⎣

xs(t)

ys(t)

zs(t)
∥
∥s(t)

∥
∥

⎤

⎥
⎥
⎥
⎥
⎦

, ε(t) �

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎣

ε1(t)

ε2(t)

...

εM(t)

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎦

.

(7)

The estimation problem is thus converted into a minimiza-
tion problem of the quantity εT(t)ε(t) with respect to the
nonlinear functional g(s(t)). Since the fourth component of
the vector g(s(t)) is related to the first three, the minimiza-
tion problem becomes a constrained LS problem.

In [14] this problem was solved by using the Lagrange
multipliers technique yielding

ĝ
(

s(t)
) = (

AT(t)A(t) + λΣ
)−1

AT(t)b(t), (8)

where Σ � diag[1 1 1 −1]1 and λ is the Lagrange mul-
tiplier, imposing the (quadratic) constraint on g(s(t)) struc-
ture. It can be shown that λ is obtained by finding the roots of
a polynomial of degree six. Due to the complexity of the poly-
nomial equation, numerical methods for root finding should
be used. Therefore it is proposed in [14] to first solve the
unconstrained LS problem and then use a linear correction

1 We denote by diag(m1,m2, . . .) a diagonal matrix with m1,m2, . . . on its
main diagonal.
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in the second phase. The method was hence denoted by the
LCLS approach. We note that this approach lacks the tempo-
ral information as it makes no use of the fact that an estimate
of s(t) should be spatially close to the estimate obtained dur-
ing the previous time instant.

The organization of the rest of the paper is as follows.
In Section 2 we derive a solution to the nonlinear problem
using Gauss iterations. We proceed by approximating this
batch solution by a recursive version applicable for track-
ing scenarios. The obtained RG solution constitutes our first
spatial-temporal solution to the localization problem. Other
spatial-temporal solutions can be derived by introducing a
Bayesian framework for the problem at hand. The first so-
lution, discussed in Section 3, is the well-known EKF, com-
monly applied to nonlinear optimal filtering problems. Less
known nonlinear extension of the Kalman filter is intro-
duced in Section 4, where the recently proposed UKF is ap-
plied to the speaker tracking problem. The CRLB on the
position estimate is calculated in Section 5 for the simple
unimodal noise model. In a typical TDOA-based localiza-
tion scenario, the microphone array has small interelement
spread relative to the source position. An approximate calcu-
lation shows that while the Cartesian coordinate estimation
bound might become extremely high, the polar coordinates
estimation bound is relatively small. We conclude this work
in Section 6 by presenting an extensive simulation study for
several test scenarios, showing the advantage of the spatial-
temporal methods over the spatial-only methods.

2. GAUSS AND RECURSIVE GAUSS
ALGORITHMS

The solution to the nonlinear problem in (6), presented by
[14], involves several iterations for finding the Lagrange mul-
tiplier, due to the resulting sixth-order polynomial equation.
We suggest an alternative method to mitigate the nonlinear-
ity by using the Gauss method.

2.1. Gauss solution

Starting again from (6) we can state the nonlinear weighted
LS (WLS) problem

min
s(t)

[

b(t)− A(t)g
(

s(t)
)]T

W
[

b(t)− A(t)g
(

s(t)
)]

(9)

with an arbitrary weighting matrix W . Note that (9) be-
comes a (nonlinear) LS problem if the number of micro-
phone pairs fulfills M > 3, that is, if there are more equa-
tions than unknowns. This nonlinear set can be solved by
applying the Gauss method rather than following [14]. The
Gauss method, which is an iterative procedure for solving the
nonlinear LS problem, is presented in Appendix A. Define
f(ŝ(l)(t)) � A(t)g(ŝ(l)(t)) and the associated gradient matrix
F(ŝ(l)(t)) � ∇s(t)f(ŝ(l)(t)) calculated at the current iteration
(l). Gauss iterations for obtaining s(t) take the well-known

form (see Appendix A):

ŝ(l+1)(t) = ŝ(l)(t) +
[

FT
(

ŝ(l)(t)
)

WF
(

ŝ(l)(t)
)]−1

× FT
(

ŝ(l)(t)
)

W
[

b(t)− f
(

ŝ(l)(t)
)]

.
(10)

This solution, as the solution in [14], only exploits the spatial
information obtained by the separated microphone pairs at
a specific time instant, but does not consider the temporal
information.

2.2. RG procedure

Exploiting the temporal information embedded in the track-
ing problem necessitates the derivation of a recursive version
of the Gauss method. We begin by concatenating (6) at all
available measurements at time instances 1 ≤ τ ≤ t:

ε(1) = A(1)g
(

s(1)
)− b(1) = f

(

s(1)
)− b(1),

ε(2) = A(2)g
(

s(2)
)− b(2) = f

(

s(2)
)− b(2),

...

ε(t) = A(t)g
(

s(t)
)− b(t) = f

(

s(t)
)− b(t).

(11)

Note that each of the equations is referring to a distinct un-
known source location s(τ); τ = 1, . . . , t, and can be in-
dependently solved by using the iterative Gauss method of
Section 2.1. However, since we assume that the source posi-
tion s(t) is slowly varying with time, a more efficient, recur-
sive solution can be derived. Linearizing each of the equa-
tions in (11) around s∗(τ), as in Appendix A, one obtains

ε(1) � b(1)− f
(

s∗(1)
)− F

(

s∗(1)
)(

s(1)− ŝ∗(1)
)

,

ε(2) � b(2)− f
(

s∗(2)
)− F

(

s∗(2)
)(

s(2)− s∗(2)
)

,

...

ε(t) � b(t)− f
(

ŝ∗(t)
)− F

(

s∗(t)
)(

s(t)− ŝ∗(t)
)

.

(12)

Assuming slow movement of the speaker, an initial guess for
the speaker location at each time instant τ can be taken from
its estimated location at the previous time instant. Namely,
the recursion s∗(τ) = ŝ(τ − 1) can be used. As no significant
movement of the speaker is expected from one time instant
to another, only one more Gauss iteration suffices for obtain-
ing a new estimate. By this stochastic approximation, we ob-
tain a fast adaptation procedure but yet taking into account
past measurements for stabilizing the estimate.

Then, a recursive speaker location estimate is obtained by
solving the linearized WLS problem:
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ŝ(t) = arg min
s(t)

∥
∥
∥
∥
∥
∥
∥
∥
∥

⎡

⎢
⎢
⎢
⎣

F
(

ŝ(0)
)

...

F
(

ŝ(t − 1)
)

⎤

⎥
⎥
⎥
⎦

s(t)−

⎡

⎢
⎢
⎢
⎣

b(1)− f
(

ŝ(0)
)

+ F
(

ŝ(0)
)

ŝ(0)
...

b(t)− f
(

ŝ(t − 1)
)

+ F
(

ŝ(t − 1)
)

ŝ(t − 1)

⎤

⎥
⎥
⎥
⎦

∥
∥
∥
∥
∥
∥
∥
∥
∥

2

W

(13)

with ŝ(0) being the initial estimate for the parameter set. Re-
calling that f(s(t)) = A(t)g(s(t)) and using the definitions of
A(t) and g(s(t)), we calculate the derivative matrix to be

F
(

ŝ(τ)
) = ∇s(τ)f

(

ŝ(τ)
)

=

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

mT
1 + r̂1(τ)

ŝT(τ)
∥
∥ŝ(τ)

∥
∥

mT
2 + r̂2(τ)

ŝT(τ)
∥
∥ŝ(τ)

∥
∥

...

mT
M + r̂M(τ)

ŝT(τ)
∥
∥ŝ(τ)

∥
∥

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

, τ = 0, 2, . . . , t − 1.

(14)

For solving this WLS problem recursively, we further choose
the weighting matrix to be2

W = blkdiag
{

diag
(

αt, . . . ,αt
)

; diag
(

αt−1, . . . ,αt−1); . . . ;

diag(α, . . . ,α); diag(1, . . . , 1)
}

,
(15)

with parameter 0 < α ≤ 1. Note that an equal weight is given
to all measurement in each time instant, hence all micro-
phone readings have the same weight, while past measure-
ments are reweighted by a factor of α, hence exponentially
discarding the history. By using this weighting matrix, a re-
cursive least squares (RLS) [27] algorithm is easily derived.

Another practical issue concerns the computational bur-
den. At each time instant new M equations become available
(relating to the number of microphones M), resulting in an
M ×M matrix inversion at each RLS iteration. However, by
properly varying the forgetting factor within the well-known
RLS algorithm, the computational complexity can be further
reduced. This procedure is described in Appendix B.

3. THE EXTENDED KALMAN FILTER

The source location problem can be stated in the Bayesian
framework as well. In this framework a dynamic model for
the source trajectory should be given. As the actual track is
unknown, a simplified random walk model is used instead.

s(t + 1) = Φs(t) + w(t), (16)

2 We denote by blkdiag(M1,M2, . . .) a block-diagonal matrix with the ma-
trices M1,M2, . . . on its main diagonal.

w(t) is the coordinate-wise temporally white driving noise
with covariance matrix Q(t), Φ is a transition matrix as-
sumed to be close to the identity matrix. A nonlinear mea-
surement model was given in (2). Note that in this frame-
work we are using the original hyperbolic model without us-
ing the spherical exposition. The measurement model is re-
peated here for the clarity of the exposition:

r(t) =

⎡

⎢
⎢
⎢
⎣

∥
∥s(t)−m1

∥
∥− ∥∥s(t)

∥
∥

...
∥
∥s(t)−mM

∥
∥− ∥∥s(t)

∥
∥

⎤

⎥
⎥
⎥
⎦

+ v(t) � h
(

s(t)
)

+ v(t),

(17)

where v(t) is a temporally white measurement noise signal
with covariance matrix R(t). Note that we are treating here
r(t) as a measured process rather than estimates of the true
range difference. For that sake we have omitted the estima-
tion notation from the equation.

Equations (16) and (2) constitute the state-space model
of the problem at hand. Since this model is nonlinear (due to
the measurement equation), the classical Kalman filter can-
not be used for estimating the state vector. Hence, nonlinear
extensions thereof are called upon. Therefore, we propose to
use the EKF. This procedure only gives a suboptimal solution
to the problem at hand. We note that the usage of similar EKF
formulation was also suggested in [28] where the localization
problem was addressed in the context of multipath problems
in wireless communication.

We give here, for the completeness of the exposition, the
calculations involved in the EKF aiming to solve the localiza-
tion problem. The EKF is essentially a Kalman filter in which
the nonlinearity is mitigated by linearizing the transition
and measurement matrices in each time instant (a complete
derivation of the EKF can be found in many textbooks, e.g.,
[27]). Note that, in our case, (16) is already linear. However
the measurement model in (2) still needs to be linearized.

Assume that an estimate ŝ(t − 1 | t − 1) of the speaker
location at time instant t − 1 is known, as well as its corre-
sponding error-covariance matrix, P(t− 1 | t− 1). Then, re-
calling that the transition matrix is linear, the EKF recursion
takes the following form.

(i) Propagation equations:

ŝ(t | t − 1) = Φŝ(t − 1 | t − 1),

P(t | t − 1) = ΦP(t − 1 | t − 1)ΦT + Q(t).
(18)
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ŝ(t − 1|t − 1)

Pss(t − 1|t − 1)

Current sigma points

S(t − 1|t − 1)
UT

(a)

S(t|t − 1)

R(t|t − 1)

Current sigma points
Predicted sigma points

Signal and measurement

S(t − 1|t − 1) Nonlinear system
Dynamics and measurment

{Φ, h}

(b)

S(t|t − 1)

R(t|t − 1)

ŝ(t|t − 1),Pss(t|t − 1)

r̂(t|t − 1),Psr(t),Prr(t)UT−1

(c)
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Figure 2: UKF: (a) UT, (b) propagation equations, (c) inverse UT,
and (d) update equations.

(ii) Update equations:

ŝ(t | t) = ŝ(t | t − 1) + K(t)
(

r(t)− h
(

ŝ(t | t − 1)
))

,

H(t) � ∇s(t)h
(

ŝ(t | t − 1)
)

=

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

(

ŝ(t | t − 1)−m1
∥
∥ŝ(t | t − 1)−m1

∥
∥
− ŝ(t | t − 1)
∥
∥ŝ(t | t − 1)

∥
∥

)T

...
(

ŝ(t | t − 1)−mM
∥
∥ŝ(t | t − 1)−mM

∥
∥
− ŝ(t | t − 1)
∥
∥ŝ(t | t − 1)

∥
∥

)T

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

,

P(t | t) = (

I − K(t)H(t)
)

P(t | t − 1).
(19)

(iii) Kalman gain:

K(t) = P(t | t − 1)HT(t)
(

H(t)P(t | t − 1)HT(t) + R(t)
)−1

(20)

with the initialization ŝ(0 | −1) and its respective covariance
P(0 | −1).

4. THE UNSCENTED KALMAN FILTER

The EKF is not the only possible procedure for mitigating
the nonlinearity in recursive optimal estimation. Julier and
Uhlmann [29] proposed to use the UKF rather than the EKF
for nonlinear recursive estimation problems and showed that
an improved performance may be obtained.

Figure 2 summarizes the steps involved in the UKF. The
method consists of calculating the mean and covariance of
a state vector, undergoing a known nonlinear transform by
using the unscented transform (UT). For details on the UT,
the reader is referred to Appendix C.

Denote by ŝ(t − 1 | t − 1) the current source position
estimate and by Pss(t − 1 | t − 1) its respective covari-
ance. The method is comprised of four stages. In stage (a),
ŝ(t − 1 | t − 1) is split into σ-points S(t − 1 | t − 1) ap-
proximating the probability density function of the state vec-
tor (see [29]). By using this method, the mean and covari-
ance propagate through the nonlinearities better than in the
EKF method. However, no claims of optimality hold. Then,
in stage (b), each of the σ-points is undergoing the known
nonlinearity yielding the σ-points of the predicted state vec-
tor, S(t | t − 1). The σ-points of the predicted noisy mea-
surement, R(t | t − 1), are calculated as well. In step (c), the
σ-points are collected together yielding the predicted values
ŝ(t | t − 1) and r̂(t | t − 1). This concludes the propaga-
tion stage of the UKF. In step (d), similar to the conventional
filter, the Kalman gain is calculated by K(t) = Psr(t)P−1

rr (t).
Note that the covariance matrices estimates are obtained by
the UT. Finally, the update stage is implemented by properly
weighting the predicted values and the current measurement
yielding the new source location estimate ŝ(t | t) and its re-
spective covariance Pss(t | t).

Similar to the EKF, (16) and (2) constitute the state and
measurement equations for the UKF. As the nonlinearity is
known, the UKF can be applied for solving the localization
problem.

5. THE CRAMÉR-RAO LOWER BOUND

Calculating a bound for the performance of the localizer in
the dynamic case is a cumbersome task. To get a rough es-
timate of the predicted performance, following [14], we as-
sume a simplified model of the source locations. Specifically,
we assume that the true range difference readings in the mea-
surement equation (2) are contaminated by Gaussian dis-
tributed noise with zero-mean and covariance matrix Cv.
Note that the existence of directional interferences and rever-
beration phenomenon might cause high level of noise cor-
relation between microphone pairs and across time. More-
over, in high noise level the TDOA estimation algorithm
might produce readings related to the directional noise
source, causing multimodal noise distribution. Nevertheless,
for simplicity, we start by assuming (like Huang et al. [14])
that the noise is unimodal (Gaussian) distributed spatially
and temporally white. Now, CRLB for unbiased estimation
of the source position can be calculated.
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Huang et al. [14] calculated the CRLB in Cartesian coor-
dinates:

J
(

s(t)
) = GTC−1

v G, (21)

where

G =

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

(

s(t)−m1
∥
∥s(t)−m1

∥
∥
− s(t)
∥
∥s(t)

∥
∥

)T

...
(

s(t)−mM
∥
∥s(t)−mM

∥
∥
− s(t)
∥
∥s(t)

∥
∥

)T

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

. (22)

Note that as no temporal information was used, the obtained
result is time independent. When temporal information is
used, the calculations become too complex to be evaluated

analytically. However, we may assume that the obtainable
bound should be lower.

It is interesting to evaluate the CRLB in polar coordi-
nates. Define the transformation from the Cartesian coor-
dinates s(t) = [xs(t) ys(t) zs(t)]T to the polar coordinates
sp(t) � [φs(t) θs(t) ρs(t)]T as

ρs(t) =
√

x2
s (t) + y2

s (t) + z2
s (t),

φs(t) = cos−1

⎛

⎜
⎝

xs(t)
√

x2
s (t) + y2

s (t)

⎞

⎟
⎠,

θs(t) = sin−1

(

zs(t)
ρs(t)

)

.

(23)

The Jacobian of the transformation (in Cartesian coordinates
terms) can be easily verified to be

P
(

s(t)
) =

⎡

⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

− ys(t)
x2
s (t) + y2

s (t)
xs(t)

x2
s (t) + y2

s (t)
0

− zs(t)xs(t)
(

x2
s (t) + y2

s (t) + z2
s (t)

)√

x2
s (t) + y2

s (t)
− zs(t)ys(t)
(

x2
s (t) + y2

s (t) + z2
s (t)

)√

x2
s (t) + y2

s (t)

√

x2
s (t) + y2

s (t)

x2
s (t) + y2

s (t) + z2
s (t)

xs(t)
√

x2
s (t) + y2

s (t) + z2
s (t)

ys(t)
√

x2
s (t) + y2

s (t) + z2
s (t)

zs(t)
√

x2
s (t) + y2

s (t) + z2
s (t)

⎤

⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

.

(24)

Therefore, the CRLB in polar coordinates is given by

J
(

sp(t)
) = P

(

s(t)
)

J
(

s(t)
)

P
(

s(t)
)T
. (25)

In a typical TDOA-based localization scenarios, the mi-
crophone array has small interelement spread relative to
the source position. As the microphone separation distance
is relatively small, it allows for an efficient calculation of
the TDOA readings. In such circumstances, as we will also
demonstrate by our simulative study of Section 6, the ob-
tainable performance in polar coordinates (concerning only
the estimate of the azimuth and the elevation angles in far-
field scenario) is superior to the obtainable performance
in Cartesian coordinates. For that reason we will present
throughout this work the results transformed into polar co-
ordinates.

6. EXPERIMENTAL STUDY

In this section we compare the performance obtained by the
various localization methods presented in this work. We start

by evaluating the CRLB for a simplified unimodal scenario.
This calculation leads us to a conclusion that the mean-
ingful information lies in the azimuth and elevation angles
rather than in the Cartesian coordinates or the range infor-
mation. Fortunately, these angle estimates are sufficient for
camera steering applications. We proceed by assessing the
performance of five localization methods presented in this
work. Namely, the two nontemporal methods (LCLS and
Gauss iterations) and the three spatial-temporal methods
(RG, EKF, and UKF). The methods are first assessed by using
artificially contaminated true TDOA readings, in which the
speaker is moving along a helix-shaped trajectory. We then
proceed with a more realistic scenario for which the available
data are estimated TDOA readings obtained from alternating
speakers. The TDOA readings are extracted by a previously
proposed method, which exploits speech nonstationarity [8].
It was shown that this method (notated RS1 in [8]) outper-
forms other state-of-the-art algorithms.

6.1. Test scenario

A set of eight microphones is placed on a sphere of radius
0.9 m around a reference microphone placed at the origin,
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Figure 3: Speaker trajectory, noise position, and microphones po-
sitions.

mT
0 = [0 0 0], at the following positions:3

mT
1 =

[

0.9 0 0
]

, mT
2 =

[

0.45 0.7794 0
]

,

mT
3 =

[

−0.45 0.7794 0
]

, mT
4 =

[

−0.9 0 0
]

,

mT
5 =

[

−0.45 −0.7794 0
]

, mT
6 =

[

0.45 −0.7794 0
]

,

mT
7 =

[

0 0 0.9
]

, mT
8 =

[

0 0 −0.9
]

.

(26)

The speaker trajectory is set to a helix with a radius of R =
1.5 m, given in Cartesian coordinates by (27) and shown in
Figure 3:

xs(t) = R
(

cos
(
t

R

)

+ 2.5
)

,

ys(t) = R
(

sin
(
t

R

)

+ 2.5
)

,

zs(t) = t

10
− 1.5.

(27)

The main axis of the helix is parallel to the z-axis, 3.75 m
away from the origin. The speaker completes one full circle,
2πR meters long, in 2πR seconds, hence its tangent speed is
1 m/s. The speaker speed along the z-axis is set to 1/10 m/s.
The time span of the trajectory is t ∈ [0,T] and the total
duration of the movement is T = 30 s. The entire scenario is
depicted in Figure 3.

3 All dimensions are in meters.

6.2. The CRLB evaluation

We now calculate the CRLB for the tested scenario. We as-
sume that the true range difference (or, equivalently, the
TDOA) readings are contaminated by a unimodal Gaussian
distributed noise signal, with zero mean and standard devi-
ation (STD) of σv = 0.2 m in each coordinate. This STD is
equivalent to 4.7 samples at a sample rate of Fs = 8000 Hz.
Under these conditions, the CRLB is calculated for both
Cartesian and polar coordinates using the derivations in
Section 5. The resulting bound (in meters for the Cartesian
coordinates and the range, and in degrees for the azimuth
and elevation angles) is depicted in Figure 4. The CRLB nat-
urally depends on the source position. Using (27), we give
the CRLB as a function of the time instant, as it completely
parameterizes the speaker’s trajectory. Note that the Carte-
sian coordinates, as well as the range, cannot be accurately
estimated in this scenario. Actually, the obtainable STD ren-
ders the estimated quantity useless. However, the azimuth
and elevation angles may be estimated in high accuracy. For-
tunately, for camera steering applications, estimation of the
azimuth and elevation angles suffices. Note also that the pre-
sented CRLB serves as a bound to the nontemporal methods
alone, since past measurements are disregarded at each time
instant.

Finally, we comment that the CRLB can be dramati-
cally reduced to an acceptable level (especially, for the Carte-
sian coordinates and range) if, for instance, we set the ra-
dius of the array to 5 m instead of 0.9 m. The new micro-
phone constellation and the associated CRLB is shown in
Figure 5. However, the larger dimensions of the array impose
huge computational burden on the first stage of the localizer,
namely, the TDOA extraction. In this work, we will concen-
trate on the more practical scenario, where the speaker dis-
tance from the microphones is significantly larger than the
array dimensions.

6.3. Artificially contaminated range difference

The setup presented in Section 6.1 is evaluated by five local-
ization methods. The true range differences are assumed to
be contaminated by spatially and temporally white Gaussian
noise with covariance matrix Cov{v(t)} = σ2

v I , σv = 0.2 m.
The first localization algorithm is the LCLS method, pre-

sented by Huang et al. [14]. The second is the batch Gauss
method (denoted BG) with three iterations at each time in-
stant. The third is the RG with forgetting factor α = 0.85.
We emphasize that no attempt to optimize this quantity was
made. The value of α = 0.85 was set as a compromise be-
tween fast adaptation requirements and stable estimation.
The fourth is the EKF method evaluated with random-walk
model having driving noise with a STD of 0.5 m along each
Cartesian coordinate, that is, Q(t) = 0.52I3. This value was
chosen to be compatible with the assumed changing rate
of the speaker’s position. The performance was found to
be robust to a wide region of this parameter values. Exact
prior knowledge of the measurement noise is not assumed as
well, and the measurement covariance matrix is deliberately
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Figure 4: CRLB results for position estimate along the speaker trajectory for the scenario in Figure 3 with array radius set to 0.9 m. (a)
Cartesian coordinates and range. (b) Azimuth (φ) and elevation (θ) angles.

overestimated to R(t) = 10σ2
v I ; σv = 0.2 m. To allow a

slight decay of past estimates, we set the transition matrix
to the value Φ = 0.99I . The fifth tested method is the UKF
method using the same setup as the EKF. No attempt was
made to adapt the parameters of the filters to a given sce-
nario. One thousand Monte Carlo trials are performed to
obtain a meaningful evaluation of the root mean square er-
ror (RMSE) of the angles estimate. The results for this setup
are depicted in Figure 6.

We have also repeated this experiment with an additional
point noise source which is placed at the [0.5 4 1.5]T co-
ordinate (see Figure 3). By replacing 20% of the range dif-
ference readings by readings associated with the point noise
location rather than the speech source position, we aim to
simulate a scenario where, due to the directional interferer,
the first localization stage, that is, the estimation of TDOA
values, is disrupted by the point noise source.4 Results for
this scenario are depicted in Figure 7. As can be seen, for both
scenarios, the LCLS method has better performance than the
Gauss iterations method. However the RG which exploits the
temporal information obtains better results. The EKF and
the UKF methods remarkably outperform the other meth-
ods, with slight advantage to the latter. Overall, the results
of the Kalman filter-based methods demonstrate acceptable
performance even in these harsh conditions. By comparing
Figures 6 and 7, we see that the obtainable performance in
the first, anomaly-free case is better than that of the latter
scenario. We also remark, that no advantage was gained by
directly estimating the polar coordinates rather than trans-

4 We note that the 80% true range difference readings are still corrupted by
the white Gaussian noise, as in the previous scenario.

forming the estimates of Cartesian coordinates into polar co-
ordinates.

We conclude this section by presenting in Figure 8 a typ-
ical realization for the tracking ability of both the EKF and
UKF methods for the directional interference case. The small
bias depicted in the figure is probably due to the fact that the
Kalman-based localizers cannot track the fast maneuvering
speaker in this specific setup.

6.4. Switching scenario

We proceed by testing a more realistic scenario. Consider the
following simulation which is typical to a video conference
scenario. Two speakers located at two different and fixed lo-
cations alternately speak. The camera should be able to ma-
neuver from one person to the other. For this scenario, simu-
lation is conducted with one speaker located at the polar po-
sition [φ=(π/4) rad θ=(π/4) rad R=1.5 m] and the other
at [φ = (3π/4) rad θ = (π/3) rad R = 1.5 m]. A directional
interference is placed at the position [φ = (π/2) rad θ =
(π/4) rad R = 1.0 m]. Six microphones were mounted at the
following positions (in meters), relative to the reference mi-
crophone (which is at the axes origin):

mT
1 =

[

0.3 0 0
]

, mT
2 =

[

−0.3 0 0
]

,

mT
3 =

[

0 0.3 0
]

, mT
4 =

[

0 −0.3 0
]

,

mT
5 =

[

0 0 0.3
]

, mT
6 =

[

0 0 −0.3
]

.

(28)

For this scenario, rather than adding white Gaussian noise to
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Figure 5: CRLB results. (a) Test scenario with array radius set to
5 m. (b) Cartesian coordinates and range. (c) Azimuth (φ) and ele-
vation (θ) angles.

the true range differences, estimated TDOA values (equiva-
lently, range differences) were used. We note that any method
for TDOA extraction can be used in conjunction with our lo-
calization algorithm. However, to give specific simulations,
we used TDOA readings, extracted from the noisy micro-
phone data, by the RS1 algorithm described in [7, 8]. For
that estimation stage, room reverberation (set to reverbera-
tion time of Tr = 0.25 s) and the directional interferer were
taken into account. Room reverberation was simulated by the
image method [30]. Mean SNR level was set to 10 dB. The
same setup for the localization methods is applied here as
well. Namely, the EKF and UKF localizers still use the ran-
dom walk model though a better choice might have been as-
serted.

Figure 9 presents the azimuth angle estimates obtained
by the five methods. Figure 10 presents the respective ele-
vation angle estimates. As can be seen from the plots, the
temporal methods, especially the EKF and UKF algorithms,
clearly outperform the other methods. The transition in-
stances are the main cause of errors in this scenario. While
the batch methods (Gauss and LCLS) demonstrate unsta-
ble behavior in these regions, the recursive methods demon-
strate smooth transition curves due to their inherent mem-
ory. Although the Kalman-based methods are not using a
valid state-space model, their performance is obviously bet-
ter than the nonrecursive methods. The UKF method obtains
slightly better results than the EKF method in wide range
of parameters’ value selection. The computational burden of
both methods is comparable.

7. CONCLUSIONS

We presented both nontemporal and temporal algorithms
for talker localization and tracking. The nontemporal meth-
ods are commonly used in speech localization applica-
tions. Among the two batch methods, the LCLS method
outperforms the Gauss method. Three temporal methods
were derived. One is within a non-Bayesian framework
(RG algorithm) and the other two are within the Bayesian
framework, namely, the EKF and UKF algorithms. Both these
Kalman filter-based methods are known to be computa-
tionally simpler than the particle filter. The UKF method
marginally outperforms the EKF method for a wide range
of parameters’ values. Nevertheless, the imposed computa-
tional burden is almost equivalent. Evaluation of the CRLB
showed that for a microphone array with a small interele-
ment spread relative to the source position, angle estimates
might be obtained reliably (as opposed to the Cartesian co-
ordinates estimates). This justifies the use of polar coordi-
nates rather than Cartesian coordinates in our simulations.
Empirical results demonstrate the effectiveness of using the
temporal information. Finally, we emphasize that only a sim-
plified model was used in the Kalman-based methods and
no attempt was made to optimize their parameters. However,
we demonstrated that even with this simple model and with-
out any optimization of the parameters, the temporal meth-
ods outperform the commonly used nontemporal methods.
A more accurate model, in conjunction with the nonlinear
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Figure 6: RMSE results averaging 1000 trials with white Gaussian noise. (a) Azimuth angle (φ). (b) Elevation angle (θ).

extensions of the Kalman filter, might be able to improve the
tracking ability of the algorithms, in particular, at the abrupt
changes instances.

APPENDICES

A. GAUSS METHOD

Consider the weighted nonlinear LS problem:

min
s(t)

[

b(t)− f
(

s(t)
)]T

W
[

b(t)− f
(

s(t)
)]

, (A.1)

where W is an arbitrary weighting matrix. Expanding f(s(t))
to a Taylor series around s∗(t) and taking only first-order ap-
proximation, we obtain

f
(

s(t)
) � f

(

s∗(t)
)

+∇s(t)f
(

s∗(t)
)(

s(t)− s∗(t)
)

. (A.2)

Define the error term ε(t) � b(t)− f(s(t)). Then

ε(t) � b(t)− f
(

s∗(t)
)−∇s(t)f

(

s∗(t)
)(

s(t)− s∗(t)
)

= b(t)− f
(

s∗(t)
)−∇s(t)f

(

s∗(t)
)

s(t)

+∇s(t)f
(

s∗(t)
)

s∗(t)

= b̃(t)−∇s(t)f
(

s∗(t)
)

s(t),
(A.3)

where b̃(t) = b(t) − f(s∗(t)) +∇s(t)f(s∗(t))s∗(t). Using the

gradient matrix definition, F(s∗(t)) = ∇s(t)f(s∗(t)), we ob-
tain a linearized LS problem:

min
s(t)

[

b̃(t)− F
(

s∗(t)
)

s(t)
]T
W
[

b̃(t)− F
(

s∗(t)
)

s(t)
]

.

(A.4)

The LS solution is given by

ŝ(t) = [

FT
(

s∗(t)
)

WF
(

s∗(t)
)]−1

FT
(

s∗(t)
)

×W
[

b(t)− f
(

s∗(t)
)

+ F
(

s∗(t)
)

s∗(t)
]

= s∗(t) +
[

FT
(

s∗(t)
)

WF
(

s∗(t)
)]−1

FT
(

s∗(t)
)

×W
[

b(t)− f
(

s∗(t)
)]

.

(A.5)

Since this solution is valid for any s∗(t), we can use it itera-
tively to obtain the Gauss method:

ŝ(l+1)(t) = ŝ(l)(t) +
[

FT
(

ŝ(l)(t)
)

WF
(

ŝ(l)(t)
)]−1

× FT
(

ŝ(l)(t)
)

W
[

b(t)− f
(

ŝ(l)(t)
)]

(A.6)

starting from an initial guess ŝ(0)(t).

B. RLS FOR MULTIPLE READINGS

Assume a scenario in which for each time instant we have K
scalar measurements z(τ) ∈ RK related to an unknown p×1
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Figure 7: RMSE results averaging 1000 trial with white Gaussian noise and 20% anomaly. (a) Azimuth angle (φ). (b) Elevation angle (θ).
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Figure 8: One realization of tracking results with white Gaussian noise and 20% anomaly for EKF and UKF. (a) Azimuth angle (φ). (b)
Elevation angle (θ).

parameter vector θ ∈ Rp by a linear K × p transformation
H(τ):

z(τ) ≈ H(τ)θ. (B.1)

The approximation is due to the fact that the measurements
are noisy or due to slight modelling errors. τ = 1, 2, . . . , t

time instants can be augmented to a matrix form z(1 : t) ≈
H(1 : t)θ where

z(1 : t) �

⎡

⎢
⎢
⎢
⎢
⎢
⎣

z(1)

z(2)
...

z(t)

⎤

⎥
⎥
⎥
⎥
⎥
⎦

, H(1 : t) �

⎡

⎢
⎢
⎢
⎢
⎢
⎣

H(1)

H(2)
...

H(t)

⎤

⎥
⎥
⎥
⎥
⎥
⎦

. (B.2)
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Figure 9: Azimuth angle φ estimation results. The method’s name is presented in the title of each plot.
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Figure 10: Elevation angle θ estimation results. The method’s name is presented in the title of each plot.
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The WLS solution for θ using nonnegative weight matrix
W(1 : t) (of size Kt × Kt) is given by

θ̂ = (

H(1 : t)TW(1 : t)H(1 : t)
)−1

H(1 : t)TW(1 : t)z(1 : t).
(B.3)

Our goal is to evaluate (B.3) recursively. If the parameters
slowly change, a common approach is to apply a diagonal
weight matrix W(1 : t) with powers of a forgetting factor
0 < α ≤ 1 along its diagonal. Note that for measurements
associated with the same time instant, we wish to apply the
same factor, since equations of the same time instant have
equal importance. Such weight matrix can be represented re-
cursively as

W(1 : t) =
[

αW(1 : t − 1) O
OT I

]

, W1:1 = I , (B.4)

where I and O stand for the identity and zero matrices of
sizes K × K and (t − 1)K × K , respectively. At first glance it
seems that a recursive solution to (B.3) necessitates (K ×K)-
matrix inversion in each RLS iteration. However, in practice,
the complexity can be further reduced. This is obtained by
applying the well-known RLS algorithm with a minor twist.
Consider a single equation. If this equation belongs to one of
the K equations constituting the current time instant (but
not the first one), a forgetting factor of 1 should be used.
However, if this equation is the first at the new time instant τ,
a forgetting factor α ≤ 1 must be used instead. Thus, in order
to derive a recursion, where the update stage considers only
a single equation, the forgetting factor should vary. Notating
the time instant by τ (τ = 1, 2, . . .) and the sequential num-
ber of the equation by (τ − 1)K + k (where k ∈ {1, . . . ,K}),
the forgetting factor becomes

forgetting factor =
⎧

⎨

⎩

α, k = 1,

1, otherwise.
(B.5)

It is easily verified that a matrix inversion is not necessary in
this case.

C. THE UNSCENTED TRANSFORM

Let x be an L-dimensional random vector with mean x̄ and
covariance matrix Pxx. Let y = f (x) be a nonlinear transfor-
mation from the random vector x to another random vector
y. The first- and second-order statistics of the vector y should
be calculated. We briefly summarize the method proposed in
[29]. The mean and covariance of x can be presented by the
2L + 1 σ-points

X0 = x̄,

Xl = x̄ +
(√

(L + λ)Pxx
)

l
, l = 1, . . . ,L,

Xl+L = x̄ −
(√

(L + λ)Pxx
)

l
, l = 1, . . . ,L,

(C.1)

where (
√

(L + λ)Pxx)l is the lth row or column of the corre-
sponding matrix square root and λ = α2(L + κ) − L. α de-
termines the spread of the sigma points. α = 1 was used

throughout our simulations. κ is a secondary scaling parame-
ter. The choice κ = 3−L maintains the kurtosis of a Gaussian
vector. Throughout our simulations, κ is set to 0.

Define the weights

W (m)
0 = λ/(L + λ),

W (c)
0 = λ/(L + λ) +

(

1− α2 + β
)

,

W (m)
l =W (c)

l = 1/2(L + λ), l = 1, 2, . . . , 2L,

(C.2)

where β is used to incorporate prior knowledge of the distri-
bution (β = 2 for Gaussian distributions). A proper choice of
these parameters and its influence on the obtainable perfor-
mance is still an open topic. Then the mean and covariance of
the vector y can be calculated using the following procedure.

(1) Construct x σ-points: Xl, l = 0, . . . , 2L.
(2) Transform each point to the respective y σ-points:

Yl = f (Xl), l = 0, . . . , 2L.

(3) Use weighted averaging ȳ ≈ ∑2L
l=0 W

(m)
l Yl to estimate

y mean.

(4) Use weighted outer product Pyy≈
∑2L

l=0W
(c)
l (Yl−ȳ)(Yl−

ȳ)T to estimate y covariance and Pxy ≈
∑2L

l=0 W
(c)
l (Xl−

x̄)(Yl− ȳ)T to estimate the cross-covariance between x
and y.

The benefits of using the UT are presented in [29, 31].
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Parallel Implementations

Call for Papers
There is an increasing need to develop efficient “system-
level” models, methods, and tools to support designers to
quickly transform signal processing application specification
to heterogeneous hardware and software architectures such
as arrays of DSPs, heterogeneous platforms involving mi-
croprocessors, DSPs and FPGAs, and other evolving multi-
processor SoC architectures. Typically, the design process in-
volves aspects of application and architecture modeling as
well as transformations to translate the application models
to architecture models for subsequent performance analysis
and design space exploration. Accurate predictions are indis-
pensable because next generation signal processing applica-
tions, for example, audio, video, and array signal processing
impose high throughput, real-time and energy constraints
that can no longer be served by a single DSP.

There are a number of key issues in transforming applica-
tion models into parallel implementations that are not ad-
dressed in current approaches. These are engineering the
application specification, transforming application specifi-
cation, or representation of the architecture specification as
well as communication models such as data transfer and syn-
chronization primitives in both models.

The purpose of this call for papers is to address approaches
that include application transformations in the performance,
analysis, and design space exploration efforts when taking
signal processing applications to concurrent and parallel im-
plementations. The Guest Editors are soliciting contributions
in joint application and architecture space exploration that
outperform the current architecture-only design space ex-
ploration methods and tools.

Topics of interest for this special issue include but are not
limited to:

• modeling applications in terms of (abstract)
control-dataflow graph, dataflow graph, and process
network models of computation (MoC)

• transforming application models or algorithmic
engineering

• transforming application MoCs to architecture MoCs
• joint application and architecture space exploration

• joint application and architecture performance
analysis

• extending the concept of algorithmic engineering to
architecture engineering

• design cases and applications mapped on
multiprocessor, homogeneous, or heterogeneous
SOCs, showing joint optimization of application and
architecture

Authors should follow the EURASIP JASP manuscript
format described at http://www.hindawi.com/journals/asp/.
Prospective authors should submit an electronic copy of
their complete manuscript through the EURASIP JASP man-
uscript tracking system at http://www.mstracking.com/asp/,
according to the following timetable:

Manuscript Due September 1, 2006

Acceptance Notification January 1, 2007

Final Manuscript Due April 1, 2007

Publication Date 3rd Quarter 2007

GUEST EDITORS:

F. Deprettre, Leiden Embedded Research Center, Leiden
University, Niels Bohrweg 1, 2333 CA Leiden, The
Netherlands; edd@liacs.nl

Roger Woods, School of Electrical and Electronic
Engineering, Queens University of Belfast, Ashby Building,
Stranmillis Road, Belfast, BT9 5AH, UK; r.woods@qub.ac.uk

Ingrid Verbauwhede, Katholieke Universiteit Leuven,
ESAT-COSIC, Kasteelpark Arenberg 10, 3001 Leuven,
Belgium; Ingrid.verbauwhede@esat.kuleuven.be

Erwin de Kock, Philips Research, High Tech Campus 31,
5656 AE Eindhoven, The Netherlands;
erwin.de.kock@philips.com

Hindawi Publishing Corporation
http://www.hindawi.com



EURASIP JOURNAL ON BIOINFORMATICS AND SYSTEMS BIOLOGY

Special Issue on

Genetic Regulatory Networks

Call for Papers

Genomic signal processing (GSP) has been defined as the
analysis, processing, and use of genomic signals for gaining
biological knowledge and the translation of that knowledge
into systems-based applications. A major goal of GSP is to
characterize genetic regulation and its effects on cellular be-
haviour and function, thereby leading to a functional under-
standing of diseases and the development of systems-based
medical solutions. This involves the development of nonlin-
ear dynamical network models for genomic regulation and
of mathematically grounded diagnostic and therapeutic tools
based on those models. This special issue is devoted to ge-
netic regulatory networks. We desire high-quality papers on
all network issues, including:

• Mathematical models
• Inference
• Steady-state analysis
• Optimal intervention
• Approximation and reduction
• Validation
• Computational complexity
• Applications

Authors should follow the EURASIP JBSB manuscript
format described at http://www.hindawi.com/journals/bsb/.
Prospective authors should submit an electronic copy of their
complete manuscript through the EURASIP JBSB’s manu-
script tracking system at http://www.mstracking.com/mts,
according to the following timetable.

Manuscript Due July 1, 2006

Acceptance Notification October 1, 2006

Final Manuscript Due November 1, 2006

Publication Date 1st Quarter, 2007

GUEST EDITORS:

Edward R. Dougherty, Department of Electrical &
Computer Engineering, College of Engineering, Texas A&M
University, College Station, TX 77843-3128, USA;
Translation Genomics Research Institute, Phoenix, AZ
85004, USA; edward@ece.tamu.edu

Tatsuya Akutsu, Bioinformatics Center, Institute for
Chemical Research, Kyoto University, Gokasho, Uji, Kyoto
611-0011, Japan; takutsu@kuicr.kyoto-u.ac.jp

Paul Cristea, Digital Signal Processing Laboratory,
Department of Electrical Engineering, “Politechnica”
University Of Bucharest, 060032 Bucharest, Romania;
pcristea@dsp.pub.ro

Ahmed Tewfik, Department of Electrical and Computer
Engineering, Institute of Technology, University of
Minnesota, Minneapolis, MN 55455, USA; tewfik@umn.edu

Hindawi Publishing Corporation
http://www.hindawi.com



EURASIP JOURNAL ON AUDIO, SPEECH, AND MUSIC PROCESSING

Special Issue on

Adaptation and Learning in Conversational Systems

Call for Papers
This special issue will focus on adaptation and mobile tech-
nology in conversational systems, in particular on advanced
research concerning machine learning techniques and robust
technology needed in building adaptive spoken dialogue sys-
tems.

State-of-the-art speech and language technology already
allows users to execute simple speech commands to direct
system operations and also have short conversations with the
system to search for information. However, to enable natural
multilingual interaction, the unique requirements that arise
from the combination of adaptive interface design, dialogue
research, and language and speech processing have to be ad-
dressed in system development. Moreover, multimodal mo-
bile applications are making their access to the market, and
the technical requirements together with the varied interac-
tion possibilities require further studies on how to combine
the input and output modes for an effective, user-friendly,
and natural interface. There is thus a need to collect the the-
oretical and practical application research done so far, to pro-
vide an overview of the systems and techniques available for
designing the best-practice systems, and also to draw some
guidelines of the future development of systems, and the pos-
sibilities, challenges, and exciting opportunities open for re-
search and development.

We encourage papers that investigate adaptive multilin-
gual and multimodal interaction techniques in mobile appli-
cations. We welcome papers especially with a focus on the
various aspects of integrating and processing speech, text,
and other input types, discussions on how to overcome the
system’s shortcomings in speech recognition technology and
the user’s lack of complete application-related knowledge by
using natural conversation possibilities, as well as solutions
of how to provide coordinated adapted linguistic responses
to the user. Submissions that concern innovative frameworks
and adaptive architectures and offer new, even controver-
sial, view points for developing interactive spoken dialogue
systems are also welcome. However, submissions should not
only be position papers or deal solely with theoretical con-
siderations, but should have a clear point on how adaptive
multimodal information processing can be combined in spo-
ken dialogue systems so as to offer natural and rich interac-
tion with various users. The submissions should also concern

evaluation of systems, and special emphasis on the usability
aspects of interaction and practical systems would be wel-
come. Finally, we solicit submissions dealing with usability
associated with the design-for-all principles and accessibility
for spoken dialogue systems, and we encourage wider discus-
sion on the current state of the art in this area.

To summarize, the following research areas are topics of
interest:

• Robust information processing for interactive systems
• Learning and adaptation in mobile environments
• User modelling and spoken dialogue systems
• Accessibility (e.g., for users that are vision impaired

or elderly)
• Robustness and technological possibilities
• Multimodality in mobile systems
• Interactive applications
• Advanced language and speech technology systems
• Evaluation and usability of interactive mobile appli-

cations

Authors should follow the EURASIP JASP manuscript for-
mat described at http://www.hindawi.com/journals/asmp/.
Prospective authors should submit an electronic copy of their
complete manuscripts through the EURASIP JASP manu-
script tracking system at http://www.hindawi.com/mts/, ac-
cording to the following timetable:

Manuscript Due October 1, 2006

Acceptance Notification February 1, 2007

Final Manuscript Due May 1, 2007

Publication Date 3rd Quarter, 2007

GUEST EDITORS:

Bjorn Gamback, Swedish Institute of Computer Science
(SICS), P.O. Box 1263, 164 29 Kista, Sweden;
gamback@sics.se

Kristiina Jokinen, University of Helsinki, 00560 Helsinki,
Finland; kristiina.jokinen@helsinki.fi

Hindawi Publishing Corporation
http://www.hindawi.com



EURASIP JOURNAL ON AUDIO, SPEECH, AND MUSIC PROCESSING

Special Issue on

Perceptual Models for Speech, Audio, and
Music Processing

Call for Papers
New understandings of human auditory perception have
contributed, in varying degrees and with varying success,
to advances in multiple areas including coding, assessment
of quality and intelligibility, speech and speaker recognition,
signal separation, signal enhancement, and automatic con-
tent identification and retrieval. Researchers continue to seek
more detailed, accurate, and robust characterizations of hu-
man auditory perception, from the periphery to the audi-
tory cortex, and in some cases whole brain inventories. While
valuable in their own right, such new findings also offer po-
tential for significant advances. The aim of this special issue is
to present research that identifies and substantiates advanced
perceptual models, with applications to audio, speech, and
music processing. Work that identifies important challenges
remaining in this field is also of interest.

Topics of interest include (but are not limited to):

• Detection and identification of speech in noise
• Binaural processing in noise and reverberation
• Merging auditory and visual stimuli
• Formation of auditory images
• Cochlear modeling
• Detection and assessment of transient impairments
• Perceptual auditory modeling in

• coding
• separation and enhancement

• speech and speaker recognition
• content retrieval
• assessment of quality and/or intelligibility

Authors should follow the EURASIP JASP manuscript for-
mat described at http://www.hindawi.com/journals/asmp/.
Prospective authors should submit an electronic copy of their
complete manuscripts through the EURASIP JASP manu-
script tracking system at http://www.hindawi.com/mts/, ac-
cording to the following timetable:

Manuscript Due October 1, 2006

Acceptance Notification February 1, 2007

Final Manuscript Due May 1, 2007

Publication Date 3rd Quarter, 2007

GUEST EDITORS:

Jont B. Allen, 2061 Beckman Institute, University of
Illinois, 405 North Mathews Avenue, Urbana, IL 61801,
USA; jontallen@ieee.org

Wai-Yip Geoffrey Chan, Electrical and Computer
Engineering Department, Queen’s University, 99 University
Avenue, Kingston, ON, Canada K7L 3N6;
geoffrey.chan@queensu.ca

Stephen Voran, Institute for Telecommunication Sciences,
325 Broadway, Boulder, CO 80305, USA;
svoran@its.bldrdoc.gov

Hindawi Publishing Corporation
http://www.hindawi.com



NEWS RELEASE

Nominations Invited for the Institute of Acoustics

2006 A B Wood Medal

The Institute of Acoustics, the UK’s leading professional
body for those working in acoustics, noise and vibration, is
inviting nominations for its prestigious A B Wood Medal for
the year 2006.

The A B Wood Medal and prize is presented to an individ-
ual, usually under the age of 35, for distinguished contribu-
tions to the application of underwater acoustics. The award
is made annually, in even numbered years to a person from
Europe and in odd numbered years to someone from the
USA/Canada. The 2005 Medal was awarded to Dr A Thode
from the USA for his innovative, interdisciplinary research in
ocean and marine mammal acoustics.

Nominations should consist of the candidate’s CV, clearly
identifying peer reviewed publications, and a letter of en-
dorsement from the nominator identifying the contribution
the candidate has made to underwater acoustics. In addition,
there should be a further reference from a person involved
in underwater acoustics and not closely associated with the
candidate. Nominees should be citizens of a European Union
country for the 2006 Medal. Nominations should be marked
confidential and addressed to the President of the Institute of
Acoustics at 77A St Peter’s Street, St. Albans, Herts, AL1 3BN.
The deadline for receipt of nominations is 15 October 2005.

Dr Tony Jones, President of the Institute of Acoustics,
comments, “A B Wood was a modest man who took delight
in helping his younger colleagues. It is therefore appropriate
that this prestigious award should be designed to recognise
the contributions of young acousticians.”

Further information and an nomination form
can be found on the Institute’s website at

www.ioa.org.uk.

A B Wood

Albert Beaumont Wood was born in Yorkshire in 1890 and
graduated from Manchester University in 1912. He became
one of the first two research scientists at the Admiralty to

work on antisubmarine defence. He designed the first direc-
tional hydrophone and was well known for the many contri-
butions he made to the science of underwater acoustics and
for the help he gave to younger colleagues. The medal was
instituted after his death by his many friends on both sides of
the Atlantic and was administered by the Institute of Physics
until the formation of the Institute of Acoustics in 1974.

PRESS CONTACT

Judy Edrich
Publicity & Information Manager, Institute of Acoustics
Tel: 01727 848195; E-mail: judy.edrich@ioa.org.uk

EDITORS NOTES

The Institute of Acoustics is the UK’s professional body
for those working in acoustics, noise and vibration. It was
formed in 1974 from the amalgamation of the Acoustics
Group of the Institute of Physics and the British Acoustical
Society (a daughter society of the Institution of Mechanical
Engineers). The Institute of Acoustics is a nominated body of
the Engineering Council, offering registration at Chartered
and Incorporated Engineer levels.

The Institute has some 2500 members from a rich di-
versity of backgrounds, with engineers, scientists, educa-
tors, lawyers, occupational hygienists, architects and envi-
ronmental health officers among their number. This multi-
disciplinary culture provides a productive environment for
cross-fertilisation of ideas and initiatives. The range of in-
terests of members within the world of acoustics is equally
wide, embracing such aspects as aerodynamics, architectural
acoustics, building acoustics, electroacoustics, engineering
dynamics, noise and vibration, hearing, speech, underwa-
ter acoustics, together with a variety of environmental as-
pects. The lively nature of the Institute is demonstrated by
the breadth of its learned society programmes.

For more information please visit our site at
www.ioa.org.uk.



EURASIP Book Series on Signal Processing and Communications

For more information and online orders, please visit http://www.hindawi.com/books/spc/volume-4/
For any inquires on how to order this title, please contact books.orders@hindawi.com

Edited by: K. J. Ray Liu, Wade Trappe, Z. Jane Wang, Min Wu, and Hong Zhao

MULTIMEDIA FINGERPRINTING
FORENSICS FOR TRAITOR TRACING

EURASIP Book Series on SP&C, Volume 4, ISBN 977-5945-18-6

The EURASIP Book Series on Signal Processing and Communications publishes monographs, edited 
volumes, and textbooks on Signal Processing and Communications. For more information about the 
series, please visit http://hindawi.com/books/spc/about.html

The popularity of multimedia content has led to the widespread 
distribution and consumption of digital multimedia data. As 
a result of the relative ease with which individuals may now 

alter and repackage digital content, ensuring that media content is 
employed by authorized users for its intended purpose is becoming 
an issue of eminent importance to both governmental security and 
commercial applications. Digital fingerprinting is a class of multimedia 
forensic technologies to track and identify entities involved in the 
illegal manipulation and unauthorized usage of multimedia content, 
thereby protecting the sensitive nature of multimedia data as well as its 
commercial value after the content has been delivered to a recipient.

“Multimedia Fingerprinting Forensics for Traitor Tracing” covers the 
essential aspects of research in this emerging technology, and explains 
the latest development in this field. It describes the framework of 
multimedia fingerprinting, discusses the challenges that may be 
faced when enforcing usage policies, and investigates the design of 
fingerprints that cope with new families of multiuser attacks that may 
be mounted against media fingerprints. The discussion provided in the 
book highlights challenging problems as well as future trends in this 
research field, providing readers with a broader view of the evolution 
of the young field of multimedia forensics.

Topics and features:

Comprehensive coverage of digital watermarking and fingerprinting in 
multimedia forensics for a number of media types; Detailed discussion 
on challenges in multimedia fingerprinting and analysis of effective 
multiuser collusion attacks on digital fingerprinting; Thorough 

investigation of fingerprint design and performance analysis for addressing different application concerns arising in multimedia 
fingerprinting; Well-organized explanation of problems and solutions, such as order-statistics-based nonlinear collusion attacks, 
efficient detection and identification of colluders, group-oriented fingerprint design, and anticollusion codes for multimedia 
fingerprinting.
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The EURASIP Book Series on Signal Processing and Communications publishes monographs, 
edited volumes, and textbooks on Signal Processing and Communications. For more information 
about the series please visit: http://hindawi.com/books/spc/about.html

For more information and online orders please visit: http://www.hindawi.com/books/spc/volume-2/
For any inquiries on how to order this title please contact books.orders@hindawi.com

EURASIP Book Series on SP&C, Volume 2, ISBN 977-5945-07-0

Recent advances in genomic studies have stimulated synergetic 
research and development in many cross-disciplinary areas. 
Genomic data, especially the recent large-scale microarray gene 

expression data, represents enormous challenges for signal processing 
and statistics in processing these vast data to reveal the complex biological 
functionality. This perspective naturally leads to a new field, genomic 
signal processing (GSP), which studies the processing of genomic signals 
by integrating the theory of signal processing and statistics. Written by 
an international, interdisciplinary team of authors, this invaluable edited 
volume is accessible to students just entering this emergent field, and to 
researchers, both in academia and industry, in the fields of molecular 
biology, engineering, statistics, and signal processing. The book provides 
tutorial-level overviews and addresses the specific needs of genomic 
signal processing students and researchers as a reference book.

The book aims to address current genomic challenges by exploiting 
potential synergies between genomics, signal processing, and statistics, 
with special emphasis on signal processing and statistical tools for 

structural and functional understanding of genomic data. The book is partitioned into three parts. In part I, a 
brief history of genomic research and a background introduction from both biological and signal-processing/
statistical perspectives are provided so that readers can easily follow the material presented in the rest of the 
book. In part II, overviews of state-of-the-art techniques are provided. We start with a chapter on sequence 
analysis, and follow with chapters on feature selection, clustering, and classification of microarray data. The 
next three chapters discuss the modeling, analysis, and simulation of biological regulatory networks, especially 
gene regulatory networks based on Boolean and Bayesian approaches. The next two chapters treat visualization 
and compression of gene data, and supercomputer implementation of genomic signal processing systems. Part 
II concludes with two chapters on systems biology and medical implications of genomic research. Finally, part 
III discusses the future trends in genomic signal processing and statistics research.
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GENOMIC SIGNAL PROCESSING
AND STATISTICS
Edited by: Edward R. Dougherty, Ilya Shmulevich, Jie Chen, and Z. Jane Wang

EURASIP Book Series on Signal Processing and Communications


