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ABSTRACT

In the problem of acoustic source localization, time difference of ar-
rival (TDOA) among multiple sensors is needed, which is often ob-
tained through time delay estimation (TDE) techniques. Among the
multiple TDE methods developed in the literature, the normalized
multichannel frequency-domain least-mean-square (NMCFLMS) al-
gorithm is shown robust to reverberation. The performance of this
algorithm, however, deteriorates in non-Gaussian and low signal-to-
noise ratio (SNR) Gaussian noise environments. In this paper, we
re-derive a robust normalized multichannel frequency-domain least-
mean-M-estimate (RNMCFLMM) algorithm to estimate TDOAs for
acoustic source localization. The proposed algorithm exploits the
non-sensitivity of an M-estimator to non-Gaussian noise and makes
a tradeoff between the least-squares and least-absolute criteria to im-
prove the robustness of TDEwith respect to non-Gaussian and Gaus-
sian noises. The effectiveness of the proposed algorithm is demon-
strated in real acoustic environments.

Index Terms—Acoustic source localization, microphone arrays,
robust normalized multichannel frequency-domain least-mean-M-
estimate (RNMCFLMM), multichannel time delay estimation.

1. INTRODUCTION

Acoustic source localization, which aims at estimating the position
of radiating sound sources, plays an important role in many appli-
cations such as hands-free voice communication. Typically, source
localization is achieved in two steps [1]: 1) TDOAs among different
sensors are estimated and 2) triangulation principle is then used to
determine the source position. In this two-step approach, the most
critical part is the TDOA estimation, which is also called time delay
estimation (TDE).

Commonly used TDE algorithms include the cross-correlation
(CC) method, the generalized cross-correlation (GCC) algorithm
[1], [2], the multichannel cross-correlation coefficient (MCCC) al-
gorithm [3], the multichannel spatio-temporal prediction (MCSTP)
technique [4], the multichannel sparse linear prediction method [5],
the information theory based algorithms [6], [7], the methods ex-
ploiting some characteristics of speech signals [8], [9], etc. These
algorithms, however, are found to be easily affected by background
noise and reverberation in room acoustic environments. An effec-
tive way to improve the robustness of TDE against reverberation is
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through channel identification as shown in the the adaptive eigen-
value decomposition (AED) method [10], [11] derived from [12],
[13]. This algorithm first blindly identifies the impulse responses of
a two-channel system, and then determines TDOA using the relative
position between the two direct-path components. This algorithm
was also generalized to the multichannel case, resulting in an NM-
CFLMS algorithm that can produce better TDE performance than
the AED method [14], [15]. Both the AED and NMCFLMS algo-
rithms are found robust to reverberation; however, their performance
deteriorates in non-Gaussian and low SNR Gaussian noises.

The M estimator is widely used in robust signal processing [16],
[17], e.g., it has been applied to adaptive filtering for echo cance-
lation [18]. In our recent work, we exploited the Huber estima-
tor to construct a robust frequency-domain adaptive filter to blindly
identify the impulse responses of an acoustic single-input multiple-
output (SIMO) system in room acoustic environments [19], which
greatly improves the robustness of blind multichannel identification
to non-Gaussian and Gaussian noises. The major differences be-
tween the algorithm in [18] and that in [19] are: 1) the former is
a non-blind method dealing with single channel identification while
the latter is a blind method that copes with blind multichannel iden-
tification, and 2) the former considers only the case of impulsive
noise while the latter uses an adaptive Huber estimator and intro-
duces a spectral constraint so that the filter is robust in non-Gaussian
and Gaussian noises.

In this paper, we re-derive the RNMCFLMM algorithm but from
a different perspective and apply it to the problem of TDOA es-
timation for acoustic source localization. This algorithm employs
the non-sensitivity of an M-estimator to non-Gaussian noise and
makes a tradeoff between the least-squares and least absolute cri-
teria to improve the robustness of TDE with respect to non-Gaussian
and Gaussian noises. In comparison with the algorithm in [19], the
major contributions of this papers are: 1) we construct a new re-
cursive cost function to re-derive the RNMCFLMM algorithm and
the new derivation process is more rigorous than that in [19], and
2) this RNMCFLMM algorithm is applied to the problem of multi-
channel TDE, which is robust in reverberant environments with non-
Gaussian and Gaussian noises.

2. MULTICHANNEL TIME DELAY ESTIMATION VIA
ROBUST BLIND SYSTEM IDENTIFICATION

2.1. Robust Adaptive Blind Multichannel Identification
The input-output relationship of a SIMO system is given by

xk(n) = s(n) ∗ hk(n) + vk(n), k = 1, 2, . . . ,M, (1)
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where s(n) is the source signal, ∗ denotes linear convolution, hk(n)
is a finite-impulse-response (FIR) filter, which denotes the channel
impulse response between the sound source and the kth microphone,
vk(n) is the additive noise at the kth microphone, and M is the
number of microphones. If we neglect the noise term in (1), the
following relation can be obtained

xi(n) ∗ hj(n) = s(n) ∗ hi(n) ∗ hj(n)

= xj(n) ∗ hi(n), i, j = 1, 2, . . . ,M, i �= j. (2)

This relation can be written in a matrix-vector form as

x
T
i (n)hj − x

T
j (n)hi = 0, (3)

where

xi(n) = [xi(n) xi(n− 1) · · · xi(n− L+ 1)]T (4)

is the observation signal vector of channel i with length of L,

hi = [hi,0 hi,1 · · · hi,L−1]
T (5)

is the impulse response vector of channel i with length of L, and
(·)T stands for the transpose of a vector or a matrix.

When noise is present and/or the estimate of the impulse re-
sponses deviates from their true values, the right-hand side of (3)
is no longer zero and an a priori error signal between the ith and jth
channels is produced as

eij(n) = x
T
i (n)ĥj(n)− x

T
j (n)ĥi(n), (6)

where ĥi(n) is an estimate of hi at time n. This error signal can
then be used to define a cost function that can be minimized to find
an optimal estimate of the impulse responses. In an earlier work, we
proposed an RNMCFLMM algorithm to blindly estimate the mul-
tichannel impulse responses. Some derivations in RNMCFLMM,
however, are empirical, which were not rigorously deduced.

This paper uses an M-estimator [16], which is a generalization
of maximum likelihood-type estimators, to define a recursive cost
function, based on which we re-derive the RNMCFLMM algorithm
to blindly identify the SIMO system so that the update equations are
directly deduced. The cost function is then defined as

J (m) = (1− λ)

m∑
r=0

λm−rJρ(r), (7)

wherem is the block-time index, 0 < λ < 1 is a forgetting factor,

Jρ(r) =

M−1∑
i=1

M∑
j=i+1

rL+L−1∑
n=rL

ρ [eij(n)] , (8)

ρ(·) is an M-estimator. In this paper, we use the Huber estimator
[16], [19] as the M-estimator, and then the corresponding estimate
function between the ith and jth channels is written as

ρ [eij(n)] =

{
e2ij(n)/2, |eij(n)| < ξij

ξij [|eij(n)| − ξij/2] , |eij(n)| ≥ ξij
, (9)

where ξij is an adaptive threshold parameter between channels i and
j (see e.g., [19]). If |eij(n)| ≤ ξij , the cost function employs the
least-squared error (LSE) criterion. However, if |eij(n)| ≥ ξij ,
the cost function employs the least-absolute error (LAE) criterion
to deemphasize the effect of outliers, thereby ensuring that the cor-
responding adaptive filter is robust not only to Gaussian noise but

to non-Gaussian noise due to its compromise between the LSE and
LAE criteria.

In this work, we use the iterative Newton method [18] to de-
rive the adaptive algorithm that minimizes the cost function J (m).
Then, we have the following recursive solution to the optimization
problem:

ĥk(m+ 1) = ĥk(m)− 2μ(1− λ)S−1

k (m)∇Jρ(m),

k = 1, 2, . . . ,M, (10)

Sk(m) = λSk(m− 1) + (1− λ)∇∇HJρ(m), (11)

where ĥk(m) = FL×Lĥk(m)with the Fourier matrixFL×L of size
L × L, μ is a step size, ∇Jρ(m) is the gradient of Jρ(m) with re-
spect to ĥ

∗

k(m), the superscript (·)∗ denotes the conjugate operator,
∇∇HJρ(m) is the corresponding Hessian matrix, and (·)H denotes
the conjugate transpose of a vector or matrix. Note that the goal of
the calculation in the Fourier domain is to reduce the computational
complexity by using the fast Fourier transform (FFT).

To calculate ∇Jρ(m) and ∇∇HJρ(m), let us take a block (of
L samples) of the signal eij(n) given in (6) as follows:

eij(m) = W
01
L×2LF

−1

2L×2L

×
[
Dxi

(m)G10
2L×Lĥj(m)−Dxj

(m)G10
2L×Lĥi(m)

]
,

(12)

where

eij(m) = [eij(mL) eij(mL+ 1) · · · eij(mL+ L− 1)]T ,

(13)

W
01
L×2L =

[
0L×L IL×L

]
, (14)

Dxi
(m) = diag{F2L×2Lxi,2L(m)}, (15)

xi,2L(m) = [xi(mL− L) xi(mL− L+ 1)

· · · xi(mL+ L− 1)]T , (16)

G
10
2L×L = F2L×2LW

10
2L×LF

−1

L×L, (17)

W
10
2L×L =

[
IL×L 0L×L

]T
, (18)

0L×L is the null matrix of size L×L, IL×L is the identity matrix of
size L × L, diag(·) denotes a diagonal matrix with indicated vector
along the diagonal.

Having carried out some simple derivations, we can achieve the
gradient of Jρ(m) with respect to ĥ

∗

k(m) as follows:

∇Jρ(m) = 2
∂Jρ(m)

∂ĥ
∗

k(m)

= 2
M−1∑
i=1

M∑
j=i+1

mL+L−1∑
n=mL

∂ρ [eij(n)]

∂ĥ
∗

k(m)

=
2

L

M∑
i=1

G
10
L×2LD

∗
xi
(m)F2L×2LW

01
2L×Lϕ [eik(m)] , (19)

where

G
10
L×2L =

1

2
(G10

2L×L)
H , (20)

W
01
2L×L = (W01

L×2L)
T , (21)

ϕ [eik(m)] =

⎡
⎢⎢⎢⎣

ρ′[eik(mL)]
ρ′[eik(mL+ 1)]

...
ρ′[eik(mL+ L− 1)]

⎤
⎥⎥⎥⎦ , (22)



and ρ′(·) is the first-order derivative of ρ(·). The Hessian matrix is
then

∇∇HJρ(m) = 2
∂

∂ĥ
∗

k(m)
[∇Jρ(m)]H

=
2

L

∂

∂ĥ
∗

k(m)

M∑
i=1

ϕ
H [eik(m)]W01

L×2LF
H
2L×2LDxi

(m)G10
2L×L

=
2

L
G

10
L×2LPk(m)G10

2L×L, (23)

where

Pk(m) = 2
M∑

i=1,i�=k

D
∗
xi
(m)F−H

2L×2LW
01
2L×LTik(m)

×W
01
L×2LF

H
2L×2LDxi

(m), (24)

Tik(m) = diag
{
ρ′′ [eik(mL)] , · · · , ρ′′ [eik(mL+ L− 1)]

}
,

(25)

and ρ′′(·) is the second-order derivative of ρ(·).
From (11), we can obtain

Sk(m) = λSk(m− 1) + (1− λ)∇∇HJρ(m)

= λ(1− λ)

m−1∑
i=0

λm−1−i∇∇HJρ(i)

+ (1− λ)∇∇HJρ(m)

= (1− λ)
m∑
i=0

λm−i∇∇HJρ(i). (26)

Substituting (23) into (26) produces

Sk(m) = (1− λ)

m∑
i=0

λm−i 2

L
G

10
L×2LPk(i)G

10
2L×L

=
2

L
G

10
L×2LQk(m)G10

2L×L, (27)

where

Qk(m) = (1− λ)

m∑
i=0

λm−i
Pk(i)

= λQk(m− 1) + (1− λ)Pk(m). (28)

WhenL is large, substituting (19) and (27) into (10), pre-multiplying
both sides by G10

2L×L, and with some simple manipulations, we can
deduce the RNMCFLMM algorithm as follows:

ĥ
10

k (m+ 1) = ĥ
10

k (m)− μfQ
−1

k (m)
M∑
i=1

D
∗
xi
(m)ϕ01 [eik(m)] ,

k = 1, 2, . . . ,M, (29)

where μf is a new step size, and

ĥ
10

k (m) = G
10
2L×Lĥk(m), (30)

ϕ
01 [eik(m)] = F2L×2LW

01
2L×Lϕ [eik(m)] . (31)

It can be seen from (29) that the update equations have high com-
putational complexity due to the need of computing the inverse of

matrix Qk(m) in (28). When L is large, we can formulate a com-
putationally efficient RNMCFLMM algorithm. To this end, let us
approximate Tik(m) in (25) using

Tik(m) = ρ′′ [eik(m)]
max

IL×L, (32)

where

ρ′′ [eik(m)]
max

= max
0≤l≤L−1

{
ρ′′ [eik(mL+ l)]

}
. (33)

So, (24) can be simplified as

Pk(m) =

M∑
i=1,i�=k

ρ′′ [eik(m)]
max

D
∗
xi
(m)Dxi

(m). (34)

It can be seen from (34) that Pk(m) is simplified to a diagonal ma-
trix, which largely reduces the computational load. It can also be
seen from (28) and (34) that the recursive power spectrum matrix
is directly deduced from the cost function rather than an empirical
formulation [14], [19].

When there are large bursts present in the microphone signals,
the normalization by Pk(m) in (34) greatly diminishes the gradient
by exploiting the maximum element in {ρ′′ [eik(mL+ l)]}, which
smoothes out the fluctuation due to large bursts of the microphone
signals. Furthermore, unlike the NMCFLMS-type algorithms that
are based on the use of eik(m), the RNMCFLMM algorithm uses
ϕ [eik(m)] , which can limit the adverse effect of large bursts on the
update equations when the error signal becomes very large.

To make the proposed algorithm immune to Gaussian noise, we
also introduce a similar spectral constraint as in [20] into the pro-
posed algorithm. So, the update equations of the final RNMCFLMM
algorithm are as follows:

ĥ
10

k (m+ 1) = ĥ
10

k (m)− μf∇J 01
NFM,k(m)

+ μfβ(m)∇J 10
SC,k(m), k = 1, 2, . . . ,M, (35)

where

∇J 01
NFM,k(m) = Q

−1

k (m)

M∑
i=1

D
∗
xi
(m)ϕ01 [eik(m)] , (36)

∇J 10
SC,k(m) = 2ĥ

10

k (m)�

(
12L×1 +

∣∣∣ĥ10

k (m)
∣∣∣2) , (37)

� denotes element-by-element division of two vectors, β(m) is the
Lagrange multiplier similar to that in the robust NMCFLMS (RNM-
CFLMS) algorithm [20], 12L×1, a vector of length 2L with all the
elements being 1,

2.2. Multichannel Time Delay Estimation for Acoustic Source
Localization

As mentioned previously, we need to estimate the TDOAs between
the multiple microphones to locate an acoustic source. Since we ob-
tain the impulse responses via blind system identification, we can
determine the time delays by comparing the time differences of the
direct-path components between different channels. The TDOA es-
timate between any two different channels can then be obtained as

τ̂ij = argmax
l

|ĥj,l| − argmax
l

|ĥi,l|. (38)



3. EXPERIMENTS

3.1. Experimental Setup

The measurements used in this paper were made in the Varechoic
chamber at Bell Labs [21]. The dimension of the chamber is 6.7
m×6.1 m×2.9 m. For convenience, positions in the room are des-
ignated by (x, y, z) coordinates with reference to the northwest cor-
ner of the chamber floor. An equispaced linear array which consists
of three omnidirectional microphones is employed in the measure-
ment. The three microphones of the array are situated at (2.437,
0.500, 1.400), (3.137, 0.500, 1.400), and (3.837, 0.500, 1.400), re-
spectively. A sound source is placed at (0.337, 3.938, 1.600). The
transfer functions of the acoustic channels between the source and
microphones were measured at a 48 kHz sampling rate when 89%
panels on the walls were open (the corresponding reverberation time
is 280 ms). Then the obtained channel impulse responses are down-
sampled to a 16 kHz sampling rate and truncated to 1024 samples.
The measured impulse responses will be treated as the true impulse
responses in the blind multichannel identification experiments.

The sound source signal is sampled at 16 kHz, the former half of
which is recorded from a male English speaker, while the latter half
is recorded from a female English speaker. The multichannel system
outputs are computed by convolving the source signal with the cor-
responding measured channel impulse responses and adding noise
to the results at a given SNR. The noise used in this paper is mod-
eled by the symmetric α-stable (SαS) distribution [22], [23], where
0 < α < 2.0 corresponds to non-Gaussian noise and α = 2.0 cor-
responds to Gaussian noise. In the experiments, all the parameters
setting is the same as those in [19].

In the experiments, an estimate is yielded every frame with a
frame size of 64 ms. Two performance metrics, namely the probabil-
ity of anomalous estimates and the root mean-squared error (RMSE)
of nonanomalous estimates [3], [4], are used to evaluate the perfor-
mance of the proposed algorithm. The total number of frames is 768.
The true time delays from the sound source to the three microphone
pairs are respectively τ12 = 19 samples, τ13 = 42 samples, and
τ23 = 23 samples.

3.2. Results

The TDE results of the proposed RNMCFLMM algorithm are pre-
sented in Table 1. For comparison, the results of the phase transform
(PHAT) [1], NMCFLMS [15], and RNMCFLMS [20] algorithms are
also presented. As can be seen, the NMCFLMS algorithm outper-
forms the PHAT algorithm in non-Gaussian and Gaussian noises due
to the ability of the former to identify the direct path in reverberant
and noisy environments. The RNMCFLMS algorithm is more robust
to Gaussian noise than the PHAT and NMCFLMS algorithms since a
spectral energy constraint is imposed. Among the four studied algo-
rithms, the proposed RNMCFLMM algorithm obtains the best per-
formance in non-Gaussian and Gaussian noise environments. This
is mainly due to the use of an M-estimator and the alternate employ-
ment of the LAE and LSE criteria in the M-estimator [19].

4. CONCLUSIONS

In this paper, we developed a robust multichannel TDE algorithm.
This algorithm uses an M-estimator to construct a recursive cost
function of the multichannel frequency-domain blind identification
algorithm and exploits the property of the M-estimator to deal with
outliers in the microphones’ signals, thereby ensuring the robustness

Table 1. The probability of anomalous time delay estimates and
RMSE of nonanomalous time delay estimates of the four investi-
gated TDE algorithms under different levels of SNR and noises.

α SNR (dB) TDE algorithms Anomalies(%) RMSE (samples)
τ̂12 τ̂13 τ̂23 τ̂12 τ̂13 τ̂23

0.8

−10

PHAT 99.5 99.1 99.3 1.4 1.3 1.4
NMCFLMS 98.3 97.7 99.5 0.4 0.6 1.6
RNMCFLMS 99.1 99.3 97.0 0.5 0.7 0.7
RNMCFLMM 0.4 1.0 0.0 0.2 0.6 0.5

0

PHAT 65.6 99.8 77.8 0.9 1.4 1.2
NMCFLMS 7.7 14.5 14.7 0.2 0.7 0.1
RNMCFLMS 2.9 99.6 99.2 0.1 0.3 0.4
RNMCFLMM 0.4 0.5 0.5 0.1 0.1 0.3

10

PHAT 36.1 99.2 63.3 0.5 0.9 0.9
NMCFLMS 0.5 0.6 0.6 0.2 0.1 0.2
RNMCFLMS 0.4 0.4 0.1 0.1 0.1 0.1
RNMCFLMM 0.4 0.1 0.5 0.1 0.1 0.1

20

PHAT 20.3 66.0 59.6 0.3 0.6 0.7
NMCFLMS 0.7 0.5 0.9 0.1 0.4 0.1
RNMCFLMS 0.4 0.1 0.4 0.1 0.1 0.1
RNMCFLMM 0.3 0.2 0.4 0.0 0.1 0.1

1.2

−10

PHAT 99.5 98.8 99.2 1.4 1.3 1.4
NMCFLMS 96.6 96.9 99.7 1.0 1.1 1.7
RNMCFLMS 99.3 99.2 98.2 0.9 0.5 0.9
RNMCFLMM 0.4 0.9 0.9 0.1 0.3 0.3

0

PHAT 66.3 99.6 79.8 0.9 1.5 1.2
NMCFLMS 7.0 8.9 11.6 0.1 0.6 0.6
RNMCFLMS 7.2 3.0 7.3 0.0 0.6 0.5
RNMCFLMM 0.4 0.7 0.7 0.1 0.1 0.2

10

PHAT 37.9 87.2 64.7 0.5 0.7 0.9
NMCFLMS 0.6 0.8 0.9 0.2 0.7 0.2
RNMCFLMS 0.3 0.1 0.3 0.1 0.1 0.1
RNMCFLMM 0.4 0.4 0.5 0.1 0.1 0.1

20

PHAT 20.3 55.5 60.9 0.3 0.7 0.7
NMCFLMS 0.6 0.7 0.9 0.1 0.1 0.1
RNMCFLMS 0.4 0.1 0.4 0.1 0.1 0.1
RNMCFLMM 0.4 0.5 0.5 0.1 0.1 0.0

1.6

−10

PHAT 89.6 98.4 99.5 1.4 1.6 1.4
NMCFLMS 80.5 61.1 94.5 1.6 1.1 0.8
RNMCFLMS 99.8 98.1 99.0 0.2 0.4 0.3
RNMCFLMM 0.7 5.5 5.5 0.1 0.1 0.4

0

PHAT 66.2 95.8 78.1 0.9 0.9 1.3
NMCFLMS 2.6 1.4 31.9 0.9 0.5 0.6
RNMCFLMS 23.2 0.8 22.1 0.3 0.9 0.9
RNMCFLMM 0.4 0.7 0.8 0.2 0.0 0.2

10

PHAT 33.2 69.7 61.2 0.5 0.8 0.9
NMCFLMS 0.7 1.0 0.9 0.1 0.1 0.1
RNMCFLMS 0.4 0.3 0.3 0.1 0.6 0.6
RNMCFLMM 0.3 0.5 0.5 0.1 0.1 0.0

20

PHAT 19.1 37.5 58.9 0.3 0.6 0.7
NMCFLMS 0.7 0.5 0.9 0.1 0.1 0.1
RNMCFLMS 0.4 0.2 0.4 0.1 0.3 0.1
RNMCFLMM 0.4 0.3 0.4 0.1 0.1 0.0

2.0

−10

PHAT 87.8 95.8 88.9 1.3 1.4 1.4
NMCFLMS 45.1 23.2 45.3 0.8 0.8 1.2
RNMCFLMS 33.4 11.5 41.8 0.6 0.2 0.6
RNMCFLMM 9.2 2.7 9.2 0.0 0.1 0.1

0

PHAT 58.6 77.2 74.1 1.1 0.9 1.3
NMCFLMS 1.2 1.2 1.7 0.3 0.5 0.6
RNMCFLMS 0.7 0.3 0.1 0.1 0.9 0.9
RNMCFLMM 0.7 0.4 0.1 0.1 0.6 0.6

10

PHAT 30.1 37.8 58.5 0.6 0.8 0.9
NMCFLMS 0.5 0.8 0.6 0.2 0.1 0.2
RNMCFLMS 0.3 0.2 0.1 0.1 0.1 0.1
RNMCFLMM 0.4 0.3 0.2 0.1 0.1 0.1

20

PHAT 17.8 22.4 57.1 0.3 0.7 0.7
NMCFLMS 0.6 0.7 1.0 0.1 0.1 0.1
RNMCFLMS 0.4 0.1 0.4 0.1 0.1 0.1
RNMCFLMM 0.2 0.2 0.4 0.1 0.1 0.0

of TDE with respect to non-Gaussian noises. Moreover, this TDE al-
gorithm is also robust to Gaussian noise thanks to the alternate use of
the LSE and LAE criteria. The experimental results confirmed that
the developed algorithm is robust to noise in different SNR condi-
tions regardless of whether the noise is Gaussian and non-Gaussian.
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