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ABSTRACT

This paper proposes a robust generalized cross correlation
(GCC)-based time difference of arrival (TDOA) estimator in
reverberant and noisy environments. Under the assumption
that the phase of cross channel power spectrum should be lin-
ear in a normal single source environment, the effect of re-
verberation to cross power spectrum is directly reduced by a
recursive estimation method. An adaptive smoothing process
is also designed to make the system more robust.

Simulation results with a two-channel microphone system
verify that the proposed algorithm significantly improves the
accuracy of TDOA by enhancing phase linearity in various
reverberant environments. Also, the reliability of proposed
system is confirmed by the experiments performed in addi-
tional background noise conditions. Finally, we confirm the
superiority of the proposed algorithm from the results of real
room experiments.

1. INTRODUCTION

In voice activated human-and-machine interaction systems,
accurately estimated voice source location or direction can
significantly improve system performance [1, 2]. The sound
source localization (SSL) using microphone array has been
widely studied for past twenty years [3]. The SSL algorithm
is generally classified into three different approaches such as
steered-beamformer, high resolution spectral estimation and
time difference of arrival (TDOA) based methods [4]. Among
them, the TDOA based method has been extensively investi-
gated in practical systems because of their high accuracy and
reasonable complexity [5, 6, 7]. Conventional TDOA-based
SSL algorithms use generalized cross correlation (GCC) be-
tween two channel input signals [8]. With the GCC-based
concept, the phase transform (PHAT) method is jointly used
to improve the performance in low noise and relatively high
reverberation environments [7, 9].

Conventional GCC-based SSL systems required a lot of
microphones for robust estimation in background noise and
reverberation environments. Especially, the reverberation is
the principle obstacle of the performance degradation of the

GCC-based method. The interferences caused by the rever-
beration result in somewhat high correlation values at the
false time lags that are different from the actual TDOA of the
target speaker [9]. Robust TDOA algorithms to be designed
for overcoming the problem of the reverberant environments
are introduced [5, 6], but their performance are not good
enough when if the number of microphones are limited and it
is operated in additional background noise condition.

In this paper, we focus on overcoming the problem by
considering phase characteristics. We propose a robust
method which directly enhances the cross power spectrum
by removing the reliably estimated reverberant components.
The linear phase characteristic of the cross channel power
spectrum and the availability of the direct signal power are
key criteria to recursively estimate the temporal reverberant
component of room impulse response (RIR). To further en-
hance the estimation accuracy, an adaptive smoothing scheme
is also proposed, which dynamically controls the estimation
parameters depending on the stationarity of each signal frame.

The proposed algorithm is combined with the GCC-PHAT
method, and then its performance is evaluated in artificially
generated and real room environments. Simulation results
show that the accuracy of the direction of arrival (DoA) in-
formation is much higher than GCC-PHAT only, i.e. its esti-
mated angle is very close to the true angle even in harsh real
room environments.

2. BACKGROUND

2.1. Signal model

Assuming that signals radiated by a single source, s(t), im-
pinge on two channel microphones, each received signal can
be represented by the following frequency domain formula
[6, 7]:

Xi(ω) = S(ω)Hi(ω) + Ni(ω), i = 1, 2 , (1)

where Ni(ω) is the noise sensed by the ith microphone, and
Hi(ω) is the transfer function of RIR between source and ith
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microphone. Hi(ω) can be modeled as [10, 11]

H1(ω) = α0 +
∞∑

k=1

αke−jωτα,k ,

H2(ω) = β0e
−jωτθ +

∞∑
k=1

βke−jωτβ,k ,
(2)

where αk and βk are attenuation factors normally less than
one, τθ is TDOA between two input signals, and τα,k, τβ,k are
time delays caused by the reverberation. The first term in each
of Eq. (2) is a direct component from source to microphone
while the second term is a reverberant component related to
RIR.

2.2. TDOA estimation with GCC

The GCC function is represented by [8]:

τ̂GCC = arg max
τ

∞∫

−∞

1
Ψ(ω)

G(ω)e−jωτdω, (3)

where G(ω) is a cross power spectrum of two input signals
and Ψ(ω) is a weighting function used to enhance estima-
tion performance. In the PHAT method, the magnitude of the
cross power spectrum,Ψ(ω) = |G(ω)|, is used as a weight-
ing function. Though the PHAT had originated by an ad-hoc
technique, it has been known to be robust for reverberant en-
vironments but with relatively low background noise level.
The reason can be found from the following observation. In
reverberant environment, the signal to reverberation ratio is
approximately equal across for all frequencies because the
power of interference caused by the reverberation is directly
proportional to the target signal power [2]. Therefore, it is
reasonable to give equal importance to all frequencies when
reverberation is the primary cause of the problem. Recently,
the GCC-PHAT is also shown to be optimal such that it can be
considered as a specialized form of the maximum-likelihood
(ML) TDOA estimator in a reverberant environment [7, 9].

However, our experimental results show that the perfor-
mance of the GCC-PHAT degrades severely as background
noise level becomes higher. Also, a prior research showed
that the performance of the PHAT method is superior when
the input SNR is higher than 20dB, but its performance drops
significantly when the SNR becomes low [7]. The problem
can be overcome or at least reduced if we utilize the linear
phase characteristics of cross-power spectrum. In the follow-
ing section, a full details of novel approaches of the proposed
algorithm is described.

3. THE PROPOSED FRAMEWORK

Figure 1 depicts the framework of whole TDOA estimation
processing including two recursively connected sub-blocks
proposed in this paper. At first, reverberation components es-
timated in the previous frame are subtracted from the cross
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Fig. 1. Framework of reverberant component reduction.

power spectrum, and TDOA is estimated using the standard
GCC-PHAT algorithm. The estimated TDOA information is
used to re-calibrate reverberation components to be used for
the next frame processing. Two sub-blocks depicted in the
grey regions represent the proposed algorithm: reduction of
reverberant components (Sub-block1) and modeling of rever-
berant components (Sub-block2).

3.1. Sub-block 1 : Reverberant component reduction

3.1.1. Reduction methodology

If background noises given in Eq. (1) are uncorrelated, the
cross power spectrum at the lth frame can be represented by

G(ω, l) = X1(ω, l)X∗
2 (ω, l)

= |Sdrt(ω, l)|2 {
ejωτθ + R(ω)

}
,

(4)

where the power of the direct signal component is

|Sdrt(ω, l)|2 = α0β0 |S(ω, l)|2 , (5)

and the reverberant component of the RIR is

R(ω) =
∞∑

k=1

βk

β0
ejωτβ,k +

∞∑
k=1

αk

α0
e−jω(τα,k−τθ)

+
∞∑

j=1

∞∑
k=1

αkβj

α0β0
e−jω(τα,k−τβ,j).

(6)

If the power of the direct signal component, |Ŝd(ω, l)|2, is
known, and the reverberant component of the RIR, R̃(ω, l),
is well estimated, the reverberant component can be simply
removed by the following equation.

G̃(ω, l) = G(ω, l)− |Ŝd(ω, l)|2R̃(ω, l)

≈ |Sdrt(ω)|2 ejωτθ ,
(7)

where we assume that two conditions, |Sdrt(ω, l)|2 ≈ |Ŝd(ω, l)|2
and R(ω) ≈ R̃(ω, l) are satisfied. To obtain the best perfor-
mance, two terms, |Ŝd(ω, l)|2 and R̃(ω, l), need to be accu-
rately estimated since both terms are highly related to TDOA
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estimation. Since it is difficult to find a closed-loop solution,
an adaptive method that gradually tracks the actual value is
proposed in this paper. To further enhance the reliability of
the estimation accuracy, the estimated values of direct signal
power and the reverberant component of RIR in stationary
regions are used. The reliability factor is computed by the
coherence of cross power spectrum in successive frames. De-
tailed methods to estimate |Ŝd(ω, l)|2 and R̃(ω, l) are given
in next two subsections.

3.1.2. Power estimation of the direct signal component

1
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Fig. 2. GSC-based direct signal power estimation.

To estimate the power of the direct signal component, we
adopt a two-channel generalized side-lobe canceller (GSC)
structure [12]. Figure 2 shows a simplified block diagram
to estimate the direct signal power. In this method, the
power envelop of the delay-and-sum beamformer (DSB) out-
put, Q(ω, l), and the delay-and-subtract output used for a
reference signal, U(ω, l), are obtained by using first-order
recursive equations:

λq(ω, l) = γλq(ω, l − 1) + (1− γ) |Q(ω, l)|2 ,

λu(ω, l) = γλu(ω, l − 1) + (1− γ) |U(ω, l)|2 ,
(8)

where γ is a forgetting factor set close to, but less than, one.
Then, the energy of reverberant residual components,λ̂r(ω, l),
is obtained as follows :

λ̂r(ω, l) = W (ω, l)λu(ω, l), (9)

where W (ω, l) is a frequency dependent gain that is adap-
tively updated by using a quadratic cost function, JW =
{λe(ω, l)}2, where the error, λe(ω, l), is equal to λq(ω, l) −
λ̂r(ω, l) [12]. Finally, the direct signal power is estimated
using a spectral subtraction method :

|Ŝd(ω, l)|2 = |Q(ω, l)|2 − λ̂r(ω, l). (10)

In Habets’s de-reverberation method [12], a post filter is ap-
plied to the DSB output,Q(ω, l), however, the spectral sub-
traction method given in Eq. (10), is good enough in our ap-
plication because only the power envelop of the direct signal
component is needed.

3.2. Sub-block 2 : Modeling of reverberant component

The estimated TDOA, τ̂θ(l), is recursively used to estimate
the reverberant component of RIR. Generally, the TDOA
is well estimated in the stationary region of speech signal,
e.g. vowel interval. The coherence of cross power spectrum
is used as a factor of measuring the frame reliability. The
smoothed reverberant component is obtained using a recur-
sive equation with a variable forgetting factor.

3.2.1. Reverberant component at the lth frame

From Eq. (4), the reverberant component of RIR can be rep-
resented by

R̂(ω, l) =
G(ω, l)∣∣∣Ŝd(ω, l)

∣∣∣
2 − ejωτ̂θ(l), (11)

where τ̂θ(l) is the estimated TDOA and l is a frame index.
By substituting, G(ω, l), Ŝd(ω, l), and τ̂θ(l) into Eq. (11),
R̂(ω, l) approximates to a reverberant component of RIR,
R(ω), if the power of direct signal and TDOA are well de-
fined.

3.2.2. Estimated reverberant component smoothing

If a speech signal is stationary over a long enough interval, the
reverberant component can be directly modeled by Eq. (11)
and removed by Eq. (7). However, the stationary property
of normal speech signal is only guaranteed over 20 ∼ 30ms
[4], it would be better to introduce a smoothing process to the
estimated reverberant component of RIR. The following first
order recursive equation is adopted in the proposed approach:

R̃(ω, l + 1) ← ξ(l)R̃(ω, l) + (1− ξ(l)) R̂(ω, l). (12)

The variable forgetting factor, ξ(l), is determined by mea-
suring the coherence of cross power spectrum in successive
frames:

ξ(l) =
{

1− εζ(l) ζ(l) > threshold
1 otherwise

}
, (13)

where ε, 0 < ε ¿ 1, is a positive constant set to the fluctua-
tion range of the forgetting factor.

The normalized coherence of cross power spectrum be-
tween current and previous frames, ζ(l), is calculated as fol-
lows:

ζ(l) =

M−1∑
m=0

G∗(ωm, l − 1)G(ωm, l)
√

M−1∑
m=0

|G(ωm, l − 1)|2
M−1∑
m=0

|G(ωm, l)|2
, (14)

where M is the size of the discrete Fourier transform (DFT).The
idea of proposed adaptation process is summarized as follow-
ing three cases:
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case 1. ζ(l) < threshold : Non-stationary region
. Maintaining R̃(ω, l).

case 2. threshold < ζ(l) ¿ 1 : Weakly-stationary region
. Use small portion of R̂(ω, l) to update.

case 3. threshold ¿ ζ(l) < 1 : Strongly-stationary region
. Use large portion of R̂(ω, l) to update.

4. SIMULATION RESULTS

The proposed algorithm is implemented into a conventional
GCC-PHAT estimator and its performance is directly com-
pared. The room environment is artificially generated by the
modified frequency domain image source model (ISM) with
negative reflection coefficients [10]. The reverberation time,
T60, is measured by Lehmann’s energy decay curve (EDC)
[10]. The level of the additive white Gaussian noise (WGN)
varies from 0 to 40dB as the reverberation time is increased
from 0 to 500msec. The room size is set to 10 × 7 × 3m,
the distance between microphone and speaker is 5m at the
front 0◦ direction and the distance between two microphones
is 0.08m. The sampling frequency is 8000Hz and 64msec
Hamming window is applied with 50% overlap.
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Fig. 3. Accuracy of the cross power spectrum phase in a view
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Fig. 5. Performance comparison of TDOA estimation using
GCC-PHAT in a noisy and reverberant environment (a) T60 =
100ms, (b) T60 = 300ms, (c) T60 = 500ms.

Figure 3 depicts the phase deviation of the cross power
spectrum in reverberation only considered environment. We
convert the standard deviation of phase to the degree value
(please refer to Fig. 1 : Output angle block). As shown in
Fig. 3, the phase deviation increases as the reverberation time
becomes longer. Figure 4 depicts the root mean squared error
(RMSE) of TDOA estimation when the proposed algorithm is
on and off with the GCC-PHAT in the same environment to
Fig 3. Since the information of TDOA is strongly related to
the phase accuracy of cross power spectrum, the performance
of original GCC-PHAT marked by circles is not good in high
level reverberation environment. By the proposed method, the
performance of TDOA estimation is remarkably improved as
the RMSE becomes less than 3◦.

Figure 5 depicts the RMSE of TDOA estimation in noisy
and reverberant environment. The performance of conven-
tional GCC-PHAT only algorithm seriously degrades in low
SNR environments even in short duration of reverberation.
And its RMSE always becomes larger than 10 degrees in high
level reverberant environments as depicted in Fig. 4(b) and
4(c). On the contrary, the performance of the proposed algo-
rithm remarkably improves in all of the simulation environ-
ments. Especially, RMSE becomes below 10 degrees when
input SNR is higher than 0dB in all of the reverberant envi-
ronments. By the results, we conclude that the performance
of the proposed algorithm is robust to harsh environment.
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5. REAL ROOM EXPERIMENT

We have also tested the performance of the proposed algo-
rithm in a real conference room whose geometry of recoding
environment is same to the synthetic room we designed in sec-
tion 4. The target speaker is located at the 60 degrees from the
front direction. There exist a fan noise from the ceiling and
an acoustic reverberation. The average SNR including ob-
servation noise of microphone is measured as approximately
7dB and the reverberation time is about 0.5 second. Conver-
sational speech was recorded in around 2.5 seconds.

Figure 6 shows the result of TDOA estimation using the
GCC-PHAT algorithm. The circle marks in Fig. 6(a) show
the TDOA result of the original GCC-PHAT with 32ms frame
shift, and the cross marks depict the result after applying the
proposed algorithm. As shown in the figure, the estimated
DoA of the proposed algorithm converges to the true value
with a very small deviation in a second.

6. CONCLUSION

In this paper, we proposed a reverberant component reduction
algorithm for TDOA estimation. Under the assumption that
the phase of cross power spectrum should be linear in a nor-
mal single source environment, we estimated the reverberant
component of cross power spectrum of two-channel input sig-

nals. To guarantee reliable estimation, the reverberant com-
ponents were adaptively smoothed based on the stationarity
criterion of speech signal. From the results of the synthetic
environment generated by the modified image source model
(ISM), we verified that the performance of TDOA estimation
was remarkably improved even under severe reverberant and
noisy environments. Also, we verified the superiority of the
proposed algorithm in real conference room. In the future,
we are going to apply the proposed algorithm to a moving
speaker. In this case, the smoothing parameters need to be
appropriately controlled to follow a time varying room envi-
ronment.
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