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ABSTRACT

Reverberation is a major problem for time delay estimation
(TDE) in enclosed environments. In this paper, a robust TDE
method based on the generalized cross-correlation (GCC) is
proposed. An efficient preprocessing technique to calculate
the all-pass component is introduced to improve the perfor-
mance of GCC-based techniques in reverberant conditions.
Performance results are given which demonstrate that the pro-
posed approach provides better performance for a wide range
of microphone locations and reverberation times. Results in
real acoustic environments confirm the effectiveness of the
proposed TDE method. Compared to other TDE methods,
our solution has low computational complexity and can be
employed in real-time applications.

Index Terms— TDE, all-pass response, minimum phase
response, GCC, TDOA

1. INTRODUCTION

Time delay estimation (TDE) methods estimate the relative
time difference of arrival (TDOA) between spatially sepa-
rated microphones. This can be used for passive localization
of the dominant speaker in applications such as locating and
tracking acoustic sources in radar and sonar, camera point-
ing in teleconferencing, microphone array beam steering, and
speech enhancement. The two major sources of degradation
for this estimation are noise and reverberation. While the
noise only problem has been addressed in the literature, cur-
rent TDE methods can perform poorly, especially in high re-
verberation conditions.

To deal with the problem of reverberation, most ap-
proaches exploit the redundant information from multiple
sensor pairs. However, TDE between two microphones using
information from only the two microphones is still a very
challenging problem. Among the TDE approaches based
on information from two microphones, the most popular
is the generalized cross-correlation (GCC) method [1]-[4].
The phase transform GCC (PHAT) [4] is the most robust
technique among the GCC methods that perform well under
noisy conditions, but they typically fail in the presence of

reverberation. Several GCC-based TDE methods have been
proposed to make the PHAT method more robust to reverber-
ation such as the cepstral prefiltering technique [5], but TDE
remains an unsolved problem in highly reverberant rooms.

A blind channel identification method based on eigen-
value decomposition was proposed in [6] to deal with the
problem of reverberation. However, this method is ineffec-
tive with information from only two microphones, which is
a serious problem in real situations. The poor performance
is due to the zeros of the two channel responses being close,
especially in high reverberation conditions, which leads to an
ill-conditioned system that is difficult to identify. Recently,
a TDE method has been proposed [7] based on adaptive in-
verse filtering [8]. This technique blindly estimates the in-
verse filters of the two channels separately by using reverber-
ation time estimation [9], and then the TDOA between the
two channels is calculated based on the estimated filters. This
method performs well in reverberant environments but it has
high computational complexity, and can only be used when
the input signal is speech.

From the above discussion, it is clear that TDE in rever-
berant environments using information from only two micro-
phones is a practical but challenging problem, particularly if
the computational complexity must be kept low and the input
signals are arbitrary. In this paper, we propose a robust GCC-
based TDE method for reverberant environments. The effects
of reverberation is mitigated using the all-pass component.
An important feature of the proposed method is that it can be
used in real-time applications and does not require significant
data to estimate the TDOA. Conversely, the most effective
method in reverberant environments [7] requires at least 20 s
of input speech data to accurately estimate the TDOA. As a re-
sult, it cannot be used in practical real-time applications. The
main advantages of the proposed approach over other TDE
methods are: a) only two microphones are required to esti-
mate the TDOA; b) the computational complexity is low and
it can be used in real-applications; c) it is robust to reverber-
ant conditions; and d) it can be employed with arbitrary input
signals.

The remainder of this paper is organized as follows. Sec-
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tion 2 presents the proposed GCC-based TDE method. Some
performance results are given in Section 3, and the conclu-
sions are given in Section 4.

2. THE PROPOSED TDE METHOD

An input signal recorded in an enclosed space x[n] can be
modeled as the convolution of a source signal s[n] with a
room impulse response (RIR) h[n]

x[n] = s[n] ∗ h[n] =
N−1∑
k=0

s[k]h[n− k], (1)

where N is the length of the RIR and ∗ denotes convolution.
The RIR can be assumed to be time invariant, and for typi-
cal applications the noise is below perceptible levels and so
can be ignored. The RIR has non-minimum phase because of
the late energy and thus it can be represented by a minimum
phase component hmin[n] and an all-pass component hall[n]
as follows

h[n] = hmin[n] ∗ hall[n]. (2)

In the frequency domain, (2) can be written as

H(f) = Hmin(f)Hall(f), (3)

where H(f), Hmin(f) and Hall(f) are the fast Fourier trans-
forms (FFTs) of h[n], hmin[n], and hall[n], respectively. The
minimum phase component contains no poles or zeros outside
the unit circle and has modulus |H(f)| = |Hmin(f)|.

In general, the effects of reverberation on the minimum
phase and all-pass components of the RIR are fundamentally
different. Fig. 1(a) shows two RIRs between a common
source position and two distinct microphone locations in a
room synthesized using the image method [10]. The mini-
mum phase and all-pass components for each RIR are shown
in Figs. 1(b) and 1(c), respectively. It is clear from this figure
that each minimum phase component consists of a main pos-
itive peak at the origin followed by several secondary peaks
of smaller amplitudes whose envelope decays quite rapidly,
and the energy is concentrated near the origin [11]. On the
other hand, the all-pass response decays slower than the orig-
inal RIR and the position of the first dominant positive peak
corresponds to the delay of the direct path signal. Thus the
all-pass component of the RIR provides location information
which is useful for TDE applications. This figure also shows
that the reverberation intensity, especially the early reverbera-
tion, is greatly attenuated in the all-pass component compared
to the original RIR. Thus the all-pass component of the signal
not only preserves the direct path delay information but also
decreases the reverberation effects.

The decomposition of a signal into its minimum phase
and all-pass components can be carried out using homomor-
phic filtering [11]. Fig. 2 shows the procedure to decompose
a received input signal x[n] into its minimum phase xmin[n]

and all-pass xall[n] components. The input signal sequence
is first zero-padded and the cepstrum sequence cx[n] is deter-
mined by calculating the FFT of x[n] to get X(f), taking the
complex logarithm of X(f), and then calculating the inverse
fast Fourier transform (IFFT). The complex cepstrum of the
minimum phase sequence cmin

x [n] is obtained by multiplying
cx[n] with 2u[n]− δ[n], where u[n] and δ[n] are the unit step
and Dirac delta functions, respectively. Taking the FFT and
then the exponential of cmin

x [n] gives the minimum phase
component in the frequency domain, Xmin(f). The IFFT of
Xmin(f) is the minimum phase component xmin[n]. Finally,
the all-pass component in the frequency domain Xall(f)
is obtained by dividing X(f) by Xmin(f). The IFFT of
Xall(f) is the all-pass component xall[n].

Fig. 2. Minimum phase and all-pass component decomposi-
tion using homomorphic filtering.

A block diagram of the proposed method for TDOA
estimation between two spatially separated microphones is
shown in Fig. 3. The input signal is first segmented with
a Hamming window of size 128 ms with 50% overlapping.
Then the all-pass component of each segment for each micro-
phone is calculated to reduce the reverberation. Finally, the
PHAT method is used to estimate the TDOA between the two
microphones.

3. PERFORMANCE RESULTS

In this section, we evaluate the performance of the proposed
TDE method in different reverberant environments. All re-
sults were obtained for a [5 × 4 × 6] m rectangular room as-
suming omnidirectional microphones. Experiments were first
conducted with speech utterances from four male and four
female speakers (with an average duration of 4 s for each ut-
terance), using the TIMIT database and sampled at 16 kHz.
The proposed method (prop) is compared with CC [1], SCOT
[2], PHAT [4], and ML [3] methods. Ten RIRs with different
microphone-speaker positions having reverberation times in
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Fig. 1. Minimum-phase and all-pass components of the room impulse responses for two spatially separated microphones: (a)
RIR, (b) minimum-phase component, and (c) all-pass component.

Fig. 3. Block diagram of the proposed method for estimating
the TDOA between two spatially separated microphones.

the range 200 ms to 1200 ms were generated using the image
method [10].

An acceptable estimate is defined as one that satisfies

|TDOA| ≤ fs
R

c
, (4)

where R is the distance between microphones, fs is the sam-
pling rate, and c = 340 m/s is the velocity of sound. The
TDOA estimates were obtained for the 45 possible pairs of
RIRs using the four methods. The room mean square er-
ror (RMSE) of these estimates is shown in Fig. 4 (upper
plot). From the figure, it is clear that our proposed method
(prop) using the all-pass calculation has the best performance
in different reverberant environments. This shows that using
the all-pass component decreases the effects of reverberation

compared to the other techniques.
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Fig. 4. TDOA estimation RMSE for 8 speech utterances (up-
per plot) and for a white Gaussian signal (bottom plot) in dif-
ferent reverberant environments using the CC [1], SCOT [2],
PHAT [4], ML [3], and proposed (prop) methods.

To evaluate the proposed method with an input signal
other than speech, computer-generated white Gaussian noise
is employed as the input signal. This signal is convolved with
the same 10 RIRs discussed above, and the averages of the
TDOA estimates over the 45 possible pairs of RIRs using the
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four methods are shown in Fig. 4 (bottom plot). This figure
indicates that the all-pass component again has better perfor-
mance than the other GCC methods. Therefore, the proposed
method is effective in reverberant environments with an input
signal that is not speech.
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Fig. 5. Average TDOA estimation error for the CC [1], SCOT
[2], PHAT [4], ML [3], and proposed (prop) methods in a
real meeting room with RT60 = 0.67 s and a real lecture
room with RT60 = 1.23 s. The error bars denote the standard
deviation.

To evaluate the performance of the proposed method in
a real environment, two different binaural RIRs from the
Aachen Impulse Response (AIR) database [13]: 1) meeting
room, RT60 = 0.67 s, and 2) lecture room, RT60 = 1.23 s
were used. The RIRs were measured without a dummy head
using only the left channel. Five microphones in different lo-
cations were used for the meeting room and six microphones
for the lecture room [13]. As before, 8 clean utterances (4
female and 4 male speakers), were convolved with the mea-
sured RIRs to obtain the reverberant speech signals. The
TDOA between each pair of microphones was estimated us-
ing the four conventional GCC methods and our method.
The average estimation error for these methods is shown in
Fig. 5 for the two rooms. The error bars denote the standard
deviation. It is clear from the figure that our method has the
best performance in both rooms. Thus, the proposed method
is better able to deal with reverberation in real environments.

As discussed in the introduction, the proposed GCC-
based method can be used in real-time TDOA applications
with limited input data. Nevertheless, in order to compare
the computational efficiency of the proposed method with a
recently developed robust TDE method [7], TDOA estima-
tion is performed with the same input size of 4 s for a RIR
with a reverberation time of 200 ms. The average CPU time
for 100 runs was determined using a laptop computer with

Table 1. Average CPU time required for the proposed (prop)
and PHAT [4] methods, and the technique in [7].

Method Average CPU Time
[7] 17.17

PHAT 0.19
prop 0.67

an Intel Core 2 Duo processor T9300 at 2.5 GHz with 4 GB
of RAM. The results for the proposed and PHAT methods,
and the technique in [7], are shown in Table 1. It is clear that
the computational complexity of the method in [7] is high.
Comparing the PHAT method with the proposed method
indicates that the preprocessing including the all-pass com-
ponent calculation has a minimal effect on the computational
complexity.

4. CONCLUSIONS

In this paper, a robust GCC-based TDE method was proposed
for reverberant environments. Preprocessing is used to mit-
igate the effects of reverberation. It was shown that using
the all-pass component of the input signal can significantly
decrease the effects of reverberation, in particular early rever-
beration. Performance results were presented which show the
effectiveness of this preprocessing in improving TDE perfor-
mance in different reverberant environments. In addition, the
proposed method can be employed with an input signal that
is not speech, making it suitable for a wider variety of sig-
nal processing applications. The performance was also evalu-
ated in real recorded environments to show that the proposed
method is robust in real conditions. The proposed solution
also has low computational complexity.
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