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ABSTRACT 
Time delay estimation (TDE) between the signals received 
by two om more spatially separated microphones can be used 
as a means for the passive localization of the dominant 
talker in applications such as audio-conference. However, 
in a recent study, it has been shown that reverberation can 
have disastrous effects on TDE performance. In this pa- 
per, we develop and evaluate a new cepstral prefiltering 
technique which can be applied on the microphone signals 
before the actual TDE in order to obtain a more accurate 
estimate of the position of a source in a typical reverberant 
environment. The performance of a TDE system with and 
without cepstrd prefiltering is investigated under controlled 
conditions via Monte-Carlo simulations. The results clearly 
demonstrate the beneficial effects of the new cepstral pre- 
filtering technique on TDE performance (i.e., reduction of 
bias, variance and number of anomalous estimates). 

1. INTRODUCTION 
Speech signal acquisition, in applications such as audio- 

conference or hands-free telephony in small office room, is 
usually corrupted by reverberation and directional noise 
sources. These interferences can be suppressed by the use 
of a microphone array properly oriented (or steered) in the 
direction of the dominant talker El]. In order for the micro- 
phone array to effectively filter out the interfering signals, 
it is necessary to know the precise location of the dominant 
talker, Time delay estimation (TDE) between the signals 
received by two or more spatially separated microphones 
has been proposed as a means for the passive localization 
of the dominant talker [2]. 

The generalized cross-correlation (GCC) method is one 
of the most popular techniques for TDE. In this method, 
the delay estimate is obtained by maximizing the output of 
the cross-correlation between filtered versions of the input 
signals over an a priori search interval. In the absence of 
reverberation, with the proper choice of filters, the GCC 
method reduces to the maximum likelihood time delay es- 
timator and is nearly optimal. However, it has been shown 
in [3] that the presence of reverberation in the received sig- 
nals has disastrous effects on the performance of the GCC 
method. 
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In this paper, we develop and evaluate a new cepstral 
prefiltering technique to be used in connection with a stan- 
dard TDE method like GCC in the presence of reverber- 
ation. The paper begins with a brief review of the GCC 
method and a discussion of its performance in a reverber- 
ant environment. Next, we introduce relevant concepts of 
cepstral analysis and homomorphic deconvolution. These 
concepts are then used to devise a new cepstral prefilter 
able to  attenuate the effect of reverberation on signals re- 
ceived by individual microphones before feeding them into 
a GCC. The resulting TDE system, consisting of a set of 
cepstral prefilters followed by the standard GCC, is named 

Simulations are carried out and the results clearly dem- 
onstrate the beneficial effects of the cepstral prefilters in 
TDE under reverberant conditions. In particular, we note 
a strong reduction of the number of anomalous estimates 
and an improvement of the variance and the bias of the 
non-anomalous estimates. 

2. THE GCC METHOD 

GCC-CEP. 

In the classical TDE problem between two-channels, the 
received signals are modeled as follows: 

where the z i ( t )  are the output signals of the ith receiver, 
the n,(t) are additive noises, s ( t )  is the unknown source 
signal, T is the unknown delay and T denotes the duration 
of the observation interval. It is further assumed that S ( t ) ,  

n1 ( t )  and nz(t) are real zero-mean, uncorrelated, stationary 
Gaussian random processes. This model corresponds to a 
lossless non-dispersive medium with a single propagation 
path from the source to the receivers. 

In the GCC method, the time-delay estimate is obtained 
as the value of T which maximizes the generalized cross- 
correlation function given by 

03 

Rlz(r )  = /, IG(f)12xl(f)X2.(f)e32?rfTdf. (2) 

where X . ( f )  denotes the Fourier transform of z ; ( t )  over the 
interval 0 5 t 5 T ,  "*" denotes the complex conjugate and 
G(f) is a filter transfer function. The filter G(f) is typically 
chosen so as to  attenuate the signals in spectral regions 
where the signal-to-noise ratio is the lowest. In particular, 
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the time delay estimate obtained by maximization of ( 2 )  is 
the maximum likelihood (ML) estimate if 

where S(f), Nl(f) and Nz(f) denote the power spectral 
densities of s ( t ) ,  nl( t )  and nz(t), respectively. 

For the classical TDE model (l), the ML estimator of 
time delay is asymptotically unbiased and efficient in the 
limit T ---f CO. In a reverberant environment, however, the 
noises are highly correlated with the source signal and the 
ML estimator, which was developed for the case of uncor- 
related signal and noises, is no longer optimal. Effects of 
room reverberation on time-delay estimation performance 
have been investigated in [3]. The results of this study 
clearly demonstrate the adverse effects of revererberation 
on TDE. In particular, it has been shown that the percent- 
age of anomalous estimates is characterized by an abrupt 
increase (from 0%) as the level of reverberation reaches a 
critical value. This behavior is due to  the presence of e r r e  
neous peaks in the output of the ML cross-correlator ( 2 ) .  
These peaks result from the correlation existing between 
pairs of echos on the different channels. As the level of re- 
verberation increases, the amplitudes of the erroneous peaks 
increase, eventually making the ML estimator unreliable. 
Furthermore, the bias and the standard deviation of the 
estimates increase with the level of reverberation. 

3. CEPSTRAL ANALYSIS AND 
HOMOMORPHIC DECONVOLUTION 

We can no longer use the simple model (1) to develop 
an efficient time delay estimator in the presence of rever- 
beration. Instead, let us assume for the time being that  the 
acoustic transmission channel between the source and each 
of the receivers is linear and time-invariant. Then a more 
complete model for the receiver signals can be expressed as 
follows: 

z i ( t )  = [hi * s ] ( t )  + ni( t ) ,  0 5 t 5 T ,  
~ ( t )  = [ha * s ] ( t )  + nz(t) ,  (4) 

where * denotes the operation of convolution and the h,(t)  
are the acoustic impulse responses between the source and 
the zth receiver. The signals s ( t ) ,  nl( t )  and n2(t) are defined 
as in the previous section. The presence of reverberation in 
each channel is entirely accounted for by h,(t). Other inter- 
ferences, such as external noise, are modeled as an additive 
uncorrelated noise denoted by n , ( t ) .  In applications, sam- 
pled versions of the signals are used so we shall consider a 
discrete version of model (4). 

The complex cepstrum (simply called cepstrum here- 
after) of a discrete signal z [ n ]  is defined as 

(5) 
A z[k] = F-l{log { X ( w ) } ,  

where X ( w )  is the Fourier transform of z [ n ] ,  F- '{ .}  repre- 
sents the inverse Fourier transform, the log operator is the 
complex logarithm as defined in [4],  and the variable k is 
called quefrency. If we compute the cepstrum of (4), we 
find that 

Z [ k ]  = X [ k ]  + q k 1  + ;i*[k], (6) 

where 
Ni(w) q;[k]  = F-l{log(l + 

Hi(w)S(w)  
and N,(w),  H , ( w )  and S ( w )  are the Fourier transforms of 
n,[n], h,[n] and s [n]  respectively. Note that the error term 
;it[k] = o if n,[n] = 0. 

I t  is well known that the cepstrum of a signal can be 
decomposed into a minimum phase component (MPC) and 
an all-pass component (APC) [4]. More precisely, we have 

where 

( 0 .  n<O 

Using this decomposition in (6), we obtain 
h 

h z ih l  = hi,,i,[k] +Xi,&] + q k ]  + G [ k ] .  (11) 

Our objective is to attenuate the reverberation which 
is entirely characterized by h , [ k ] ,  an additive component of 
the microphone signal cepstrum (neglecting the noise term). 
Intuitively we would like to estimate and subtract from ;.,[I;] 
in (6) the part of ;,[IC] due to reverberation. As we will see 
in the next section, the MPC-APC decomposition is very 
useful since it is highly advantageous to treat the APC and 
MPC differently in the cepstral prefiltering procedure. 

h 

4. THE NEW CEPSTRAL PREFILTERING 
APPROACH 

Special care must be taken in the cepstral prefiltering 
not to introduce phase distortions which would make our 
time delay estimate useless. Important information about 
the delay between the two channels is contained in / ~ , , ~ ~ [ k ] .  
Modification to h,,,,[k] is therefore susceptible to introduce 
serious error in the final delay estimate. This observation 
is supported by experimental evidence, which indicate that 
it is preferable not to affect this component. On the other 
hand, the same experiments demonstrated that the time de- 
lay estimate is relatively insensitive to small modifications 
on h,,,,,[k]. Furthermore, we noted that it was possible to 
improve time delay estimates by subtracting only the MPC 
of the cepstrum of the channels from the microphone sig- 
nal cepstra. These observations led us to develop a new 
dereverberation approach based on the estimation and the 
subtraction of h,,,,,[k] from the total cepstrum. 

In the proposed approach, the cepstral prefiltering is 
done on a frame by frame basis. The underlying assump- 
tion is that  the MPC of the source signal cepstrum varies 
from frame to frame and is zero mean, while the MPC of the 
channel cepstrum is only slowly varying. Based on this as- 
sumption, a recursive cepstral averaging technique is devel- 
oped to estimate the MPC of the channel cepstrum, which is 
then subtracted from the microphone signal cepstrum. The 

A 

h 

h 

A 
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resulting cepstrum domain information is then reconverted 
in the time domain where it can be fed into the GCC. 

An (exponential window is applied to each frame before 
the cepstrum 'computation. The exponential window has 
the following form: 

w [ n ] = ( Y u n ,  O < n < K - 1 ,  

where lt* is the frame size and 0 < (Y 5 1. The effect of 
such a windowing operation on z[n] is to move the poles 
and zeros of X ( u )  towards the interior of the unit circle. 
The purpose of the exponential window is to increase the 
relative importance of the MPC over the APC. Since we 
are only allowed to modify the MPC in order to attenuate 
the effect of reverberation on TDE, it is beneficial to use an 
exponential window. 

The mth frame of the ith microphone channel is denoted 
z,[n; m],  where n = 0 , 1 , .  . . , K -  1. For each frame and for 
each channel (i.e. for m = 1 ,2 , .  . . and z = 1,2) ,  the cepstral 
prefiltering consists of the following steps: 

1) Apply the exponential window (12) with coefficient (Y to 
zc,[n; m] and compute the corresponding cepstra Z,[k; m]. 

2) Compute the MPC of Z,[k; m] as defined in (9). Denote 
it by zt,mln[k;*m]. 

h 

3) Compute the average of z , , , , , [k ;  m] over successive fra- 
mes in order to obtain an estimate of h,,,,,[k] which is 
denoted by h,,,, ,[k; m]. The averaging is done according 
to the following recursive equation: 

A 

where the parameter /I (0 < p < I) controls the memory of 
the recursive averaging procedure. 

4) Subtract %z,mIn[k;m] from z z [k ;m]  in order to obtain 
a new microphone signal cepstrum with less contribution 
from the reverberation. Denote the results by 3,[k; m]: 

- 
&[k; m] = Z;[k; m] - h,,,;,[k; m]. 

5) Transform the cepstra obtained in the previous step, 
E , [ k ; m ] ,  back to the time domain and apply the inverse 
exponential window. 

The resulting frames are then ready to be fed into the GCC. 
The combined system consisting of the above cepstral pre- 
filters followed by a GCC is called GCC-CEP. 

Remember that in order for the cepstral prefiltering pro- 
cedure to be effective, the MPC of the source signal cep- 
strum must be zero-mean. In practice, such an assumption 
is often too restrictive. It is possible to modify the prefilter- 
ing procedure to consider source signal with non zero-mean 
MPC cepstrum in certain quefrency intervals. In fact, if we 
know these intervals a priori, it is possible to leave them 
unmodified by the - cepstral prefiltering procedure. To do 
so, we simply set h,, , , , [k;m] = 0 for these intervals in 
the third step of the cepstral prefiltering. This approach 
is especially effective if the average MPC of the source sig- 
nal cepstrum is confined to a few small quefrency intervals 

(e.g., the MPC of voiced speech cepstra is concentrated in 
the lower portion of the quefrency domain [4]) and if these 
intervals do not coincide with quefrency intervals for which 
the MPC of the channel cepstrum is important. 

5. SIMULATION AND IMPLEMENTATION 
DETAILS 

The performance of the new GCC-CEP time delay es- 
timator has been investigated via Monte-Carlo simulations. 
The simulation methodology is identical to that described 
in [3]. For this reason, we only briefly described in this 
section the simulation scenario and focus our attention on 
the specific implementation details associated with the new 
cepstral prefiltering method. 

For the simulation we consider a rectangular room with 
uniform wall reflexion coefficients. A rectangular coordinate 
system with the origin in one corner and axes parallel to the 
walls is used to reference points in the room. The dimen- 
sions of the room along these axes are 10.0, 6.6 and 3.0m 
respectively. The source position is (2.4835,2.0,1.8)m and 
the microphone positions are (6.5,2.8,1.0)m and ( 6 . 5 , 3 . 8 ,  
1.0)m. The source signal 4.1 is obtained by passing a 
Gaussian white noise sequence through a band-pass filter 
with cut-off frequencies fi = 450 and fu = 3475Hz. The 
sampling frequency is fs = 1OkHz. Digital versions of the 
acoustic impulse responses h,[n] are obtained with the im- 
age method (properly modified for cardioid microphones). 
These responses are truncated to about 6000 samples (0.6s). 
Even for the worst case considered, the truncated tail of 
the response is more than 40dB below the main peak cor- 
responding to the direct path signal. 

The frame size for the cepstral analysis is set to K = 
2048 samples (204.8ms). In theory, the frame size should 
be sufficiently large to avoid signal segmentation effects on 
the cepstrum computation. On the other hand, the frame 
size should not be too large if we want to be able to consider 
the channel as time-invariant over a few frames. 

The exponential window coefficient a in (12) is set to 
0.9985. A smaller value would increase the relative impor- 
tance of the MPC but would also reduce the effective size 
of the frame. The optimal value of a is strongly dependent 
on the frame size K and was found empirically. 

The memory parameter p of the cepstral averaging (13) 
is set to 0.06. A larger value would result in a faster con- 
vergence, but the larger estimation error after convergence 
would make the cepstral prefiltering less advantageous. For 
the selected value of p = 0.06, the convergence time was 
of the order of 2s. Note that if the convergence rate is of 
prime importance (e.g., when tracking a moving source), 
then it is possible to use overlapping frames in the cep- 
stral prefiltering procedure. Frame overlapping increases 
the convergence rate but the channel MPC estimation er- 
ror after convergence is slightly increased because of the re- 
duced amount of time considered in the cepstral averaging 
procedure (13). The results presented in the next section 
were obtained with a frame overlap of 0%. 

For the type of source signals considered here, the zero- 
mean assumption of the MPC of the source signal cepstrum 
was only noticeably violated for values of quefrency inferior 
to about 12. This value was found experimentally. Accord- 
ingly, we set the estimated MPC of the channel cepstrum in 



(13) equal to zero for values of quefiency inferior to k.1 = 12. 
For the given room configuration, 300 independent time 

delay estimates are calculated with the new GCC-CEP sys- 
tem and with the standard GCC method. The integration 
time T of the TDE procedure is set to 204.8ms. Estimates 
for which the absolute error exceeds 3T, (0.3ms) are clas- 
sified as anomalies. Using the 300 time delay estimates 
(obtained after convergence of the cepstral prefilters), the 
percentage of anomalies and the sample bias and variance 
of the non-anomalous estimates are calculated. 

6. RESULTS AND DISCUSSION 
Typical results, as a function of the reverberation time, 

T,, are shown in Fig. 1 to 3. The vertical bar superim- 
posed on each data point represents the 95 percent confi- 
dence interval for that measurement. I t  can be seen from 
Fig. 1 that the cepstral prefiltering greatly reduces the per- 
centage of anomalous time delay estimates. For instance, 
if we fix the maximum acceptable level of anomalies to 10  
percent, we conclude that the cepstral prefiltering rises the 
acceptable T, from 0.18s to  0.33s, which is not uncommon 
in audio-conference applications. 

The bias and standard deviation of the non-anomalous 
estimates are illustrated in Fig. 2 and 3, respectively. We 
note the great reduction of bias when cepstral prefiltering is 
used for all values of T,. We also notice that, for almost all 
values of T,, the standard deviation is reduced by approxi- 
mately 5 dB. The larger variance of the GCC-CEP method 
for T, < 0.03s is due to non-zero estimation errors of the 
channel MPC cepstrum in (13). However, such small values 
of T, do not correspond to practical situations. 

Note that the cepstral prefiltering procedure takes a fi- 
nite amount of time before being effective. If the source 
is motionless or only slowly moving, then it is possible to 
adjust the various parameters of the cepstral prefiltering 
in order for the GCC-CEP system to be effective. On the 
other hand, if the source is moving too rapidly, the averag- 
ing procedure in (13) will be ineffective. Further research 
is still necessary to understand the effects of source motion 
on the performance of GCC-CEP. It might also be possible 
to improve the cepstral prefiltering in order to have faster 
convergence and to be able to track a rapidly moving source. 
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Figure 1: Percentage of anomalous time delay estimates ver- 
sus reverberation time obtained with and without cepstral 
prefiltering. 
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Figure timates 2: Bias of the non-anomalous time delav es 
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versus reverberation time obtained with and without cep- 
stral prefiltering. 
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Figure 3: Standard deviation of the non-anomalous time 
delay estimates versus reverberation time obtained with and 
without cepstral prefiltering. 
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