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Abstract

This paper proposes a new time delay estimation model,
Summary Cross-correlation Function (SCCF). It is based on a
hearing model of the human ear, which comes from a pitch
perception model. The inherent relation between some time
delay estimation (TDE) and pitch perception method is
mentioned, and propose an idea - some pitch perception
models’ pre-processing can be used for references in TDE
model and vice versa. The new TDE model is proposed based 
on this viewpoint. Then SCCF is analyzed further, and
compares its performance with Phase Transform (PHTA) and
Modified Cross-power Spectrum (M-CPSP). The simulated
experiments show that the new model is more robust to noise
than PHAT and M-CPSP.

1. Introduction

Time-Delay Estimation (TDE) is a basic step of localization
of acoustic sources and beamforming, which can be used in
many acoustic systems such as video-conference systems,
hands-free systems, etc. While in the real environment,
background noise and room reverberation attenuates the
accuracy of TDE, even if the difference between a pair of
microphones is cancelled. Many methods like Generalized
Cross-Correlation [1] and adaptive algorithm [2] were
brought forward to TDE. The Maximum Likelihood (ML)
time delay estimation is derived from signal-to-noise ratio
(SNR)-weighted version of the General Cross-Correlation
(GCC) function [1]. The whitening of the cross-correlation
spectrum deduces Phase Transform (PHTA) [1] method. This 
approach has been attended recently as the base of speech
source localization. A pitch-based approach is proposed in [3]. 
According to PHTA method, which is called Cross-power
Spectrum Phase (CPSP) in [6], Daniel V. Rabinkin proposed
a modified CPSP. However their performance is still
susceptive to noise and reverberation, their robustness needs
to be improved further. Further more, the computation cost of 
adaptive method is considerable.

This paper proposes a thought way for TDE. As we know, 
cross-correlation is used in many TDE methods. At the same
time, auto-correlation is employed to pitch perception models 
– L. R. Rabiner’s model [4] and Meddis-O’Mard’s model [5], 
for example. Using correlation (auto-correlation for pitch
perception and cross-correlation for TDE) is their common
characteristic. So some pitch perception models’ pre-
processing can be used for references in TDE model and vice
versa. According to those discussed above, a TDE model -
Summary Cross-correlation Function (SCCF) employing a
hearing model is proposed. The hearing model comes from
Karjalainen and Tolonen’s pitch perception model [7][8],
which is a simplified version of Meddis-O’Mard unitary
model.

This paper is organized as follows. The GCC and
Modified Cross-power Spectrum Phase (M-CPSP) are
mentioned in Section II. The SCCF model is proposed and
analyzed in Section III. Then the experiments are discussed
and the conclusion is given at the end of this paper.

2. The Generalized Cross-Correlation
(GCC)

For a given signal source )(ts propagating in a noisy

environment, the signal acquired by microphone i can be
modeled as follows:
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where
iα is an attenuation factor due to propagation effects,

iτ is the propagation time and )(tni
includes all the noises

which are assumed to be uncorrelated with signal s(t).
The Generalized Cross-Correlation function between
)(txi

and )(tx j
is defined as:
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where )( fψ is a general frequency weighting filter, )( fX i
is

the Fourier transform of )(txi
, (.)* is the complex conjugate

operator. As to ML time delay estimation, )( fψ is

determined according to SNR of the contaminated signal )(txi
.

)( fψ is given a larger value if )( fX i
has a higher SNR.

A way to sharpen the cross-correlation peak is to “whiten”
the cross-power spectrum in Equ.2, which leads to the so-
called Phase Transform (PHTA) or Cross-power Spectrum
Phase (CPSP). )( fψ is determined as:
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The whitening of the cross-correlation spectrum is under
the assumption that the statistical behavior of both signal and 
noise is uniform all over the entire spectrum, namely, the
SNR of each frequency is stationary. In fact, the SNR varies
with frequency. Like the ML method’s idea, Daniel V.
Rabinkin proposed a modified CPSP [6] considering SNR:
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where 10 ≤< r , Xi and Xj are the Discrete Fourier Transform

of microphone signal xi and xj respectively, and
ijτ is the

delay estimation. 
At the frequency where the SNR level is higher, Xi should 

have greater power. As a result, It’s reasonable to set r
between 0 and 1, to weigh the cross-correlation part in Equ.4
at the frequency where Xi, Xj have greater magnitude. An
optimal value for r was determined to be 0.75 according to
experiments. For more details, see [6]. The final experiment
shows that its performance is better than that of CPSP.

3. The Proposed Time Delay Estimation 
Model

In Meddis-O’Mard unitary pitch perception model, the signal 
is split into channels such as ERB (equivalent rectangular
bandwidth) channels and each channel is half-wave rectified
and low-pass filtered (at 1 kHz) in order to simulate the
hearing neural transduction. The auto-correlation function
(ACF) of each channel is calculated, and summed together to
produce a summary auto-correlation (SACF). Fig.1 is
Karjalainen and Tolonen’s pitch perception model, a
simplified version of Meddis-O’Mard unitary model. It
condenses the primary several tens of channels into two,
therefore, the computational complexity is reduced largely.

Figure 1: Karjalainen and Tolonen’s pitch perception

Referring to these two pitch perception models discussed
above, a TDE model is proposed and illustrated in Fig. 2. 

Figure 2: The proposed time delay estimation model –
SCCF

Obviously, its pre-processing is similar to the pitch
perception model’s in Fig.1. Pre-whitening filter is to obtain
the exciter signal of speech using LPC. The outputs of pre-
whitening filter are divided into two sub-channels
respectively. The portions with frequency below 1 kHz are
directly used to calculate the low-frequency cross-correlation
function (LCCF), while another portions with frequency

above 1 kHz are half-wave rectified and filtered by a 1 kHz
low-pass filter, and then the filter results are used to calculate 
the high-frequency cross-correlation function (HCCF). The
two cross-correlation functions are added with different
weights to get the summary cross-correlation function (SCCF). 

Some details about the proposed model need to be
clarified. In Meddis-O’Mard model, although the band-pass
filter is set to be a gammatone filterbank to simulate the
frequency selectivity of the cochlea, a fourth-order FIR filter
is recommended in this dual channel TDE model. The cross-
correlation algorithm is the same as Equ.4. The optimal value 
of r is chosen to be 0.6 according the experiments. If x1 and x2

are substituted by the same signal x, the auto-correlation
function will be produced:
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where X is the Discrete Fourier Transform of signal x. The

ACF in [7][8] is ][)(
3/2

XIDFTacor =τ . If r = 2/3, the ACF

will be equivalent to that in [7][8]. So it can be said that
setting r to be 0.6 in this paper is consistent with that in the
pitch perception model. The weights gL and gH can be
calculated through SNRs of the two channels:
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where SNRL and SNRH are SNR of the high-pass and low-pass
channels respectively. The SNR is 
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where x is one of the channel’s signal, n is the noise
estimation. The noise level can be obtained during speech
pause for SNR estimation. If it’s hard to get SNR, gL and gH

are assumed to be 1. Like  ML and M-CPSP, SCCF method is 
also based on the assumption that the SNR level is variable
with the frequency of the signal. The sub-channels with
higher SNR levels will get a better result, which is tenable in
practice.

In order to analyze SCCF, The examples of cross-
correlation calculated by CPSP, M-CPSP and SCCF are given 
in Fig.3.

Figure 3: (a) CPSP of the signals.  (b) M-CPSP of the
signals. (c) SCCF of the signals.



The input signal is recorded in a real environment of
office, being contaminated by the noises from many
computers fans and air-conditioners. The dash-line marks the
correct position. The figure shows that CPSP gives an error
result; SCCF has a steeper peak than M-CPSP dose. The
proposed model is more robust to noise.

4. Experiments

4.1. The simulated experiment

The performances of SCCF, CPSP and M-CPSP are
compared with various SNRs and walls’ reflection
coefficients in a simulated rectangle room (7m x 4m x 2.75m). 
The white Gaussian noises were mixed with the signals to get 
different SNRs ranging from 0dB to 30dB with 10dB steps.
The reflection coefficients of the six reflection surfaces are
equivalent and frequency-independent. The reflection
coefficients were obtained using Eyring’s formula:
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where Lx, Ly, Lz are the room size, c is the sound spreading
speed and T is the reverberation time which is ranging from 0s 
to 0.2s in this experiment. The acoustical room transfer
functions were produced via image method [9]. The speech
signal with 22kHz sampling rate was convolved with the room 
transfer function.

  The receivers and sound source were placed as Fig.4.
The positions of two receivers are (3.0m, 2.0m, 1.5m) and
(3.3m, 2.0m, 1.5m). D is equal to 30cm. The sound source has 
three positions: A (r = 1.5m, °= 75α ), B(r = 1.5m, °= 35α )
and C(r = 2.5m, α = °35 ).

Figure 4: The simulated experiment environment.
Mic1 and Mic2 are microphones’ position. A, B and C 
are sound source positions.

  The experiments were carried out under the condition of
different positions, SNRs and reverberation times. The results 
of sound source B are illustrated in Fig.5. The delay
estimations within +/-2 sample points’ error are regarded as
valid results in the correct rate statistic. Fig.5.a1, b1 and c1
are correct rate illustration of the estimation, and the
variances are shown in Fig.5.a2, b2 and c2. 

4.2. The experiment in the real environment

In order to test the performance of the proposed model, the
experiment in real office environment has been finished. The
microphones are Panasonic WM-52BP; The distance between 
microphones is 28cm; The noises come from the computer
fans, air-conditioners all around and a sound box beside the
microphone array. The sound box plays the noises recorded in 
office in advance. It is used to control the background noise.

The azimuth angle of speaker changes around the array
system with the variance of SNR, and the distance to the array 
system is 70cm. The sampling rate is 32kHz. The correct rate
statistic is the same as experiment 1.

Figure 5: The simulated TDE experiment results. (a1)
is the correct rate, (a2) is the variance of TDE at
reverberation time T = 0s; (b1) and (b2) have the same 
meaning at T = 0.1s. (c1) and (c2) have the same
meaning at T = 0.2s. The solid-lines are the results of
SCCF. The dash-lines are the results of M-CPSP. The
dot-lines are the results of CPSP.

Figure 6: The TDE results in real environment. (a) is 
the correct rate, (b) is the variance of the results. The
solid-lines are the results of SCCF. The dash-lines are
the results of M-CPSP. The dot-lines are the results of 
CPSP.



The figures show that the proposed method has better
performance than CPSP and M-CPSP do. In experiment 2,
due to the non-uniform of the experiments in real
environment, the variance may not remain monotony with the 
variance of SNR. But the sequence of the performances of the 
three methods is not changed in the same experiment.

5. Conclusion

A TDE model SCCF has been proposed in this paper,
which has the similar pre-processing as Karjalainen and
Tolonen’s pitch perception model. The cross-correlation of
sub-channels are calculated and added to estimate the time
delay. At high SNR level, both the correct rate and variance
tend to be uniform. While the proposed SCCF model has a
better performance than M-CPSP and CPSP at low SNR level.
This bas been confirmed by the simulated experiments and
real experiments. Further more, we can try to use more other
pitch perception models based on auto-correlation as
references in our TDE research in the future.
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