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Summary

This paper introduces a new time delay estimation(TDE)
algorithm, which applies the discrete wavelet transform and
generalized cross-correlation(GCC). This algorithm first handles
separately the signals received by the two microphones with
wavelet transform, then under each scale, applying separately
GCC to estimate the time delay in the wavelet threshold. At last,
getting the final result by transforming the estimated time delay
to the time field. In order to testify the stability and feasibility of
the new algorithm, this paper illustrates the simulation result
under different circumstances (including different signal to noise
ratio and different reverberation circumstances).
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1. Introduction

In the various speech process system based on microphone
array, time delay estimation is the key problem. For
example, in the teleconferencing system [1], the basic idea
is to ascertain the direction and distance of the object
according to the estimated time delay among different
channel signals. So the accuracy of the time delay decides
the precision of the speaker orientation. Another example
is in the system of microphone array speech enhancement,
many algorithms need to compensate the data received by
the microphone with time delay, that is to say, keeping
various channel signals isochronous is the precondition of
the latter process, such as the microphone array speech
enhancement based on wavelet transform [2].

The problem of TDE is always a very active research
problem in the signal process field, and the correlative
methods are more and more. There are three methods
disposing these problems: GCC [3,4], cross-power-
spectrum (CSP) [5]and the least-mean-square(LMS) [6,7]
adaptive filter. These three methods are all for the ideal
models, i.e. no noise and reverberation. For the method of
CSP, only when the noise of the two input signals is not
correlative, can get relatively better result. But in practice,
the species of the noise is not predictable and often
correlative. For the algorithm of LMS, some literature also
carries out adaptive filter time delay estimation in the
wavelet field, but this will lead more calculation job. The
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three methods mentioned above, the simplest and the most
basic method is GCC. But GCC is very sensitive to the
noise, and with the increase of the noise, the performance
of the time delay estimation declines greatly.. Then this
paper puts forward the algorithm of GCC based on wavelet
transform, i.e. carrying out the GCC in the wavelet field,
instead of the traditional GCC in the time field.

2. Signal Model

The speech signal arrival time delay estimation of the
different microphone is very important to the problem of
speech source estimation. For this problem, the simplest
model is assuming there are only two microphones. Given

two microphones M, M, , the distance between adjacent
microphone is d , the position of the voice resource
is (X, Y¥), we illustrate the situation with the Fig1.

(x.¥)

My M,

Fig 1 Signal Model

So, the signal arriving one microphone is used as the
reference signal x,(n) , and the original pure speech
signal is .. The signal x,(n) received by the second
microphone is the delay of the first signal, and the delayed

time is D . At the same time, the two signals are both
interfered by the noise and v, (n) . Then the two signals

arrived to the two microphones can be expressed as
follows:

¥, (n) =s(n) +v,(n) (1a)
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X,(n) =s(n—D)+v,(n) (1b)

The most basic and prevalent method for the time delay
estimation is GCC. This algorithm assumes the noise o

v, (n) and the original signal  are all balanced random

signals with zero mean value. So, the time delay of the two
signals is the peak value of function r (n), which is the

cross correlated function of x,(n) and x,(n) . The
estimated time delay can be expressed as follows:
d, =argmax E{x,(n+ D)x,"(n)}

2
=argmaxr, . (n)

There are two steps when applying GCC algorithm to
estimate the time delay, first calculating the cross
correlative function of the two signals, and then detecting
the peak value of the cross correlative function, at last can
get the time delay d,, .

3. GCC Based on the Wavelet Transform

3.1 Wavelet Transform|[8]

As one useful mathematics tool, wavelet transform is
widely applied in the signal process field. For one signal
x(n) , its discrete wavelet transform can be defined as

follows:

=22 xmy @ n-k) @

N=—o0

For the discrete signal X(N—m) , its discrete wavelet
transform is as follows:

-+co

C.(1K)=22 3 x(n-my’ 2 'n-k) @

N=—c0
If assume h = n—m, then we can get:

j 4o

C.(j,k)=223 x(hy (2 'h—(k-2"h))

h=—w
=C, (jk-27h)
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From function (4) and (5) we can conclude: to the wavelet
coefficient of discrete signals if dj represents the point

number under the jth scale in the wavelet field, then the

real time delay point number in the time field is 2'd o

this characteristics is also based on the theory of wavelet
transform GCC.

3.2 GCC based on the Wavelet Transform

In order to estimate the time delay, this paper puts
forward the GCC algorithm, which is based on wavelet
transform. The process of this algorithm is divided into
three parts, first, to the speech signals frames collected by
the two microphones, using wavelet transform, and the
transform is fulfilled under several scales. Second, to the
two wavelet coefficients corresponding to each frame,
carrying out GCC estimation, then get the delay under
each scale in the wavelet field. At last, transform the delay
of wavelet field into the delay of time field, and assuming

the time field delay is d,, and dj is the delay under the
jth scale in the wavelet field. The corresponding
relationship between d, and d j can be expressed as

follows according to the wavelet transform characteristics:

d, =2'[d, (6)
Thus, under each scale, can all get the corresponding time

field time delay, and then from the average value of these
delay, can get the last delay needed.

4. The Simulation Result

In the simulation experiment, this paper choose sym6
wavelet as the mother function of the wavelet, and the
frame length is 80 sampling points, besides compared the
two time delay estimation algorithms put forwarded in this
paper: GCC based on wavelet transform and LMS
adaptive filter based on wavelet transform. In order to
compare the performance of the system, defining one
variable as MSD, which indicates the deviation degree
between the estimated time delay and the real time delay.
The smaller the value, the more exact is the time delay
estimation. In addition, the size of the room for the
experiment is 5m x 8m x4m, and the reflection model
applied is Image model[9.10]. The reverberation time T of
the room is donated separately as 0.45 second and 0.05
second.(see Fig2. and Fig3.)
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Fig2.Comparison of the MSD result between the LMS and the
GCC(When the reverberation time T is 0.45 second)
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Fig2. Comparison of the MSD result between the LMS and the
GCC(When the reverberation time T is 0.45 second)

Under the two reverberation circumstances mentioned
below, to the input signals whose signal to noise ratio is —
5dB and 30dB, working out the MSD and the curve
separately as follows ( curve GCC represents the GCC
algorithm based on wavelet transform and the curve LMS
represents the LMS adaptive filter algorithm based on the
wavelet transform).  From the Fig2. and Fig3., we can
concludes that, under different signal to noise ratio and
different degree of reflection circumstances, compared to
the LMS adaptive filter algorithm based on wavelet
transform, the algorithm put forward in this paper can get
more small MSD, i.e. can get more accurate time delay
estimation.

5. Conclusion

This paper put forward one new GCC algorithm based on
wavelet transform, and after emulation experiment,
testifying this algorithm is more effective on time delay
estimation than the LMS adaptive filter based on wavelet
transform.
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