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Abstract

The wave of voice signal is narrow and unstable. Besides, it has a non-continuity in
time domain and an inconsistent decline of the radio channel, especially the shorf wave,
channel, which makes estimating the time delay of the radio s voice signal verydi .
To solve such problems, the authors creatively combine the voice activity d %ith
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is method is
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the short-segment processing technology. Meanwhile, by using Weighted
Phase Fitting method to work out the time delay, we con uctm researc

estimation of radio s voice signal. The laboratory findin shows
far better than the typical Generalized Correlation &t r éstimatio
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1. Introduction \

In modern signal processing, t”ﬁ ay e% n is an important part of signal

detection and parameter extractidn ich is_widely used in detection, communication,
bio-medical science, geophysics, and ma r fields [1-8]. In particular, the TDOA
estimation is the core part of positioni etecting aided with opportunity transmitter

(such as radar and sonar)@i its degrﬁ%r accuracy directly determines that of the target
positioning. Now, the»@e delay %Tna on has become a mature technology with many
n

studies both in s di Among these methods of TDOA estimation, the
Generalized Codrelation Meth ] fends to be a typical one with the most extensive
application idea of it: first, do the whitening process (i.e. pre-filteration)
on both twossignals; th e time shift on one of the two signals against the other and
compare the similapi ween the two signals through the Generalized Correlation
Method so as to fj ut the displacement when the similarity is at its maximum. With
the whitening s$ on the receipt signal ,this method makes the correlation wave crest
of the two,signals sharper ,thus achieving the improvement in the resolution and
reliabil)i'?@kr«e measured TDOA. Under the assumption that both the signal and the

noise s ollow the stationary Gaussian process, the Generalized Correlation Method
is.thé best for time delay estimation as the estimated variance gradually approaches the
% -Rao lower bound.
dio’s voice signal, short-waved and ultrashort-waved radio broadcasting voice
signal, for instance, is one of the common signals in the radio-communication. The time
delay estimation is mainly applied to these following fields:

(1) The wide-area diversity reception of the voice signal in distant (up to thousands of
miles) short-wave communication. Usually, the stability of such communication is rather
poor because of the unsteadiness of the ionosphere. And a practical approach to solve this
problem is to use several receptors which are of wide-area distribution to receive the same
short-wave signal. It is worth mentioning that receptors should be far enough, hundreds of
miles for instance, away from each other to make sure that every channel the receptor
corresponds to is independent from each other. Then, the communication effectiveness
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would be improved by the diversity combining of all the receptors’ output. During this
process, we need to estimate the relative time delay of the signals put out by different
receptors so as to combine them.

(2) Radio voice signal’s source tracking and positioning. This is mostly used in the
reconnaissance and location of radio stations, which is a vital part of electronic
reconnaissance in electronic countermeasure.

However, in practical application, the Generalized Correlation Method doesn’t work
out very well in estimating the radio voice signal’s time delay. There are three reasons
accounting for it. The first one is that the voice signal is quite narrow and its energy
mainly consists in the range of 50Hz ~ 2kHz; The second reason is that the voice signal is
neither continuous in the time domain nor is it stationary; And the third one is that the
channel fading’s nonuniform of the real radio wave, especially the short wave radio,
causes the correlation among the outputs of different receptors decreases greatly. To get
rid of these demerits, we put forward a new method to do the TDOA estimatign.
combines the voice activity detection with the short segmentation processing te
Meanwhile, we choose Weighted Least Squares Phase Fitting Method to

time delay. Specifically, because the voice signal is discrete jn time domgaify,we/draw the
voice fragments from signals through the voice activit tion to @s the noise

interference and increase the reliability of the time stimatio hen, for the
instability of the voice signal and the uniformi e cha e:madopt the short
segmentation processing technology to get a bett matlon wo signals’ cross
correlation spectrum linear phase, which remagkably repr é{ outliers on the phase.

Finally, based on the cross-correlation i hase ion we get, the TDOA
estimation is quickly figured out thro Wei te east Squares Phase Fitting
method. Now, the author will pré\t e ¢ tive experiment between the
Generalized Correlation Method and W on ve the effectiveness of the later.

2. The Signal Model and.&e Gene?@orrelation Method

We assume there is er multi@r Doppler Frequency Shift and ignore the
frequency difference demiftg’the demodutation. Then, the baseband voice signals received
by two receptorsm@ xpressedinghe following way:

O
O 6® % () = A®DSW) 1, ()
>

X, (1) = Ay (D)s(t—7) +n, (1)

(1)
In the formu bove, s(t) stands for the source of the baseband voice signal ; r stands
for the re TDOA of the signal at the two receptors ; n,(t) and n,(t) stand for mutual

indepe zero-mean White Gaussian Noise separately ,both independent from
%@es, A(t)and A, (t) are the amplitude of fading function of the two channels, in
jon ,we assume the change of A(t) and A,(t) is slow, i.e. we can assume that during
a short period , A(t)=A and A,(t)=A,, Aand A, are both constants.
In this way, the function of x(t) ’s Fourier Transform can be presented as follows:

T i 27K
X(@)=[;x@Oe " dt o ==
)
i=12, k=1---K. According to the Generalized Correlation Method, the time delay
estimation is calculated by working out the maximum value of the following formula:
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R(z) = Z\Nl (o, )Wz* (@)X (®,) X;(wk )ejm

®)
There into, W, («,) is the weighted function related to the recorded information about

signals and noise. In practical project, the prior information about voice or signals are
generally unknown, hence the estimated value is often used to substitute the recorded
theological value of the signals and noise.
2.2. New Method for TDOA Estimation

The new method makes a corporation of the voice activity detection and the short
segmentation processing technology. Also, the Weighted Least Squares Phase Fitting
method is adopted to work out the time delay estimation. Here are the details:

2.3. The Pre-Processing of the Voice Signal Activation Detection

Figure 1 is about working out the voice signal activity detecti @) called
speech/non-speech detection[9-11], is chiefly applied t ct‘the @ ong voice

signals, widely used in speech recognition, speec n and spe nhancement.
Through it, we can estimate the time delay aftge=gplicing the v ragments, thus
reducing the interference of the noise when the vo @ nal is ’\Y

We suppose the noise be uncorrelated White Gaussian N0| each segment follow
the two assumptions below: .

0|ce S
S
(4)
Additionally, ! are respectively the
K dimensional discrete Fourl ffICIen;i of the voice signal ,the noise and the

received segment ,then tl% H one ), N(®), X(aw)accordingly. Under the

assumption that the v, nal and the“oise is in accordance with Gaussian Processes,
the final decisive a\ concl s the expression below in the sense of likelihood

ratio:
O @ 1 K—l H,
6 —log 7, _1} H> n

I<k0

In this expressi n n indicates the likelihood ratio decision threshold ,
Ve =| X(Q )|| /2XK) , the posteriori SNR and 4, (k), the variance of N(a,) ——noise

al and the noise. As the TDOA information only exists in the voice activation period,
to use this period only turns out to be quite effective in reducing noise’s impact on the
time delay estimation.
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Figure 1. The VAD Output of A Voice Signal

2.4. The Short-Segment Processing .

Since the voice signal is unstable, the approach applied to these stable ones it
it. Some researches indicate that the generating of voice is related to the-chdnge of
muscle’s movement---a relatively slow movement ,as it were ,within a short od ,we
can view the feature of the voice remains the same( ice sig@al grefimains to be
relatively steady during this period). So, based on this ideanthe)Short-se t Processing
technology are generally used in voice signal processiqg

In practical use, this method can effectively a mn e interw and the outliers of
the noise. On the foundation of the voice signal activation detectign’s output, we use the
average short-segment processing method to %&ate the& ncy coherent spectrum of

e

the two channels’ signals. Specifically, ssume th length of the data that
receptori outputsis N,i=12. Then, \% e tQ’ into L sections, so every section
has a length of N/L. Finally, by a ier tr on all the sections, we obtain the
data of the frequency domain Nao,), 6:1,...,L
L g
.27k

Q} m=0

*

There into, @is the@/ function. Afterwards, we work out the cross-
S

correlation@< cop the” corresponding section’s data of the two channels’
xlx2,|(a)k nes ") ,1=1..,L. And in the end, we take the average of the L

sections’ crosg@'ton spectroscopy {lex2,| (o)L and then

obtain the average Cross-correlation spectroscopy GX1X2 ().

Figure about working out the two signals’ (voice activation pre-processed joint-
data) a ge phase difference value (i.e. the average phase of Cross-correlation

C opy), and more details about the experiment could be seen in the third part.
% the graph, we can conclude that the averaging short-segment processing method
caw’effectively avoid the interference of the outliers, making the two channels’ signals
phase difference approach the linear phase.
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Figure 2. Two Channels’ Signals’ Sub-Sectional Average Phase Diﬁe%o

(Average of Mid-Value, Every Section 60ms) ?\

2.5. Weighted Least Squares Phase Fitting Method
It is a simple and practical method to estimate the easuring the
two signals’ Cross-correlation spectroscopy Imear n the atlon where the

noise is statistically independent and the S|gnal S non g, this method can

achieve the same precision as other TDOA ating met d eanwhile, in the non-
ideal case, it has the following potentlal m s'to estl e time delay through the
rre

phase. Namely, when the received n Iatlv herent, the adoption of this
method can reduce the estimating blas h ChQ e proper frequency.
Here we assume that the functio |ng to be a constant within a short

period, so to speak, A(t)= Az(t)_ then from signal model(1) ,we can
theoretically get the cross-c tion speE@py theory of two channels’ signal as the

G gﬁ'\?l A LA FIS(a) "

Pick h phase lee of Gy, (@) to obtain the

phase seque ) =[a, & “Jo, ] r+ce. Here,c is a constant, and e a vector of matrix

laboratory . As th e sequence p and the to-be-estimated time delay t are
linearly related, an use theleastsquare methodto fit the wvector p.
Let o =[w, .l ,and W also the weighting matrix(like Cross-correlation

spectrosc anplitude weighted ), so that the this least square problem can be
present%&'ﬁ following way:

£ = argmin|| W(p-w7—ce) |}
7,C

Q > 8
hen here the least square closed-form solution to the equation is :

. 1 T s
r_[mr e]" W[ e][m < Wp

equation below:

(9)

If w=1, andlis a unit matrix, the formula above would be a standard least square
estimation. Over the practical processing, the phase statistic is obtained through the Short-
segment average Processing method. Comparing with the generalized correlation method,
this one stands out in that it figures out the time delay estimation directly from the 9th
formula, free from the spectral peak search.
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3. The Result

In this part, we present the result of the processing of the signals through our new
method, and also the result through the typical Generalized Correlation Method . In
addition, we evaluate the effects of the both. Here the implementing steps are concluded
as below.

First, choose the signal that has a bigger signal-noise ratio to receive the pre-process of
the voice activity detection technology after estimating the SNR of both two channels’
signal, and concatenate the corresponding voice segments extracted from the two
channels according to the output. Second, use the short-segment average method
(introduced in part2.2) to estimate the cross-correlation spectroscopy based on the output
of last step. Third, after obtaining the cross-correlation spectroscopy, we detect its phase
to estimate the time delay with the Weighted Least Squares Phase Fitting Method. The
length of one section in the new method is 60 milliseconds. While in the Gen allzed,
Correlation Method, the searching gap is 40 milliseconds, and the second-or.
interpolation around the searched peak gets a better resolution ratio.

which carries the wave of 400MH, and the baseband’s sig@nal sam uency is
100kHz after demodulating. With the time service of th
simultaneously. The distance between the two

distance between the interphone and one antenna i @ eter an the interphone
to another one. Thus the the time delay caused by the“differenc ransmitting distance
is about 800ns.

*
Figure 3 presents the signals of the tw nels (the\g?val beyond 2 kHz filtered),
and the red wireframes are outputs o activa Figure 4 shows the effect of the
time delay estimation through our n@t od. Ng@ seen that when the cumulative
voice signal is longer than 0.6 s the new ated time delay is within the error

range of only =100 ns, nd! nger, steadier. Meanwhile, the result of the
Generalized Correlation M is 3 By contrasting, we can easily see the

advantage of the new me@. \
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Figure 3. The Output of the Outdoor-Captured Voice Signals Activation
Diction

108 Copyright © 2016 SERSC


http://dict.youdao.com/w/resolution/
http://dict.youdao.com/w/ratio/
http://dict.youdao.com/search?q=interphone&keyfrom=E2Ctranslation
http://dict.youdao.com/search?q=interphone&keyfrom=E2Ctranslation
http://dict.youdao.com/search?q=interphone&keyfrom=E2Ctranslation

International Journal of Hybrid Information Technology
Vol. 9, No.9 (2016)

:

3 § 8

L

3 * e B T e
o’ v oo !

8

8

os 1 15 2
The cumulative time of the voice sections(s)

The TDOA estimation by
the new method (ns)

Figure 4. The New Method’s Laboratory Time Delay Estimation (60ms
Per Section)
4. Conclusion R

The difficulty in estimating the time delay of the radio voice signal lies in that ve
of voice signal is narrow and un-stationary. Besides, it has a non-contifiuify  §in time

domain and an inconsistent decline of the radio channel espemall t rt wave
i ethod u,forward can
iom'%( s a scientific

channel). However, in spite of these difficulties, the cre

apply to such signal’s diversity reception, trackin
entatign proeéssing technology
and the Weighted Least Squares Phase Fitting me makin mﬁ‘ue delay estimation

combination of the voice activity detection, the sh
more accurate. The result of the outdoor expesiment pIO\%’[ha it is a better method

comparing with the Generalized Correlatio d. \
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