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ABSTRACT

The major drawback in the Code Excited Linear Pre- 
diction(CELP) type vocoders is their large computational 
requirements. In this paper, a simple method is proposed to 
reduce the pitch searching time in the pitch filter almost 
without degradation of quality. On the basis of the ob­
servational regularity of the correlation ftinction of speech, 
only the limited numbers of pitch lags are considered to be 
an optimum pitch. This is done by skipping the negative 
envelope side of the correlation function and limiting the 
maximum number of lags to be considered preliminarily. By 
doing so, we can reduce the computational time of pitch 
searching more than 51% with negligible quality 
degradation. In addition to that, by combining that method 
with the conventional delta search technique, we can reduce 
the computational time requirements more than 60% 
without serious lowering the speech quality in segmental 
SNR measure compared to the conventional fiill search 
method

】.INTRODUCTION

After the introduction of the Code Excited Linear Pre- 
diction(CELP) speech coder in 1984 [1], there have been 
many researches to achieve high quality speech below 
4.8kbps within reduced computational requirements. The 
major drawback in CELP type analysis-by-synthesis speech 
coders is their large computational requirements in 
codebook and pitch searches [2]. CELP analysis consists of 
three basic functions: 1) short delay spectrum prediction, 2) 
long delay pitch search, and 3) residual codebook search 
The spectrum analysis is performed once per frame by 
open-loop, usually 10th order autocorrelation LPC analysis 
using no preemphasis and 15 Hz bandwidth expansion with 
a Hamming window [3] The codebook search is performed 
by closed-loop analysis using conventional minimum mean 
squared prediction error criterion of the perceptually 
weighted error signal. The pitch search is done usually 
using one of the followings: filtering [4], self-excited [5], or 
adaptive codebook [6] methods. Since the pitch search is 
performed four times per frame based upon analysis-by- 
synthesis technique and all of the available pitch lags are 
exhaustively searched, it requires great computational 
complexity. These computational requirements of the pitch

search are almost same as those of the codebook search and
time reduction of the pitch search can reduce the overall 
computational requirements in CELP considerably.

In this paper, a simple method is proposed to reduce the

m

pitch searching time in the correlation based pitch predictor 
with audible distortion of speech quality. On the basis of 
the observational regularity of the correlation function in 
pitch search, the searching range can be restricted to the 
positive envelope side by estimating the width of negative 
envelope with the width of previous positive envelope By 
restricting the range of pitch search, required computations 
are reduced. Experimental result shows that 34% reduction 
can be achieved by doing so. In addition to that, by limiting 
the maximum number of available lags in pitch searching by 
a constant number preliminarily, more reduction can be 
achieved 나p to 51% almost without lowering the speech 
quality in segmental SNR measure. Finally, by combining 
those technique with the conventional delta search 
technique, more reduction of computational time 
requirements can be achieved up to more than 60% with 
negligible quality degradation

select b & L 

for Mai Ej.

Fig 1. An example of implementation flow for pitch 
search.

II. DELTA SEARCHING IN PITCH FILTER

Fig. 1 shows a typical flow for pitch search using one- 
tap pitch filter Pitch search is performed based on analysis- 
by-synthesis technique to select parameters such as the 
pitch lag L and pitch gain b fbr pitch prediction filter which 
minimize the weighted error between the input speech and
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the synthesized speech In Fig. 1, ZIR is zero inp나t 
response and a is perceptual weighting constant and 
A(z)/A(z；a)is a perceptual weighting filter Pitch synthesis 
filter is given as

1 1
疋厂M商 (I)

x(n) and y(n) are the perceptually weighted input speech 
and the perceptually weighted synthesized speech, 
respectively. The mean squared error (MSE) equation 
through pitch filter is

1 Lp 1
MSE =，一 £(x(〃)-Z%("))2、n - 0

(2)

1 、1
厂 £(X(〃)—顷〃 "))2、n- 0

where Lp is the length of pitch analysis frame The 
objective is to choose the L and b which minimize MSE. 
This is equivalent to maximizing 

(3)

where

” ij

二 （〃）无（〃）,

The optimum b for the given L is found to be

"쇼 (4)

For the conventional full search method, this search is 
repeated fbr all allowed values of L (usually from 20 to 
147) by exhaustive manner. After that, the lag L and the 
pitch gain b that maximize El. are chosen fbr transmission. 
Since pitch search is done four times per frame by this ex­
haustive search (every 5 or 7.5 msec), it req니ires very large 
computations. To reduce the burden, several methods such 
as recursive convolution [3][7], approximations of 
correlation function [4][8] and delta search [3] are used. 
Delta search method exploits the natural smoothness of 
pitch lag. For odd subframes, all of available lags searched 
while for even subframes, only 32 lags relative to the 
previous s니bffame are searched. The delta search greatly 
reduces the computational complexity and data rate while 
causing no perceivable loss in speech quality 

in PROPOSED PITCH SEARCH METHOD

In connection with the pitch estimation method based on 
the correlation, the true pitch lag for voiced speech is 
always located at the peak of a positive envelope in the 

correlation function [9], Based upon this fact, pitch lag 
search in long delay prediction filter can be done in the 
correlation function and the search range can be restricted 
to the positive envelope side of correlation function, if 
possible[7]. The correlation function shows some regularity 
and has the following properties. The envelope of 
correlation function varies slowly, fbr speech signal is 
highly correlated The positive and negative envelopes are 
alternative and the width of each envelope is usually 
maintained by the effect of the first formant of voiced 
speech[9]

Based upon the properties of correlation function as 
mentioned above, the width of a negative envelope can be 
estimated by the width of the previous positive envelope. 
By skipping the lags corresponding to that width, pitch 
search range reduction can be achieved. Since the positive 
peaks of correlation function are maintained, the 
performance in segmental SNR does not change. To adjust 
the skipped range larger, which brings out more reduction 
of computational time requirements, we introduce the 
adjusting constant d(> 1), which is multiplied to the width 
of the previous positive envelope

Fig. 2 Proposed pitch search algorithm.

Ako, from the fact that, fbr voiced speech, both the 
numbers of positive correlation lags and negative ones are 
approximately same and that the maximum value of L is 
147, the maximum number of available lags at which the 

correlation 丿頌 is calculated and checked can be limited. By 
counting the lags taken part in correlation computations 
with LC and restricting this maximum number by the 
threshold, Li, pitch searching time can be more 
considerably reduced with negligible degradation of speech 
q니ality in segmental SNR This threshold is set preliminarily 
by a constant.

So, during the pitch search for one frame, if Lc get to 
Lt, 나冶 rest of lags are not considered to be a proper L and 
the L search of that frame comes to end. In case of that the 
number of lags which have positive correlation is much 
more than 7가 (=10+(128/2)), it is considered that the frame 
lies in the unvoiced or silence segment. Actually, when d is 
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set on 1.2, the maximum number of available lags can be 
reduced up to 58 (=128/(1+1.2)) almost without SNR 
degradation. As a result mentioned so far, our proposed 
method can reduce the overall pitch search time 
requirements remarkably though it introduces extra 
operations for Lc and d so to increase the time burden 
little.

In addition to the method described above, if we 
combine the conventional delta search technique, more 
reduction of computational time requirements can be 
achieved. That is, by considering 32 lags of the even 
subframe relative to the optimum L of the previous odd 
subframe, the number of lags to be considered in one frame 
can be reduced. When we set L f on 58, the number of the 
exempted lags in one frame minimally reaches up to 52 
(2*(58-32)), which is 22.4% of total lags to be considered 
in one frame (52/(58*4)).

Fig. 2 shows the flow of the proposed pitch search 
algorithm. L is the lag index which varies from 20 to 147 
and Lc is the counted number of lags where the correlation 

of Exy is calculated. Status points out whether the positive 
envelope appeared or not during pitch search up to present 
lag- Lo and Le are the chosen optiniuni lags in odd 
subframe and even subframe respectively Index I is the 
index to point out whether that subframe is the even 
subframe.

IV EXPERIMENTAL RESULT

For experiment, phoneme balanced five Korean 
sentences pronounced five times by four male speakers and 
one female speaker were used for test data base. The 
speech signal was sampled at 8kHz and lowpass filtered at 
4kHz and digitized with a 16 bits A/D converter. We used a 
20 ms frame size with four 5 ms subframes For spectrum 
analysis, 10th order autocorrelation LPC analysis using no 
preemphasis with a 20 ms Hamming window was 
performed on every frame by open-loop In perceptual 
weighting, we choose a = 0 8 and ,in pitch search, lags 
from 20 to 147 were searched. Under the above conditions, 
the segmental SNR and mean of computation time re­
duction ratio between the conventional full search method 
and the proposed method with various d and L「were 
obtained. The average required computation time of the 
conventional method and the proposed one for test speech 
data were measured and compared on personal com- 
puter(IBM 486DX-II).

From the res니ts shown as the ta이e, for d 一 1.2 with 
various Lt, the proposed method shows good 
performances The more the number of lags to be 
considered is decreasing, the more comp나tational time 
reduction is achieved while the more the speech quality 
degrades. However, until Lr gets to less than 58, the 
de응radation of SNR is so negligible to be perceived.

By using the proposed method, we can reduce the 
computational time requirements up to 62.3% compared to 
the conventional full search method with 0.32dB of 
degradation.

V. CONCLUSION

In this paper, we proposed a simple method which 
preserves the quality of CELP vocoder with red나ced 

complexity. The basic idea of the proposed method is to 
consider only the limited number of lags in pitch searching 
by restricting the pitch sear사ling range and combining with 
the conventional delta search technique. At first, we 
introduce the method to restrict the pitch search range to 
positive side of envelope in the correlation function and 
also to limit the number of available lags to be searched by 
proper constant. By doing so, the required pitch searching 
time can be greatly reduced with negligible degradation of 
speech quality. Those can be achieved by using several 
characteristics of speech signal such that the envelope of 
conflation function of speech signal varies slowly and the 
positive and the negative envelopes alternatively appear 
with maintaining the width of the previous envelope in a 
suHici이出y 아)on interval due to the first formant of voiced 
speech In addition to that, we combined the conventional 
delta search technique with that method to achieve more 
reduced computational time requirements. While the 
skipping and limiting is performed for all available values, 
fiom 20 to 1 사7 in odd subframes, that is performed for only 
32 lags relative to the optimum L of the previous odd 
subframes in the following even subframes By introducing 
the delta technique, we can reduce the bit rate as well as the 
computational time.

Employing the proposed method, we can get more than 
60% complexity reduction in the pitch search
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Table 1. Comparison result between conventional full search method 
and proposed method with various LT when d = 1.2

Sentence 
number

Convention 
al full 
search 
(dB)

Proposed method 
어 B)

LT 느
74

LT =
64

LT = 
58

LT- 
50

LT = 
40

LT = 
30

SI 11.67 11.20 IJ.10 11.06 10.86 9 83 9.56
S2 12.41 12 13 12 03 11.92 11.90 11.88 9.30
S3 11.95 11 83 11.81 11.79 11 71 11.54 11.46
S4 1203 11.이 11.87 11.81 11.74 11.60 11.58
S5 11 52 11 50 11.50 11.43 11.41 11.38 11.17

Mean of
• SNR(dB)

11.92 11.71 11.66 11 60 11.52 11 25 10.6]

Mean of time 
reduction 
ratio(%)

- 50.8 54.9 623 66.5 69.고 74.2

LT = maximum threshold ofLC (samples/frame)
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