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Abstract— G.729 or Conjugate structure algebraic CELP is a 

audio voice codec that compresses speech signal based on model 

characteristics of human voice. This paper deals with the 

reduction of the computational complexity for estimating the open 

loop pitch of the CS-ACELP codec, described in ITU 

recommendation G.729. For reduction in computation of open 

loop pitch analysis using Matlab 7.4, the weighted delta-LSP 

function is used. This depth first tree search is also used in G.729 

for reducing the search complexity with minimum effort. In 

experimental study of our paper we are showing the comparing 

graphical result of Open Loop Pitch in Matlab 7.4, we are trying 

to prove that our proposed method save the computational time 

for calculation of open loop pitch  

   

Index Terms— Open loop pitch analysis of G.729, Graphical 

result of open loop pitch, A-CELP, bit allocation of 8 kbps in 

G.729 

I. INTRODUCTION 

The ITU-T standardized 8 kbits/s speech codec to operate 

with a discrete-time speech signal. G.729 provides coding of 

speech signals used in multimedia applications at 8 kbits/s 

using Conjugate-Structure Algebraic-Code-Excited 

Linear-Prediction (CS-ACELP) [1][2]. The quality of this 8 

kbits/s algorithm is equivalent to that of a 32  kbits/s ADPCM 

under most operating conditions. Typical input rates include 

mu-law or A-law 64 kbits/s PCM or 128 kbit/s linear PCM 

providing a compression ratio of 16:l. These coders are all 

based on a model of the human vocal system. In that model, 

the throat and mouth are modelled as a linear filter, and voice 

is generated by a periodic vibration of air exciting this filter. 

In the frequency domain, this implies that speech looks 

somewhat like a smooth response (called the envelope), 

modulated by a set of discrete frequency components. CELP 

coders all vary in the manner in which the excitation is 

specified, and the way in which the coefficients of the filter 

are represented. All of them generally break speech up into 

units called frames, which can be anywhere from 1ms to 

100ms in duration. For each frame of speech, a set of 

parameters for the model are generated and sent to the 

decoder. This implies that the frame time represents a lower 

bound on the system delay; the encoder must wait for at least a 

frames worth of speech before it can even begin the encode 

process.  
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G.729 will be used for Voice over IP (VoIP), Videophones, 

Digital Satellite Systems, Integrated Services Digital Network 

(ISDN), Land-Digital Mobile Radio, Future Public Land 

Mobile Telecommunication Systems (FPLMTS), Digital 

Circuit Multiplication Equipment (DCME), Digital 

Simultaneous Voice and Data (DSVD), and other 

applications. This speech codec‘s relative low complexity 

makes it an attractive choice for Internet telephony. 

For the real-time implementation of G.729 CS-ACELP codec, 

computational complexity is required to be small and its 

algorithmic delay has to be small. If we check the 

computations required in calculating the open loop pitch, it is 

found that more than 25 percent of the total time is consumed 

on open loop pitch analysis. 

II. STUDY ON OPEN LOOP PITCH ANALYSIS 

The encoding principle of G.729 is shown in Figure 1. The 

input signal is high-pass filtered and scaled in the 

pre-processing block. The pre-processed signal serves as the 

input signal for all subsequent analysis. LP analysis is done 

once per 10 ms frame to compute the LP filter coefficients. 

These coefficients are converted to Line Spectrum Pairs 

(LSP) and quantized using predictive two-stage Vector 

Quantization (VQ) with 18 bits [3][4]. The excitation signal is 

chosen by using an analysis-by-synthesis search procedure in 

which the error between the original and reconstructed speech 

is minimized according to a perceptually weighted distortion 

measure. This is done by filtering the error signal with a 

perceptual weighting filter, whose coefficients are derived 

from the unquantized LP filter. The amount of perceptual 

weighting is made adaptive to improve the performance for 

input signals with a flat frequency response. 

The excitation parameters (fixed and adaptive codebook 

parameters) are determined per sub-frame of 5 ms (40 

samples) each. The quantized and un-quantized LP filter 

coefficients are used for the second sub-frame, while in the 

first sub-frame interpolated LP filter coefficients are used 

(both quantized and un-quantized). An open-loop pitch delay 

TOP is estimated once per 10 ms frame using the perceptually 

weighted speech signal Sw(n) [1][2].  

 
The open loop pitch lag estimation uses the weighted speech 

signal Sw(n): 
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The three maxima of the correlation are found in following 

three ranges; (20:39), (40:79), (80:143). The open loop pitch 

is obtained by taking the maxima of the three ranges from the 

normalized autocorrelation function. 

 
For one frame, total operations required are 10160 

multiplications, 10033 additions, 123 comparisons, 3 radical 

and 3 division operations to estimate open loop pitch. 

The computation of the pitch is dependent to the voice and 

unvoiced signal. The pitch contour lies in the voice signal 

only. The weighted delta-LSP function (Wd) is employed to 

differentiate between voice and unvoiced signal. The function 

Wd is given by: 

       

 
 

If the function value Wd is greater than some pre-defined 

threshold, the open loop pitch lag is estimated otherwise the 

pitch value is taken as same as that of previous frame. The 

 is the LSP coefficient of the k
th

 order at the i
th

 frame 

and wk is the weighted coefficient [5]. Hence the calculation 

required in this automatically reduced. 

III. DEPTH FIRST TREE APPROACH 

G.729a is a compatible extension of G.729, but requires less 

computational power. This lower complexity, however, bears 

the cost of marginally reduced speech quality. It also 

contained the same delay. The fixed codebook search is 

simplified, it is not used nested loop focused search. Basically 

it has used depth first tree search. In this new approach a 

smaller number of pulse position combinations is tested and it 

has fixed complexity. 

IV. BIT ALLOCATION OF THE 8 KBIT/S CS-ACELP 

ALGORITHM 

The CS-ACELP coder is based on the code-excited linear 

prediction (CELP) coding model. The coder operates on 

speech frames of 10 ms corresponding to 80 samples at a 

sampling rate of 8000 samples per second. For every 10 ms 

frame, the speech signal is analysed to extract the parameters 

of the CELP model (linear prediction filter coefficients, 

adaptive and fixed-codebook indices and gains). These 

parameters are encoded and transmitted. The bit allocation of 

the coder parameters is shown in Table 1. At the decoder, 

these parameters are used to retrieve the excitation and 

synthesis filter parameters. The speech is reconstructed by 

filtering this excitation through the short-term synthesis filter, 

as is shown in Figure 1. The short-term synthesis filter is 

based on a 10th order linear prediction (LP) filter. The 

long-term, or pitch synthesis filter is implemented using the 

so-called adaptive-codebook approach. After computing the 

reconstructed speech, it is further enhanced by a postfilter. 

 

Table 1 – Bit allocation of the 8 kbit/s CS-ACELP 

algorithm (10 ms frame) 

 

V. CONCLUSIONS AND SIMULATION RESULT 

The algorithm used in this paper was developed to reduce the 

computation required in finding the open loop pitch. The open 

loop pitch calculation time is saved by more than 80 percent. 

Hence the total computational saving is around 20-23 percent. 

This algorithm makes less computation and takes less time 

and hence this makes more practical in implementing G.729 

for real-time systems. The ITU-T method and my my 

proposed method compared result is shown in figure 2.The 

graphical analysis has been perform in Matlab 7.4. In graph 

the dotted line represent the ITU-T method and the normal 

line represent the  proposed method and it can be seen that 

both the method gives nearly the same result for calculation of 

open loop pitch.  

For simulation we used a matlab Software. From fig 3 we 

displayed two graphs.graph 1 is shows the original speech and 

graph 2 shows reconstructed speech. Both the graph is nearly 

same and this proves that reconstructed speech gives the same 

toll quality   
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Figure 3:- original speech and reconstructed speech 
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