
ISSN 1811-4512. ElectronCommun, 2017, vol. 22, №1 69 

 Copyright (c) 2017 Muhanned AL-Rawi 

UDC: 621.397.22                                                                   DOI: 10.20535/2312-1807.2017.22.1.92752 
Muhanned AL-Rawi, PhD, OrcID: 0000-0003-1407-6519   
e-mail: muhrawi@yahoo.com  
University of Ibb, Yemen 

PERFORMANCE STUDY OF ITU RECOMMENDATION G726 

Due to its importance and its wide applications in telecommunication networks, the Adaptive 
Differential Pulse Code Modulation(ADPCM) was standardized by International Telecommunication 
Union(ITU) as recommendation G726. This recommendation represents four algorithms of ADPCM, 
40kb/s, 32kb/s, 24kb/s, and 16kb/s. This paper studies the performances of these for algorithms using 
QAM signal at data rate of 9.6kb/s. The simulation results show that the performance of 40kb/s algorithm 
is better than that of 32kb/s algorithm, and the performance of 32kb/s algorithm is better than that  
of 24kb/s algorithm, and the latter is better than that of 16kb/s algorithm. 

Ref. 16, fig. 4 
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INTRODUCTION. With the increase in demand for 
efficient use of digital communication channel, var-
ious types of highly effective speech coding meth-
ods have been developed. As one of these coding 
methods which was standardized by International 
Telecommunication Union (ITU, the previous name 
is International Telephone &Telegraph Consultative 
Committee (CCITT)) as recommendation G726 is 
Adaptive Differential Pulse Code Modulation 
(ADPCM) [1]. The superior performance, economy 
and application flexibility of ADPCM relative to oth-
er bandwidth reduction techniques were the prime 
reasons for its selection. 

The specification of ADPCM opens the door to 
a host of applications in telecommunication net-
works. These applications can be divided into three 
categories: telephone company use, end customer 
applications, and new service offerings. The recent 
ADPCM applications [2]–[5],which represent U.S. 
application patents, motivate the researchers  
to continue doing research in this field. 

The main problem of ADPCM is that it adds se-
vere nonlinear distortion to the voiceband data 
signal at high data rate. This problem can be 
solved either by modifying the algorithm of ADPCM 
[6]–[13], or by modifying the model of data trans-
mission system [14]–[16]. 

 
I. STRUCTURE OF ADPCM   
A. General Structure. Fig.1 shows simplified block 
diagram of ADPCM codec. Two major components 

form the algorithm: an adaptive quantizer and an 
adaptive predictor. The relation between the en-
coder and the decoder is also depicted. The differ-
ence between them is that the encoder has adap-
tive quantizer (Q) and inverse adaptive quantizer 
(Q-1), while, the decoder has inverse adaptive 
quantizer only. The decoder is simply a subset of 
the encoder and transmits r(n) as its output instead 
of c(n). The adaptive predictor computes an input 
signal estimate ŝ(n) which is subtracted from input 
signal s(n) resulting in a difference signal d(n).  
The adaptive quantizer codes d(n) into codeword 
c(n) which is sent over the transmission facility. At 
the receiving end, an ADPCM decoder uses c(n) to 
attempt to reconstruct the original signal s(n). Ac-
tually, only r(n) can be reconstructed which is relat-
ed to the original input signal s(n) by 

r(n) =  s(n) + e(n)                      (1) 

where 

e(n) = dq(n) – d(n) = r(n) – s(n)         (2) 

is the error introduced by the quantizer, and dq(n) 
is the output of inverse adaptive quantizer. 

 
 
B. 40kb/s ADPCM. The algorithm of 40kb/s 
ADPCM (named AD1) uses 5-bit quantizer with 
sampling rate of 8000 sample/sec. The characteris-
tics of 5-bit quantizer are found in [1]. The adaptive 
predictor is composed of two poles and six  
zeros [1]. 
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C. 32kb/s ADPCM. The algorithm of 32kb/s 
ADPCM (named AD2) uses 4-bit quantizer with 
sampling rate of 8000 sample/sec. The charac-
teristics of 4-bit quantizer are found in [1].  
The adaptive predictor is similar to that for 40kb/s. 
 
24kb/s ADPCM. The algorithm of 24kb/s ADPCM 
(named AD3) uses 3-bit quantizer with sampling 
rate of 8000 sample/sec. The characteristics  
of 3-bit quantizer are found in [1]. The adaptive 
predictor is similar to that for 40kb/s. 
 
16kb/s ADPCM. The algorithm of 16kb/s ADPCM 
(named AD4) uses 2-bit quantizer with sampling 
rate of 8000 sample/sec. The characteristics  
of 2-bit quantizer are found in [1]. The adaptive 
predictor is similar to that for 40kb/s. 
 
II. MODEL OF QAM MODEM. The model  
of QAM modem operates at symbol rate  
of 2400 baud with each symbol is represented by 
4-bit (trellis coding is excluded) giving data rate of 
2400x4=9.6kb/s. The number of points in M-ary 
QAM constellation is equal to 24=16-point. There 
are different types of QAM constellation but in this 
paper only rectangular constellation is considered 
as shown in Fig.2. 

 

III. MODEL OF DATA TRANSMISSION.  
The model of data transmission used  
to measure the performance of ADPCM is shown in 
Fig.3. This model consists of random data genera-
tor which generates binary data (each 4-bit 
mapped into one of 16-point of QAM constellation), 
QAM modulator, ADPCM codec, Additive White 
Gaussian Noise (AWGN), QAM demodulator, and  
a detector which is a simple threshold (the output 
of detector takes one of 16-point which compared 
to the transmitted symbols to calculate the symbol 
error rate). In this model, only two types of impair-
ment are considered, AWGN, and nonlinear distor-
tion of ADPCM.  
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The performance of whole system is measured 
by drawing symbol error rate (SER) versus signal-
to-noise-ratio (SNR). The SER is given by  

SER = NEDS/NTS            (3) 

where NEDS – is the number of erroneous detect-
ed symbols & NTS – is the number of total trans-
mitted symbols. 

 

 
 

It is important to say that, at high SNR,  
the impairment is dominated by the nonlinear dis-
tortion of ADPCM, so at high SNR, the error rate  
is due to the nonlinear distortion of ADPCM. 

 
IV. COMPUTER SIMULATION TEST. A series  
of computer simulation tests have been carried out 
on the system in Fig.3. The performance  
of the whole system is measured by drawing SER 
versus signal-to-noise-ratio (SNR), where the SER 
is given by equation 3. 

Fig.4 shows the performances of the system 
including the four ADPCM algorithms. It seems that 
the SER of the system with AD1 becomes negligi-
ble at SNR>21dB. Also, the SER of the system with 
AD2 remains constant at 1x10-4 at SNR>26dB, 

while the SER of the system with AD3 remains 
constant at 6x10-3 at SNR>26dB. Furthermore, The 
SER of the system with AD4 remains constant at 
2x10-2 at SNR>26dB. These constant symbol error 
rates are due to the nonlinear distortion of ADPCM. 

 
SUMMARY AND CONCLUSION. The ADPCM 
was specifically developed for speech coding or 
speech compression. It can compress the speech 
signal using 5 bit/sample, 4 bits/sample, 
3 bit/samples, and 2bits/samples without signifi-
cantly adding nonlinear distortion to the speech 
signal. Of course, as the degree of compression 
increases, the nonlinear distortion increases, but 
for speech signal is negligible. The reason of this 
negligible distortion is attributed to the nature  
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of speech signal in sense that the correlation be-
tween speech samples is high. In case of voice-
band data signal at 9.6kb/s, it can be concluded 
from the simulation results that as the number of 
bits per sample decreases, the nonlinear distortion 
increases, so, the distortion of 16kb/s algorithm is 
higher than the distortion of the 24kb/s algorithm, 
and the latter is higher than that of 32kb/s algo-
rithm. The reason of this significant distortion is due 

to low correlation between the data samples, and 
this correlation becomes lower with increasing the 
data rate. Thus as the data rate increases, the 
nonlinear distortion increases. The 40kb/s algo-
rithm was specifically developed for voiceband data 
signal at rate ≥ 9.6kb/s in order to reduce the dis-
tortion to a negligible value as proved by simulation 
result in Fig.4. 

Надійшла до редакції 12 лютого 2017р. 
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ДОСЛІДЖЕННЯ ЕФЕКТИВНОСТІ РЕКОМЕНДАЦІЇ ITU G726 

Зважаючи на важливість і широке застосування в телекомунікаційних мережах, адаптивна 
диференціальна імпульсно-кодова модуляція (ADPCM) була стандартизована Міжнародним сою-
зом електрозв'язку (МСЕ) в якості рекомендації G726. Ця рекомендація містить чотири алгори-
тми ADPCM, 40 kb/с, 32 kb/с, 24 kb/с, і 16 kb/с. Стаття вивчає характеристики цих алгоритмів 
для сигналу з використанням QAM при швидкості передачі даних 9.6 kb/с. Результати моделю-
вання показують, що: продуктивність 40 kb/с алгоритму краще, ніж 32кб/с алгоритмом; продук-
тивність 32 кб/с алгоритмом краще, ніж від 24 kb/с алгоритмом; алгоритм 24 kb/с краще, ніж 
16 kb/с алгоритмом. 

Бібл. 16, рис. 4.  
Ключові слова: рекомендації МСЕ; ADPCM; QAM. 
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ИССЛЕДОВАНИЕ ЭФФЕКТИВНОСТИ РЕКОМЕНДАЦИИ ITU G726 

Учитывая важность и широкое применение в телекоммуникационных сетях, адаптивная 
дифференциальная импульсно-кодовая модуляция (ADPCM) была стандартизирована Междуна-
родным сою зом электросвязи (МСЭ) в качестве рекомендации G726. Эта рекомендация содер-
жит четыре алгоры-тми ADPCM, 40 kb/с, 32 kb/с, 24 kb/с, и 16 kb/с. Статья изучает характери-
стики этих алгоритмов для сигнала с использованием QAM при скорости передачи данных 
9.6 kb/с. Результаты моделью ния показывают, что: производительность 40 kb/с алгоритма 
лучше, чем 32 кб/с алгоритмом; производительность 32 кб/с алгоритмом лучше, чем от 24 kb/с 
алгоритмом; алгоритм 24 kb/с лучше, чем 16 kb/с алгоритмом. 

Библ. 16, рис. 4.  
Ключевые слова: рекомендации МСЕ; ADPCM; QAM. 
 
 


