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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].

. 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"), 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 ¢(n). The adaptive predictor computes an input
signal estimate §(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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Fig.1 ADPCM Codec

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.

. 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.

Fig.2 16-ary QAM rectangular

. 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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Fig.3 Model of data transmission

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.
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Fig.4 Error rate performance

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* at SNR>26dB,

while the SER of the system with AD3 remains
constant at 6x10-2 at SNR>26dB. Furthermore, The
SER of the system with AD4 remains constant at
2x102 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
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tortion to a negligible value as proved by simulation
result in Fig.4.
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OOCNIAXEHHA EQEKTUBHOCTI PEKOMEHOALIT ITU G726

3eaxkaroyu Ha 8axrugicmb | WUPOKEe 3acmocyB8aHHs 8 MEIeKOMYHIKayiliHUX Mepexax, adanmueHa
OugbepeHuyianbHa imnynbcHo-kodosa modynsuis (ADPCM) 6yna cmaHdapmu3oeaHa MixHapodHUM coro-
3om enekmpo3s'asky (MCE) e sskocmi pekomeHdauii G726. Lis pekomeHOauyis micmumb Yomupu anzopu-
mmu ADPCM, 40 kb/c, 32 kb/c, 24 kb/c, i 16 kb/c. Cmamms sug4yae xapakmepucmuku Uux ansopummie
0na cueHarny 3 sukopucmarHam QAM rnipu weudkocmi nepedayi daHux 9.6 kb/c. Pesynbmamu moderito-
8aHHS roKasyromse, wo: npodykmusHicms 40 kb/c aneopummy Kpauie, Hixx 32k6/c anzopummom; rnpooyK-
museHicmb 32 Kb6/c aneopummom Kpauie, Hix 8i0 24 kb/c aneopummom; anzopumm 24 kb/c kpauwie, Hix
16 kb/c anzopummom.

Ei6bn. 16, puc. 4.

Knroyvoei cnoea: pekomerdauii MCE; ADPCM; QAM.
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MCCNEOOBAHUE SPDPEKTUBHOCTU PEKOMEHOALIUU ITU G726

Yyumbigasi 8aXXHOCMb U LWUUPOKOE rpUMEHEeHUEe 8 MereKOMMYHUKaUUOHHbIX cemsx, adarnmueHasi
ougbgpepeHryuanbHasa umryrbcHo-Kkodosas moldynauyus (ADPCM) 6bina cmaHdapmu3uposaHa MexdyHa-
POOHBLIM coto 30M anekmpocessu (MC3) e kadvecmee pekomeHOauyuu G726. Oma pekomeHdayusi cooep-
Xum dyemebipe aneopbl-mmu ADPCM, 40 kb/c, 32 kb/c, 24 kb/c, u 16 kb/c. Cmambs usydaem xapakmepu-
CmMuKU amux aneopummos Oris cueHarna ¢ ucrionb3oeaHuem QAM rnipu ckopocmu nepedayu OaHHbIX
9.6 kb/c. Pesynbmambl MOOesibio HUSI MoKa3biearom, 4mo: rnpouszsodumernsHocmb 40 kb/c anzopumma
nydqwe, Yyem 32 kb6/c aneopummom; rpouszeodumernibHocmb 32 K6/c aneopummom syduwe, 4em om 24 kb/c
anzopummom; anzopumm 24 kb/c nydwe, yem 16 kb/c aneopummonm.

bubn. 16, puc. 4.

Knroyeenlie cnoega: pekomeHdayuu MCE; ADPCM; QAM.
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