
Introduction 

he rapid increase in  digital connectivity of tele- T phone networks, brought about by the gradual 
removal of most analog links, suggests a new look at 

enhancing the quality of audio transmitted over the 
telephone network. Pulse-code modulation (PCM) with 

64 kbit/s p-law or A-law (G.711) arose in response to 

the need for multiple analog-digital-analog conversions of 
standard 300-3,400-Hz audio signals. Such signals are 

considered here to be narrowband audio. Modern speech 
coding techniques permit reduction of the transmitted bit 
rate, while preserving audio quality, as in CCITT 

(International Telegraph and Telephone Consultative 
Committee) Recommendation G.721) where the cus- 
tomary 300-3,400-Hz-wide telephone signal is encoded 
at 32 kbit/s [ l] .  Alternatively, one can provide improved 

audio quality and maintain the transmission rate at 63 
kbitls. Such improvements are most important for audio 

or audio-visual conferencing applications where one 
would like to approach the quality of face-to-face 

the need for a new international coding standard on 
high-quality audio to allow interconnection of diverse 

switching, transmission, and terminal equipment and, 
thus, organiLed a n  Expert Group in 1983 to recommend 
an appropriate coding technique. Hummel [2] provides 

a good introduction to the working methods of the 
CCITT. The  coding method described in this paper 
constitutes the group's recommendation, which was 
approved by the CCITT through an accelerated pro- 

cedure in 1986. T h e  algorithm represents the results of a 
joint effort of contributors from around the world,* and 
is best described in  a series of papers presented at  

Glohecom '86 [3]. This  paper is meant to be a tutorial 
discussion, responsibility for which lies completely with 

the author.  Bit-level particulars of the algorithm, 

although important for correct implementation of the 
standard, are not discussed in  detail. For more complete 
information, the reader should refer to the forthcoming 
CCITT document. 
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Requirements 
T h e  main objective for the new standard is to allow 

speech transmission at 64 kbit/s with quality as high as 
poissible and significantly better than that provided by 8- 
bits/sample, 8-kHz sampled PCM coding. If the signal is 

sampled at  16 kHz, or twice the PCM rate, the spectrum 
of the signal to be encoded can be extended to about 7 
kHz (3-dB point), and this results in a major improve- 

*Acomplete list of the participants in the Expert Groupcan 
be found in Appendix 1 t o  the Report CCITT, COM XVIII-R 
17-E, April 1986. Participating organizations included BNK,  

Canada; CNET, France; FTZ, Federal Republic of Germany; 
CSELT and SIP, Italy; N T T ,  Fujitsu and KDD, Japan; P'II ' ,  

Switzerland; BT,  United Kingdom; Bellcore and Comsat, 
lrnited States. Technical contributions of all participant5 are 

recognized and acknowledged without specific credit on 
individual items. 
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conlerence bridges is best carried out with a uniformly quan- 

tized representation of the digital signal. To allow for multi- 

ple bridges in one connection, provision is made for a small 

number (up to three) of digital encoding/decoding sequences. 

Furthermore, both narrowband and wideband audio signals 

may arrive at audio bridges and bridge output should also 

be available in narrowband or wideband form. 
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allocating the bits across the different bands, the error 
variance in the reconstructed signal can he shaped n i t h  

frequency. With the audio signal subdivided into two 
I-kHz-wide hands, a high signal-to-noise ratio in the 

lower band hecomes perceptually more important than 

in the higher band. An advantage ot ;I design that uses 

tlvo equally wide subhands is that each compotient is 

suhsampletl to 8 kHz and the total transmission rate may 
he reduced in 8-kbit's steps by reducing the number of 

bits assigned to samples of one or the other hand. While 

the hit rate may also he reduced by reducing the sampling 

rate, those processes generally arc more complex to 

implement. These considerations led to design and 

e\xluation of tivo alternative subband ADPCM systems, 

one using 5 and 3 hits'sample for the lolv- and high-band 

components, respectively, the other, 6 and 2 bits/sample. 
T h e  G.721 ADPCM design employs a n  adapti1.r 

predictor with two poles and six zei-os. A fixed predictor 
design w i s  also tested for the \videhand coder, h i i t  i t  led 
to a generally lower speech quality. A time-wrying 
adaptive allocation of bits to the t i v o  su1)hands according 

to the short-time signal characteristics w a s  also tried. For 

\,oiced sounds carrying significant low-frequency energy, 

one can assign additional bits to the low h n t l ;  for 
fricative sounds, the atlditional hit m a y  be assigned more 

advantageously to the high band. IIowever, for the two- 

band, 4-kHz-wide subband dcsign, thr. advantage of an  
adaptive bit assignment is only apparent at the .4 low- 

2 high hits samplr. assignment and is found too small to 

\va rra n t the add i t  i on a 1 romp 1 exi t y . 
Overall block diagrams for thr \videhand encoder and 

decoder ;ire shoivn in Fig. 2. These blocks are discussed in 

greater detail in the following sections. 

Subband Filtering 

T h e  nominal 3-dB hand of the codcc was chosen as 

50-7,000 Hz. Two sets of identical quadrature mirror 

filters (QMF) are used to di\.itle the ~videhantl sigii;rl 

sampled ; i t  a 16-kHz rate into t 'ivo 8-kH7 s m i p l ~ d  

components to tic transmitted, ;I low hand and ;I high 
hand, and reconstruct the ivitlehand signal from its 

rrceived low- and high-hmd componmts. QMF liltet-s 

are finite-impulse response, impose ;I fixed tlcla)~ \vi  thollr 

phase distort ion, ;I nd c t i  s lire t h a t  :i 1 i x i  ng prod I I c t s 

resulting from subsampling the input signal at the 

transmitter are canceled at the recei\w. Ho\ve\er,  

quantization noise components introdric-r.d in coding the 

low- and high-band signals ma)- not be elirnitiatctl 

complctely by thr. receiver QMF fi1tr.r. Bccausc the 1c1~c.l o f  
the high-band component of the signal may be :is much 

a s  40 dR 1o1vr.r than the low-band componenr, aliasing 
noise introduced into the high-hand frcqiivnc ies due t o  

coding the low-hand signal might h e  inadequatc l~~ 

masked hy the high-band signal componcwt. ' Io achicw 
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:I stop-hand rejection of 60 d B ,  we employ ;I 24-tap filtei- 
design, introducing a total signal delay of only 3 tns 

(sec Fig. 3) .  T h e  resulting signal distortion is helow 1 dB 
o\w the 100-6,"M-Hz band. 

T h e  numerical precision with which the partial sums  

in the QMF filters ;ire accumulated has an  important 

hearing on the ac~ciiracy of the loiv- antl high-band signal 

components grnerated. T h e  overall goal for the \videband 

signal representa tion (after analog-to-digital conversion 
a t  the input and Iiefore digital-to-analog convrrsion at 

the output)  is a precision of 14 tiits. To this end, the 
internal coding computations are performed with 16 
hits. For the suhhand signals to have 16 significant hits, 

the partial sum computations were found t o  require 21 

pi-ecision of 24 bits. Since the widehand sign ;I 1 IS ' acciirate 

to 14 hits, the sum and difference signals to lvhich the 

QMF filter coefficients are applied arc only precise to 13 
bits. To prex'ent the intt-otluction of noise due t o  

differently specified analysis and synthesis filters, the 
QMF filter coefficients are also represented with 13 bits. 

ADPCM Coders 

T w o  ADPCM coders are required, one for the low- 

hand signal and one for the high-hand signal. Thecoders 

employ identical adaptation strategies to modify the 
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qiiantirers and predictors based on the previously 

ohser\wl characteristics of the input signal. T h e  low- antl 
high-hand coders are very similar, except for small 

differences due t o  the need to vary the number of hits 

output h y  the loiv-hand coder and the fact that the high- 
hand quantizer output is always 2 hits/sample. 

'I'hc adaptive predictor design is bonowed directly 
frotn that investigated in detail in developing the G.721 

standard. T h e  two-pole, six-zero design combines good 

prediction gain for speech with relatively simple stability 
control. Robust adaptation is assured by leaky integrators 

allowing the effects of transmission errors to dissipate 

rapidly [8]. Transmission errors may introduce dif-  
ferences hetlveen the predictor memories at the trans- 

mitter and rvceivcr. Adapting the predictors and quan-  

tizers using the residual signal alone and not the 

reconstrurted signal eiisures that the predictors a t  the 
transmi ttei- and receiver recover tracking rapidly fo i -  all 

signals [9]. T h e  adaptive qiiantirer design is also 

horroived directly from the G.721 standard since the 1 0 ~ ' -  

hand signal cotnponen t resembles the narrowhand 

speech signal in most of i t s  properties. G.721 employs ;I 

dual-mode quantizer, a locked or s l o w ~ l y  adapting mode 

for voicehand data signals, and an  unlocked or rapidly 
adapting mode for speech signals. Since the G.722 
standard was not required to encode voice-hand data 
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Fig. 4. Detailed Block Diagram of the Subband-ADPCM 

Encoder and Decoder. 
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signals, only a single rapidly adapting mode had to be 

implemented. Thedynamic range of the lo\\-band signal 

quantizer was set to he the same as for G.721, namely 54 

dB. A higher dynamic range is a l lo~ved  for the higIi-l)atid 

quantizer, 66 dB, mostly to accommodate music signals. 
Robust adaptation is emplo)-ed also for the quantiret, 

scale factor to combat the effects of transmission crrot~s.  

Embedded quantirers alloiv for possible stripping of 
the less significant hits from the quantized signal during 

transmission b y  not making use of those bits in the 
quantizer adaptation process [ I O ] .  The  lowhand  quan-  
tizer anticipates that the one o r  two least significant hits 
may he stripped from the transmitted code ~ ’ o r d  and 

adapts the quantizer and predictor using only the four 

most significant bits. This results in 4-  and 5-hit 
quan t i~e r s  that are slightly suboptimal in quantiration 

noise-to-signal ratio compared to the c~u~intirers that 

may be designed without this cons tr;t i t i  t .  T h e  cmhedding 
property requires that the 4- m d  5-hit quantization 

hoiindaries coincide with a subset of those employed for 

t h c 6-hi t q 1i;t ri t i rer. Ma t i  y t  r;t 11s mission systems rcq ui t-e 21 

minimal number of zero-one alternatives to maintain 
s) tic.hroniz~ttioti. ?To prevrnt the all-zero code from 

appeiiritig even in the 4-hit data representation, only 15 
quantirer levels are used in that mode; this also restricts 

t h y  higher niodcs to 30 m d  60 levels. Esperinicntal 

e\xluations ha\.c shoivti only a fraction of a decibel is lost 

in quantizing speech signals with the embedded quan-  

tirer comp:ired to an  unconstrained quantirer design. In 
tcrms of subjective performance, the embedded design 

was not found to be significantly different from the 
noneinbedded design, e t m  aftei- four transcodings. 

A significant systems ad \mtage  resulting from the 
embedded coder design is that the en( oder i n a y  opcrate 
without regard to the momentary data transmission 
rcquirements. T h e  speech codingand data multiplexing 
operations are separated logically and possihly even 

physically. ‘Thus, data may he introduced ;it a point 

downstream in the transmission path r e m o \ d  froin the 
encoding terminal. The  receiver o r  decoding terminal 
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