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REPORT:

THE 32·kbls ADPCM
CODING STANDARD
Introduction

AT&T has played a major rolein the
development ofnational andinternational stan­
dards for32-kb/s adaptive differential pulse
code modulation (ADPCM). This paperhigh­
lights the process leading to the standards on
32-kb/s ADPCM recognized by the American
National Standards Institute (ANSI) andthe
International Telephone andTelegraph Consul­
tative Committee (CCITT). The paperbriefly
describes the algorithm itself and its perform­
ance. It concludes with a discussion of
applications ofADPCM andthe AT&T products
and services that utilize ADPCM.

International StandardsActivity in the CCITT
At theJune 1982 meeting of the Inter­

national Telephone andTelegraph Consultative
Committee Study Group XVIIIIWP2 in Geneva,
Switzerland, a needforan international 32-kb/s
coding standard was formally identified. An
expert group was formulated andchartered! to
recommend andfully specify a 32-kb/s algo­
rithm ofreasonable complexity that could offer
a 2:1 reduction inbit rate from 64-kb/s pulse
code modulation (PCM), yet maintain as much
as possible the transmission performance of
PCM. During that meeting and subsequent
meetings ofthe expert group, agreement was
reached on several key constraints that should
be observed in designing such analgorithm:
- 32-kb/s bit-sequence-independent transmis­

sion channels would be available for
transmission.

- The algorithm would be defined in terms of
digital transcoding to andfrom 64-kb/s
PCM, ineither theA = 87.6or J.L = 255

law format, with the coding and and trans­
mission performance specified in CCITT
Recommendations G.711 andG.712 respec­
tively (thus, sampling at 8 kHz and encoding
at 4 bits per sample wereimplicit
requirements).

- For simplicity, the algorithm should not rely
on side information, e.g., for parameter
transmission or maintenance offrame
alignment.

- Forminimal transmission delay, all adapta­
tionprocesses should be backward-acting in
time.

- Particular attention should be paid to
encoder/decoder mistracking recovery inthe
presence ofdigital transmission impair­
ments, e.g., bit errors and slips.

- Adequate transmission performance should
be maintained for nonvoice signals as well as
voice. Nonvoice signals include voiceband
data(~ 4800 b/s), signaling, analog facsim­
ile, measurement signals, etc. [It was
recognized at the June 1982 Study Group
XVIII meeting that voiceband data perform­
ance at 9600 b/s would notbe acceptable
with the 32-kb/s ADPCM candidate algo­
rithms under discussion. It is the authors'
opinion that, to date, insufficient data have
been presented to demonstrate adequate
9600-b/s voiceband dataperformance for
general network use with 32-kb/s ADPCM
inthe presence ofasynchronous tandem
codings (i.e., at least three, preferably four)
andadded analog transmission impairments
(e.g., random noise, nonlinear distortion,
phase jitter, envelope delay distortion). This
issueis currently being studied in CCITT
Study Group XVIII in the context ofdigital
circuit multiplication equipment.]

- Adequate transmission performance should
be maintained ina network environment



which includes up to four asynchronous 
(interconnection at 4 - m ~  analog) and syn- 
chronous (interconnection with 64-kb/s 
PCM) tandem codings with added analog 
impairments (e.g., loss, random noise) and 
digital impairments (e.g., bit errors). [The 
current algorithm does not always meet 
these constraints with an end-to-end bit 
error rate (BER) criterion of 10 p 5  where, 
with some modems, only two or three asyn- 
chronous tandem codings are possible at a 
4800-b/s rate. 3 
The algorithm should include a technique to 
reduce cumulative distortion in multiple syn- 
chronous tandem codings. 

At the June 1982 Geneva meeting, 
several contributions describing ADPCM algo- 
rithms were submitted by various organizations 
(including AT&T). It was generally felt that an 
ADPCM-based algorithm could satisfy the 
above constraints at 32 kb/s. However, it was 
recognized that the design of such an algorithm 
was much more challenging than the traditional 
approach of optimizing an algorithm for voice 
alone. In the ensuing 18 months, the expert 
group selected and fully defined an algorithm 
including an assessment of its performance. 
This algorithm was formally approved in the 
October 1984 CCITT plenary session as an 
international standard, the detailed specifica- 
tion is contained in Recommendation G.721.3 
G. 721 is generically defined at the bit level to 
ensure full compatibility and transmission per- 
formance when independently manufactured 
encoders and decoders are interconnected. 
The specification also includes a set of digital 
test sequences for compliance verification. 

Domestic Standards Activities 
In the year following the adoption of 

the ADPCM standard in CCITT, activities in 

ANSI Committee T1 (specifically subcommit- 
tee TlY1.2) addressed the formulation of a 
North American standard that would not only 
include a 32-kb/s ADPCM coding algorithm but 
also a DS1 frame format specification. How- 
ever, after intense discussion it was decided 
that the original constraint of bit-sequence- 
independent transmission channels was not 
appropriate for North American telecommuni- 
cation networks. Due to 1’s density constraints 
on T1 carrier, the original DS1 line coding 
[bipolar with zero-code suppression (BZCS)] 
did not allow long strings of 0’s. A new DS1 
line coding [bipolar with eight zero substitution 
(BSZS)] was developed, but a large embedded 
base of digital banks, terminals, and multiplex- 
ers still exists without this capability. 

Various proposals aimed at overcoming 
lack of bit sequence independence were consid- 
ered. Finally, TlY1.2 collectively decided that 
a slightly modified version of G. 721 should be 
adopted to overcome this limitation. TlY1.2 
also agreed that G. 721 was the recommended 
choice for bit-sequence-independent transmis- 
sion channels. This TlYl algorithm4 was at 
variance with G. 721 in a very basic way. G. 721 
incorporates a 16-level midriser quantizer 
whereas the TlYl algorithm specified 15-level 
midtread quantization whereby the two inner- 
most output levels are aligned at zero so that 
the 0000, and 1111, codes both represent a 
zero output level. (Other quantizer parameters 
such as decision, output, and step-size multi- 
plier values were also changed in order to 
optimize performance.) This allows the 
suppression of the 0000, code word to satisfy 
1’s density constraints over adjacent 32-kb/s 
channels in a multiplexed format. 

iation is simple but it rendered the TlYl 
algorithm incompatible with G.721. That is, a 

From a complexity viewpoint, this var- 
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16-level G. 721 encoder could not be connected 
to a 15-level TlYl decoder without incurring 
severe distortion. 

As the TlYl algorithm was undergo- 
ing the ANSI Committee T1 approval process, 
two problems with ADPCM equipment sur- 
faced in the field. Unacceptable error rates 
were being observed with frequency-shift key- 
ing (FSK) modems during asynchronous, 
character-mode operation which is typical of 
users typing at a keyboard. In addition, long 
sequences of idle code into the decoder pro- 
duced undesirable high-level output signals. 
These problems were inherent to both the 
G.721 and TlYl algorithms, since their root 
cause was traced to the operation of the adap- 
tive predictor, which is a common element of 
both algorithms, and is unrelated to any afore- 
mentioned quantizer differences. 

Subcommittee TlYl recognized these 
problems as requiring prompt resolution. Both 
problems were quickly analyzed and several 
algorithmic modifications were proposed. 

In May 1986, TlY1.2 formally agreed 
to modifications5 that resolved these problems 
without significantly compromising perform- 
ance for other signals. An added benefit of 
these changes was the ability to use a homing 
sequence that would drive the algorithm into a 
known state for testing purposes. The modified 
T1 ADPCM coding and frame format standard6 
was then set back in motion through the formal 
ANSI Committee T1 approval process. 

CCl l l  Revisited 
Since the modification to the TlYl 

algorithm addressed problems that were also 
inherent in the CCITT G. 721 algorithm, the 
U. S. delegation reported to Study Group XVIII 
at Geneva in March 1986 on the cause of these 

problems and on progress in TlYl aimed at 
resolving them. Study Group XVIII also recog- 
nized the urgency of these problems and 
solicited contributions from its members. It 
chartered the U.S. delegation to report back in 
July with a proposal to modify G. 721, including 
changes to the algorithm reflected in the bit 
level specification, new digital test sequences, 
and results verifymg performance. 

In July the U. S. delegation fulfilled its 
mandate and presented Study Group XVIII 
with a propo~al*~~ that recommended modifying 
G. 721 to solve all known problems and incor- 
porating a 15-level quantizer, thereby 
eliminating all differences between the two 
algorithms and restoring the concept of a sin- 
gle, worldwide ADPCM coding standard. This 
proposal was formally accepted by Study Group 
XVIII and put forward for formal CCITT 
approval under accelerated procedures. 

Algorithm Architecture 

gram of an ADPCM encoder. Two major 
components form the algorithm: an adaptive 
quantizer and an adaptive predictor. The rela- 
tionship between an encoder and a decoder is 
also depicted. 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 i (n )  which is subtracted 
from the input signal x(n) resulting in a differ- 
ence signal d(n). The adaptive quantizer codes 
d(n) into a 4-bit 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 x(n). Actually, 
only r(n) can be reconstructed; r(n) is related 
to the original input signal x(n) by 

Figure 1 shows a simplified block dia- 



Figure 1. Block dia- 
gram of ADPCM 
encoder. 

where 

Coder output 

I e 

Decoder 

6 

B(z) = 2 b,z- ’  
1-1 

A(z) = a1z-l + a,z-2 

Decoder outDut 

15 

r(n) = x(n) + e(n) (1) u$ = E[d2(n)], the signal-to-quantizing-noise 
ratio is defined to be 

(4) u: e(n) = d,(n) - d(n) (2) SIN, = - 

is the error introduced by the quantizer. A typi- 
cal measure of performance is given by the Then equation (3) can be rewritten as 

I 

signal-to-noise iatio 
SIN = G;SIN, (5) 

In equation (3) E denotes expectation. Intro- 
ducing the concept of residual error power, 

(3) where Gp, the prediction gain, is 
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Equation (5) states that the perform- 
ance of the ADPCM algorithm depends on how 
well the predictor is performing, indicated by 
Gp, and on how well the quantizer is coding the 
residual error, indicated by the value of SIN,. 

Adaptive Predictor. The function of the 
predictor is to estimate the input signal x(n) 
and thus reduce the variance of d(n), increas- 
ing Gp and thereby increasing SIN. The 
predictor is composed of an adaptive structure 
consisting of two poles and six zeros. A two- 
pole configuration was chosen because it allows 
easier control of decoder stability in the pres- 
ence of transmission errors. However, in order 
to improve performance, six zeros were com- 
bined with the two poles giving a signal 
estimate of the form 

(7) 

i =  1 

The eight coefficients are adapted by 
using a simplified version of the gradient 
algorithm.s 

Adaptive Quantizer. The quantizer is the 
system that encodes the residual error d(n) 
into a digital signal d (n) whose coded version 
c(n) is transmitted. fn practice, the quantizer 
consists of two parts, Q and Q ~ l .  Q produces 
c(n) from the residual error d(n) and the scaling 
factor A(n). Q-l  decodes c(n) into a quantized 
residual error d,(n) by scaling c(n) by A(n). 

A Gaussian characteristic is used for 
the quantizer decision and output levels. lo For 
the 4-bit quantizer used here it turns out that 
SIN, = 20 dB for optimal level Gaussian input 
signals. 

Since the power of d(n) may vary 
depending upon the input signal x(n), the quan- 
tizer characteristic is scaled by a quantity A(n). 
Two additional scaling factors have been intro- 
duced, denoted A, and A,. A,(n) is the 
estimate of the instantaneous level of d(n) 
while A,(n) is related to the long average of 
A@) and reflects the value of uc An adaptive 
mechanism is used to estimate A,. l1 The step 
size A, at time n is updated as follows: 

A&) = A,P(n - 1)M(Ic(n)l) (8) 

where values for M are given in Reference 6. 
In equation (8) the leakage constant p 

has been introduced into the original algorithm 
to make the quantizer more robust to transmis- 
sion errors. It can be shown that for 
stationary signals such as voiceband data, 
improved performance is achieved when A(n) 
is set to a fixed value. One of the important 
characteristics of this algorithm is the ability to 
accommodate these signals as well as signals 
that are more nonstationary in nature, e. g., 
speech. By definingy(n) = log,[A(n)], y,(n) = 
log,[A,(n)l, and y,(n) = log,[A,(n)l, signals 
with widely different statistics can be effec- 
tively encoded by including a mechanism which 
expresses y as a linear combination of y, and y,; 
1. e., 

where 0 d a,(n + 1) d 1. When a, is 0 the 
quantizer adapts slowly and is considered to be 
in a locked state which is advantageous for sta- 
tionary signals. Conversely, when a, is 1 the 
quantizer adapts quickly and is considered to be 



in an unlocked state whch is desirable in the 
case of rapidly varying signals. 

Predictor Reset Mechanism. Because Of 
the feedback architecture of the coder, when 
signals that result in very high predictor gains 
change, potential problems arise at transitions 
between different stationary (e.g., partial 
band) signals. This occurs mainly in the pres- 
ence of tones (which comprise FSK modem 
signals) or similar signals when G, 17 dB 
and the quantizer is in the locked mode. Two 
mechanisms were added to the algorithm to 
prevent this problem. One mechanism detects 
the presence of tones or similar signals (by 
means of UJ, and the other detects the transi- 
tion from one partial band signal to another (by 
means of a, and dq). When such a transition is 
detected all the predictor coefficients are reset 
to zero and the quantizer is forced into the 
unlocked mode. 

Synchronous Tandeming. Another feature 
of this ADPCM algorithm is its operation to 
reduce cumulative distortion arising from suc- 
cessive synchronous tandem codings (ADPCM 
to PCM to ADPCM etc.). The ADPCM 
decoder modifies the PCM output codeword to 
ensure that c(n) values generated by successive 
coders will match the values of the first 
encoder. 

In this way, under ideal conditions, any 
number of synchronous tandem codings can be 
equivalent to a single coding. This is only the 
case when bit integrity is maintained and there 
are no bit errors in the intermediate 64-kb/s 
PCM streams. Bit integrity is lost if digital sig- 
nal processing (e. g., digital loss) is used in the 
64-kb/s PCM stream. However, performance 
with synchronous tandeming is better than or 
equal to that obtained in the asynchronous 
case. Differences in performance between the 

synchronous and asynchronous cases have yet 
to be fully quantified. 

ognized early in the development of the 
standard that a high-level equation description 
alone would not be sufficient for implementa- 
tion. As a result, the standard algorithm has 
been specified in great detail to show exactly 
what must be done to implement the algorithm. 
In fact, this bit level description specifies 
everything from the bit precision of each 
parameter to the form of arithmetic (signed 
magnitude, 2’s complement, or floating point) 
for each operation. As a result, if the bit level 
specification has been adhered to, encoder/ 
decoder compatibility is ensured. 

The bit level specification has been 
developed to minimize implementation com- 
plexity. For example, bit precision for each 
variable has been reduced as much as possible. 
Multiplications are avoided whenever possible 
and there are no divisions. Whenever multipli- 
cations or divisions would normally be 
required, logarithmic techniques are used. As a 
result, the most complex arithmetic operation 
is a 6 bit by 6 bit multiplication. 

Even though the bit level specification 
describes exactly what must be done to imple- 
ment the ADPCM standard, it does not specify 
how. This has been left to the ingenuity of the 
individual designer, suited to a particular appli- 
cation. Various implementations have been 
reported in the literature, ranging from special- 
purpose very large scale integrated circuits 
(VLSI>13 to programmable implementations on 
commercially available DSP processors. l4 

Implementation Considerations. It Was reC- 

Performance 

performance obtained with the 32-kb/s 
Sample results that are typical of the 

17 



Figure 2. Voice sub- 
jective MOS results- 
asynchronous tandem 
codings. 

Figure 3. Voice sub- 
jective MOS results- 
line bit errors. 
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ADPCM algorithm are given here. (A complete 
set of results is given in Reference 9.) Figure 2 
compares the tandem coding performance of 
ADPCM and PCM with speech. Mean opinion 
score (MOS) is plotted versus the number of 
asynchronous codings. 

subjects listen to samples of encoded speech 
over calibrated handsets in an acoustically 
treated room (to maximize listener sensitivity) 
and rate what they hear according to a 5-point 
quality scale: excellent, good, fair, poor, and 
unsatisfactory. 

The figure shows that the perform- 
ance with 32-kbis ADPCM is comparable to 
64-kbis PCM for up to two asynchronous cod- 
ings, slightly poorer for four codings and 
significantly worse with eight codings. Clearly, 
the deployment of asynchronous tandem cod- 
ings of ADPCM in the network must be 
limited. CCITT and ANSI Committee T l Q l  
have adopted a voice criterion which allows a 

These results were obtained by having 

maximum of four asynchronous ADPCM cod- 
ings on an end-to-end connection if there is no 
other source of quantizing distortion. In addi- 
tion, CCITT Recommendation G.113 allows 
one ADPCM coding in the national network on 
the national extension of an international con- 
nection. On the other hand, ADPCM is more 
robust than PCM in the presence of random bit 
errors as shown in Figure 3 where MOS scores 
are shown as a function of line error rate. 

Illustrative voiceband data results 
(continuous carrier operation) are given in Fig- 
ures 4 and 5 where block error rate (BLER) is 
plotted versus the level of random additive 
noise for the 2400-bls Y26 and 4800-bls Y27 
modems respectively. Each block consists of 
1000 bits. Test methodology is as in previous 
CCITT tests2 with a single coding and four 
asynchronous codings, but with the added ana- 
log impairments contained in Table I. 

With an acceptability criterion of a 10 ~ 

BLER at an SIN of 24 dB, ADPCM provides an 

Table 1. Added Analog Impairments for Voiceband Data Tests 

Analog impairments Impairment level 

Envelope delay distortion (relative to 1800 Hz) 
Attenuation distortion (relative to 1000 Hz) 
Second-order nonlinear distortion 
Third-order nonlinear distortion 
Phase jitter (at 120 Hz) 
C-message weighted additive noise 

4600 p s  at 200 Hz, 2260 p s  at 3200 Hz 
8.5 dB at 200 Hz, 5.6 dB at 3200 Hz 

36 dB 
38 dB 

* 3" peak-to-peak 
Varied as a parameter 
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Figure 4. V.26 BLER 
results at 2400 b/s. 

Figure 5.  "-27 BLER 
results at 4800 b/S- 

acceptable level of performance with both the 
Y26 and Y27 modems under these conditions 
with four asynchronous codings. As expected, 
the degradation with ADPCM relative to PCM 
is more pronounced with the higher speed 1 2 7  
signals. Performance of 9600-b/s 1 2 9  is not 
acceptable for even one ADPCM coding. 

However, bit error rate (BER) is rec- 
ognized as an important criterion for some 
applications. In this case, the acceptability cri- 
terion is BER < 10 - 5. This is almost always a 

more stringent constraint than BLER. Using 
this criterion, some modems provide accept- 
able performance with only two or three 
asynchronous codings at the 4800-bls rate. In 
general, the impact on voiceband data perform- 
ance is considerable even when limiting criteria 
are met. 

Classical transmission measurements 
such as S/N must be interpreted with care for 
adaptive signal processing algorithms such as 
ADPCM, since S/N typically depends on input 
signal statistics. In other words, such measure- 
ments, in general, cannot be used to predict 
performance for other signals with significantly 
different spectral and temporal characteristics. 
For completeness, Figures 6 and 7 respectively 
plot S/N versus input level for narrowband 
Gaussian noise (CCITT Recommendation 
G. 712 Method I) and a 1004-Hz sine wave 
(Method 11). 

Applications 

ADPCM algorithm opens the door to a host 
of applications in existing telecommunications 
networks. l5 These applications can be divided 
into three categories: telephone company use, 
end-customer applications, and new service 
offerings . 

deployment of ADPCM must take into account 
performance limitations described above, par- 
ticularly with regard to voiceband data. 
Because of these performance constraints, 
there is currently no industry agreement on 
any deployment strategy in the public switched 
network that can meet the service needs of dif- 
ferent carriers. 

By placing the transcoding function on 
customer premises, customers can double the 

The specification of a standard 32-kb/s 

It is important to recognize that 
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Figure 6. 6.712 
Method I perform- 
ance-narrowband 
Gaussian noise. 

Figure 7. 6.712 
Method II perform- 
ance-1 kHz sine 
wave. 
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capacity of their leased DS1 services. This is 
the area where 384 kb/s bundling has the 
greatest impact. l5  In these applications, 
ADPCM exhibits slightly different trade-offs 
than in telephone company use because the 
prove-in is based on the cost of tariffed ser- 
vices instead of facility costs. 

cross-sections of point-to-point traffic needed 
to prove-in ADPCM at their end locations. If 
the telephone company offers transcoding as a 
service function on the DS1 service offering, 
many smaller customers can take advantage of 
ADPCM. This is particularly effective when 
multiple services are carried on the same DS1 
(i. e., integrated access). 

Many customers do not have the large 

AT&T Products and Services 

ADPCM transmission product, the AT&T 
Western Electric@ BCM32000. l6 The 
BCM32000 is a stand-alone transcoder that 
provides the 2: 1 compression function using the 
recently standardized 384-kb/s bundled frame 
format. 

In 1984, AT&T introduced its first 

The BCM32000 has recently been 

augmented with two new AT&T transcoders, 
the BCM32000X-Panded and the BCM32000- 
Solitaire. These transcoders can be used to 
double the capacity of any digital facility quickly 
and economically. They provide flexible inter- 
faces for maximum compatibility with existing 
switches and digital cross-connects and allow 
hubbing for increased fill on small cross 
sections. 

The transcoding function can be inte- 
grated directly into existing digital terminals. 
One example of an integrated implementation 
is the AT&T Western Electric@ D4 channel 
bank ADPCM option, l7 where the ADPCM 
function is efficiently integrated into the com- 
mon equipment of the bank. Only two new 
plug-ins are required to provide the ADPCM 
feature and transport all 48 D4 channels on 
only one DS1. The D4 with ADPCM option is 
fully compatible with the BCM32000X-Panded 
and the BCM32000-Solitaire. Similarly, the 
SLC@ Series 5 carrier system will also provide 
an integrated 32-kb/s ADPCM capability for 
loop applications. 

AT&T also offers services based on 
the 32-kb/s standard. The M44 service 



function18 of the AccunetO T1.5 digital service 
provides for compressing either access or inter- 
office DS1 facilities. This interface is available 
for international services as well and was just 
recently used for the first time on trans-Atlan- 
tic facilities in conjunction with the 
international EPSCS (enhanced private 
switched communication service) offering. 

Summary 

opment of 32-kb/s ADPCM standards. AT&T 
was instrumental in the development of the 
algorithm, performed much of the evaluative 
testing, and participated strongly in the stan- 
dards arena. AT&T continues to be actively 
involved in industry forums in an effort to 
establish deployment constraints agreed to by 
the telephone industry and thereby maintain 
the quality of network services for our 
customers. 

AT&T played a major role in the devel- 
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