ABSTRACT

The International Telecommunications Union (ITU) has recently standardized three speech coders which are applicable to low-bit-rate
multimedia communications. ITU Rec. G.729 8 kb/s CS-ACELP has a 15 ms algorithmic codec delay and provides network-quality speech.
It was originally designed for wireless applications, but is applicable to multimedia communications as well. Annex A of Rec. G.729 is a

reduced-complexity version of the CS-ACELP coder. It was designed explicitly for simultaneous voice and data applications that are
prevalent in low-bit-rate multimedia communications. These two coders use the same bitstream format and can interoperate. The TU

Rec. G.723.1 6.3 and 5.3 kb/s speech coder for multimedia communications was designed originally for low-bit-rate videophones. Its

frame size of 30 ms and one-way algorithmic codec delay of 37.5 ms allow for a further reduction in bit rate compared to the G.729-
coder. In applications where low delay is important, the delay of G.723.1 may be too large. However, if the delay is acceptable, G.723.1
provides a lower-complexity alternative to G.729 at the expense of a slight degradation in quality. This article describes the attributes of

speech coders such as bit rate, complexity, delay, and quality. Then it discusses the basic concepts of the three new ITU coders by
comparing their specific attributes. The second part of this article describes the standardization process for each of these coders.
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peech coding refers to the process of reducing the bit

rate of digital speech representations for transmission
or storage, while maintaining a speech quality that is accept-
able for. the application. Multimedia refers to having a variety
of media presented either simultaneously or sequentially.
Thus, speech coding for multimedia automatically implies that
the speech-coding bitstream will be sharing the communica-
tion channel with other signals. Some of the applications for
such a speech coder include simultaneous voice and video, as
in either a videophone or a stored video presentation, digital
simultaneous voice and data (DSVD), where the data might
be shared files which two or more parties are discussing or
creating, or simultaneous voice and fax, in which a copy of a
document is transmitted from one party to one or several oth-
ers, Given this large number of applications, it might be diffi-
cult to select an appropriate speech coder. Although it would
be convenient to have a “one size fits all” type of speech
coder, it is often more economical to tailor the coder to the
application. For example, sometimes the dominant factor is
cost, sometimes quality.

An enormous number of new speech coders have recently
been standardized. In the 1995-1996 time period three new
international standards (International Telecommunications
Union — ITU — G.729, G.729A, and G.723.1) and three new
regional standards (enhanced full-rate coders for European
and North American mobile systems) emerged. As a result,
making an appropriate choice can be difficult. In addition, the
reader might ask what the reason is for this abundance of
coders. In the remainder of this article we will try to provide
better insight into these matters.

We start this article with a discussion of coder attributes.
These attributes can be used to make trade-offs during a coder
selection process. This section is followed by a short descrip-
tion of three new international (ITU) standards. We briefly
review the coding paradigm common to all these coders.

A large section of this article will discuss the history of the
standardization process for these coders. Not only will this
provide a better understanding of why so many standards
exist; it will also provide better insight in how the specification
came about and how it should be interpreted.

SPEECH CODER ATTRIBUTES

peech quality as produced by a speech coder is a function

of bit rate, complexity, delay, and bandwidth. Hence, when
considering speech coders it is important to review all these
attributes. It is important to realize that there is a strong
interaction between all these attributes and that they can be
traded off against each other. For example, low-bit-rate
coders tend to have more delay than higher-bit-rate coders.
They may also require higher complexity to implement and
often have lower quality than the higher-bit-rate coders. In
the remainder of this article we limit ourselves to telephone
bandwidth speech (200-3400 Hz) sampled at 8 kHz. Addition-
al factors that influence the selection of a given speech coder

. are availability and licensing conditions, or it could be the way

the standard is specified. Some standards are only described
as an algorithmic description, while others are defined by bit-
exact American National Standards Institute ANSI-C code.

Bir RATE

Bit rate is the simplest attribute to understand, but is less
stralghtforward than one mlght imagine. Since the speech
coder is sharing the v ' “th other data,
the peak bit rate shc o as not to use
a disproportionate share of the channel Most speech coders
operate at a fixed bit rate regardless of the input signal char-
acteristics. Since multimedia speech coders share the channel
with other forms of data, it is better to make the coder vari-
able-rate. For simultaneous voice and data applications, a
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good compromise is to create a silence compression
scheme as part of the coding standard. A common
solution is to use a fixed rate for active speech and a
low rate for background noise. :

Silence compression consists of two main algo-
rithms. The first is a voice activity detector (VAD),
which determines if the input signal is speech or
some sort of background noise. If the signal is
declared speech, it is coded at the full fixed bit rate.
If the signal is declared noise, it is coded at a lower
bit rate. Sometimes no bits are transmitted at all. The
second algorithm, comfort noise generation (CNG),
is invoked at the receiver to reconstruct the main
characteristics of the background noise. (The name
“comfort noise” is used because listeners prefer low-
level noise to dead silence.) Obviously, the perfor-
mance of the VAD is critical to the overall speech
quality. If speech is declared too often, the potential
gains of silence compression are not realized. Howev-
er, for loud background noises it may be difficult to
distinguish between speech and noise. If the VAD
fails to recognize the onset of speech, the beginning
of the speech may be cut off. This is referred to as
front-end clipping 'and seriously impairs the intelligi-
bility of the coded speech. The comfort noise genera-
tion scheme must be designed in such a way that the
encoder and decoder stay synchronized, even if there
are no bits transmitted during some interval. This
allows for smooth transitions between -active and nonactive
speech intervals.

DELAY

The delay of a speech coding system usually consists of three
major components. Most low-bit-rate speech coders process a
frame of speech data at a time. The speech parameters are
" updated and transmitted for every frame. In addition, to ana-
lyze the data properly it is sometimes necessary to analyze
data beyond the frame boundary. This is referred to as look-
ahead. Hence, before the speech can be analyzed it is neces-
sary to buffer a frame (plus look-ahead) worth of data. The
resulting delay is referred to as algorithmic delay. This is the
only delay component that cannot be reduced by changing the
implementation; all other delay components depend on the
implementation. Since they are unavoidable for practical sys-

tems, they need to be considered when analyzing the delay

budget.

The second major contribution comes from the time it
takes the encoder to analyze the speech and the decoder to
reconstruct the speech. This is referred to as processing delay.
It depends on the speed of the hardware used to implement
the coder. The sum of the algorithmic and processing delays is
called the one-way codec delay. ,

The third component is the communication delay, which is
the time it takes for an entire frame of data to be transmitted
from the encoder to the decoder. The total of these three
delays is the one-way system delay. Maximum values of 400 ms
for the one-way system delay can be tolerated if there are no
echoes. However, new testing methodologies revealed that for
ease of communication it is preferable if the one-way delay is
below 200 ms. If there are echoes, the maximum tolerable
one-way delay is only 25 ms! Hence, the use of echa cancella-
tion devices is often necessary.

In many applications, such as teleconferencing, it is neces-
sary to bridge several callers so that each person can hear all
the others. For speech coders, this means decoding each bit-
stream, summing the decoded signals, and then re-encoding
the sum signal. This process not only doubles the delay, it also
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W Figure 1. Quality comparisons of different standard coders. This is the
performance for speech without background noise and without channel
errors. Global System for Mobile Telecommunications (GSM), JDC, and
ISXX are regional cellular standards in Europe, Japan, and North Ameri-
ca, respectively. FS is a U.S. federal standard, and G.XXX are ITU stan-
dards. This figure is based on results from a number of subjective tests. It
is presented to give approximate comparisons of relative quality. To the
authors’ knowledge, no single test has included all these coders.

8
_ Bitrate(kb/s)

reduces the speech quality due to the multiple encodings. In a
bridged system the maximum tolerable one-way delay is 100
ms because the bridging will double the one-way system delay
to 200 ms.

COMPLEXITY

Speech coders are often implemented on (or share) special-
purpose hardware, such as digital signal processor (DSP)
chips. Their attributes can be described as computing speed in
millions of instructions per second (MIPS), random access
memory (RAM), and read only memory (ROM). In creating a
speech coder for any application, the system designer must
make a choice about how much of these resources to allocate
to the speech coder. Currently speech coders requiring less
than 15 MIPS are thought of as low-complexity; those requir-
ing 30 MIPS or more are considered high-complexity. Having
to put more RAM and ROM on a chip results in a more
expensive chip (greater chip size means lower yield).

From the system designer’s point of view, more complexi-
ty results in higher costs and greater power usage; for portable
applications, greater power usage means reduced time
between battery recharges or using larger batteries, which
means more expense and weight. Thus, complexity is an
important factor. At the same time, it is reasonable to view the
speech coder’s share of the power and expense budget of the
overall system of which it is to be a part. If that share is
small (on the order of 10 percent), picking the best-quality
coder for a given bit rate probably makes the best sense,
since the difference in cost or power is unlikely to increase
the percentage greatly. If the share is large, much more con-
sideration must be given. '

QUALITY
Of the four attributes, quality has the most dimensions. One
of the most important is how well the coded speech sounds
for ideal conditions (clean speech, no transmission errors,
only one encoding). Figure 1 shows a typical picture which
relates the performance of various standard coders. This pic-
ture represents the quality for a single encoding using speech
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i Figure 2. Block diagram of LPAS coder.

without background noise. Note that in the real world these
ideal conditions are often not met. For many applications
there are large amounts of background noise (car noise,
street noise, office noises like typing or phones ringing, air
conditioning noise, music in the background, etc.). How well
does the coder perform under these adverse conditions?
What happens when there are channel errors during trans-
mission? These errors could be individual bit errors or the
loss of entire frames. Are the errors detected or undetected?
If undetected, the coder must perform even more robustly
than when it is informed that entire frames are in error.
How good does the coder sound when the speéch is encoded
and decoded twice, as in a bridging application? How well
does it sound when tandemed with another standard speech
coder that is likely to be in use for a given application? How
well does the speech sound for a wide variety of speakers,
including those with high or low pitch? What about two
spcakers talking at the same time? What about speech in
other languages?

All of these are questions the standards bodies try to
answer during the testing phase. The goal is to characterize
the coder so that its performance is well known for its intend-
ed applications. The level of performance for some of these
questions may be critical to the coder’s intended application,
in which case the standards body is likely to set requirements
for those questions. In other cases there is a desired goal, but
reachmg it'is not essential; thus, the intended performance
level is an objective rather than a requirement.’

LINEAR PREDICTION ANALYSIS |
BY-SYNTHESIS CODING

Almost all recent international and regional speech coding

- standards belong to a-class of linear prediction-analysis-by-

synthesis (LPAS) coders. This class of.codérs includes

ITU Recommendations G.723.1,. G.728, and G.729

and all the current digital cellular standards in:

¢ Burope: Global System for Mobile Telecommumcatlons
(GSM), full-rate, half-rate, and enhanced full-rate. -

» North America: full-rate and enhanced full-rate for time-
division multiple access (TDMA).and code-division mul- -
tiple access (CDMA) systems

¢ Japan: full-rate and half-rate

¢ Federal Standard 1016: a 4.8 kb/s speech coder for secure .
telephony

This section gives a brief description of what is in an LPAS

coder and some of the details on what dlstmgulshes G.729

and G.723.1.

The decoded speech is produced by filtering the 51gnal pro-
duced by the excitation generator through both-a long-term
(LT) predictor synthesis filter and a short-term (ST) predictor
synthesis filter. The excitation signal is found by minimizing
the mean-squared error over a block of samples. The error
signal is the difference between the original and decoded sig-
nal. It is weighted by filtering it through a weighting filter.
Both short- and long-term predictors are adapted over-time.
Since the analysis procedure (encoder) includes the synthesis
procedure (decoder), the description. of the encoder defines
the decoder. The short-term synthesis filter models the short-
term correlations (spectral envelope) in the speech signal.
This is an all-pole filter with an order between 8 and 16. The
predictor coefficients are determined from the speech signal
using linear prediction (LP) techniques as described. in [1].
The coefficients of the short-term predictor are adapted in
time, with rates varying from 30 ‘to as high as 400 times/s: )

The long-term predictor filter models the long-term corre=
lations (spectral fine structure) in the speech signal..Its -
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parameters are a delay and a gain coefficient. For periodic -

signals, the delay corresponds to the pitch period (or possibly
an integral number of pitch periods). The delay is random for
nonperiodic signals. Typically, the long-term predictor coeffi-
cients are adapted at rates varying from 100 to 200 times/s.

A commonly used alternative structure for the pitch filter
is the adaptive codebook. In this approach, the long-term syn-
thesis filter is replaced by a codebook that contains the previ-
ous excitation at different delays. The resulting vectors are
searched, and the one that provides the best match is selected.
In addition, an optimal scaling factor can be determined for
the selected vector. This representation simplifies the determi-
nation of the excitation for delays smaller than the length of
the excitation frames.

To achieve a low overall bit rate, the average number of
bits per sample for each frame of excitation samples has to be
small. The multipulse excitation coder [3] represents the excita-
tion as a sequence of pulses located at nonuniformly spaced
intervals. The excitation analysis procedure has to determine
both amplitudes and positions of the pulses. Finding these
parameters all at once is a difficult problem and simpler pro-
cedures, such as determining locations and amplitudes one
pulse at a time, are used. The number of pulses required for
an acceptable speech quality varies from 4-6 pulses/5 ms. For
each pulse, both amplitude and location have to be transmit-
ted, requiring about 7-8 b/pulse.

Code-excited linear predictive (CELP) coders [4], which
are the most common realization of the LPAS paradigm, use
another approach to reduce the number of bits per sample.
Here, both encoder and decoder store the same collection of
C possible sequences of length L in a codebook. The excita-
tion for each frame is described completely by the index to an
appropriate vector in the codebook. In the configuration of
Fig. 2, this index is found by an exhaustive search over all pos-
sible codebook vectors, selecting the one that produces the
smallest error between the original and decoded signals. To
simplify the search it is common to use a gain-shape codebook
in which the gain is searched and quantized separately. The
index requires (log,C)/L bits/sample (e.g., 0.2-2 bits/sample),
and the gain requires 2 to 5 bits for each codebook vector.
Further simplifications can be obtained by populating the
codebook vectors with a multipulse structure. By using only a
few nonzero unit pulses in each codebook vector, efficient
search procedures can be derived. This partitioning of the
excitation space is known as an algebraic codebook, so the
excitation method is known as algebraic codebook-excited lin-
ear prediction (ACELP) [5].

ERROR WEIGHTING FILTER

In the paradigm shown in Fig. 2, the coder parameters are
selected such that the error energy between the reference
and reconstructed signal is minimized. Minimizing a mean-
squared error results in a quantization noise that tends
toward having equal energy at all frequencies of the input
signal. By using the properties of the human auditory sys-
‘tem, one can try to reduce the perceived amount of noise.
Frequency-masking experiments have shown that greater
amounts of quantization noise are undetectable by the audi-
tory system in the frequency bands where the speech signal
has high energy [2]. To make use of this masking effect, the
quantization noise has to be properly distributed among the
different frequency bands. Spectral shaping of the noise can
be achieved by minimizing a weighted error in the block
diagram of Fig. 2. To shape the noise as a function of the
spectral peaks in the speech signal, it makes sense to derive
the error-weighting filter from the short-term predictor fil-
ter. In most speech coders, this filter is indeed derived from

M Table 1. Comparison of coder parameters for the three new
ITU Recommendations.

the LP filter coefficients. Noise shaping increases the mean
squared error between the original and reconstructed
speech, resulting in a reduction in segmental signal-to-noise
ratio (SNR). ,

ADAPTIVE POSTFILTER

Despite the error-weighting filter, it is not always possible to
mask the noise in speech caused by the quantization of the
excitation signal. Especially in the low-energy frequency
regions, this quantization noise can dominate the speech sig-
nal. Using a separate post-processing technique after recon-
struction by the decoder, the perceived noise can be further
reduced. This operation, referred to as postfiltering, trades off
spectral distortion in the speech versus suppression of the
quantization noise by emphasizing the spectral peaks and
attenuating the spectral valleys.

To have more flexibility in the shape of the postfilter, it is
generally implemented as a combination short-term/long-term
filter. The short-term postfilter modifies the spectral enve-
lope. This spectral envelope is usually based on the transmit-
ted short-term predictor coefficients, but can also be derived
from the reconstructed signal. The parameters for the long-
term postfilter are either derived from the transmitted long-
term predictor coefficients or computed from the
reconstructed speech.

COMPARISON BETWEEN G.729 AND G.723.1

Table 1 shows the different parameters of each coder. The
principal difference between the G.729 and G.723.1 excita-
tion signals is their partitioning of the excitation space. Both
assume that all pulses have the same amplitudes and that the
sign information will be transmitted. G.729 has excitation
frames of 5 ms and allows four pulses to be selected. The 40-
sample frame is partitioned into four subsets. (The first
three subsets have eight possible locations for pulses, the
fourth has 16.) One pulse must be chosen from each subset.
This is referred to as an algebraic codebook, and the excita-
tion method is ACELP [5]. G.723.1 has excitation frames of
7.5 ms, and also uses a four-pulse ACELP excitation code-
book for the 5.3 kb/s mode. For the 6.3 kb/s rate, the frame
positions are grouped into even-numbered and odd-num-
bered subsets. A sequential multipulse search is used for a
fixed number of pulses from the even subset (either five or
six, depending on whether the frame itself is odd- or even-
numbered). A similar search is repeated for the odd-num-
bered subset; then the set resulting in the lowest total
distortion is selected for the excitation. This is known as
multipulse excitation with a maximum likelihood quantizer
(MP-MLQ). :

At the decoder, the LPC information, adaptive codebook
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information, and fixed codebook information are demulti-
plexed and then used to reconstruct the output signal. An
adaptive postfilter is used to reduce the perceptible noise. For
G.723.1, the long-term postfilter is applied to the excitation
signal before passing it through the LPC synthesis filter and
the short-term postfilter.

The DSVD version of G.729 (G.729A) is bitstream-com-
patible with G.729. This means that a signal analyzed with
the DSVD coder can be reconstructed with the G.729
decoder, and vice versa. The dominant complexity reduc-
tion in the DSVD was obtained by simplifying the code-
book search for both the fixed and adaptive codebooks; in
addition, the postfilter has been simplified. In all, the com-
plexity is reduced by about 50 percent, at the expense of a
slight degradation in performance for some operating con-
ditions.

A HISTORY OF THE THREE NEW
ITU-T STANDARDS

In this section we give a historical overview of the standard-
ization process for the three ITU coders. We start with a
description of how the requirements are set. This is illustrated
by the specifics for each of the speech coder attrlbutes bit
rate, delay, complexity, and quality.

; When a speech coder is reqmred to match a certain level of sub]ec-

- producing meamngful results, whrle other newer methods are Stlll
+being studied. T

pomt scale is used to represent the quahty ratmgs, such as
| * exeellent 5) .

ot pgood )

e R B

_* poor Sy
«bad (1).

The latter is referred to as modulated noise reference units

. (expressed.in dB SNR and MOS scores). Once this curve is
obtained, alt other MOS results can be expressed in equlvalent
MNRU SNR or dBO values,

In determining whether ong condition ina test is better or

- worse than another; it is necessary to do a statistical analysis fo.

determine it MOS dlfﬁerences arc significant. A commonly used

procedure is Tukey's ISD which groups coders into statlstlcaﬂy .

. equivalent performance groups,

The ACR test works well when the votes are spread over the
‘ entrre range of responses However, if the input srgnal quahty s

_ cant differences among any coders in ! the testif they all receive low
scores. One type of test that SOEG has used for this test scenario is
the degradatzon category rating (DCR) test, in Wthh the Ilsteners :

o SUBJECTIVE TESTING OF SPEECH QUALITY

_sion second. They ate asked to rate how much degradation they .
- testmg Within SG12 several methodologles have been accepted as

The most frequently used test is the absolute category mtmg o
(ACR) test. Subjects listen to about 8-10 s of speech material and

* Mildly annoying (3)
ate asked to rate the quality of what they heard. Usually a five- . ,

_* Annoying (2)

By assrgnmg the corresponding numerical values to each ratmg, -

2 mean opinion score (MOS) can be computed for each coder by

- aver S, . seven-point scale; three of the points suggest it sounds better than
selection of material; that is, there should be an equal number of
male and female utterances, and the quality of the test material
should cover the range of possible quality ratings so that listeners
kw1ll use all categories in their voting, This is often done by incorpo-

" rating well-established anchor conditions, such as other standard

~ coders or the soutce material corrupted by speech-correlated noise.

. (MNRUs), and can be used as a means to normalize scores. This is
- done by a curve fitting procedure between MNRU conditions

SETTING REQUIREMENTS

In most standardization procedures, it is common to specify
the requirements using the Terms of Reference (ToR). This
document not only contains a schedule, but also specifies the
performance requirements and objectives. Besides the quality,
it also specifies the other coder attributes such as bit rate,
delay, and complexity.

BIT RATE

For G.729, the ToR requirement was that the speech coder
should operate at 8 kb/s. This rate was selected in part
because it fit the range of first-generation digital cellular stan-
dards, from 6.7 kb/s in Japan to 7.95 kb/s in the United States
to 13 kb/s in Europe. In addition, it was a natural division by
two of speech coder bit rates already planned or standardized
by the ITU (64, 32, and 16). For G.723.1, the ToR require-
ment was that the speech coder should operate below 9.6 kb/s.
As it turned out, all the coders tested ranged between 5.0 and
6.8 kb/s. In the later development of G.723.1, a second lower
rate was added for flexibility. For the DSVD coder, the ToR
requirements for bit rate were derived from the amount of
speech data that could be carried over a 14.4 kb/s modem.
The bit rates of the five candidate coders submitted for this
standard were all near § kb/s. None of the three coders had a
silence compression scheme as part of the main body of the
recommendation. Subsequent work created silence compres-

hear the ongmal passage first and then the processed (coded) Ver-

heard in the second stimuli cempared with the flrst Possible ratmgs
are :

* No perceptlble distortion 5

* Perceptible but not annoying (4)

¢ Very annoying (1)

. A degradation mean opinion score (DMOS) can be computed

from the ratings using the numbers in parenthesis. However, the

DCR test has not achreved as much kakcceptance as the ACR test
A newer test is the comparatlve category ratmg test (CCR) in

which the listener hears the original and the processed speech in a

random order. They are asked to rate the second condition ona

the first condition, and thres stiggest it sounds worse; they can also.
be rated equal. A comparison mean opinion score (CMOS) can be
computed by normalizing the scores with reference to the unpro-.
cessed original, This test was used for the first time in the G.729
characterization phase testing. Like the DCR test, it appears to be
very sensitive to small differences between stimuli.

One comparlson that is difficult to make 1s between different

coders on different tests. Even when each test used similar anchors
_ and the scores are normalized. it is still difficult to make reliable

compansons between coders that were not included in both tests.
When a coder is determined to give robust performance under
many different input and channel conditions, it is considered to be

toll= or wircline-quality. A good definition would be that either any

differences between the performance of 32 kb/s G.726 ADPCM
quality coder | is better. Thus, the toll-quality designation was not.
applied to G.723.1 or the DSVD coder because they were not wide-
1y enough tested. However, G.729 was wrdely tested and did meet

~ this statistical definition for all conditionsusing ACR testing. This -

is also trite of 16 kb/s G.728 and 32 kb/s G727 Nevertheless, it
should be kept in mind that all these tests reflectonly a limited
‘aspect of normal everyday usage, and especlally for lower-bit-rate
coders (8 kb/s and below}) the user expericnce mrght not be as

 favorable as wrth high-bit-rate coders.
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Parameter

sion schemes for both G.723.1 and
G.729, which are included as annex-
es to each recommendation.

DELAY

Delay is a major differentiation
between G.723.1 and G.729. The
ToR requirement for delay for
G.729 was discussed for over a year.
Initially it was a maximum one-way
codec delay of 10 ms. Later, the
frame size was allowed to grow to
16 ms. Ultimately, at the request of
the Speech Quality Experts Group
(SQEG) (see sidebar), the frame-"
size was specified to be 10 ms.
G.729 has a 5 ms look-ahead.
Assuming 10 ms processing delay
and 10 ms transmission delay, the
one-way system delay of G.729 is
35 ms.

The prmmpal dpphcatlon of
(.723.1 is low-bit-rate videophones,
which typically operate at 5
frames/s or fewer. This rate equates
to a video frame period of 200 ms.
The Experts Group felt that a one-
way delay of 100 ms for the speech
coder was needed so that if bridg-
ing were used, the one-way delay
would only increase to 200 ms. Workmg backwards from the
100 ms value, a maximum frame size of 32 ms was set. The
final version of G.723.1 has a look-ahead of 7.5 s, making
the one-way system delay 97.5 ms.

In deliberating on the delay requirements for a DSVD
coder, Study Group 14 (SG14) was cognizant of the delay

inherent in' V.34 modems. These modems often have one-way

delays greater than 35 ms. If bridging were used, the modem
delay would be greater than 70 ms. In rejecting G.723.1 for
use with simultaneous voice and data applications, SG14 was
well aware that the combined one-way delay for a single
encoding could be 135 ms or greater using G.723.1. SG14 and
SG15 agreed on a one-way codec delay maximum of 40 ms.

COMPLEXITY

In formulating the requirements for G.729, the trade-offs dis-
. cussed all involved delay and complexity. As indicated above,
the I'TU — Radiocommunications Standards Sector (ITU-R)
was concerned about creating a coder that would be too com-
plex with too high a delay. Ultimately, they accepted a delay
target that allowed a significant reduction in complexity com-
pared with the G.728 coder. The MIPS are reduced to around
17. However, the amount of RAM required is 3000 words, 50
percent more than G.728. Much of this extra memory usage is
due to the use of larger frames.
(G.723.1 is of lower complexity than G.729 (14.6 at 5.3 kb/s
" and 16 at 6.3 kb/s), and uses 2200 words of RAM. However,
even this complexity was considered a little too high by SG14.
Their requirements for the DSVD coder were 10 MIPS, 2000
words of RAM, and 10,000 words of ROM.

QuALITY
Table 2 is the list of performance requirements and objec-
tives for the coder that became G.729. This table does not
include requirements unrelated to speech quality, such as bit
rate, delay, and complexity, which are also discussed in the
ToR. The first requirement is that for error-free conditions,

W Table 2. Speech quality performance requirements and objectives for G.729.

a single encoding should be rated not worse than 32 kb/s
G.726. In separate testing of G.729, G.723.1, and the DSVD
version of G.729, all three coders met this requirement. The
difficult part was measuring performance for the various
background noise conditions. Both the initial coders submit-
ted for G.729 failed some or all these conditions because the
coded noise sounds different from the original. In degrada-

“tion category rating (DCR) tests, subjects seem to equate

different with worse. As a result, G.729 received lower
scores than G.726 for, DCR testing. However, if absolute cat-
egory rating (ACR) tests were performed, the MOS scores
of G.729 were never significantly worse than G.726 and were
sometimes better. The testing of G.723.1 and G.729A was
less extensive. The second requirement concerned speech
quality with noisy channels. For 10-3 random bit error rate,
the speech quality should again be no worse than G.726°
under similar conditions. The requirement for frame ¢rasure
conditions was more difficult to determine. Ultimately the
coder was tested with 1, 3, and 5 percent random -and bursty
frame erasures. The requirement was that the 3 percent case
for both randoin and bursty conditions should be no worse
than the MOS score of G.726 minus 0.5 points. This was still
a difficult requirement to test, since the score for 3 percent
frame erasures is greatly influenced by other conditions
under test. Ultimately G.729 passed all these conditions.
(G.723.1 was not tested for random bit errors because this
condition is unlikely to occur for high-speed modems; burst
errors are more likely to occur, so G.723.1 was tested for 3
percent random burst errors and met this requirement. The
same was also true of the DSVD version of G.729. The third
set of requirements are concerned with speech that is input
at 10 dB either higher or lower than the nominal input level.
All three coders were tested for this condition and passed.
To measure the fourth requirement, a large number of

- speakers are needed, including children as well as adults.

G.729 was tested in four different languages with at least
eight speakers in each language. G.723.1 and G.729A were
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B Table 3. Schedule of standardization activities for low-bit-rate
. speech coders.

not tested as extensively. All coders met the requirement for
the testing that was done.

All three coders pass music signals, but the quality of the
music is poor. The reason for this is that LPAS coders rely
oit pitch prediction to achieve high coding efficiency. Most
music signals lack a pitch structure, and all the coding bur-
den has to be carried by the excitation and low-order LP
predictor.

The next requirement concerns tandeming, with itself or
other standard coders. In the cases of G.723.1 and the DSVD
version of G.729, tandeming with other standards was not an
issue. The requirement for self-tandeming is that two encod-
ings should produce distortion no worse than four encodings
with 32 kb/s G.726. All the coders meet this reqiiirement.

"Only G.729 was tested in tandem with other coders. There
were no requirements for tanclemmg with regional digital cel-
lular standards. Idle channel noise and signaling tone tests
were done for G.729. Only limited testing for dual tone multi-
frequency (DTMF) tones was done for G.723.1, and no tone
tests were done for G.729A. ;

The overall performance of the three coders was s1m1lar It
seemed that the G.723.1 and G.729A coders were slightly less
robust for background noises and tandem conditions. Their
performance for clean speech and general robustness are suf-
ficient that the ITU sees fit to recommend them for use in
simultaneous voice and data applications, such as low-bit-rate
multimedia communications.

SCHEDULE

The ITU creates recommendations only because there is a
need. The standard-making effort attempts.to create a rec-
ommendation that will meét the requirements of the need.
In this way performance requirements are determined.
Depending on the urgency of the need, the schedule may be
either short or long. If we review these three schedules, it
seems that we can divide the process into three main parts:
time spent determining the requirements and objectives
(which is culminated by the completion of the ToR), time
spent on submissions and testing (which is culminated by the
selection of the coder), and time spent drafting the recom-
mendation and following the procedures of the ITU required
for ratification. Table 3 summarizes these times in months.
The 10 months spent on G.723.1 is probably a reasonable
time period. Urgent, highly focused requests such as DSVD
can be handled more quickly, but will still-depend on the
date of the next SG15 meeting for formal approval. Under

ideal conditions, a complete lesti‘ng process such as that used

for G.729 could probably be completed in 24 months
between the completion of the ToR and the selection of the
proposed coder. Smaller testing efforts can be accommodat-
ed in less time. Also, softwake testing of coders reduces the
time nieeded for the proponents to prépare their coders and
for the host laboratory to set up equipment. The amount: of
time spent on the final portion of the process depends.on
the schedule of meetmgs for SG15. Two full Study Grotp
meetings are required, one to put the recommendation for-
ward for determination and the second to put it forward for
décision (balloting): For Annex A of G.729 (the DSVD
coder), the two meetlngs aré closer together (6 months
rather than 9). This is just the luck of the calendar. This
analysis suggests that from finalization of the ToR to putting.
the recommendation forward for ballot can take as short as
15 months for a derivative standard 1o as long as three years
for the most-ideal conditions and feur or more years for two
recent examples (G 728 and G.729).

CONCLUSION

The tremendous growth of multimedia communications has
inereased the-demand for speech coders. The availability
of new-generation ‘speech coders capable of providing:toll-

-quality speech at bit rates between 6.3 and 8 kb/s allows tallor-

ing the coder to the application. .

Each of the three new ITU Recommendatlons G729,
G.729 Apnex A for DSVD; and G. 723.1 has the potential to
become the principal bearer of speech on the Internet and
other networks. All three are low enough in complexity:to be’
executed on a host processor; such:as a PC, orimplemented
as part of a modem chip. When this happens and the coder
becomes ubiquitous, it will enable speech tobecome another
form of data available via electronic access. The number of
potential applications is myriad, as are the economic possibili-
ties arising from them. It is fun to speculate on which applica-
tions will eventually become the: most W1dely used and most
profitable.

However, the speech coder Wlll have become a commodlty
item: Does that mean there will be no need for future coding
standards? By ne means: Anyone who has heard telephone
bandwidth speech-compared to'live conversation knows that
much of the richness and presence of the speaker is removed
by the bandpass filtering. The ITU:is already working on a
next-generation low-bit rate, low-complexity, 7 kHz bandwidth-
speech coder. That is one way to improve quality further. Why
stop at speech signals? As part of MPEG-4, ISO.is standardiz-
ing 4 family of audio coders that'will span the range from
telephone bandwidth at-2 kb/s to-CD-quality audio and
beyond at rates up to 128 kb/s. Inspite of the bandwidth
explosion, it seems that the number of signals people would
like to hear, see, or access'is growing even more rapidly.
Speech and audlo compression will have a futdre as l1vely as
their past. ,
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[1]1 A. Gersho, “Advances in Speech and Audio Compression,” Proc. IEEE,
vol. 82, June 1994 pp. 900-18.

[2] A.'S. Spanias, "Speech Coding: A Tutorial Review,” ‘ Proc. IEEE, vol. 82,
no. 10, , Oct. 1994, pp. 1541-82.

[3] W. B. Kleijn and K. K. Paliwal (Eds.), Speech Codmg and Synthesis, Elsevi-
er, 1995

BIOGRAPHIES

RicHARD V. Cox[F] received the B.S. degree from Rutgers University, and the
M.A. and Ph.D. from Princeton University, all in electrical engineering. He
joined Bell Laboratories in 1979 and has worked in various aspects of
speech and audio coding, speech privacy, digital signal -processing, com-
bined speech and channel coding for noisy channels, and real-time signal
processing implementations. He has been active in the creation of speech
coding standards for digital cellular telephony and the toll network. From
1993 10995 he served as editor of Recommendation G.723.1. In 1987 he
was appointed supervisor of the Digital Principles Research Group and in
1992 he was-appointed head of the Speech Coding Research Department.
In AT&T Laboratories Research he is currently division manager of the
Speech.Processing Software and Technology Research Department with
responsibility for spéech and audio coding, text-to-speech synthesis, and
human hearing research. Dr. Cox is active in the IEEE Signal Processing Soci-
ety. He is a past chairman of the Speech Technical Committee, served on
the AdCom and Board of Goveérnors for six years and as Treasurer/Vice Pre5|-
dent Fma‘\ce He is currently Vice President-Elect for Publlcatxons

PETER KROON [F] received the M.S. and Ph.D. degrees in electrical engineering
from Delft University of Technology, Delft, The Netherlands. His Ph.D. work
focused on time-domain technigues for toll-quality speech coding at rates
below 16 kb/s. The regular-pulse excitation coding technique described in
his thesis forms the basis of the current GSM cellular system. In 1986 he
joined AT&T Bell Laboratories, Murray Hill, New Jersey, where he has beén
working on a variety of speech coding applications, including the definition
of the 4.8 kb/s secure voice standard FS1016. For the last two years he has
been involved in the design and definition of the new ITU-T 8 kb/s speech
coding standard G.729. His current research activities are concentrated on
high-quality speech coding algorithms suitable for second-generation digital
celtular systems and applications such as voice store-and-forward systems.
Dr. Kroon received the 1989 |IEEE SP Award for authors under 30 years old
for his paper on regular pulse coding. He just finished a four-year term as a
member of the IEEE SP Soqety Speech Technical Committee and the |EEE SP
Conference Board .

IEEE Communications Magazine * December 1996

Imuacr

Show the world what you've got. At The MITRE Corporation, our success
results from innovative minds in constant motion. Influencing technology. And
ultimately, some of the world's most dynamic corporations. We're seeking indi-
viduals for the following. positions who have the drive to make their presence
fknown, Positions located in Bedford, MA, McLean, VA and Eatontown, NJ.

Networkmg and Distributed System Engineers with skills
in UNIX, Windows NT, ATM, TCP/IP, X. 400/500. CORBA
HTML/JAVA and RDBMS to:
* Develop advanced application prototypes
¢ Integrate COTS application
 Analyze and develop wireless network systems
* Integrate client/server systems in distributed environments
* Focus research on'next generation digital libraries
* Integrate TCP/IP protocols and mobile wireless communications
* Develop advanced concepts for next generation IP compatible
mobile communications

Software Systems Engineers with expertise in Ada, C, C++
and UNIX: :
® Perform analysis and evaluation related to specification, design,
development and test
¢ Develop software using OOA, OOP techniques
¢ Integrate COTS software, including CORBA
* Participate research on reuse, reengineering, and adaptive architectures

Information Systems Engineers with skills in HTML, CGI
scripts, UNIX, Windows NT:
¢ Develop technology plans and roadmaps
* Support information technology analysis and architecture design
* Data management and infrastructure design and analysis .
* Transition research in networking and broadband information technology
* Develop MTML pages to interface sponsor. simulations

C ications Syst Engineers with skills in digital
design and signal pr ing. RF ti cellular,
SATCOM and wireless communications:
¢ Perform analysis and modeling of communications systems
* Hardware and software. prototyping of communications, UNIX and
DSP boards
* Integrate communications systems
 Support acquisition of communications system, workstation and
COMSEC devices
b Proéurement of submarine communications

Information Security Engineers wnth experience in comput-
er networks, database g t syst and operatmg
systems to:

¢ Analyze security requnrements and develop architectures

* Evaluate emerging technologies

* Assess system vulnerabilities and risk

* Integrate COTS products and security enhancements

Digital Microprocessor Hardware Engineers with experi-
ence in analysis, design and test of radios, data links,
radars and computers to:

* Provide analysis, simulation and prototyping for feasrbmty studies

* Develop proof of concept systems

¢ Perform requirements analysis, specifications, design and test planning

To inquire about. these positions, please forward your resume indicating
position of interest and geographic preference to: The MITRE Corporation,
Corporate Recruitment, Dept. MZ/IEEECOM, 1820 Dolley Madison Blvd.,
Mclean, VA 22102-3481, fax (703) 883-1369. Or e-mail it to
resume@mitre.org. MITRE is proud to be an equal opportunity/affirmative
action employer and is committed to diversity in our workforce. U.S. citi-
zenship is required. For more information regarding The MITRE
Corporation, please see our homepage at: http://www.mitre.org

MITRE

The Only Measure is Excellence.




