
his section of the magazine presents recent algorithms
developed by the ITU to provide high quality coding

beyond traditional narrowband telephony. Speech coders
can be characterized by their bit rate, quality, complexity, and
delay. Typical applications fall into one of two categories,
one-way and two-way. The first includes storage applications
such as telephone answering systems, streaming, multimedia
delivery, and push-to-talk calls. The second includes real-
time communications such as two person phone calls and
conference calls. In this latter category, if the delay is too
large — exceeding 300 ms round-trip — humans have diffi-
culty communicating, while for storage and playback opera-
tions delay is not a factor. The complexity of a speech coder
is one of the main contributing factors to its cost and energy
usage. Complexity is most often measured in terms of mem-
ory usage (both RAM and ROM) and the number of
instructions executed per second. All applications are sensi-
tive to cost, and many are sensitive to energy usage as well.
The desired bit rate is determined by channel capacity or
storage capacity, depending on the application.

For decades the International Telecommunication
Union (ITU) standardized speech coders having “tele-
phone bandwidth,” meaning an audio bandwidth of
300–3400 Hz with a sampling rate of 8 kHz. In the world
of the public switched telephone network, or PSTN, this is
what everyone has become accustomed to hearing on their
telephones, be they wired or wireless. In the analog age
this was the compromise point between the cost of trans-
mission and the need for speech intelligibility. Quality was
measured subjectively as a comparison, for both clean and
noisy background conditions, with the performance of the
first speech coding algorithm, G.711. If the fidelity of a
new coder is judged comparable, it is called “toll quality.”
Each of the subsequent lower-bit-rate algorithms the ITU-
T has approved aimed to achieve this quality for telephone
bandwidth. Today, telephone bandwidth is referred to as
“narrowband” for reasons explained below.

The first extension of the audio bandwidth, standard-
ized about two decades ago, was ITU-T Recommendation

G.722 having 50–7000 Hz bandwidth and a sampling rate
of 16 kHz. This was dubbed “wideband” and was intended
for video teleconference applications. Wideband improves
sound reproduction without reaching the natural quality of
face-to-face conversations or the high quality of profes-
sionally recorded speech. This is why recent coding algo-
rithms have been developed for so-called superwideband
(50–14,000 Hz) and fullband (20–20,000 Hz) to take
advantage of the growth in available digital telecommuni-
cations bandwidth, particularly over the Internet. Nowa-
days, we need no longer be confined to narrowband
communication; as a result, considerable effort has been
expended on more natural teleconferencing for speech as
well as video over Internet Protocol (IP).

One may reasonably ask why there are so many differ-
ent ITU speech coding algorithms. The short answer is
that today’s applications go beyond speech, and different
applications have different requirements. Generally speak-
ing, if a higher bit rate is available, greater quality and
lower delay can be supported. However, when bit rate is at
a premium, different applications have made different
trade-offs between bit rate, quality, complexity, and delay.

Sometimes having a coder with multiple bit rates is
best. In today’s applications, it is useful to have speech and
audio coders that can adapt their bit rates on the fly
according to the available channel capacity so that the best
possible quality can be achieved at that instant in time. It
is also possible to save channel bandwidth by reducing the
coder bit rate during silence periods. In addition, any new
coder requires new interworking equipment to interoper-
ate with legacy coders. The cost of this new equipment can
be considerably reduced if the bitstream of the new coder
includes the bitstream of an earlier coder embedded in it.
An embedded coder is a special kind of multiple bit rate
coder with a bitstream structured into layers. In such a
coder, the encoder generally operates at the highest rate,
but groups of bits (layers) could be discarded by any com-
ponent of the communication chain by simple truncation
of the bitstream to reduce the bit rate. A layered bitstream
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offers higher flexibility and easier adaptation to any service
requirements and interconnected networks/terminals or
any variation in network capacity. An embedded variable
bit rate coder is more succinctly referred to as a scalable
coder. Table 1 is a list of previous ITU-T Recommenda-
tions in order to provide context as to why each new one
was created. Many of these coders have multiple bit rates;
some of them are embedded (or scalable) in bit rates.

G.711 is the basic coder, which some may consider as
embedded because of “bit-robbing” for signaling in older
North American networks. G.727 is an embedded coder
whose adaptation mechanism and quantizer were con-
structed based on the 2 b/sample coder. Additional quanti-
zation levels were positioned between those of this
fundamental quantizer. The encoder always operated at a
high rate, 32 kb/s, but bits could be discarded due to net-
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Table 1. Past ITU-T speech coding recommendations.

ITU-T
number Name Rates (kb/s) Algorithmic

delay (ms) Comments

Narrowband (300–3400 Hz, 8 kHz sampling rate) per sample coders

G.711 Pulse code modulation 64, 56 0.125
Two types of companded PCM, A-law and μ-law, 8 (or 7)
bits/sample

G.726 Adaptive differential pulse
code modulation (ADPCM) 40, 32, 24, 16 0.125

Created for digital circuit multiplex encoding (DCME) to
share channels for multiple conversations on undersea
cables and satellite links; rates can be changed on the fly
according to network congestion; 32 kb/s is toll quality

G.727 ADPCM 40, 32, 24, 16 0.125

Created for packet circuit multiplex encoding to share
channels for multiple conversations on undersea cables
and satellite links; each low rate is embedded in the next
higher rate so that bits can be dropped in case of conges-
tion; 32 kb/s is toll quality

Narrowband (300–3400 Hz, 8 kHz sampling rate) block coders

G.728 Low-delay code excited
linear prediction (LD-CELP)

40, 16, 12.8,
9.6 1.25

Created for DCME applications, 40 kb/s rate added to
accommodate up to 14.4 kb/s modem signals; 16 kb/s is
toll quality

G.729
Conjugate structure alge-
braic codebook excited lin-
ear prediction (CS-ACELP)

11.8, 8, 6.4 15

10 ms block, 5 ms look-ahead, explicit transmission of
spectral and pitch parameters; 8 kb/s is toll quality; multi-
ple applications, particularly for VoIP; 11.8 kb/s rate added
to accommodate richer audio signals than speech (e.g.,
music signals)

G.723.1 Hybrid MPC-MLQ and
ACELP 6.3, 5.3 37.5 Initially designed for PSTN videotelephony, yet primarily

used for VoIP applications; 6.3 kb/s rate is toll quality

Wideband (50–7000 Hz, 16 kHz sampling rate) Coders

G.722 Sub-band ADPCM 48, 56, 64 3

Lower band encoded with 4, 5, or 6 bit ADPCM (each low
rate is embedded in the next higher rate so that bits can
be dropped in case of congestion), upper band encoded
with 2 bit ADPCM; initially designed for audio and video-
conferencing applications, nowadays increasingly used in
wideband telephony services (e.g., VoIP)

G.722.1 Transform coder 24, 32 40
Mainly used in audio and video conferencing applications;
its superwideband extension G.722.1 Annex C provides 14
kHz bandwidth at 24, 32 and 48 kb/s

G.722.2 Adaptive multirate wide-
band (AMR-WB)

6.6, 8.85,
12.65, 14.25,
15.85, 18.25,
19.85, 23.05,
23.85

25.9375

Joint standard with 3GPP (3GPP TS 26.171 and TS 26.190);
speech sampled at 16 kHz and processed at 12.8 kHz;
12.65 kb/s rate considered equal to G.722 at 56 kb/s; high-
er rates provide better quality for adverse background
noise environments
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work congestion to reduce the bit rate to 24 or 16 kb/s.
The lower band of G.722 is a narrowband algorithm. To
convert from wideband to narrowband, the upper 16 kb/s
can be discarded. G.728 was designed for much lower
delay than G.729, but as a result has much higher complex-
ity and therefore cost. Finally, G.723.1 has the most delay
of the ITU-T telephone bandwidth coders and the lowest
bit rate for toll quality performance.

Some of the new coders described in this section of
the magazine reflect similar kinds of trade-offs. We begin
with G.711.1. As its name implies, it is derived from
G.711, which is the most ubiquitous, and oldest, of all the
ITU-T speech coding Recommendations. Specifically, it
extends G.711 to greater quality and audio bandwidth.
G.711 is embedded inside the new coder’s bitstreams of
80 or 96 kb/s.  The additional bit rates were used to
improve narrowband quality and to extend the bandwidth
to wideband, 50–7000 Hz. A common superwideband (14
kHz audio bandwidth, 32 kHz sampling rate) extension of
G.711.1 and G.722 is expected for mid-2010. Work on
G.729.1 actually preceded that of G.711.1 with similar
goals. G.729.1 is an embedded wideband extension of
G.729 (8 kb/s CS-ACELP), the much-used algorithm of
VoIP infrastructures. It can operate at 12 different bit
rates from 32 down to 8 kb/s with wideband quality start-
ing at 14 kb/s while keeping bitstream interoperability
with G.729. Its fine bit rate granularity provides high flex-
ibility to smoothly and finely improve the quality by
increasing the bit rate with best possible network efficien-
cy. G.718 is also an embedded coder, with a wideband
core layer at 8 kb/s and four additional layers that
increase quality for wideband speech and audio. Unlike
G.729.1 and G.711.1, the G.718 core layer is not interop-
erable with any of the widely deployed coders. However,
G.718 incorporates an alternate coding mode, which is
bitstream interoperable with the 12.65 kb/s mode of
G.722.2. A further extension to superwideband and
stereo jointly for both G.729.1 and G.718 is currently
under development.

In contrast, G.719 has a totally new structure that does
not embed any older coder. It has multiple bit rates from
32 up to 128 kb/s, an audio bandwidth of 20–20,000 Hz,
and a sampling rate of 48 kHz. Its low delay and complexi-
ty distinguish it from the majority of existing fullband
audio coders, and make it particularly suitable for conver-
sational applications such as videoconferencing

A word or two should be added about the standardiza-
tion of speech and audio coding in the ITU. The first step
is to identify the terms of reference (ToR), defining the
application space for the new coder (or extension of an
existing coder), the feature and performance requirements
it must meet, and the objectives that are additional non-
mandatory goals to be met in terms of features and perfor-
mance. The requirements and objectives are established by
polling the views of the various interested parties. A
timetable is developed to allow competition where several
phases of testing are planned. For full-blown codec devel-
opment, three testing phases are generally planned: quali-
fication, selection, and characterization. In the qualification
phase, a potential candidate codec is tested against a sub-

set of requirements to ascertain whether it can proceed to
the next step. In the selection phase, the qualified candi-
dates are more extensively evaluated by international labo-
ratories using the subjective methods described below. This
selection phase may be transformed into an
optimization/characterization phase if the qualified candi-
dates agree to collaborate toward a single solution or if
only one candidate passes the qualification phase. The
decision to start the approval process — or consent —
depends on a thorough examination of the performance of
the candidates (quality test results analysis, detailed algo-
rithmic description, complexity figures). The best candi-
date providing the required features and performance is
adopted through ITU-T’s “Alternative Approval Proce-
dure” (AAP) and then formally approved as an ITU-T
Recommendation. After the approval, a characterization
phase may follow to determine the codec performance in
other application scenarios outside the original terms of
reference. Through this phase, ITU-T is able to respond
quickly to customer demands and cope with deployments
that go beyond the originally intended applications. For
instance, packet loss concealment (PLC) procedures were
added to G.711 and G.722 — initially intended for PSTN
and ISDN, respectively — to cope with packet losses over
IP and other packet networks. Other functionalities could
be wider audio bandwidth, stereo rendering capability, per-
formance for specific signals or special languages, and
more.

For narrowband and wideband audio coding, the sub-
jective quality assessment of speech codecs follows the test
methodologies of the ITU-T P.800 series of Recommenda-
tions. For wider audio bandwidths and richer audio signals
(e.g., music), ITU-R testing methodologies such as
BS.1116, BS.1285, and BS.1534 are considered. The choice
of methodology is a function of the signal background,
bandwidth, and so on; in all cases, testing deploys a large
number of native listeners using at least two languages per
experimental design. This ensures that test results reflect
the quality opinion of the average user of the communica-
tion services identified in the ToR for the range of operat-
ing conditions required.

All recent ITU speech and audio codecs are specified
through ANSI-C compilable source code. This serves the
dual purpose of describing the implementation of the algo-
rithm as well as a test model, particularly to verify the
compliance of a given implementation. Since the 1990s,
ITU-T coders come in two flavors, a 16-bit fixed-point
arithmetic implementation suitable for implementation in
digital signal processors, and a floating-point one that can
be efficiently implemented in general-purpose CPUs with
floating-point arithmetic units. All Recommendations
(including C code and test vectors) are freely download-
able from the ITU Web site after their publication. Intel-
lectual property right claims filed with ITU for any of its
Recommendations can be checked online at
http://itu.int/ipr.

In summary, the ITU-T audio/speech codecs portfolio is
quite significant, covering a wide range of audio band-
widths and bit rates, offering different trade-offs to address
various applications with different requirements (quality,
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bit rates, complexity, robustness, delay). Conversational
applications are still the primary applications; yet there has
been an evolution from circuit-switched voice applications
(e.g., PSTN and circuit multiplication equipment) to pack-
et-based multimedia (notably IP).

The holy grail of speech coding is the quest for a single
(“universal”) sound coder suitable for any kind of future
service requirements and interconnected networks that will
provide flexibility in bit rates and bandwidths (full band-
width down to lower bandwidth). Only the future will tell
us whether this goal can be achieved.
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