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RECENT DEVELOPMENTS IN AUDIO CODING TECHNOLOGY
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NTT Human Interface Laboratories
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ABSTRACT

Speech and audio coding technologies are expected to play important roles in future multi-

media services. This paper reviews recent speech and audio coding technologies, focusing on the
PSI-CELP, CS-CELP, and Twin VQ methods proposed by the NTT Laboratories for coding at bit-

rates of less than 64 kbit/s. This paper also discusses future speech and audio coding technologies,

including very low bit-rate speech coding at 200 bit/s and intelligent speech coding using speech

recognition techniques.

INTRODUCTION

Over the last few years, the demand for
speech and audio coding has become very
high, especially for digital cellular communi-
cation systems (mobile and portable tele-
phones). Since there are tradeoffs between
coded quality, bit rate, coding delay, and com-
plexity in coding technology, it is necessary to
investigate various methods to determine
which ones best meet the requirements for spe-
cific applications. Speech and audio coding
methods can be classified into waveform cod-
ing, analysis-synthesis, and hybrid methods.
Waveform coding aims at reproducing speech
waveforms, whereas analysis-synthesis aims
at reproducing the frequency spectrum by tak-
ing the human-speech production mechanism
into account. Most of the recent speech and
audio coding methods are based on hybrid cod-
ing, which combines the advantages of wave-
form coding and analysis-synthesis.

Progress in reducing the transmission
rate for speech coding is shown in Fig. 1 [1].

The horizontal axis shows the year in which

each coding method was developed or ap-
proved as a standard. Figure 2 classifies
speech and audio coding techniques according
to bandwidth, bit rate, and standardization or-
ganization [2]. Figure 3 graphically shows the
transmission rate and subjective quality of the
coded speech/audio signals of the major cod-
ing methods. Table 1 compares their charac-

teristics [4].

CELP CODERS

Most or the newer low-bit-rate coders
are CELP (code-excited linear prediction) cod-
ers. In both LPC analysis-synthesis (vocoder)
and CELP, the speech waveform is generated
by a linear prediction synthesis filter with an
excitation source filter. The vocoder models
the excitation source either as a pulse sequence
of the pitch period or as a fixed noise sequence.
In CELP, however, a codebook is used and the
best excitation vector is selected so that the
perceptually weighted distortion between the
input and the synthesized speech is minimized.

In addition, a periodic signal is generated by




repeating the excitation signal in the previous
frame, and a non-periodic signal is selected
from a random excitation codebook. Natural-
ness and robustness are significantly improved
by CELP.

Several years ago, extensive efforts to
develop new coding algorithms and error cor-
rection techniques, as well as progress in LSI
technology, enabled the development of 8-
kbit/s codecs (coder/decoders) for digital mo-
bile telephones. In 1990, the VSELP (vector
sum excitation linear prediction) codec was se-
lected as the full-rate speech codec standard
for digital cellular systems in North America
and Japan. VSELP is a CELP coding method
developed by Motorola; in it the excitation
source is generated by summing several fixed-
basis vectors.

Digital cellular systems are expected to
run out of radio channels in Japan if demand
continues to grow at the current rate. NTT has
thus been extensively researching ways to ex-
pand capacity. This research led to the devel-
opment of PSI-CELP (pitch synchronous inno-
vation CELP) speech coding; PSI-CELP has
quality comparable to that of the current stan-
dard (VSELP), while using only half the bit
rate. PSI-CELP was chosen as the half-rate
codec standard for digital cellular systems in
Japan. Table 2 compares the standardized
speech coding systems for digital cellular mo-
bile radio in Japan, the U.S. and Europe [3].
Figure 4 shows the synthesizer structures for
the LPC vocoder, CELP, VSELP, and PSI-
CELP [1].

PSI-CELP, CS-CELP, AND TWIN VQ
METHODS

One of the most important features of the
PSI-CELP speech coder is that the random ex-

citation vectors are given pitch periodicity for
voiced speech by a pitch synchronization pro-
cess. This feature is the origin of the name
PSI-CELP. It significantly reduces the distor-
tion and improves the quality for voiced
speech, especially female voices. In addition
to the pitch synchronization, a two-channel
conjugate structure and fixed codebook for
transient speech signals were newly devel-
oped. These two features reduce memory re-
quirements, enhance robustness against chan-
nel errors, and improve the quality for transient
parts.

The CS-CELP and Twin VQ methods
were recently proposed by NTT Laboratories
for speech and audio coding at bit rates of less
than 64 kbit/s. CS-CELP at 8 kbit/s achieves
coded speech quality equivalent to that of 32-
kbit/s ADPCM with much shorter coding de-
lay than with PSI-CELP. CS-CELP is being
used in NTT’s personal handy phone system.
It is expected to be adopted as the standard for
8-kbit/s speech coding by the ITU. Twin VQ
at 16-64 kbit/s achieves coded audio (music)

quality equivalent to that of a compact disc.

FUTURE PROSPECTS FOR CODING
TECHNOLOGY

Very low bit-rate coding technology will
be useful not only for digital cellular systems,
but also for various applications in multimedia
communications. Phono-code, a speech cod-
ing method using only 200 bit/s, has been pro-
posed by NTT. This method is based on seg-
ment (matrix) quantization, as illustrated in
Fig. 5 [4]. As indicated in Fig. 3, while the
naturalness of its coded speech is still not satis-
factory, it is already fairly intelligible.

The ultimate speech coding method is

expected to use not only perceptual constraints




but also articulatory constraints and speech
recognition technology. Figure 6 illustrates
the relationships between the principal speech
recognition, synthesis, and coding technolo-
gies [4]. The higher the level, the more ab-
stract the information. Some of the technolo-
gies indicated in the figure remain to be inves-
tigated. Intelligent speech coding using speech
recognition techniques will someday reach a
processing speed of 30 bit/s, the bit rate of
natural language calculated by Shannon. To
achieve this level, it is crucial to develop
speech coding systems capable of automati-
cally adapting to new speakers and environ-

mental conditions.
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Fig. 1 Progress in reducing the transmission rate for speech coding.
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Fig. 2 Speech and audio coding techniques and standardization.
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Table 1 Comparison of major speech coding systems

o . Bit rate | Complexity| Del

Coding system Coding technology (kbit/s) (MIPPS);I Y ((:“g Speech quality
PCM Non-linear quantization .
(Pulse Code Modulation) 64 001 0 High
ADPCM Adaptive quantization )
(Adaptive Differential PCM) | Predictive quantization 32 0.1 0 High
APC-AB Adaptive quantization 25 il
{Adaptive Predictive Coding Predictive quantization 16 ! 'eh
with Adaptive Bit Allocation) | Time and frequency division
MpC LPC synthesis filter is excited .
(Multipulse LPC) by multiple pulses 8 10 33 Middle
CELP LPC synthesis filter is excited :
(Code-excited LPC) by VQ noise 48 100 35 Middle
LPC vocoder Analysis-synthesis 9 1 35 Low

Table 2 Standardized speech coding for digital cellular
mobile radio in Japan, U. S. and Europe

Speech coding system Japan (PDC) U. 8. (IS-54) Europe (GSM)
Algorithm VSELP VSELP RPE-LTP
Bit-rate Total 11.2 kbit/s Total 13.00 kbivs Total 22.8 kbit/s
Speech 6.7 kbivs 7.95 kbit/s 13.0 kbit/s
Error-correction 4.5 kbit/s 5.05 kbit/s 9.8 kbit/s
Full-rate system
System delay
Frame length 20 ms 20 ms 20 ms
Buffer length 6 ms 6ms 0ms
Complexity 7.8 MOPS 8.4 MOPS About 2 MOPS
Algorithm PSI-CELP Under study Under study
Bit-rate Total 5.60 kbit/s Total 6.5 kbit/s Total 11.4 kbit/s
Speech 3.45 kbit/s
Error-correction 2.15 kbit/s
Half-rate systcm
System delay
Frame length 40 ms - -
Buffer length 5 ms
Complexity 18.7 MOPS - -
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