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This chapter is devoted to two closely linked areas of speech processing: coding and
enhancement. For many years, these have been active areas of research, motivated by
the increasing need for speech compression for bandlimited transmission and storage,
and, on the other hand, for the need to improve the intelligibility of speech
contaminated by noise.

In an age where the word gigabit became common when talking about channel or disk
capacity, the aim of compression is not clear to everyone and one needs to justify it by
describing the myriad of new applications demanding less and less bits per second and
the rapidly expanding corpora.

Until the late seventies, research in speech compression followed two different directions:
vocoders (abbreviation of voice coders) and waveform coders. The two approaches
substantially differ in their underlying principles and performance. Whereas the first
explore our knowledge of speech production, attempting to represent the signal spectral
envelope in terms of a small number of slowly varying parameters, the latter aim at a
faithful reproduction of the signal either in the time or frequency domains. They also
represent two opposite choices in terms of the interleaving of the four main dimensions
of the performance of speech coding: bit rate, speech quality, algorithm complexity and
communication delay. Vocoders achieve considerable bit rate savings at the cost of

371



372 Chapter 10: Transmission and Storage

quality degradation, being aimed at bit rates below 2 to 4 kbps (Tremain, 1982). For
waveform coders, on the other hand, the preservation of the quality of the synthesized
speech is the prime goal, which demands bit rates well above 16 kbps (Jayant & Noll,
1984). For an excellent overview of the main speech coding activities at the end of that
decade, see Flanagan et al. (1979).

The next decade saw an explosion of work on speech coding, although most of the new
coders could hardly be classified according to the waveform-coder/vocoder distinction.
This new generation of coders overcame the limitations of the dual-source excitation
model typically adopted by vocoders. Complex prediction techniques were adopted, the
masking properties of the human ear were exploited, and it became technologically
feasible to quantize parameters in blocks (VQ-—vector quantization), instead of
individually, and use computationally complex analysis-by-synthesis procedures. CELP
(Schroeder & Atal, 1985) multi-pulse (Atal & Remde, 1982) and regular-pulse (Kroon,
Deprettere, et al., 1986) excitation methods are some of the most well-known new
generation coders in the time domain, whereas in the frequency domain one should
mention sinusoidal/harmonic (Almeida & Silva, 1984; McAulay & Quatieri, 1986) and
multi-band excited coders (Griffin & Lim, 1988). Variants of these coders have been
standardized for transmission at bit rates ranging from 13 down to 4.8 kbps, and special
standards have also been derived for low-delay applications (LD-CELP) (Chen, 1991).
(See also Atal, Cuperman, et al., 1991 and Furui & Sondhi, 1991 for collections of
extended papers on some of the most prominent coding methods of this decade.)

Nowadays, the standardization effort in the cellular radio domain that motivated this
peak of coding activity is not so visible, and the research community is seeking new
avenues. The type of quality that can be achieved with the so-called telephone
bandwidth (3.2 kHz) is no longer enough for a wide range of new applications
demanding wide-band speech or audio coding. At these bandwidths (5 to 20 kHz),
waveform coding techniques of the sub-band and transform coding type have been
traditionally adopted for high bit rate transmission. The need for 8-to-64 kbps coding is
pushing the use of techniques such as linear prediction for these higher bandwidths,
despite the fact that they are typical of telephone speech. The demand for lower bit
rates for telephone bandwidth is, however, far from exhausted. New directions are being
pursued to cope with the needs of the rapidly evolving digital telecommunication
networks. Promising results have been obtained with approaches based, for instance, on
articulatory representations, segmental time-frequency models, sophisticated auditory
processing, models of the uncertainty in the estimation of speech parameters, etc. The
current efforts to integrate source and channel coding are also worthy of mention.

Although the main use of speech coding so far has been transmission, speech encoding
procedures based on Huffman coding of prediction residuals have lately become quite
popular for the storage of large speech corpora.










































