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REW PARAMETRIC VECTOR 
QUANTIZATION AND DUAL-PREDICTIVE 
SEW VECTOR QUANTIZATION FOR 

WAVEFORM INTERPOLATIVE CODING 

CROSS REFERENCE TO RELATED 
APPLICATION 

This application claims the bene?t of Provisional Patent 
Application No. 60/190,371 ?led Mar. 17, 2000, Which appli 
cation is herein incorporated by reference. This application is 
a divisional of US. patent application Ser. No. 09/811,187, 
?led Mar. 16, 2001 now US. Pat. No. 7,010,482. 

BACKGROUND OF THE INVENTION 

The present invention relates to vector quantization (VQ) 
in speech coding systems using Waveform interpolation. 

In recent years, there has been increasing interest in achiev 
ing toll-quality speech coding at rates of 4 kbps and beloW. 
Currently, there is an ongoing 4 kbps standardization effort 
conducted by an international standards body (The Interna 
tional Telecommunications Union-Telecommunication 
(ITU-T) Standardization Sector). The expanding variety of 
emerging applications for speech coding, such as third gen 
eration Wireless netWorks and LoW Earth Orbit (LEO) sys 
tems, is motivating increased research efforts. The speech 
quality produced by Waveform coders such as code-excited 
linear prediction (CELP) coders degrades rapidly at rates 
beloW 5 kbps; see B. S. Atal, and M. R. Schroeder, (1984) 
“Stochastic Coding of Speech at Very LoW Bit Rate”, Proc. 
Int. Conf Comm, Amsterdam, pp. 1610-1613. 
On the other hand, parametric coders, such as: the Wave 

form-interpolative (WI) coder, the sinusoidal-transform 
coder (STC), and the multiband-excitation (MBE) coder, pro 
duce good quality at loW rates but they do not achieve toll 
quality; seeY Shoham, IEEEICASSP'93, Vol. II, pp. 167-170 
(1993); I. S. Burnett, and R. J. Holbeche, (1993), IEEE 
ICASSP'93, Vol. II, pp. 175-178; W. B. Kleijn, (1993), IEEE 
Trans. Speech andAudio Processing, Vol. 1, No. 4, pp. 386 
399; W. B. Kleijn, and J. Haagen, (1994), IEEE Signal Pro 
cessingLetters, Vol. 1, No. 9, pp. 136-138; W. B. Kleijn, and 
J. Haagen, (1995), IEEE ICASSP'95, pp. 508-511; W. B. 
Kleijn, and J. Haagen, (1995), in Speech Coding Synthesis by 
W. B. Kleijn and K. K. PaliWal, Elsevier Science B. V., Chap 
ter 5, pp. 175-207; I. S. Burnett, and G. J. Bradley, (1995), 
IEEE ICASSP'95, pp. 261-263, 1995; I. S. Burnett, and G. J. 
Bradley, (1995), IEEE Workshop on Speech Codingfor Tele 
communications, pp. 23-24; I. S. Burnett, and D. H. Pham, 
(1997), IEEE ICASSP'97, pp. 1567-1570; W. B. Kleijn, Y. 
Shoham, D. Sen, and R. Haagen, (1996), IEEE ICASSP'96, 
pp. 212-215;Y. Shoham, (1997), IEEEICASSP'97, pp. 1599 
1602; Y. Shoham, (1999), International Journal ofSpeech 
Technology, KluwerAcademic Publishers, pp. 329-341; R. J. 
McAulay, and T. F. Quatieri, (1995), in Speech Coding Syn 
thesis by W. B. Kleijn and K. K. PaliWal, Elsevier Science B. 
V., Chapter 4, pp. 121-173; and D. Grif?n, and J. S. Lim, 
(1988), IEEE Trans. ASSP, Vol. 36, No. 8, pp. 1223-1235. 
This is largely due to the lack of robustness of speech param 
eter estimation, Which is commonly done in open-loop, and to 
inadequate modeling of non-stationary speech segments. 
Commonly in WI coding, the similarity betWeen succes 

sive rapidly evolving Waveform (REW) magnitudes is 
exploited by doWnsampling and interpolation and by con 
strained bit allocation; see W. B. Kleijn, and J. Haagen, 
(1995), IEEE ICASSP'95, pp. 508-511. In a previous 
Enhanced Waveform Interpolative (EWI) coder the REW 
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2 
magnitude Was quantized on a Waveform by Waveform base; 
see 0. Gottesman and A. Gersho, (1999), “Enhanced Wave 
form Interpolative Coding at 4 kbps”, IEEE Speech Coding 
Workshop, pp. 90-92, Finland; Finland. 0. Gottesman and A. 
Gersho, (1999), “Enhanced Analysis-by-Synthesis Wave 
form Interpolative Coding at 4 kbps”, EUROSPEECH’99, 
pp. 1443-1446, Hungary. 

SUMMARY OF THE INVENTION 

The present invention describes novel methods that 
enhance the performance of the WI coder, and alloWs for 
better coding ef?ciency improving on the above 1999 Got 
tesman and Gersho procedure. The present invention incor 
porates analysis-by-synthesis (AbS) for parameter estima 
tion, offers higher temporal and spectral resolution for the 
REW, and more e?icient quantization of the sloWly-evolving 
Waveform (SEW). In particular, the present invention pro 
poses a novel e?icient parametric representation of the REW 
magnitude, an e?icient paradigm for AbS predictive VQ of 
the REW parameter sequence, and dual-predictive AbS quan 
tization of the SEW. 
More particularly, the invention provides a method for 

interpolative coding input signals, the signals decomposed 
into or composed of a sloWly evolving Waveform and a rap 
idly evolving Waveform having a magnitude, the method 
incorporating at least one various, preferably combinations of 
the folloWing steps or can include all of the steps: 

(a) AbS VQ of the REW; 
(b) parametrizing the magnitude of the REW; 
(c) incorporating temporal Weighting in the AbS VQ of the 

REW; 
(d) incorporating spectral Weighting in the AbS VQ of the 

REW; 
(e) applying a ?lter to a vector quantizer codebook in the 

analysis-by-synthesis vector-quantization of the rapidly 
evolving Waveform Whereby to add self correlation to the 
codebook vectors; and 

(f) using a coder in Which a plurality of bits therein are 
allocated to the rapidly evolving Waveform magnitude. 

In addition, one can combine AbS quantization of the 
sloWly evolving Waveform With any or all of the foregoing 
parameters. 
The neW method achieves a substantial reduction in the 

REW bit rate and the EWI achieves very close to toll quality, 
at least under clean speech conditions. These and other fea 
tures, aspects, and advantages of the present invention Will 
become better understood With regard to the folloWing 
detailed description, appended claims, and accompanying 
draWings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a REW Parametric Representation; 
FIG. 2 is a REW Parametric VQ; 
FIG. 3 is a REW Parametric Representation AbS VQ; 
FIG. 4 is a REW Parametric Representation Simpli?ed 

AbS VQ; 
FIG. 5 is a REW Parametric Representation Simpli?ed 

Weighted AbS VQ; 
FIG. 6 is a block diagram of the Dual Predictive AbS SEW 

vector quantization; 
FIG. 7 is a Weighted Signal-to-Noise Ratio (SNR) for Dual 

Predictive AbS SEW VQ; 
FIG. 8 is an output Weighted SNR for the 18 codebooks, 

9-bit AbS SEW VQ; 


















