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The V/UV Decision Algorithm for a Reduction of
the Transmission Bit Rate in the CELP Vocoder
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Abstract

The conventional CELP(code excited linear prediction) type vocoder has no V/UV(voiced/unvoiced)
classifier. So, the unvoiced speech is processed like the voiced speech. In this paper, to reduce the
bit rate, we propose a new V/UV decision algorithm minimized error rate and preprocessing
computation. This V/UV classifier use the LSP(line spectrum pair) parameter which is acquired
spectrum analysis process in CELP vocoders. Applying this method to the 5.3kbps ACELP(algebraic
code excited linear prediction) in the G.723.1, we can get the transmission bits rate reduction of 6%
approximately without degradation of speech quality.

Key words : CELP vocoder, V/UV(voiced/unvoiced) classifier, LSP(line spectrum parameter)
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(c),(d) The analysis of LPC and LSP for /s/,/a/
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Fig. 2 LSP distribution of voiced speech signal
a) Waveform of voiced speech signal

b) Spectrum of voiced speech signal

¢) LPC analysis and LSPs

d) Distribution of LSPs
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Fig. 3 LSP distribution of unvoiced speech signal
(a) Waveform of unvoiced speech signal
(b) Spectrum of unvoiced speech signal
(c) LPC analysis and LSPs
(d) Distribution of LSPs
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Table 1. Experimental result of transmission bit rate
reduction
G7231 )
(5.3kbps- Proposed| Experimental
Method Result
ACELP)
A 1 5.251 4991 0.260
A 2 4.656 4447 0.209
A 3 5.044 4724 0.320
g 4 4999 4670 0.329
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Table 2. Experimental result of MOS test

G.7231
Proposed Method
(5.3kbps)
g 1 3.84 3.8
g 2 3.76 3.7
g 3 338 3.78
A 4 3.7 3.7
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of synthetic speech of encodlng
device.

(a) Original voice signal

(b) Waveform of synthetic speech of ACELP voice
encoding device

(c) Waveform of synthetic speech of encoding device
applied with the suggested method
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