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ABSTRACT

This paper presents a phoneme/diphone based speech synthesis
system for the (Brazilian) Portuguese language. The basic idea
bearing this system is the construction of a library of phonetic units,
and processing of those basic units to build an utterance. The system
is complemented by a text to phoneme translator described in
[Cam95].

The phoneme’s representation in the library is based on a linear
prediction model; the filter which models the vocal tract is repre-
sented by Line Spectrum pairs, and the excitation by Code Excited
Linear Prediction (CELP) parameters.

Thus paper is organized as follows. After a brief introduction, CELP
coding is briefly presented in part 2. Part 3 presents the relevant
points to be applied in speech synthesis. Parts 4 and 5 constitutes the
main contribution of this paper, detailing the process of building the
phoneme library and the interpolation techniques used. Part 6 pre-
sents some concluding remarks.

1. INTRODUCTION

CELP (Code Excited Linear Prediction) is a technique developed
for speech compression. However, it can be extended to voice
synthesis, with results far superior than other usual techniques. This
paper presents problems and results of CELP usage in voice synthe-
sis for the (Brazilian) Portuguese language. The speech produced is
of very good quality, almost natural, in a level of quality unattain-
able by other synthesizers based on LPA (Linear Predictive Analy-
sis).

Systems based on LPA usually deliver a very good representation of
the vocalic tract resonances; the problem is with the representation
of excitation, usually constrained to a simple composition of pulses
and white noise. CELP addresses this point, using an elaborated
model of excitation.

2. CELP CODING

CELP was recently developed [Cam89, Lin86, Cox89), and has
been adopted as an US Federal Standard [Fed91]. It uses the usual
LPA for determining the resonance of the vocal tract; its main
innovation is the way to handle the excitation.

Very briefly, CELP coding is based on analysis-by-synthesis search
procedures. First, a standard LPA is performed, resulting in a 10th
order filter. The filter parameters are transmitted in the form of LSP
(Line Spectrum Pairs), an equivalent representation with better
quantization properties, and are called the LSP parameters. A set of
different excitations are applied to the filter. Each output is com-
pared with the input signal, using a perceptualiy weighted distance
measure. The excitation with the least distance is selected and trans-
mitted. Obviously, it is necessary to reduce the possible excitations
to a number as small as possible. This is accomplished by a fixed
stochastic code book for representing the unvoiced components of
speech, and an adaptive code book for the voiced components. The
information transmitted are the indexes in these code books, with
their respective gains, called the CELP parameters.

Although the computational requirements are high, requiring a digi-
tal signal processor with 25 MIPs for real-time operation, such
processors are readily available and of low cost. In {Det92], a figure
of US$200.00 is quoted as a typical value for a one channel CELP
system, if produced in small quantities.

CELP coding systems produce a speech that is almost indistinguish-
able from natural speech, when recorded in an office environment.
As it uses a larger bandwidth, 3.7 instead of 3.2 KHz, the perceived
quality is better than the obtainable with the usual phone system.
More important, it is very robust to environment noise, a feature that
older systems lacked dramatically.






