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ABSTRACT

Text—to—speech synthesizer is described, based on the
the concatenation of the Polish diphones. The text—
to-phoneme conversion is based on the neural ne-
twork. Diphones are extracted and stored pitch— syn-
chronously, using the variable rate linear predictive
coder with mixed excitation. The pitch period modi-
fication is based on the time— domain interpolation
of the excitation signal. Duration is controlled by in-
sertion of the pitch periods and interpolation of the
excitation signal. Preliminary results are reported.

1.INTRODUCTION

The Text—to—speech (TTS) synthesis becomes a
useful medium for providing audio information [1].
Very few TTS systems are available for the Polish
language. One of them is based on the allophone syn-
thesis [2]. The TTS system being developed at the
Institute of Telecommunications, Technical Univer-
sity of Warsaw, is based on the concatenation of di-
phones. In order to circumvent the phonemic trans-
cription problems [7] the neural network approach
is applied [9, 10]. The linear predictive (LP) coding
techniques are used, i.e. the pitch synchronous mul-
tipulse coding of the voiced parts of diphones and
the mixed-excitation CELP [5] coding of the unvo-
iced parts of diphones. This leads to the reduction of
the memory size. Attention is focussed on the pitch
extraction and insertion of the pitch markers. At the
pitch markers diphones are cut and concatenated.
The exact pitch value is necessary for the proper mo-
dification of prosodic parameters. Pitch period and
speaking rate modification algorithm is based on the
time- domain interpolation of the LP excitation si-
gnal. No overlap is used like in LP-PSOLA techniques
{3]. Duration of voiced phonemes may be modified by
the insertion of the whole pitch periods. Details are
presented in the following sections.

2. TEXT-TO-PHONEME
CONVERSION USING THE
NEURAL NETWORK

The Text-to-Phoneme (TTP) system is based on
multilayer perceptron neural network [9]. Taking into
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account that in Polish there are no simple rules [7]
nor existing software for TTP, using of neural ne-
twork with learning ability to perform TTP is easy,
fast and comfortable. The system - named PolTalk -
is simplified version of the NETtalk system proposed
by Sejnowski [10].

To perform text-to-phoneme translation, the text
to be converted is windowed by a sliding window and
a small part of the text which consists of seven cha-
racters is extracted. The window moving step is one
character long. As characters are treated: latin let-
ters, Polish diacritical characters and a space. The
consecutive seven characters obtained by windowing
are converted into six bit long binary representation
each. The total 42 bit long binary string is the input
to the PolTalk neural network. Output of the network
is a six bit long binary string which represents a pho-
neme code. The output phoneme corresponds to the
4th character of the input window. Thus the neural
network takes into account the influence of three ne-
ighbour characters on each side.

Following the approach of Sejnowski, we have used
the multilayer perceptron (MLP) as a network model.
The very good mapping abilities of the MLP have
been proved {11]. The main problem with the MLP
network is to define appropriate size of the network
(i.e. number of hidden layers and number of neurons
in hidden layers) and to choose the training set for the
learning process. For learning of the network a spe-
cial learning set has been prepared. The set consists
of about 10000 different pairs of training exemplars
(input/output). It has been based on a Dictionary of
Polish Pronunciation. The mentioned above set has
been divided into two smaller sets: one for learning of
the network (4000 exemplars) and the second (6000
exemplars) for testing generalization abilities by cros-
svalidation.

The other problem concerning the MLP network
is training process of the network which should re-
sult in a negligible errors for the whole training set.
The training process can be performed with many
developed algorithms, mainly based on gradient mini-
mization techniques with heuristic modifications [11].
The learning of the PolTalk neural network has been
performed by using of classical backpropagation al-
gorithm with momentum. Weights adaptations were
performed after each training pair presentation (’per
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sample mode’). Output of any network neuron was
bipolar in range (-1, 1). Size of the network has been
chosen in an experimental way, by observing conver-
gence of the learning process. Many trials of learning
of neural network with only one hidden layer were
unsuccessful. The learning process has been extre-
mely sensitive to learning parameters: learning rate
and momentum. It has been observed that very small
learning rate (at about 0.001) gives better results and
momentum in typical range (0.1~ 0.8) speeds up lear-
ning process significantly. Number of hidden neurons
in the hidden layer has been changed in a range: 10 -
90. The smallest number of error bits has been obta-
ined for a network with 25 hidden neurons. For this
network about 110 bits, from about 24000 (the whole
training set size), were mistaken. The learning pro-
cess was extremely sensitive to the choice of learning
parameters and optimal values of these parameters
were dependent on the network size. During the lear-
ning process it was characteristic a strong influence
of local minima on error function minimization. The
first phase (about 200 iterations) of the learning pro-
cess can be characterized by very fast error decreasing
and following phases show only slow progress of lear-
ning with occurences of flat areas of error function.
The trials performed with network which consists of
only one hidden layer have shown, that required task
cannot be resolved in an error-free way by this type
of network, independently of its size.

Next trials were performed with a MLP network
which consists of two hidden layers. It has been pro-
ved, that the type of MLP has no limitations in re-
solving of binary classification task [11]. Many trials
were performed with tuning of learning parameters
and changing number of neurons in both hidden lay-
ers in order to obtain optimal learning process and
minimum final error value. As a result the network of
size 42 -30 -15 -6 has been chosen. The optimal lear-
ning parameter values for the network were: 0.003 -
the learning rate and 0.85 - the momentum. The num-
ber of mistaken bits scored 30 for the whole training
set consisting of 4000 training epochs.

We decided to perform initial analysis in order to
separate input vectors which caused mistaken out-
put of the network. We had about 20 such vectors in
training set and we decided to implement direct map-
ping for that cases. This type of hybrid solution has
strong motivation in real time systems: we have a qu-
ite small MLP network which is able to map most of
input vectors and a separate algorithm for mapping
exceptions. The additional computational power for
treating of exceptions in similar to the increase of the
computational power required for the MLP network
with one additional neuron and as it was mentioned

above the hybrid approach seems to be reasonable.

The obtained consecutive phonemes form a basis for
further step: the phonemes to diphones mapping.
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3.EXTRACTION AND CODING OF
DIPHONES

There are about 40 phonemes in the Polish lan-
guage (we use 37 phonemes and a silence), but only
about 80% of possible diphones are used. The dic-
tionary used in our TTS system includes also some
other voice units like the conjunctions and one pho-
neme words. Additionally the diphones obtained by
concatenation of the nonplosive and plosive phonemes
are eliminated from the dictionary. They are repla-
ced with the nonplosive - silence and silence - plo-
sive transitions. For the extraction of speech units
about 300 Polish words were used. Male and female
speech was tested, but better results were obtained
using male speech.

The dictionary of the mentioned above speech units
contains about 3 min of speech. In order to reduce me-
mory requirements, the class dependent variable rate
coder is used. Different algorithms are used for the
voiced and unvoiced speech. Encoded diphones sho-
uld be of good quality, which yields average bit rate
greater than 10 kbit/s. Voiced parts of diphones sho-
uld be coded pitch -synchronously, in order to keep
the periodicity at the concatenation points. The vo-
iced/unvoiced classification and pitch period extrac-
tion algorithm operates at the frame (20ms) intervals.
It is a version of the autocorrelation method, partially
based on the suggestions published by T.P.Barnwell
(see e.g. [4]).

In our TTS system the following class dependent
diphone coder is used:

o The unvoiced (stationary and plosive) parts of
diphones are coded using the mixed excitation
CELP [5]). The mixed codebook contains gaus-
sian sequences and single pulses of different po-
sitions. The single pulses are frequently cho-
sen for the encodiag of plosive sounds. 4 or 8
such sequences are concatenated in order to ob-
tain the 20ms excitation signal, yielding the bit
rate of 6 or 9.2 kbit/s. No long term prediction
(LTP) is used.

o The voiced parts of diphones are coded in fra-
mes of about 20ms, containing an integer num-
ber of pitch periods. The frame boundaries are
defined by the pitch markers. The pitch mar-
kers are placed in the following way: First, the
principal marker is placed, for maximum cros-
scorrelation between the perceptually filtered
speech signal and the impulse response of the
linear predictive filter m, where ¥ = 0.85.
The transfer function of the perceptual filter is
AAZ' -5~ Then the remaining markers are sear-
ched, at the distance equal to the pitch period
+10%. The excitation signal in each pitch pe-
riod is coded using the multipulse (MP) techni-
que. First, pulses are placed at the markers’ po-
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sitions. These single pulses yield a good first ap-
proximation of the excitation signal, but the ob-
tained speech quality is not sufficient (vocoder-
like). Then the additional pulses are placed using
the orthogonal projection technique [6]. Their
positions are coded relatively to the position
of the corresponding marker. No LTP is used,
because its memory should be zeroed at the
diphone concatenation point. The bit rate de-
pends on the mean density of pulses: 1 pulse per
ms yields 16 kbit/s, 2 pulses per ms ~ 24 kbit/s.

The pitch - synchronous diphone coding makes
the concatenation very easy. Diphones are concate-
nated at the frame boundaries (pitch markers). The
described above algorithm may be improved by in-
troducing the fractional pitch periods and fractional
marker positions.

4.MODIFICATION OF PROSODIC
PARAMETERS

Three prosodic parameters are controlled: pitch
period, energy and duration. The pitch period may
be viewed as the composite of the set of hierarchi-
cal patterns and can be generated as a superposition
of diphone, syllable, word and phrase patterns. The
pitch, energy and duration patterns were prepared
using the intonation rules of the Polish language [8].

Pitch period modification is necessary for the pitch
equalization at the diphone concatenation points and
for the proper intonation. It is obtained by the time-
domain interpolation of the excitation signal e,,. The
following interpolation function of length 2N = 40
samples is used (unit sampling period is assumed and
te<—N,N>):

sin i
i

In(t) = (0.54 + 0.46 cos %)

In order to obtain the pitch period modification fac-
tor & = T3e¥ /TS the continuous excitation signal
e(t) = 3, enfn(t — n) is modified in the following

way:
ét) = Z enfn(t — an)

i.e. the same samples are inserted using the sampling
period «. The sampling frequency is now 1/ but the
signal bandwidth is unchanged (it depends on the in-
terpolation function fy(t)). Finally the new excita-
tion samples are obtained by resampling of &(¢) with
unit sampling period: &, = &(k) with k an integer.
This interpolation method gives very good results

for pitch period contraction (a < 1), because it expands

the lowpass part of spectrum conserving its regular
harmonic structure (Fig.1b). In the case of pitch pe-
riod expansion (a > 1) the highpass part of spectrum
is regenerated by folding and the regular structure of
pitch harmonics may not be conserved (Fig.1c). This

EUROSPEECH ’95, Madrid, Spain, September 1995

Q)
|
b
I I I
I l I :
A | | 1 L 5
0 1/lo 12 v
<>
o)
o<l I
I I
I | I
| l I
! I 1 i »
12 1
1/(fo*a) f
c
) o>1 I
I
I I
0 1/2 1
1/(o*) f
<>

Figure 1: Spectrum of the excitation signal (a), spec-
trum after pitch period contraction (b), spectrum
after pitch period expansion (c)

may cause some tonal distortions (like in the RELP
coders), but they are practically not audible. More-
over, the pitch period is much more often contracted
than expanded, in order to increase the speaking rate.

Duration of the voiced phonemes is modified by
insertion of some pitch periods of the excitation si-
gnal. The pitch markers and the pitch- synchronous
diphone encoding makes this procedure very easy. Eli-
mination of pitch periods is possible, but we don’t
use it in our synthesizer. In order to increase the spe-
aking rate, we use the described above interpolation
of the excitation signal. The pitch period is thus con-
tracted, but we don’t find it disadvantageous (high
speaking rate with low pitch seems unnatural). Using
this simple algorithm the speaking rate may be in-
creased up to about 2 times; further increase causes
problems with peception of some unvoiced Polish pho-
nemes (two adjacent phonemes merge into one). The
acoustical part of the TTS system, consisting of the
CELP decoder with modification of the excitation si-
gnal is given in the Fig.2.
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Figure 2: Signal processing in the TTS synthesizer

5.CONCLUDING REMARKS

Our aim was to design a simple TTS synthesi-
zer, easily implementable on the widely used none-
xpensive DSPs, e.g. TMS320C25 with external 2-3
Mbits memory. Therefore some simplifications have
been adopted: the speech bandwidth limited to 4kHz,
the simplified prosodic patterns etc. The obtained
TTS system is a reasonable compromise between qu-
ality and complexity. Further research is focussed in
the improvement of the hybrid (neural network with
error correction) TTP algorithm, the generation of
prosodic patterns and the low bit rate encoding of
diphones.
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