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ABSTRACT

This paper describes the automatic construction of the acoustic
inventory for the purpose of development of the speech
synthesis system for the Polish language. Very efficient
algorithm of speech segmentation is proposed, also original
process of reduction is described. Results of classification using
LBG algorithm and brief description of created inventory are
presented.

1. INTRODUCTION

The concatenative method of synthesis has been chosen, so a
very careful design of the database with acoustic units is
required. The type of the acoustic units has not been postulated
a priori, therefore the automatic method has been proposed to
choose the best set of units basing on the analysis of the natural
speech signal.

The process of designing the acoustic inventory consists of the
segmentation, reduction and classification algorithms.
Subsequent steps will be described. The whole process is
iterative and has been repeated many times until the satisfactory
result was achieved. To check this a method of verification of
the solution quality has been proposed. It is based on the re-
synthesis of the original speech using the newly selected
acoustic units, using the TD-PSOLA algorithm and copying the
prosodic parameters from the original speech. Quality of the
output speech is then being compared with quality of the
original one, thus indicating e.g. whether the number of
segments or number of classes used in the iteration was
sufficient.

2. PROCESS OF CONSTRUCTION OF
THE SPEECH SYNTHESIS SYSTEM

Generation of the acoustic inventory fits into a global concept of
designing the speech synthesis system for Polish. For the latter
it has been proposed to use so called "smooth transition" method.
It consists in basing on the natural speech corpus and in
gradually passing from simple re-synthesis of the speech to a
fully functional speech synthesis system.

The algorithm consists of the following steps:

1. Development of the analysis block with
functionality of extraction of phonetic units and
related spectral and prosodic parameters,
feeding directly the synthesis block.

2. Identifying segments within the speech signal
and reducing the signal to segments'
representatives.

3. Classification of segments into classes.
Identifying representatives of the classes, thus
forming the acoustic inventory.

4. Development of the prosody control unit.

5. Development of the phonetic transcription unit.

The process of going through steps 1-5 means gradually getting
rid of original information: original acoustic units, original
prosodic parameters etc., and replacing them by selected
acoustic elements (representatives of segments, then of classes),
generated prosody etc.. It results inevitably in decrease of
speech quality, in damage to the naturalness of synthesised
speech. The proposed idea of "smooth transition" implies
maximum effort towards minimisation of error while going
from step n to step n+1. It is being carried out by permanent
control of quality of efficiency of the subsequent steps, by
means of:

• re-synthesis of the speech signal after each
block,

• comparing the speech quality with the original
speech.

The whole process is iterative, so whenever the quality is
unsatisfactory one may go back and e.g. increase the number of
segments, number of output classes etc.

The paper describes researches related to steps 2 and 3.

3. SEGMENTATION

A very efficient segmentation algorithm "3 into 4" has been
proposed. It is a mixture of exhaustive search and segment
bisection algorithms. It consists of the following actions:

1. Define an error measure E.

2. Search for a segment <a,b>,  E(<a,b>) = max.

3. If E(<a,b>) < Ethr, go to step 7.

4. Take segment <a,b> together with two
neighbouring segments: <c,a>, <b,d>.

5. Perform an exhaustive search of segment <c,d>,
looking for a best division into 4 segments.
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6. Go to step 2.

7. End.

where Ethr is a threshold error value, maximum dispersion
allowed. Sum of dispersion of 12 mel-cepstrum coefficients has
been used as the error measure.

Computational load of the algorithm is not high, number of
dispersion computations in one iteration equals:
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where n is the length of the segment (number of data points).

3.1. Comparison with Other Segmentation
Methods

The "3 into 4" segmentation has a great advantage if compared
with other algorithms, such as segment bisection or exhaustive
search.

The segment bisection algorithm also looks for the worst
segment and places a new boundary to minimalise the error, but
it doesn't modify any boundaries set before. Therefore, although
the method is computationally very attractive, it is not optimal.
A new boundary improves very strongly the dispersion of 2 new
sub-segments, but it may stay in big contrast with dispersion of
the neighbourhood.

On the contrary the exhaustive search method is for sure
optimal (it just checks all possibilities of division). Its drawback
is in its computational requirements – simple formula shows
that the number of dispersion computations in one iteration,
when dividing n-long segment into k segments equals:
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which quickly goes in billions for one speech segment, what is
for the time unacceptable.

The "3 into 4" algorithm eliminates disadvantages of above
algorithms – it is a compromise between them both.
Computation load is much lower then for the exhaustive search
method and it is more elastic – it modifies the neighbouring
segments and moves already set boundaries. The question
whether the algorithm is as optimal as the exhaustive search is
still open. For sure it seems to be sufficient for speech signal
segmentation.

Other segmentation algorithms, such as rule-based segmentation
(segmentation by analysis of parameters), are not suitable to the
whole concept where the type of acoustic unit is not specified a
priori.

3.2. Experiments

8 minutes of speech (an article from a newspaper,
conversational style) was used for experiments. The speech was
sampled with fsamp = 16 kHz, with samples of 16 bits. The

stepsize of the feature window was 6.25 ms, thus the speech was
represented by 76430 data points.

Ethr was chosen heuristically by replacing each segment by its
representative (see reduction algorithm in chapter 4) and re-
synthesis of the original speech. Then the output quality was
checked and if it was not satisfactory (in terms of intelligibility
and naturalness) Ethr was decreased, i.e. the number of segments
increased. The procedure was carried out until a satisfactory
result was achieved. See Figure 1 to observe dispersion of the
"worst" segment during the segmentation process.

Figure 1. Logarithm of dispersion vs. iteration number.

After informal listening tests 11650 was decided as the final
number of segments identified within the speech signal.

Figure 2. Histogram of segments' length. Segments above 120
ms long are grouped in one bin.

3.3. Interpretation of the Results

Mean duration of a segment was estimated as 37 ms, most of
them are in range of 15-50 ms, what is relatively short. Longer
segments correspond to stationary speech fragments, like long
nasals, also to sounds like speaker’s breath.

It has been observed that the obtained segments correspond to
phonemes, subphonems or diphones. Affricates are split into



several segments, e.g. [δ⋅] is split into the plosive part, fricative
part, beginning of transient to the next phoneme etc.

Figure 3. Labelled fragment of speech with assigned segment
boundaries.

4. REDUCTION

An original operation of reduction has been proposed. It is
applied after segmentation and is strongly correlated with TD-
PSOLA algorithm. TD-PSOLA cuts the original speech signal
by windowing it synchronously with pitch and then overlaps
and adds the chain of short-time synthesis signals.

Adding the reduction means replacing short-time signal
corresponding to a segment with only a few or even with only
one short-time synthesis signal. This short-time signal(s) is then
cloned over the whole duration of the segment. We may do so,
because the segmentation process leads to identifying highly
stationary segments. The purpose of using the reduction is to get
rid of any dynamic features that may remain within the segment.
This will improve quality of the synthesis, especially because
later during the classification process we are going to mix the
segments.

Only one short-time synthesis signal is used if gradient of
feature parameters in the vicinity of the gravity centre of a
segment exceeds a certain threshold value, what implies too
high dynamism. Otherwise it is taken together with the
neighbouring windows. The same implies to unvoiced parts of
speech – cloning of them would introduce voicing. Also the
window, which has been chosen to be equal to the doubled local
pitch period [3], for unvoiced parts is lengthened. Such
techniques together with relatively short duration of segments
(37 ms) make the output speech sound very natural.

After the selection process is completed one may go back to
taking the wider representation, e.g. to include further
neighbourhood of short-time synthesis signals, to improve
naturalness.

5. CLASSIFICATION

The segmentation and reduction processes created a population
of segments. The aim of the classification process was to

identify clusters/classes of segments with similar features, in
order to replace them by their representations. Standard methods
of classification, like LBG algorithm known from vector
quantisation were used.

The LBG is used in the many variations [4] with different
starting conditions:

• Kstart = 1

• Kstart = K

• Kstart = N

where N is the number of data points, K is the required number
of classes, Kstart is the starting K value. For our purposes second
option was implemented.

Initial centroids were chosen first uniformly from the speech
signal, then random choice has been used. No difference has
been observed – the algorithm converged to the same classes.

As an error measure the following metrics was used:
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where pk means feature vector of centroid of class k and xn –
element belonging to class k, Nk – number of elements in class k.

Different values of K were tried, starting from K = 50. Then
representatives of those classes were selected (see chapter 0)
and the speech was re-synthesised using thus created acoustic
inventory. Value K was being increased until satisfactory
quality of output speech was achieved. K = 200 was decided as
a final number of classes, therefore as the size of acoustic
inventory. For this value the output speech is fully
comprehensible and sounds fairly natural.

Figure 4. Error vs. iteration number for different number of
classes (K) in LBG algorithm.

Figure 4 shows how the LBG algorithm converges for different
values of K. After 15-20 iterations decrease of error (∆E) per



iteration is so small that it allows us to stop the algorithm. The
figure illustrates also that at first increasing K value decreases
significantly the overall error, while later the benefits from
increasing number of classes are smaller.

5.1. Selection of Representatives and their
Interpretation

From each identified class the best representative must be
selected. This is realised by the following algorithm:

1. Look for an element which is closest to the
centroid of given class in sense of error metrics.

2. Check if the element has sufficient energy, i.e. if
its energy is above average energy for the given
class. This allows us to take into account inter-
phoneme differences in energy.

3. For voiced classes: check if the element has
local pitch within the range of 30 Hz from
average one for the speaker.

4. If not, take the next closest element to the
centroid and go to step 2.

Selected in this way elements-winners formed finally the
acoustic inventory. Here is a result of a brief phonetic analysis
of the inventory:

• 122 elements are voiced, 63 are unvoiced, 14
represent transition between voiced and
unvoiced parts.

• 1 element represents silence, 5 elements
represent speaker’s breathing – they will be
removed as not needed.

• 76 elements represent fricatives/affricates, 8
correspond to plosives.

So it turns out that the database may still be a bit reduced - by
removing not needed elements like breathing.

6. CONCLUSIONS AND FUTURE WORKS

The method of automatic construction of the acoustic inventory
described above turned out to have good results. The
segmentation algorithm seems to be next to optimal and
performs well. The operation of reduction eliminated remaining
dynamics within segments. The LBG algorithm reduced whole
population of segments to less then 200 elements, which formed
the required acoustic inventory.

Still several things need to be investigated as for the constructed
database. We need to check if the database is complete. Also we
need to find if there is unambiguous mapping between text or its
phonetic transcription and elements from the inventory, so that
we could generate speech, having text/transcription as an input.
Finally, formal listening tests would be an authoritative measure
of the quality of acoustic units inventory.
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