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Abstract

The ATR v-talk non-uniform unit system of concatenative synthesis [1] has been shown to
produce very high quality synthetic speech, but is slow and expensive in memory. Furthermore,
it was designed for Japanese and is not directly applicable to other languages. This paper shows
how the v-talk principle can be generalised for multi-lingual synthesis, and describes methods
for database pruning and faster unit selection that overcome the main criticisms levelled against
the Japanese version. To reduce selection time, we substitute prosodic selection criteria for
the acoustic measures, and show that these result in faster unit selection that minimises post-
processing of the speech waveform and thus reduces distortion in the output speech. To reduce
database size, we generate a rectangular array of non-uniform segments to a predetermined
depth. This preserves sparse units and maximises tokens of the common sounds of the language.

1. Introduction

The relation between the {0 of an utterance and variation in its spectral characteristics
has long been known [2], but most concatenative synthesis methods still employ a rela-
tively small fixed number of source units, one token per type, under the assumption that
any modification of their inherent pitch and duration can be performed independently af
a later stage of processing. The distortion of the resultant speech that is introduced by
changing a seégment’s duration or fundamental frequency has until recently been masked
by the generally poor, mechanical quality of the generated speech after it has passed
through a coding stage. However, as synthesis quality has improved, and as the mem-
ory limitations of earlier systems are eased, it now becomes necessary to reconsider the
usefulness of such limited unit sets.

In a typical speech database, the number of types (labels) is small, and the number
of tokens varies from very large (for a few vowels) to extremely few (for some rare conso-
nant combinations). Unit inventories extracted from such corpora typically ignore extra
tokens of frequently-occurring sounds, but by labelling the prosodic characteristics of the
segments in identical contexts, use can be made of these supposedly duplicate units fo
reduce subsequent distortion.

Non-uniform-unit synthesis uses acoustic measures to search the whole database for
concatenation units, rather than pre-select one of each type, but searching for an optimal
token is theréfore time-consuming. Efficient pruning of the data is required, so to reduce
the size of the source database while maximising the variety of units within 1t, I propose
the following steps:

i) Subdivide the frequent units, and cluster them with their most common neighbours to
form longer units, As the number of types grows, the number of tokens of each diminishes
until the type-token array becomes uniform.



Quartiles of the Euclidean cepstral distance measure

nin 254  median 75% max
segmental context alone: 0.0071 0.3965 0.8581 1.7219  8.8546
segmental & prosodic ctxt: 0.0073 0.3167 0.6232 1.4390 10.3748
seg alone after psola: 0.0128 0.2406 0.5838 1.189% 9.1189
seg + pros after psola: 0.0106 ©.2218 0.433% 1.050% 7.2118

5. Discussion

At this level of the synthesis process, a database is defined solely by the labels used
to transcribe it. The unit-generation algorithm produces a unit set that best models
the collocation frequencies of the input data in terms of its own labels. The prosodic
information is generated automatically from the speech data, given the label set. The
method is thus language independent, and relies only on an adequate size corpus from
which to draw the units, and a language interface by which to generate the transcriptions
for the utterance to be synthesised. The method is currently being tested with several
databases from different speakers of both English and Japanese, under different labelling
conventions, and appears immune to language or labelling differences.

The advantage of specifying prosodic variation in terms of variance about a mean,
and slope in terms of the differential of the normalised measures, is that regardless of the
prediction values, retrieved values are constrained to be within the natural range for the
speaker’s voice. Describing the pitch of a segment as ‘moderately high and rising’ ensures
that the closest unit in the database will be selected, and in many cases the difference
between the target pitch and the unit’s original is small enough to be perceptually in-
significant. Experience with this system encourages us to believe that in the majority of
cases it is better to relax our target goals in the direction of the database events than to
impose an unnatural (and possibly distorting) pitch or duration on the waveform.

6. Conclusion

It has been shown that prosodic variation has more than a small effect on the spectral
characteristics of speech, and that advantage can be taken of this in the selection of units
for concatenative synthesis. It was also shown that a database of non-uniform units can
be automatically generated from a labelled corpus and that the prosodic characteristics
of contour shape and excursion can be automatically coded. Nothing above will make
up for the lack of an appropriate unit in a corpus, and careful design of this resource is
essential, but a way of making better use of the supposedly redundant duplicate tokens
has been suggested.
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For each phone sequence in the input string, all tokens of any non-uniform unit that
covers that sequence are extracted from the database. These candidate units are first
ranked according to length, then scored for segmental context (both exact and broad-
class fit), and for prosodic appropriateness. This pre-selection greatly reduces the search
space of the original »-talk system, and replaces the computationally expensive acoustic
measures of goodness-of-fit.

In the selection, equal weighting is given to the three criteria (segmental and prosodic
context, and unit length) by ranking the candidate tokens according to the scores in each,
and selecting the top n candidates from the sum of the ranks. A final stage evaluates
the optimal path through the candidate tokens by tracking coverage of each unit forward
through the target utterance. If a later candidate has a better prosodic score at any
point, it overrides the current unit, replacing it to guarantee continuation under the best
prosodic conditions available from the database. In this way, the length of a non-uniform
unit becomes a weaker criterion than its prosodic suitability.

4. Quantitative evaluation

To determine whether the inclusion of prosody is justified as a selection criterion, the
following test was performed. The units for our synthesiser are selected from a database
of 503 magazine and newspaper sentence readings. Bach in turn was excluded from
the database, and an equivalent utterance generated from the remaining tokens. The
resynthesised version was then compared with the original, using measures of cepstral
similarity. Since the cepstral measure, widely used in speech recognition, is sensitive
primarily to spectral features of the speech, it serves well to confirm any effect of prosodic
variation on spectral colouring. Comparisons were made between the original recording of
each sentence, and resynthesised versions with and without prosodic selection. They were
performed first on raw output and then on PSOLA modified output warped to match the
prosody of the target utterance.

The source database (26,264 phone segments) yielded 70 original labels (including
segment clusters that could not be reliably separated}, which afier processing formed
635 non-uniform units ranging in length from 1 to 7 original labels. It was pruned fo
a maximum depth of 35 tokens each. Labels and raw prosodic values (duration and
mean pitch and energy for each phone) for a test set of 100 randomly selected sentences
were extracted, then the original sentence data was removed before resynthesis. Non-
weighted Euclidean measures of the cepstral distance between the original utterance and
each resynthesised version were calculated on a phone-by-phone basis after LPC cepstral
coding of the waveforms using the default settings of HCode (HTK [3]) to produce 12
coeflicients per 10 msec frame.

Results showed that an improvement was gained by inclusion of prosodic information
in the selection (seg only vs. seg+pros: t = 4.484,df = 6474 ), and a further improvement
gained after PSOLA modification of pitch and duration to match the target (before vs
after modification: t = 8.312,df = 6474). Both results are significant at p < 0.001. The
inclusion of prosodic selection resulied in a decrease in distance from 0.86 to 0.43 (median
values). This can be compared with a median distance of 0.58 for identical PSOLA
treatment of the concatenated segments selected without consideration of their prosodic
environment.



1) Label each token according to its prosodic characteristics and quantise them to
maximise the difference along the prosodic dimension for each type.

i) Specify a depth n to which to limit the search, and select the n most prosodically
diverse tokens for each type, then remove any remaining tokens from consideration.

The clustering grows units that tend to approximate the most common collocations
in the source data, and thus models e.g., the frequently-occurring and frequently-reduced
function-words automatically. The initial pruning according to prosodic criteria ensures
that the tokens remaining in the database are maximally representative of the variation
in the speech. Rare tokens are automatically preserved. The choice of an appropriate
value for n is then a trade-off between compact size and output voice quality; a larger
database is more likely to contain a prosodically appropriate segment that will need less
modification to reach a target setting in the concatenated utterance.

2. Prosodic labelling

This section describes prosodic labelling for both database construction and unit se-
lection. It argues that prosodic events are better characteristised with relative values, as
these normalise for both speaker individuality and utterance conditions.

The functions of prosody are diverse, but at the simplest level we are concerned with
marking prominence and delimiting phrasing in the speech. An experienced transcriber
can recognise these features in an utterance from the shape of the fundamental frequency
contour and from differences in the lengthening and amplitude of the waveform segments.
When describing a contour for generation, it may be more appropriate to specify simply
that a unit should be ‘long’, or ‘from a rising part of the contour’.

In order to model prosodic events independently of absolute values, each parameter 1s
normalised twice; first to express its value as a position within a range, and then as a part
of a contour. For this, two functions from the ESPS waves+ program can be used (ver
5.0 [3]). The first ‘get_f0’ gives an estimate of the fundamental frequency, probability of
voicing, zero-crossing rate, and rms energy for every 10 msec of speech in the database; the
second ‘stats’ gives summary statistics of these for each segment described by a (phone)
label in the database. These values are then z-score normalised for each phone class [4]
to express the difference of each segment from the mean for its type (in terms of the
observed variance for other phones of that type) for the three dimensions of pitch, energy,
and duration. To model the position of each token in relation to the respective prosodic
contours, first differences of the normalised values are then taken over a window of three
phones to the left and right of each segment. The sign of the result indicates whether a
segment is part of a rising contour (increasing pitch, loudness or length) or falling. The
magnitude indicates the rapidity of the change.

3. Prosody-based unit selection

Bach segment is thus assigned six values to describe its position with respect to the
prosodic contours of the utierance; in terms of excursion from the mean and position
in the contour, for the three prosodic dimensions. When selecting units thus encoded,
specification of target prosody in terms of z-scores ensures that the output speech is
naturally constrained to be within the range of the source speaker.



