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ABSTRACT

The wide range of potential commercial applications for a computer sys-
tem capable of automatically converting text to speech (T'TS) has stimulated
decades of research.

One of the currently most successful approaches to synthesising speech,
concatenative TTS synthesis, combines prerecorded speech units to build full
utterances. However, the prosody of the stored units is often not consistent
with that of the target utterance and must be altered. Furthermore, several
types of mismatch can occur at unit boundaries and must be smoothed. Thus,
pitch and time-scale modification techniques as well as smoothing algorithms
play a critical role in all concatenative-based systems.

This thesis presents the development of a concatenative TTS system
based on a harmonic model and incorporating new pitch and time-scaling
as well as smoothing algorithms.

Experiment has shown our system capable of both very high quality
prosodic modification and synthesis. Results compare very favourably with

those of existing state-of-the-art systems.
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CHAPTER 1
INTRODUCTION

Speech is the most natural form of communication between humans.
It follows that for many years much effort has been directed towards en-
abling computers to convey information to users through the same medium.
Decades of research, stimulated by the potentially large number of applica-
tions for a computer system capable of producing speech of truly human qual-
ity, has led to the development of text-to-speech (TTS) synthesis systems.
Given an input text the aim of such systems is to automatically transform it
into speech.

Some commercial applications of TTS systems include remote access to
e-mail, stock prices, weather forecasts, bank details etc. Indeed, TTS is
of potential use in all areas where textual data must be accessed remotely.
On a social level T'TS technology can be used to provide speaking aids for
the vocally impaired and reading aids for the visually impaired as well as
benefiting those with reading disabilities such as dyslexia.

At first the task of a T'TS might seem most easily accomplished by simply
concatenating prerecorded words to construct any target utterance. This ap-
proach has, however, been found to be unsuitable for all but a small number
of applications. Some of the problems associated with word based concate-

native T'TS are outlined below.

e A natural utterance is very different to a set of isolated words ut-
tered sequentially. In natural speech coarticulation serves to fuse word

boundaries, an effect which is important for the perception of natural-



ness [1].

e Natural speech has intonation (e.g. rhythm, stress, timing and pitch)
which serves to “bring an utterance to life”. Simply stringing isolated
words together therefore results in a stilted, lifeless and monotone syn-

thetic speech quality [1].

o Recording and storing all the words in the English language is not a
practical option. Furthermore, new words are created every day and

there exists an unlimited number of proper names [1].

Word based concatenative T'TS systems are only of use in a well defined and
restricted area of application where the prosodic characteristics and con-
tent of all possibly required utterances can be specified in advance. This
is however not the case in many of TTS systems’ most potentially useful
applications. For large or unrestricted vocabulary applications a more so-
phisticated model is required and modern approaches draw from such fields
as linguistics, phonology and digital signal processing.

In most modern TTS systems the process of getting from raw textual
input to spoken output is broken into at least two stages - analysis, which
produces an abstract linguistic representation of the text, and synthesis,
which takes the output of the analysis phase and produces a corresponding
speech waveform. This process is depicted in Figure 1 (taken from [2]).

The remainder of this chapter serves two purposes - firstly, to briefly de-
scribe the steps in Figure 1 and give an overview of T'T'S technology and sec-
ondly, to situate the research undertaken in this thesis within that overview.
In Section 1.1 the analysis phase is outlined. The output of this stage tells
the synthesiser what to synthesise (i.e. supplies it a string of phonemes) and

how to synthesise it (i.e. supplies it with target pitch, duration and intensity



ABSTRACT

INPUT | ANALYSIS | . UNDERLYING___-.| SYNTHESIS | o OUTPUT

TEXT ROUTINES LINGUISTIC ROUTINES SPEECH
DESCRIPTION

Figure 1 Text-to-speech synthesis (from [2])

values for each phoneme). Section 1.2 describes some of the approaches that
have been adopted for implementing the synthesis backend of a T'T'S system.
The chapter concludes with a brief outline of the rest of this thesis in Section

1.3.

1.1 Analysis

The purpose of the analysis phase is to deliver to the synthesis backend an
abstract linguistic representation of the input text. Typically this represen-
tation consists of a string of phonemes annotated with target pitch, duration
and intensity values. The first step in analysis is to convert the raw text
to phonemes and the second is to ascribe, to each one, appropriate prosodic
target values.

Converting the text to a string of phonemes is not as simple as might be
thought. The text may contain numbers, dates, abbreviations and symbols
which must all be expanded to word form during a process termed text
normalisation. Once this has been done a dictionary look-up procedure is
used to retrieve each word’s phonetic transcription. If a word is not in the
dictionary, (it may be an unrecognised proper name, for example), fallback
grapheme-to-phoneme rules are applied to generate a phonetic transcription.
Once a sequence of phonetic symbols has been generated, a phonological

component is applied and makes allophonic substitutions dependent on the



phonetic context. This completes the phonetic specification of the target
utterance which must subsequently be annotated to reflect the prosody of a
natural utterance.

A natural prosodic contour is a product of many factors including syn-
tax, semantics and pragmatics. Because much pragmatic information is not
available to the synthesiser [3] an attempt is often made to assign a context
neutral prosodic contour to each utterance. Syntactic and semantic analyses
along with heuristic strategies [4] [5] all contribute to this end.

A syntactic analysis is first carried during which part of speech tags are
assigned to each word (thus resolving certain category ambiguities) and a
parse of the utterance is generated. Statistical based or phrase structure
grammars are commonly used for this purpose. Phrasal and clausal bound-
aries are located as they have a marked effect on prosody. A dictionary
look-up procedure is then used to access lexical stress information which has
been stored for each word. Such information is important since depending
on its lexical stress pattern a word such as “object” can have two distinct
meanings. Semantic analysis may then be applied to resolve remaining am-
biguities, distinguish function from content words and assign emphasis.

Typical duration and intensity values for each phoneme are retrieved from
a database and adjusted based on the now available syntactic and semantic
information (while also taking phonetic context into account) [6]. A model of
intonation [7] [8] [9] is then applied to produce a pitch contour using which
a target 0 value can be assigned to each phoneme. This completes our
brief discussion of the analysis phase, a more detailed account of the issues
involved is given in [9]. After analysis the derived abstract representation is

passed to the synthesis backend for conversion into speech.



1.2 Synthesis

Over the years three main approaches to synthesising speech have emerged
and each is outlined in this section. Section 1.2.1 presents formant synthesis,
one of the earliest approaches to modelling speech production. Incorporating
parametric models of the excitation signal and vocal tract, this method uses
rules to describe coarticulatory effects. Articulatory synthesis, discussed in
Section 1.2.2 is based on a more fine-grained modelling of the speech pro-
duction process - vocal folds, articulators and sections of the vocal tract
are all separately simulated. Rules are again used, this time to describe
the behaviour of and interaction between the model’s various components.
Finally concatenative, currently the most popular approach and successful
approach to TTS is presented in Section 1.2.3. Concatenative systems rely
on a database of prerecorded speech units which are combined to build full
utterances. Such an approach necessitates the implementation of pitch and
time-scale modification as well as smoothing algorithms, some of which are

also discussed in this section.

1.2.1 Formant Synthesis

Formant synthesis, also called synthesis-by-rule, is based on Fant’s [10]
source-filter theory of speech production. According to this theory the speech
signal may be thought of as that produced when a linear filter, representing
the vocal tract, is excited by one or more sources [1]. The source may be
the glottal excitation signal produced by the vocal cords, or noise produced
at some point of constriction along the vocal tract, or a mixture of the two.
Clearly, such a model offers an extra degree of flexibility as both source and

filter parameters can be modified separately. Assuming the independence of



source and vocal tract contributions to the speech production process, while
this is not strictly the case, greatly simplifies the implementation of pitch and
time-scaling algorithms. The ability to synthesise speech with specified pitch
and duration is essential in all TTS systems as the prosody of an utterance
contributes significantly to both its naturalness and its meaning.

In its simplest form, a formant synthesiser consists of a linear filter and a
parametric source model. The linear filter is of an all-pole type, each complex
conjugate pole pair accounting for a single formant or resonance frequency in
the vocal tract. Numerous models of varying complexity have been suggested
for the glottal excitation signal produced during voiced speech [11] [12] [13].
White noise is used to drive the filter during voiceless speech. Other sounds
such as voiced fricatives are synthesised using a mixture of white noise and
glottal pulses.

Before speech can be synthesised the information required to drive a for-
mant synthesiser must be available. As described in Section 1.1 the analysis
component delivers an abstract representation, consisting of phonetic strings
annotated for pitch, duration and intensity, to the synthesis backend. In a
formant synthesiser a table look-up is performed and returns a set of typical
parameter values for each phoneme which include, for example, formant am-
plitude, frequency and bandwidth information. The acoustic realisation of a
particular phoneme is, however, heavily influenced by context and therefore
coarticulation rules need to be applied to adjust parameters to reflect a given
phonetic context. Other, often complex, rules are then used to describe the
evolution in time of each parameter track from one target to the next. Once
this set of time-dependent interpolation functions has been derived (there
are 19 such functions in the Klattalk system [12]) they are used to drive the

formant synthesiser and synthetic speech is produced.



Although formant synthesis can be used to produce a perceptually indis-
tinguishable copy of a natural utterance, the process is far from automatic.
Target parameter values and interpolation rules must often be supplied by
hand after a trial and error process that requires considerable expertise. Until
the acoustic phenomena at work during speech production, particularly coar-
ticulatory effects, are better understood, general rules for controlling formant

synthesisers to produce high quality speech remain out of reach [14].

1.2.2  Articulatory Synthesis

Articulatory models take formant synthesis a step further and attempt
to provide a more detailed modelling of the physics of speech production.
Instead of using a single filter to model the vocal tract, the tract is divided
into several smaller sections and each is individually modelled [1]. In this
method a phoneme is represented by a typical configuration of the vocal
tract specifying cross sectional areas, airflow volume velocity and any other
relevant acoustic characteristics. Several such models have been proposed
[16] [18] [17] [15]. Mathematical models of vocal fold behaviour have also
been proposed [19] [20]. As with formant synthesis rules must be incorpo-
rated describing the behaviour of and interaction between each of the model’s
components. Given the paucity of scientific data pertaining to the dynam-
ics of speech production such models must be approximations and contain
many simplifications. As a consequence, speech quality suffers and does not,
as yet, compare favourably with that produced by other methods (see Sec-
tion 1.2.3). Furthermore, the computational costs involved in implementing
an articulatory model are currently extremely high, making it unsuitable for

real-time synthesis applications [1].



Articulatory synthesis may in the long-run deliver truly human-sounding
synthetic speech [1] but until more is known about the complex physical
processes involved in speech production other approaches will continue to

produce speech which is of both higher quality and naturalness.

1.2.8 Concatenative Synthesis

Given the problems of rule definition associated with formant and artic-
ulatory synthesis many researchers have tried to circumvent the problem of
attempting to model the physics of speech production by storing units of
natural speech and using them as building blocks which are concatenated to
create synthetic speech.

For the reasons outlined at the beginning of this chapter words are unsuit-
able as the basic unit. The phoneme, of which there are about 40 in English,
would seem a more suitable unit to use. However, because of coarticula-
tory effects, the acoustic realisation of any particular phoneme can undergo
extensive modification depending on its context [21]. As a result, a concate-
native T'TS system based on phonemes must incorporate coarticulatory rules
and we return to the problems associated with both formant synthesis and
articulatory synthesis.

As a solution and in order to avoid the problem of explicitly modelling
coarticulation, the diphone has been proposed as a concatenative unit suit-
able for use in TTS applications [22]. A diphone consists of that speech
segment from the centre (and most stable part) of one phoneme to the cen-
tre of the following one. There are about 1600 (40 x 40) diphones in English.
There is some evidence however that a diphone database containing only a

single copy of each diphone can be shown by listening tests to be detectably





















































































































































































































































































































