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Abstract

A high quality speech synthesizer should be intelligent and produce natural speech. The quality of speech generated by
Text to speech synthesizer also dependent on the amount of data used for training. This paper presents the development
of Dzongkha TTS system using open source toolkit Hidden Marcov Model toolkit (HTK) and propose a method to
increase the speech database for quality output. Every word in a language can be broken down into several phonemes
which also means combination of phonemes would generate words. Therefore we suggest developing a corpus through
phoneme concatenation which can increase the database for training TTS systems.
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1. INTRODUCTION

The automatic conversion of written to spoken
language is commonly called Text-to-speech or
simply TTS. If the input to a speech synthesizer is
given with text, the system is called a text-to-
speech (TTS) synthesizer. A text to speech
synthesizer is a computer based system that can
read text aloud automatically, regardless of
whether the text is introduced by a computer input
stream or a scanned input submitted to an Optical
character recognition (OCR) engine. (Sasirekha
and Chandra,2012). A text-to-speech synthesis
system for a particular natural language is the
technology for translating or converting a given
typed or stored text input into its equivalent
spoken waveform format. The concept of speech
synthesis has been around for centuries, but only
in recent decades has the process become available
to the general public. It is the digitized audio
rendering of computer text into speech. TTS
software can read text from a document, Web page
or e-Book, generating synthesized speech through
acomputer's speakers (Chavhan etal, 2011).
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Fig 1:Generic TTS systems model (Chhoeden et a1, 2011)

Dzongkha, the national language of Bhutan is
widely spoken, however for citizens who are
illiterate and cannot read and write in Dzongkha, it
is necessary to have a system which will read out
the written text. Various research has been carried
out on Dzongkha TTS development. Dzongkha
TTS prototype has been developed which is based
on HMM (Sherpa et al). This paper presents TTS
development for Dzongkha language using HTK
toolkit version 2.0 and suggest a method to
increase the speech database for better speech
quality through concatenation.

The rest of this paper is organized as follows.
Section 2 describes the need of TTS system.
Section 3 focuses on literature review and section
4 describes the method we have followed and
finally Section 5 presents conclusion and future
scope.
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1. The need for TTS System

Our language lacks behind in computerization as
compared with other foreign languages due to late
introduction of information technology & limited
research carried out in the field of Natural
Language Processing (NLP).

TTS system is primarily beneficial to illiterate
people who are left inaccessible to information
and resources available in the written form. It is
also useful for people who are physically handicap
and visually impaired. Using TTS system we can
develop application like farm advisory, health
advisory, and SMS readers. Moreover it can be
used to promote safety driving, e-learning and
education toys forkids.
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3. Background and previous works
Different papers focusing on various complexity
levels are reviewed to study the current state of art
in TTS. We have found the following that is
suitable for our Language. Chhoeden et al have
described the development of advanced Dzongkha
text-to-speech (TTS) system which is a marked
improvement over the first Dzongkha TTS
prototype using the Hidden Markov Model.

For improving the quality of the synthesized
Speech Advanced Natural Language Processing
techniques like word segmentation and phrase
boundary prediction were integrated with the
earlier prototype (Chhoeden et al). Black
A.W.(2006) said that the introduction of statistical
parametric speech synthesis techniques has made
it easier for building a voice in a language with
fewer sentences and a smaller speech corpus
According to Kishore et al and Rama et al(2006),
developing a TTS system in a new language needs
inputs for resolving language specific issues
requiring close collaboration between linguists
and technologists. Anumanchipalli et al said that
corpus-based speech synthesis are very popular
for its high quality and natural speech output.
Alam et al built TTS using Festival by creating the
voice data for festival and additionally extends
festival using its embedded scheme scripting
interface to incorporate Bangla language support.
Their implementation uses two different kind of
concatenative method < »poried in festival: unit
selection and multisyn unit selection. S.P. K ishore
etalhave buildasyntlicsism “hodusinzsyllables
as basic unit of concatenation und uses a database
containing syllables along with other information
such as Pitch, Duration and energy. The text to be
synthesized is analyzed and broken into sequence
of syllables to be selected from database and
concatenated. Sproat R et al (2001) developed a
taxonomy of NSWs on the basis of four rather
distinct text types (news text, arecipes newsgroup,
a hardware-product-specific newsgroup, and real-
estate classified ads) and then investigated the
application of several general techniques
including n-gram language models, decision trees
and weighted finite-state transducers to the range
of NSW types. They demonstrated that a
systematic treatment can lead to better results than
have been obtained by the ad hoc treatments that
have typically been used in the past.

4, Methodology
This section describes the methodology adopted

for our project. First we have done literature
review on the existing TTS method and based on
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their pros and cons we have selected Hidden
Marcov model as our synthesizer. TTS consist of
two phases, in the text analysis we have done the
text normalization and grapheme to phoneme
conversion. Text normalization basically consists
of normalization of dates and numbers. G2P is
created using dictionary based method where it
contains the mapping of syllables and its
corresponding pronunciation. The synthesis part is
done using HTK toolkit version 2.0 as synthesizer.

The Hidden Markov Model Toolkit (HTK) is a
portable toolkit for building and manipulating
hidden Markov models. HTK is primarily used for
speech recognition research, although it has been
used for numerous other applications. HTK
consists of a set of library modules and tools
available in C source form. The tools provide
sophisticated facilities for speech analysis, HMM
training, testing, and results analysis. HTK was
originally developed at the machine intelligence
laboratory of Cambridge universi'v engineering
department (CUED) where it has been used to
build CUED's large vocal lary speech
recognition systems.

HMM-Based Synthesis is one of the widely
applied methods in speech synthesis. HMM is a
statistical model, which can be used for modeling
the speech parameters extracted from a speech
database, and then generating the parameters
according to text input for creating the speech
waveform. HMM-based speech synthesis systems
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are able to produce speech in different speaking
styles with different speaker characteristics and
even emotions. They also benefit from better
adaptability and clearly smaller memory
requirement. However, the HMM-based TTS
systems often suffer from degraded naturalness in
quality compared to concatenative based speech
synthesizers.

5. Phoneme Concatenation

The need for increasing the speech database is to
improve the accuiacy of speech. If we train the
HTS toolkit with more data then the accuracy of
speech will be better. So for that we have tried to
concatenate the recorded phonemes which were
provided by Dzongkha Development Commission
(DDC).

We have 52 phonemes consisting of consonant
vowels and diphthongs u.iived from the [IPA t.:ble.

We have use matlab toolkit .. concatenating the
phonemes. Our main aim is to concatenate all of

these phonemes and then generate word from it.
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Table 1: Dzongkha consonantinventory

From the word we are going to generate the
sentence which will be used for training HTS
toolkit. For that first we should know the
occurrences of each of these phonemes in order to
form a word. Since we do not know the
occurrences of each of these phonemes what we
have done is like we tried to concatenate all 52
together and stored each of them in folder. In total
we have 52x52 combinations of phonemes.
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Front Cenmal Back
Unrounded | Rounded | Unrounded | Rounded | Unrounded | Rounded
Close i ¥ u
Close-mud | e 0 o
Open-mid |
Open a

Table 2: Dzongkha vowel inventory

6. Conclusion

The Development of Dzongkha TTS system work
towards the computerization of Dzongkha which
is syntactically a complex language. The project
has been done in collaboration with DDC. This
project has been accomplished within the
specified scopes. The main area to be worked on is
- to increase the number of data for training the

gyt

For the future work we can increase the size of
speech database in order to improve the accuracy
of the speech. We can also develop web based
interface so that Dzongkha TTS system can be
available globally and also deve' » an algorithm
. for Dzongkha pronunciation rule.
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