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Abstract

Nepali  language  being  mostly  used  language  in  Nepal,  a  text-to-

speech (TTS) synthesizer for this language will prove to be a useful ICT based 

system to aid to those majorities of people in Nepal who are illiterate and also to 

those who are physically handicapped.

Nepali  being  phonetically  rich  language,  simple  letter-to-sound 

rules are applied to produce valid pronunciations. The system uses the standard 

unit selection and concatenative approach   for voice production. Here, all  the 

phonemes and diphones in Nepali language are stored in the Speech Database. At 

runtime, TTS system extracts small units and concatenates appropriate diphones 

to produce voiced output. Making the synthesized speech sound more smooth and 

fluent needs digital signal processing, which is the main difficulty in this system. 

The system can be extended to include more features such as more emotions, 

improved tokenization, minimal database.
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1 introduction

1.1 Project Description

This  is  a  report  for  the  major  “Nepali  Text-to-speech  synthesis” 

project carried out as final semester project during July 2006-October 2006 at 

Gandaki  College of  Engineering and Science,  (Pokhara University).  The main 

objective  of  this  project  is  to  study  on  different  aspects  of  speech  synthesis 

technology  and  illustrate  the  potential  methodology  to  build  a  text-to-speech 

synthesizer of Nepali language. There have been in-depth researches and studies 

in the field of speech synthesis for English language but in case of Nepali very 

few steps  have  been  started.  The  speech  synthesis  process  involves  linguistic 

exploration in the language, building high quality corpora for appropriate testing 

and  building  of  algorithms.  A lot  of  effort  has  to  be  spent  on  building  such 

infrastructure of natural language processing for Nepali language. 

A general text-to-speech system has to consider great many aspects in 

the written language. Every language uses different special symbols to represent 

different meanings in the language, hence the text is not pronounced exactly how 

it is written. Also, we need many linguistic tools to analyse the text to find out the 

appropriate pronunciation e.g. Morphological Analyser. In absence of such tools 

for Nepali language the application of the system may be limited, being high rate 

of inaccuracies. 

This is an attempt to build a full featured Nepali text to speech system. 

The report starts with introduction to the speech synthesis and its brief historical 

description. The first part of the report continues with second chapter describing 

theory behind speech production by human system, its representation in computer, 

problems associated with speech synthesis and different techniques involved in 

the speech synthesis mechanism. The third chapter highlights different possible 

applications  of  the  TTS  system.  The  final  chapter  of  the  first  part  tries  to 

summarize the Literature review of Nepali TTS Synthesis. The second part of the 

report  highlights  the  internal  mechanisms  of  the  Nepali  TTS synthesizer  built 
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during  the  project  period.  This  includes  working  principle  of  Text  Analysis 

modules, management of Speech Database in the system, handling of Tone & 

Intonation  of  certain  variations  and  so  on.  Part  three  of  the  report  presents 

different  software  engineering  artifacts  produced  during  the  progress  of  the 

project. 

1.2 Introduction to TTS

Text-to-speech synthesis,  TTS is the automated transformation of a 

text  into speech that  sounds,  as  closer  as possible,  as  a  native speaker  of  the 

language reading the text. All the TTS systems take the text in digital format, such 

as ASCII for English, Unicode for Nepali. It is possible to build a TTS system 

which will work in combination with Optical Character Recognition system so 

that the system can read from printed text; but this does not affect the point, the 

output of the OCR system will be finally coded in corresponding digital text that 

is served as input for the TTS system. It is considered that a complete Text-to-

speech system for any language must be able to handle text written its normal 

form in that  language,  using its  standard script  or  orthography.  Hence  a  TTS 

which will accept romanized input to speak out is not considered as a true TTS 

system. Normally, a text contains many inputs besides ordinary words. A typical 

Nepali text may contain numbers in different contexts; amount of money or phone 

number, percentage, acronyms and so on. A full text-to-speech system should be 

able to handle all these kinds of inputs with reasonable tolerance. 

Fig 1.1 Text to speech synthesizer

A closer examination of TTS system problem of converting text into 

voice  output  can  be  sub-divided  into  two  problems.  The  first  one  is  proper 
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analysis of text with linguistic rules in that language. This analyses the input text 

and  converts  the  orthographic  representation  of  the  text  into  its  linguistic 

representation. The linguistic representation gives information about grammatical 

categories of words, their tonal properties and most importantly pronunciation of 

the  words.  The  second  problem is  proper  speech  synthesis,  i.e.  generation  of 

speech  waveform  from  the  internal  linguistic  representation.  Speech  can  be 

synthesized  by  creating  an  environment  of  oral  track  simulation  (articulatry 

synthesis)  or  by  creating  an  acoustic  model  (formant  synthesis)  or  by 

manipulating the prerecorded speech units(concatenative synthesis). 

1.3 A Brief History of Speech Synthesis

Researchers have been studying for centuries for artificial production 

of speech. The effort has transited from mechanical modeling of human speech 

production system to electrical speech synthesizers and now to different modern 

synthesis techniques of concatenating recorded speech with text analysis to obtain 

more natural sounding voice outputs. 

The earliest efforts of producing artificial sound were with different 

mechanical  devices  which  model  the  human  speech  production  system.  The 

earliest mechanical models had different music instrument like devices capable of 

producing only five long vowels each (a, e, i, o, and u). To produce voice from 

these devices air had to be blown with air. Hence the production of voice was 

limited  to  very  basic  vowels  and  the  process  of  speech  production  was  not 

automatic. These were the acoustic resonators modelling the human vocal tract. 

After a few generations other parts of the machine were improved; like pressure 

chamber for lungs, vibrating reed to act like vocal cords and leather tube for the 

vocal tract. With appropriate manipulation of the shape of the leather tube these 

machines were able to produce vowel sounds and consonants were simulated by 

separate  constricted passages  and controlled  by  the fingers.  To simulate  more 

sounds  other  components  were  added  to  the  machine,  e.g.  movable  lips,  and 

tongue. Such machines were a good model of the human speech system but were 

limited to produce phones and limited set of words only, but not long sentences. 
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First full electrical synthesis devices had a buzzer as excitation and 

resonant circuits to model the acoustic resonances of the vocal tract. These were 

able to generate single vowel sounds and no consonants. The first true speech 

synthesizer  was introduced by Homer Dudley in 1939, called VODER (Voice 

Coder). The VODER consisted of wrist bar for selecting a voicing or noise source 

and foot pedal to control the fundamental frequency. Source signal was passed 

through ten bandpass filters whose output levels were controlled by fingers. Only 

skilled operator of VODER could produce a sentence of speech from the device. 

The demonstration of VODER showed that artificial production of speech was 

possible and increased more interest towards speech synthesis. 

Further study on speech signal and its decomposition invented new 

technique of speech synthesis called formant synthesis with proper prediction of 

parameters representing the signal. Formant synthesis does not produce natural 

sounding speech when operated in fully automated mode to predict  the signal 

parameters. With the advent of digital representation of digital sounds, availability 

of cheap and powerful computer hardware, and different digital signal processing 

techniques speech generation method shifted from fully synthetic to concatenation 

of natural recorded speech. Speech generated from concatenation method resulted 

more closer to natural voice than the fully synthesized voice. In addition to this, 

since memory cost has been dramatically decreased and the processing speed has 

been exponentially increased the developers are nowadays interested in different 

concatenative approaches. 
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2 SPEECH PRODUCTION, REPRESENTATION AND 

SYNTHESIS

2.1 Human Speech Production

The human speech production system includes many organs viz. Nasal 

Cavity,  Hard  Palate,  Soft  Palate,  Apex,  Dorsum,  Uvula,  Radix,  Pharynx, 

Epiglottis,  Vocal  Cords,  Larynx,  Esophageus,  and  Trachea  etc.  In  speaking 

mechanism the V-shaped opening between the vocal cords,  glottis,  acts as the 

most  important sound source.  The air  blown from lungs is  forced through the 

glottis to three different cavities of the vocal tract, the pharynx, the oral and the 

nasal cavities. The most important function of vocal cords is to modulate the air 

flow by rapidly opening and closing to produce vowels and voiced consonants by 

causing buzzing sound. For stop consonants the vocal cords are suddenly opened 

from the closed position to block the air coming from the larynx whereas during 

production of unvoiced consonants (/s/,  /f/)  the vocal cords remain completely 

closed  and  the  position/shape  of  tongue  inside  mouth  or  that  of  lips  changes 

during the air blow. 

Fig 2.1 Human Speech Production System
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The size, shape and acoustics of oral cavity can be varied with the 

movement  of  tongue,  lips,  chicks,  palate,  and  teeth.  The  different  portions  of 

tongue can be moved independently or whole tongue can be moved. The lips can 

change the size and shape of the mouth while opening hence resulting different 

speech sounds. The nasal cavity, whereas, is fixed in dimension and shape. The 

air stream to nasal cavity is controlled by the soft palate. Several methods and 

systems have been designed to model the human speech production system to 

produce synthetic speech.

2.2 Speech Signal Representation

For speech processing and language technology speech signals need to 

be represented and stored in computer memory. There are different methods of 

representing and storing speech signals. In first method, the speech signals are 

presented  in  time  and  frequency  domain.  Each  voice  gives  unique  harmonic 

structure in this frequency domain representation. The sampling frequency and the 

frequency band used in the capturing speech determine the quality of the speech 

reproduced.

<<<<Needs more to be explained. >>>>>

2.3 Speech synthesis terminology

Before going on to detail to explain technology of speech synthesis 

systems general terms used in the domain are briefly explained here. 

Utterance: How a sentence is spoken.

Prosody: Way things are spoken usually a word.

Words: It consist of one or more syllables .

Units: It can be phones or phonemes or syllable which is treated as 

concateating unit by the speech synthesis system.

Phones: Lingual phone gets generated form the flow of air through the 

vocal cord. Those sounds which get generated form the vocal cord due to the flow 

of air through it are called lingual phones. Lingual phones are those meaningful 

6



sounds that are generated by various vocal organ of the human. These sounds 

cannot be broken into further smaller units.

Phonemes:  It  is  the  smallest  unit  of  the  spoken  language  .Every 

language has their own smallest units. One or more phones make the phoneme. 

Phoneme has no meaning in it self but determines the meaning of the word i.e. 

group of phoneme form the word. In some languages like Nepali , English, Hindi 

phonemes are divided into two major groups i.e. vowels and consonants. Vowels 

are  generated  when  air  flows  smoothly  through  vocal  track  with  out  any 

constriction or disturbance in the vocal track, where as consonants are generated 

by disturbance to the air flowing through the vocal track.

Syllables:  Group  of  phonemes  form syllable.  For  Nepali  language 

Syllable is called (अकर : eg क,ख,अ,आ,कक etc ). Group of syllable determines the 

prosody of the word and prosody of all word combinely determines the utterance 

structure of the sentence.

Diphones:  It  is  formed  by  two  or  more  phones,  it  is  similar  to 

syllables.

Phonetics: In most languages the written text does not correspond to 

its pronunciation so that in order to describe correct pronunciation some kind of 

symbolic presentation is needed. Every language has a different phonetic alphabet 

and a different set of possible phonemes and their combinations. The number of 

phonetic symbols is between 20 and 60 in each language. A set of phonemes can 

be defined as the minimum number of symbols needed to describe every possible 

word in a language. In English there are about 40 phonemes .In Nepali language 

there are about 50 phonemes. Due to complexity and different kind of definitions, 

the number of phonemes in Nepali and most of the other languages can not be 

defined exactly. Phonemes are abstract units and their pronunciation depends on 

contextual  effects,  speaker's  characteristics,  and  emotions.  During  continuous 

speech, the articulatory movements depend on the preceding and the following 

phonemes. The articulators are in different position depending on the preceding 

one  and  they  are  preparing  to  the  following  phoneme  in  advance  this  cause 
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smooth  transition  between phonemes  which  is  had  to  achieve  in  any  king  of 

synthesis  especially  in  the  concatenative  synthesis.  This  also  causes  some 

variations on how the individual phoneme is  pronounced. These variations are 

called allophones which are the subset of phonemes and the effect is known as 

coarticulation.  For example,  a  word  र	
ल� contains a light  र  and  सर contains a 

distinct  र .  These  र  are  the  same  phoneme  but  different  allophones  and  have 

different  vocal  tract  configurations.  Another  reason  why  the  phonetic 

representation is not perfect, is that the speech signal is always continuous and 

phonetic  notation  is  always  discrete.  Different  emotions  and  speaker 

characteristics are also impossible to describe with phonemes so the unit called 

phone is usually defined as an acoustic realization of a phoneme. The phonetic 

alphabet is usually divided in two main categories, vowels and consonants. 

Vowels  are  always  voiced  sounds  and they  are  produced with  the 

vocal  cords  in  vibration,  while  consonants  may be  either  voiced  or  unvoiced. 

Vowels have considerably higher amplitude than consonants and they are also 

more stable and easier to analyze and describe acoustically. Because consonants 

involve very rapid changes. they are more difficult to synthesize properly. 

2.4 Nepali Articulatory Phonetics

Nepali  language  has  powerful  phonetic  structure.  It  has  defined 

different sets of phonemes . Phonemes (वर
) are divided into two groups.

Vowel(सवरवर
): It gets generated by smooth flow of air through the 

vocal  track..  They  get  pronounced  purely  with  out  any  involvement  of  other 

phoneme. There are 13 Vowels in Nepali language. They are: (अ आ इ ई ऊ ए ऐ ओ 

औ अ� अ�). But according the Nepali language specially there are 6 pure vowels 

they are (अ आ इ ई ऊ ए ऐ ओ औ अ� अ�).
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Consonant  (वरञ�न वर
):  There  are  generated  by  some  kinds  of 

distrubence on flow of air through the vocal track. While pronouncing they are 

always accompanied by vowel. There are 32 consonants viz;  ख  ग  घ  ङ च  छ �  झ  

ञ  ट ठ ड ढ र  त  थ  द ध  न  प  फ ब  भ  म  र  र  ल  व  श  ष  स  ह , =त  +  र (And pronounced 

as त  र ) and ज=�  + ञ (And pronounced as गर: )

These phonems combine to form syllable (अकर) . Syllable are those 

sounds that are produces by the vocal cord at a time as if they were the unit of the 

voice.  EG:  क कक क	 आ इ ऊ । they are  made up  of  one  or  more  phoneme.  For 

example; कक = क + इ .

Group of syllable determines the prosody of the word and prosody of 

each word determines the utterance structure of a sentence. Some major utterances 

are question ,  exclamation , normal flow. The phonetic structure of the Nepali 

script is quite strong. It covers most of the sounds that are produced by the human 

vocal  cord.  English  is  a  roman  scrpit.  Using  roman  script  we  cannot 

unambigilusly represent all the phonetics symbols of nepali scripts . For example; 

“Cha” means both  च छ, “tha” means both  ठ थ , and “ta” means both  ट त.  This 

means we cannot produce all the voices of Nepali script using a english TTS .We 

can write almost all the words spoken in English using Nepali phonemes but using 

English  alphabets  we  cannot  write  all  the  words  that  are  spoken  in  Nepali 

language .English being a roman script a single letter is not always pronounced 

the same. It is pronounced on the basis of other letters in its neighbourhood. This 

also means that a group of letter forms a syllable. Such thing make the job of 

finding appropriate syllable for the given word much harder , this in turn makes it 

hard to deretmine the appropriate pronounciation of a word in english. How ever 

in case of nepali script a letter is always spoken in the same way in any word For 

example;  क will be always spoken as “ka” unlike letter 'p'  which is spoken in 
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silent mode in “pneumonia” and distinctly in “pool”( ie in roman script letters are 

pronounced on the basis of other neighboring letters to form a syllable).

This means we can easily produce pronounciation of the given word 

form the letters of the word. The phonetic structure of the Nepali script has made 

the words in Nepali language easy to pronounce , this in turn simplifies the job in 

making of Nepali text to speech .

Thus in Nepali we need not worry on text processing to determine the 

pronouncation and thus the correct phonemes for the given word. Each Nepali 

letter unambiguously points to a distinct sound, which is a syllable so do not have 

to worry much about finding the syllables for the given word .Finding syllables 

for the given word is one of the major task in English text to speech. This is the 

major reason for not using festival in our system.
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3 TECHNIQUES OF SPEECH SYNTHESIS

The  two  characteristics  used  to  describe  the  quality  of  a  speech 

synthesis system are  naturalness and  intelligibility. The  naturalness of a speech 

synthesizer refers to how much the output sounds like the speech of a real person. 

The intelligibility of a speech synthesizer refers to how easily the output can be 

understood. The ideal speech synthesizer is both natural and intelligible, and each 

of  the  different  synthesis  technologies  try  to  maximize  both  of  these 

characteristics. Some of the technologies are better at naturalness or intelligibility 

and the goals of a synthesis system will often determine what approach is used. 

There  are  two  main  technologies  used  for  the  generating  synthetic  speech 

waveforms: concatenative synthesis and formant synthesis.

3.1 Formant synthesis

Formant synthesis does not use any human speech samples at runtime. 

Instead,  the  output  synthesized  speech  is  created  using  an  acoustic  model. 

parameters such as fundamental frequency , voicing , and noise levels are varied 

over time to create a waveform of artificial speech. This method is sometimes 

called  rule-based  synthesis,  but  some  argue  that  because  many  concatenative 

systems use rule-based components for some parts of the system, like the front 

end, the term is not specific enough.

Many  systems  based  on  formant  synthesis  technology  generate 

artificial, robotic-sounding speech, and the output would never be mistaken for 

the speech of a real human. However, maximum naturalness is not always the 

goal  of  a  speech  synthesis  system,  and  formant  synthesis  systems have  some 

advantages over concatenative systems.

Formant synthesized speech can be very reliably intelligible, even at 

very  high  speeds,  avoiding  the  acoustic  glitches  that  can  often  plague 

concatenative  systems.  High  speed  synthesized  speech  is  often  used  by  the 
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visually impaired for quickly navigating computers using a screen reader. Second, 

formant  synthesizers  are  often  smaller  programs  than  concatenative  systems 

because they do not have a database of speech samples. They can thus be used in 

embedded computing situations where memory space and processor power are 

often  scarce.  Last,  because  formant-based  systems  have  total  control  over  all 

aspects  of  the  output  speech,  a  wide  variety  of  prosody or  intonation  can  be 

output, conveying not just questions and statements, but a variety of emotions and 

tones of voice.

Probably the most widely used synthesis method during last decades 

has been formant synthesis .There are two basic structures in general, a parallel  

formant synthesizer consists of resonators connected in parallel. Sometimes extra 

resonators for nasals  are used.  The excitation signal is applied to all  formants 

simultaneously  and  their  outputs  are  summed.  Adjacent  outputs  of  formant 

resonators must be summed in opposite phase to avoid unwanted zeros or anti-

resonances in the frequency response. The parallel structure has been found to be 

better  for  nasals,  fricatives,  and stop consonants,  but  some vowels can not  be 

modeled with parallel formant synthesizer as well as with the cascade one.

A  cascade  formant  synthesizer  consists  of  band-pass  resonators 

connected in series and the output of each formant resonator is applied to the input 

of the following one. The cascade structure needs only formant frequencies as 

control  information.  The  main  advantage  of  the  cascade  structure  is  that  the 

relative  formant  amplitudes  for  vowels  do  not  need  individual  controls.  The 

cascade structure has been found better for non-nasal voiced sounds and because 

it  needs  less  control  information  than  parallel  structure,  it  is  then  simpler  to 

implement. However, with cascade model the generation of fricatives and plosive 

bursts is a problem. 

3.2 Concatenative synthesis

Concatenative  synthesis  is  probably  the  easiest  method  to  produce 

intelligible and natural sounding synthetic speech. In Concatenative synthesis we 

connect prerecorded natural utterances to produce new natural sounds. However 
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concatenative synthesizers are limited to one speaker and one voice and usually 

require more memory than other methods.

The most important aspect in concatenative synthesis is to find correct 

unit length.  We had to make selection between longer units and shorter units. 

Longer units possesses high naturalness, contains less concatenation points and 

more control over the variation in phonemes (coarticulation) can be achieved. But 

the amount of required units and memory goes on increasing. With Shorter Units 

less memory is needed, but the sample collecting and labeling procedures become 

more  difficult  and  complex.  In  present  systems units  used  are  usually  words, 

syllables, demi-syllables, phonemes, diphones, and sometimes even triphones.

The most natural unit for written text and some messaging systems 

with  very  limited  vocabulary  is  words.  Using  words  it  is  easy  to  perform 

concatenation and the effects that need to be embedding within the words are 

stored in that unit itself. However words spoken independently in isolation differ 

greatly when forming a continuous sentence.  When words are concatenated to 

form a  continuous  speech,  it  sounds  very  unnatural.  Since  different  language 

consists of huge amount of different words, it is thought that word is not suitable 

unit for any king of TTS systems.

The  most  commonly  used  units  in  speech  synthesis  are  phonemes 

because they are the normal linguistic presentation in speech. When rule based 

mechanism  are  used  to  build  any  text  to  speech  systems  phonemes  gives 

maximum flexibility to produce voiced outputs. Also in any language the number 

of phonemes are less in numbers, for example Nepali language has around 50 

phonemes. However some phonemes are difficult to synthesize and store in the 

speech  database.  For  the  text  to  speech  systems  with  diphone-synthesis 

mechanism, phonemes are the primary inputs which are manipulated with some 

rule based systems to produce the voiced representation of the text. 

Unit selection synthesis uses large speech databases. During database 

creation, each recorded utterance is segmented into some or all of the following: 

individual  phones,  syllables,  morphemes,  words,  phrases,  and  sentences. 

Typically, the division into segments is done using a specially modified speech 
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recognizer set to a "forced alignment" mode with some hand correction afterward, 

using visual representations such as the waveform and spectrogram . An index of 

the units in the speech database is then created based on the segmentation and 

acoustic parameters like the fundamental frequency (pitch ), duration, position in 

the syllable, and neighboring phones. At runtime, the desired target utterance is 

created by determining the best chain of candidate units from the database (unit 

selection). This process is typically achieved using a specially-weighted decision 

tree.

Unit selection gives the greatest naturalness due to the fact that it does 

not  apply  a  large  amount  of  digital  signal  processing  to  the  recorded speech, 

which often makes recorded speech sound less natural, although some systems 

may use a  small  amount of signal  processing at  the point  of  concatenation to 

smooth the waveform. In fact, output from the best unit selection systems is often 

indistinguishable  from real  human  voices,  Unit  selection  synthesis  uses  large 

speech  databases  (more  than  one  hour  of  recorded  speech).  During  database 

creation, each recorded utterance is segmented into some or all of the following: 

individual  phones,  syllables  ,  morphemes  ,  words  ,  phrases  ,  and  sentences  . 

Typically, the division into segments is done using a specially modified speech 

recognizer set to a "forced alignment" mode with some hand correction afterward, 

using visual representations such as the waveform and spectrogram . An index of 

the units in the speech database is then created based on the segmentation and 

acoustic parameters like the fundamental frequency (pitch ), duration, position in 

the syllable, and neighboring phones. At runtime, the desired target utterance is 

created by determining the best chain of candidate units from the database (unit 

selection). This process is typically achieved using a specially-weighted decision 

tree.

Specially  in  contexts  for  which  the  TTS  system  has  been  tuned. 

However, maximum naturalness often requires unit selection speech databases to 

be very large, in some systems ranging into the gigabytes of recorded data and 

numbering into the dozens of hours of recorded speech.specially in contexts for 

which the  TTS system has  been tuned.  However,  maximum naturalness  often 
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requires unit selection speech databases to be very large, in some systems ranging 

into the gigabytes of recorded data and numbering into the dozens of hours of 

recorded speech.

After we have a set of words to be spoken, we have to decide what the 

sounds should be -  what phonemes,  or basic speech sounds,  are spoken. Each 

language and dialect has a phoneme set associated with it, and the choice of this 

inventory  is  still  not  agreed  upon;  different  theories  posit  different  feature 

geometries. Given a set of units, we can, once again, train models from them, but 

it is up to linguistics (and practice) to help us find good levels of structure and the 

units at each. 

Prosody, or the way things are spoken, is an extremely important part 

of the speech message. Changing the placement of emphasis in a sentence can 

change the meaning of a word, and this emphasis might be revealed as a change in 

pitch, volume, voice quality, or timing.

For the case of concatenative synthesis, we actually collect recordings 

of voice talent, and this captures the voice quality to some degree. This way, we 

avoid  detailed  physical  simulation  of  the  oral  tract,  and  perform synthesis  by 

integrating pieces that we have in our inventory; as we don't have to produce the 

precisely controlled articulatory motion, we can model the speech using the units 

available  in  the  sound alone  --  though these  are  the  surface  realization  of  an 

underlying, physically generated signal, and knowledge of that system informs 

what we do. During waveform generation, the system assembles the units into an 

audio  file  or  stream,  and  that  can  be  finally  "spoken."  There  can  be  some 

distortion as these units are joined together, but the results can also be quite good. 

3.3 Unit selection and concatenation in detail

By "unit selection" we actually mean the selection of some unit  of 

speech which may be anything from whole phrase down to diphone (or  even 

smaller). Technically diphone selection is a simple case of this. However typically 

what we mean is unlike diphone selection, in unit selection there is more than one 
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example of the unit and some mechanism is used to select between them at run-

time.

ATR’s CHATR system and earlier work at  that  lab is an excellent 

example of one particular method for selecting between multiple examples of a 

phone within a database. With diphones a fixed view of the possible space of 

speech units has been made which we all know is not ideal. There are articulatory 

effects which go over more than one phone, e.g. /s/ can take on artifacts of the 

roundness of the following vowel even over an intermediate stop, e.g. “spout” vs 

“spit”.  But  its  not  just  obvious  segmental  effects  that  cause  variation  in 

pronunciation,  syllable  position,  word/phrase  initial  and  final  position  have 

typically a different level of articulation from segments taken from word internal 

position. Stressing and accents also cause differences. Rather than try to explicitly 

list the desired inventory of all these phenomena and then have to record all of 

them a potential alternative is to take a natural distribution of speech and (semi-)

automatically find the distinctions that actually exist rather predefining them. The 

theory  is  obvious  but  the  design  of  such  systems  and finding  the  appropriate 

selection  criteria,  weighting  the  costs  of  relative  candidates  is  a  non-trivial 

problem.  However  techniques  like  this  often  produce  very  high  quality,  very 

natural  sounding  synthesis.  However  they  also  can  produce  some  very  bad 

synthesis too, when the database has unexpected holes and/or the selection costs 

fail. Two forms of unit selection will discussed here, not because we feel they are 

the best but simply because they are the ones actually implemented by us and 

hence  can  be  distributed.  These  should  still  be  considered  research  systems. 

Unless you are specifically interested or have the expertise in developing new 

selection  techniques  it  is  not  recommended  that  you  try  these,  if  you need  a 

working voice within a  month and can’t  afford to miss that deadline then the 

diphone option is safe, well tried and stable. In you need higher quality and know 

something about what you need to say, then we recommend the limited domain 

techniques  discussed  in  the  following  chapter.  The  limited  domain  synthesis 

offers the high quality of unit selection but avoids much of the bad selections.
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3.3.1 Cluster unit selection

The idea is to take a database of general speech and try to cluster each 

phone type into groups of acoustically similar units based on the (non-acoustic) 

information  available  at  synthesis  time,  such  as  phonetic  context,  prosodic 

features  (F0  and  duration)  and  higher  level  features  such  as  stressing,  word 

position,  and  accents.  The  actually  features  used  may  easily  be  changed  and 

experimented  with  as  can  the  definition  of  the  definition  of  acoustic  distance 

between the units in a cluster.

3.3.2 Unit selection databases

In some sense this  work builds on the results  of both the CHATR 

selection algorithm and the work of donovan, but differs in some important and 

significant ways. Specifically in contrast to [hunt96] this cluster algorithm pre-

builds  CART trees  to  select  the  appropriate  cluster  of  candidate  phones  thus 

avoiding  the  computationally  expensive  function  of  calculating  target  costs 

(through linear regression) at selection time. Secondly because the clusters are 

built  directly  from the  acoustic  scores  and  target  features,  a  target  estimation 

function isn’t required removing the need to calculate weights for each feature. 

This cluster method differs from the clustering method in [donovan95] in that it 

can use more generalized features in clustering and uses a different acoustic cost 

function (Donovan uses HMMs), also his work is based on sub-phonetic units 

(HMM states). Also Donovan selects one candidate while here we select a group 

of candidates and finds the best overall selection by finding the best path through 

each set of candidates for each target phone, in a manner similar to [hunt96] and 

[iwahashi93] before. 

The basic processes involved in building a waveform synthesizer for 

the clustering algorithm are as follows. A high level walkthrough of the scripts to 

run is given after these lower level details.

• Collect the database of general speech.
• Building utterance structures for your database using the techniques 

discussed in the section called Utterance building in Chapter 3.
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• Building coefficients  for  acoustic  distances,  typically  some form of 
cepstrum plus F0, or some pitch synchronous analysis (e.g. LPC).

• Build  distances  tables,  precalculating  the  acoustic  distance  between 
each unit of the same phone type.

• Dump  selection  features  (phone  context,  prosodic,  positional  and 
whatever) for each unit type.

• Build  cluster  trees  using  wagon  with  the  features  and  acoustic 
distances dumped by the previous two stages

• Building the voice description itself

3.3.3 Choosing the right unit type

First the decision of unit type to be used is decided. Note there are two 

dimensions here. First is size, such as phone, diphone, demi-syllable. The second 

type itself which may be simple phone, phone plus stress, phone plus word etc. 

The code here and the related files basically assume unit size is phone. However 

because you may also include a percentage of the previous unit in the acoustic 

distance measure this unit  size is more effectively phone plus previous phone, 

thus it is somewhat diphone like. The cluster method has actual restrictions on the 

unit size, it simply clusters the given acoustic units with the given feature, but the 

basic  synthesis  code  is  currently  assuming  phone  sized  units.  The  second 

dimension, type, is very open and we expect that controlling this will be a good 

method to attained high quality general unit selection synthesis. The parameter 

clunit_name_feat  may  be  used  define  the  unit  type.  The  simplest  conceptual 

example is the one used in the limited domain synthesis. There we distinguish 

each phone with the word it comes from, thus a d from the word limited is distinct 

from the d in the word domain. Such distinctions can hard partition up the space 

of phones into types that can be more manageable.

The decision of how to carve up that space depends largely on the 

intended use of the database. The more distinctions you make less you depend on 

the clustering acoustic distance, but the more you depend on your labels (and the 

speech) being (absolutely) correct. 

In the limited domain case the word is attached to the phone. You can 

also consider some demi-syllable information or more to differentiate between 
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different instances of the same phone. The important thing to remember is that at 

synthesis time the same function is called to identify the unittype which is used to 

select the appropriate cluster tree to select from. Thus you need to ensure that if 

you use say diphones that the your database really does not have all diphones in it.

3.3.4 Collecting databases for unit selection

Unlike  diphone database  which  are  carefully  constructed  to  ensure 

specific coverage, one of the advantages of unit selection is that a much more 

general database is desired. However, although voices may be built from existing 

data not specifically gathered for synthesis there are still factors about the data 

that will help make better synthesis.

Like diphone databases the more cleanly and carefully the speech is 

recorded the better the synthesized voice will be. As we are going to be selecting 

units from different parts of the database the more similar the recordings are, the 

less  likely  bad  joins  will  occur.  However  unlike  diphones  database,  prosodic 

variation is probably a good thing, as it is those variations that can make synthesis 

from unit selection sound more natural. Good phonetic coverage is also useful, at 

least phone coverage if not complete diphone coverage. Also synthesis using these 

techniques  seems to  retain  aspects  of  the  original  database.  If  the database  is 

broadcast news stories, the synthesis from it will typically sound like read news 

stories (or more importantly will sound best when it is reading news stories).

Although it is too early to make definitive statements about what size 

and type of data is best for unit selection we do have some rough guides. A Timit 

like database of 460 phonetically balanced sentences (around 14,000 phones) is 

not an unreasonable first choice. If the text has not been specifically selected for 

phonetic coverage a larger database is probably required, for example the Boston 

University Radio News Corpus speaker f2b has been used relatively successfully. 

Of course all this depends on what use you wish to make of the synthesizer, if its 

to be used in more restrictive environments tailoring the database for the task is a 

very good idea. If you are going to be reading a lot of telephone numbers, having 
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a significant number of examples of read numbers will make synthesis of numbers 

sound much better .

3.3.5 Building utterance structures for unit selection

In order to make access well defined you need to construct Festival 

utterance structures  for  each of  the  utterances  in  your  database.  This  requires 

labels for: segments, syllables, words, phrases, F0 Targets, and intonation events. 

Ideally  these  should  all  be  carefully  hand  labeled  but  in  most  cases  that’s 

impractical. There are ways to automatically obtain most of these labels but you 

should be aware of the inherit errors in the labeling system you use (including 

labeling systems that involve human labelers).  Note that when a unit selection 

method is to be used that fundamentally uses segment boundaries its quality is 

going to be ultimately determined by the quality of the segmental labels in the 

databases. For the unit selection algorithm described below the segmental labels 

should be using the same phoneset as used in the actual synthesis voice. However 

a more detailed phonetic labeling may be more useful (e.g. marking closures in 

stops)  mapping  that  information  back  to  the  phone  labels  before  actual  use. 

Autoaligned databases typically aren’t accurate enough for use in unit selection. 

Most  autoaligners  are  built  using  speech  recognition  technology  where  actual 

phone  boundaries  are  not  the  primary  measure  of  success.  General  speech 

recognition  systems  primarily  measure  words  correct  (or  more  usefully 

semantically correct) and do not require phone boundaries to be accurate. If the 

database  is  to  be  used  for  unit  selection  it  is  very  important  that  the  phone 

boundaries are accurate. Having said this though, we have successfully used the 

aligner described in the diphone chapter above to label general utterance where 

we knew which phone string we were looking for, using such an aligner may be a 

useful first pass, but the result should always be checked by hand. It has been 

suggested that aligning techniques and unit selection training techniques can be 

used to judge the accuracy of the labels and basically exclude any segments that 

appear to fall outside the typical range for the segment type. Thus it, is believed 

that unit selection algorithms should be able to deal with a certain amount of noise 
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in the labeling. This is the desire for researchers in the field, but we are some way 

from that and the easiest way at present to improve the quality of unit selection 

algorithms  at  present  is  to  ensure  that  segmental  labeling  is  as  accurate  as 

possible. Once we have a better handle on selection techniques themselves it will 

then be possible to start experimenting with noisy labeling.

However it  should be added that this  unit  selection technique (and 

many others) support what is termed "optimal coupling" where the acoustically 

most appropriate join point is found automatically at run time when two units are 

selected for concatenation. This technique is inherently robust to at least a few 

tens of millisecond boundary labeling errors.

3.3.6 Building a Unit Selection Cluster Voice

The previous section gives the low level details in building of a cluster 

unit selection voice. This section gives a higher level view with explict command 

to be run. The steps involved in building a unit selection voices are basically the 

same as that for building a limited domain voice . Though in for general voices, in 

constrast  to ldom voice,  it  is  much more important to get all  parts  correct,  to 

labeling. It requires following steps to be performed;

• Read and understand all the issues regarding the following steps
• Design the prompts
• Record the prompts
• Build utterance structures

Units are stored in wave format. Getting the recording quality as high 

as possible is fundamental to the success of building a voice. Now spoken prompt 

must  be  labeled.  This  is  done  by  matching  the  synthesized  prompts  with  the 

spoken ones. 

Especially in the case of the uniphone synthesizer, where there is one 

and only one occurrence of each phone they all must be correct so its important to 

check the labels by hand. Note for large collections you may find the full Sphinx 

based labelling technique better the section called Labeling with Full Acoustic 

Models . After labeling we can build the utterance structure using the prompt list 

and the now labeled phones and durations.
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3.4 Diphone synthesis

Diphone synthesis uses a minimal speech database containing all the 

Diphones (sound-to-sound transitions) occurring in a given language. The number 

of diphones depends on the phonotactics of the language: Spanish has about 800 

diphones, German about 2500. In diphone synthesis, only one example of each 

diphone is contained in the speech database. At runtime, the target prosody of a 

sentence  is  superimposed  on  these  minimal  units  by  means  of  digital  signal 

processing techniques such as Linear predictive coding , PSOLA or MBROLA .

The quality of the resulting speech is generally not as good as that 

from  unit  selection  but  more  natural-sounding  than  the  output  of  formant 

synthesizers. Diphone synthesis suffers from the sonic glitches of concatenative 

synthesis and the robotic-sounding nature of formant synthesis, and has few of the 

advantages  of  either  approach  other  than  small  size.  As  such,  its  use  in 

commercial applications is declining, although it continues to be used in research 

because there are a number of freely available implementations.

Domain-specific  synthesis  concatenates  pre-recorded  words  and 

phrases to create complete utterances. It is used in applications where the variety 

of  texts  the  system will  output  is  limited  to  a  particular  domain,  like  transit 

schedule announcements or weather reports.

This  technology  is  very  simple  to  implement,  and  has  been  in 

commercial use for a long time: this is the technology used by gadgets like talking 

clocks and calculators. The naturalness of these systems can potentially be very 

high because the variety  of  sentence  types is  limited and closely matches  the 

prosody  and  intonation  of  the  original  recordings.  However,  because  these 

systems are limited by the words and phrases in its database, they are not general-

purpose and can only synthesize the combinations of words and phrases they have 

been pre-programmed with.
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3.5 Other synthesis methods

Besides  these  techniques  there  exist  many  other  techniques  of 

synthesizing speech.

3.5.1 Articulatory synthesis 

It  has  been  a  synthesis  method  mostly  of  academic  interest  until 

recently. It is based on computational models of the human vocal tract and the 

articulation  processes  occurring  there.  Few  of  these  models  are  currently 

sufficiently  advanced  or  computationally  efficient  to  be  used  in  commercial 

speech  synthesis  systems.  A  notable  exception  is  the  NeXT-based  system 

originally developed and marketed by Trillium Sound Research Inc, a Calgary, 

Alberta, Canada-based software spin-off company from the University of Calgary 

where much of the original research was conducted. Following the demise of the 

various incarnations of NeXT (started by Steve Jobs in the late 1980s and merged 

with Apple in 1997) the Trillium software was put out under a General Public 

Licence (GPL) ,  with work continuing as gnuspeech --  a  GNU project.  .  The 

system,  first  marketed  in  1994,  provides  full  articulatory-based  text-to-speech 

conversion using a waveguide or transmission-line analog of the human oral and 

nasal tracts controlled by Carré's Distinctive Region Model that is, in turn, based 

on work by Gunnar Fant and others at the Stockholm Speech Technology Lab of 

the  Royal  Institute  of  Technology  on  formant  sensitivity  analysis.  This  work 

showed  that  the  formants  in  a  resonant  tube  can  be  controlled  by  just  eight 

parameters that correspond closely with the naturally available articulators in the 

human vocal tract. The system embodies a full pronouncing dictionary look-up 

together  with  context  sensitive  rules  for  posture  concatenation  and  parameter 

generation  as  well  as  models  of  rhythm  and  intonation  derived  from 

linguistic/phonological research. 

Articulatory  synthesis  tries  to  model  the  human  vocal  organs  as 

perfectly as possible, so it is potentially the most satisfying method to produce 

high-quality  synthetic  speech.  On  the  other  hand,  it  is  also  one  of  the  most 
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difficult methods to implement and the computational load is also considerably 

higher than with other common methods Thus, it has received less attention than 

other  synthesis  methods  and  has  not  yet  achieved  the  same  level  of  success. 

Articulatory synthesis  typically involves models of  the human articulators and 

vocal  cords.  The articulators are usually  modeled with a  set  of  area functions 

between glottis and mouth. The first articulatory model was based on a table of 

vocal tract area functions from larynx to lips for each phonetic segment . For rule-

based  synthesis  the  articulatory  control  parameters  may  be  for  example  lip 

aperture,  lip  protrusion,  tongue  tip  height,  tongue  tip  position,  tongue  height, 

tongue position and velic aperture.  Phonatory or excitation parameters may be 

glottal aperture, cord tension, and lung pressure. When speaking, the vocal tract 

muscles cause articulators to move and change shape of the vocal tract  which 

causes different sounds. The data for articulatory model is usually derived from 

X-ray analysis of natural speech. However, this data is usually only 2-D when the 

real vocal tract is naturally 3-D, so the rule-based articulatory synthesis is very 

difficult to optimize due to the unavailability of sufficient data of the motions of 

the articulators during speech. Other deficiency with articulatory synthesis is that 

X-ray  data  do  not  characterize  the  masses  or  degrees  of  freedom  of  the 

articulators. Also, the movements of tongue are so complicated that it is almost 

impossible to model them precisely.

Advantages of articulatory synthesis are that the vocal tract models 

allow  accurate  modeling  of  transients  due  to  abrupt  area  changes,  whereas 

formant synthesis models only spectral behaviour. The articulatory synthesis is 

quite  rarely  used  in  present  systems,  but  since  the  analysis  methods  are 

developing fast and the computational resources are increasing rapidly, it might be 

a potential synthesis method in the future.

3.5.2 Hybrid synthesis 

This  uses  the  aspects  of  formant  and  concatenative  synthesis  to 

minimize the acoustic glitches when speech segments are concatenated. 
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3.5.3 HMM-based synthesis 

It is a synthesis method based on Hidden Markov Models (HMMs). In 

this  system,  speech  frequency  spectrum  (vocal  tract),  Fundamental  frequency 

(vocal source),  and duration (prosody) are modeled simultaneously by HMMs. 

Speech waveforms are generated from HMMs themselves based on Maximum 

likelihood criterion. 
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4 PROBLEMS IN SPEECH SYNTHESIS AND EYE ON 

NEPALI TTS

The problem area in speech synthesis is very wide. There are several 

problems in text pre-processing, such as numerals, abbreviations, and acronyms. 

Correct  prosody  and  pronunciation  analysis  from written  text  is  also  a  major 

problem today. Written text contains no explicit emotions and pronunciation of 

proper  and  foreign  names  is  sometimes  very  anomalous.  At  the  low-level 

synthesis,  the  discontinuities  and  contextual  effects  in  wave  concatenation 

methods are the most problematic. Speech synthesis has been found also more 

difficult with female and child voices. Female voice has a pitch almost twice as 

high as with male voice and with children it may be even three times as high. The 

higher  fundamental  frequency makes  it  more  difficult  to  estimate the formant 

frequency locations  .  The  evaluation  and assessment  of  synthesized  speech  is 

neither  a  simple  task.  Speech  quality  is  a  multidimensional  term  and  the 

evaluation  method  must  be  chosen  carefully  to  achieve  desired  results.  This 

chapter describes the major problems in text-to-speech research.

4.1 Text-to-Phonetic Conversion

The first task faced by any TTS system is the conversion of input text 

into  linguistic  representation,  usually  called  text-to-phonetic  or  grapheme-to-

phoneme conversion. The difficulty of conversion is highly language depended 

and includes many problems. In some languages, such as Finnish, the conversion 

is quite simple because written text almost corresponds to its pronunciation. For 

English  and  most  of  the  other  languages  the  conversion  is  much  more 

complicated. A very large set of different rules and their exceptions is needed to 

produce  correct  pronunciation  and  prosody  for  synthesized  speech.  Some 

languages have also special features which are discussed more closely at the end 

of  this  chapter.  Conversion  can  be  divided  in  three  main  phases,  text 
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preprocessing,  creation  of  linguistic  data  for  correct  pronunciation,  and  the 

analysis of prosodic features for correct intonation, stress, and duration.

4.1.1 Text preprocessing

Text preprocessing is usually a very complex task and includes several 

language  dependent  problems  (Sproat  1996).  Digits  and  numerals  must  be 

expanded  into  full  words.  For  example  in  English,  numeral  243  would  be 

expanded as two hundred and forty-three and 1750 as seventeen-fifty (if year) or 

one-thousand  seven-hundred  and  fifty  (if  measure).  Related  cases  include  the 

distinction between  the 747 pilot  and  747 people.  Fractions and dates are also 

problematic. 5/16 can be expanded as five-sixteenths (if fraction) or May sixteenth 

(if date). Expansion ordinal numbers have been found also problematic. The first 

three ordinals must be expanded differently than the others, 1st as  first, 2nd as 

second, and 3rd as third. Same kind of contextual problems are faced with roman 

numerals.  Chapter  III  should  be  expanded as  Chapter  three  and Henry  III  as 

Henry the third and I may be either a pronoun or number. Roman numerals may 

be also confused with some common abbreviations, such as MCM. Numbers may 

also have some special forms of expression, such as 22 as double two in telephone 

numbers and 1- 0 as one love in sports.

Abbreviations  may  be  expanded  into  full  words,  pronounced  as 

written, or pronounced letter by letter. There are also some contextual problems. 

For  example kg  can  be  either  kilogram  or  kilograms  depending on  preceding 

number, St. can be saint or street, Dr. doctor or drive and ft. Fort, foot or feet. In 

some  cases,  the  adjacent  information  may  be  enough  to  find  out  the  correct 

conversion, but to avoid misconversions the best solution in some cases may be 

the  use  of  letter-to-letter  conversion.  Innumerable  abbreviations  for  company 

names and other related things exists and they may be pronounced in many ways. 

For example, N.A.T.O. or RAM are usually pronounced as written and SAS or 

ADP letter-by-letter. Some abbreviations such as MPEG as empeg are pronounced 

irregularly.  How ever  such  kinds  of  difficulties  are  not  so  pronounced in  the 

contex of nepali language as we generally speak each letter in quite a distinct way.
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Besides these there are several other difficullty related to character or 

symbols that are common for both nepali and English language 

Special characters and symbols, such as '$', '%', '&', '/', '-', '+', cause 

also special kind of problems. In some situations the word order must be changed. 

For example, $71.50 must be expanded as seventy-one dollars and fifty cents and 

$100 million as one hundred million dollars, not as one hundred dollars million. 

The expression '1-2' may be expanded as  one minus two or  one two, 

and character '&' as et or and. Also special characters and character strings in for 

example web-sites or e-mail messages must be expanded with special rules. For 

example, character '@' is usually converted as at and email messages may contain 

character strings, such as some header information, which may be omitted. Some 

languages also include special non ASCII characters, such as accent markers or 

special symbols.

Written text may also be constructed in several ways, like in several 

olumns and pages as in a normal newspaper article. This may cause insuperable 

problems  especially  with  optical  reading  machines.  In  nepali,  the  text 

preprocessing  scheme  is  in  general  easier  but  contains  also  some  specific 

difficulties. 

4.1.2 Pronunciation

The problem related to pronunciation are not usually seen in Nepali 

language as in Nepali language each letter is spoken distinctly. This is due to the 

fact that languages like Nepali, Shankrit , Hindi , Tamil etc are phonetically rich 

and thus doesn’t suffer form such problems but in case of languages like English , 

finish ,  French, Spanish they suffer form such problems.  These problem ,  are 

briefly discussed below .

Some  words,  called  homographs,  cause  maybe  the  most  difficult 

problems in TTS systems. Homographs are spelled the same way but they differ 

in meaning and usually in pronunciation (e.g. fair, lives). The word  lives  is for 

example pronounced differently in sentences "Three  lives  were lost" and "One 

lives to eat". Some words, e.g. lead, has different pronunciations when used as a 

28



verb or noun, and between two noun senses (He followed her lead / He covered 

the hull  with  lead).  With these kind of words some semantical  information is 

necessary to achieve correct pronunciation. The pronunciation of a certain word 

may  also  be  different  due  to  contextual  effects.  This  is  easy  to  see  when 

comparing phrases the end and the beginning. The pronunciation of the depends 

on  the  initial  phoneme  in  the  following  word.  Compound  words  are  also 

problematic. For example the characters 'th' in mother and hothouse is pronounced 

differently.  Some  sounds  may  also  be  either  voiced  or  unvoiced  in  different 

context. For example, phoneme /s/ in word dogs is voiced, but unvoiced in word 

cats  finding correct  pronunciation for  proper  names,  especially  when they are 

borrowed from other languages, is usually one of the most difficult tasks for any 

TTS system. Some common names, such as Nice and Begin, are ambiguous in 

capitalized context, including sentence initial position, titles and single text. For 

example, the sentence Nice is a nice place is very problematic because the word 

Nice  may be pronounced as /niis/ or /nais/.  Some names and places have also 

special pronunciation, such as Leicester and Arkansas. For correct pronunciation, 

these  kind  of  words  may  be  included  in  a  specific  exception  dictionary. 

Unfortunately, it is clear that there is no way to build a database of all proper 

names in the world. In Finnish, considerably less rules are needed because in most 

cases words are pronounced as written. However, few exceptions exists, such as /

η/ in words kenkä and kengät. Finnish alphabet contains also some foreign origin 

letters which can be converted in text preprocessing, such as taxi - taksi (x - ks) 

and pizza (zz - ts). The letter pairs v and w, c and s, or å and o are also usually 

pronounced the same way .

4.1.3 Prosody

Finding correct intonation,  stress,  and duration from written text is 

probably the most challenging problem for years to come for any language . These 

features  together  are  called  prosodic  or  suprasegmental  features  and  may  be 

considered as the melody, rhythm, and emphasis of the speech at the perceptual 

level.  The  intonation  means  how  the  pitch  pattern  or  fundamental  frequency 
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changes  during  speech.  The  prosody  of  continuous  speech  depends  on  many 

separate  aspects,  such  as  the  meaning  of  the  sentence  and  the  speaker 

characteristics and emotions..  Unfortunately,  written text  usually  contains  very 

little information of these features and some of them change dynamically during 

speech. However, with some specific control characters this information may be 

given to a speech synthesizer. Timing at sentence level or grouping of words into 

phrases correctly is difficult because prosodic phrasing is not always marked in 

text by punctuation, and phrasal accentuation is almost never marked. If there is 

no breath pauses in speech or if they are in wrong places, the speech may sound 

very unnatural or even the meaning of the sentence may be misunderstood. 

For example,  the input  string " क? ट	 न क? ट@ " can be spoken as two 

different ways giving two different meanings as " क? ट	 ,न क? ट@ " or " क? ट	 न , क? ट@ 

"  or  "  क? ट	 न क? ट@ "  which  means  neither  boy  mor  girl  .  In  the  first  sentence 

meaning is it’s a boy not a girl , and in the second one the meaning is : it not a boy 

, it’s a girl.

PROSODY

Feelings

-anger

-happiness The meaning of sentence

-neutral

-imperative

-question

-sadness

Speaker characteristics

-gender

-age

Fundamental frequency

Duration

Stress

Fig. 4.1 Prosodic dependencies.
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4.2 Problems in Low Level Synthesis

There  are  many  methods  to  produce  speech  sounds  after  text  and 

prosodic analysis. All these methods have some benefits and problems of their 

own. In articulatory synthesis , the collection of data and implementation of rules 

to drive that  data  correctly  is  very complex.  It  is  almost  impossible  to  model 

masses, tongue movements, or other characteristics of the vocal system perfectly. 

Due to  this  complexity,  the computational  load may increase considerably.  In 

formant  synthesis,  the  set  of  rules  controlling  the  formant  frequencies  and 

amplitudes and the characteristics of the excitation source is large. Also some lack 

of naturalness, especially with nasalized sounds, is considered a major problem 

with  formant  synthesis.  In  concatenative  synthesis  (see  5.3),  the  collecting  of 

speech samples and labeling them is very time-consuming and may yield quite 

large waveform databases.  However,  the amount of data may be reduced with 

some  compression  method.  Concatenation  points  between  samples  may  cause 

distortion to the speech. With some longer units, such as words or syllables, the 

coarticulation effect is a problem and some problems with memory and system 

requirements may arise. 

4.3 Language Specific Problems and Features

For certain languages synthetic speech is easier  to produce than in 

others. Also, the amount of potential users and markets are very different with 

different  countries  and  languages  which  also  affect  how  much  resources  are 

available  for  developing  speech  synthesis.  Most  of  languages  have  also  some 

special features which can make the development process either much easier or 

considerably harder. Some languages, such as Finnish, Italian, and Spanish, have 

very regular pronunciation. Sometimes there is almost one-to-one correspondence 

with letter  to  sound.  The other  end is  for example French with very irregular 

pronunciation. Many languages, such as French, German, Danish and Portuguese 

also contain lots of special stress markers and other non ASCII. In German, the 
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sentential structure differs largely from other languages. For text analysis, the use 

of capitalized letters with nouns may cause some problems because capitalized 

words are usually analysed differently than others.

In Japanese, almost every spoken syllable is in CV form which makes 

the synthesis a bit easier than with other languages. On the other hand, conversion 

from Kanji to Kana symbols must be performed when using a TTS system . In 

Chinese and many other Asian languages which are based on non ASCII alphabet, 

words are not delimited with whitespace (space, tab etc.) and word boundaries 

must  therefore be reconstructed for such languages separately.  However,  these 

languages usually contain a designated symbol as sentence delimiter which makes 

the end-of-the-sentence detection easier, unlike in English where the period may 

be the sentence delimiter or used to mark abbreviation . In some tone languages, 

such as Chinese, the intonation may be even used to change the meaning of the 

word 

4.4 Emotion Generation

This section shortly introduces how some basic emotional states affect 

voice  characteristics.  The  voice  parameters  affected  by  emotions  are  usually 

categorized in three main types:

Voice  quality,  which  contains  largely  constant  voice  characteristics 

over the spoken utterance, such as loudness and breathiness. For example, angry 

voice is breathy, loud, and has a tense articulation with abrupt changes while sad 

voice is very quiet with a decreased articulation precision.

Pitch  contour  and  its  dynamic  changes  carry  important  emotional 

information,  both  in  the  general  form  for  the  whole  sentence  and  in  small 

fluctuations at word and phonemic levels. The most important pitch features are 

the general level,  the dynamic range, changes in overall shape, content words, 

stressed phonemes, emphatic stress, and clause boundaries.

Time  characteristics  contain  the  general  rhythm,  speech  rate,  the 

lengthening and shortening of the stressed syllables, the length of content words, 

and the duration and placing of pauses.
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The number  of  possible  emotions  is  very  large,  but  there  are  five 

discrete emotional states which are commonly referred as the primary or basic 

emotions and the others are altered or mixed forms of these . These are anger, 

happiness,  sadness,  fear,  and  disgust.  The  secondary  emotional  states  are  for 

example whispering, shouting, grief, and tiredness.

Anger  in speech causes increased intensity with dynamic changes . 

The voice is very breathy and has tense articulation with abrupt changes. The 

average pitch pattern is higher and there is a strong downward inflection at the 

end of the sentence.  The pitch range and its  variations are also wider than in 

normal speech and the average speech rate is also a little bit faster.

Happiness  or  joy  causes slightly increased intensity and articulation 

for content words. The voice is breathy and light without tension. Happiness also 

leads to increase in pitch and pitch range. The peak values of pitch and the speech 

rate are the highest of basic emotions.

Fear or anxiety makes the intensity of speech lower with no dynamic 

changes. Articulation is precise and the voice is irregular and energy at lower 

frequencies is reduced. The average pitch and pitch range are slightly higher than 

in neutral speech. The speech rate is slightly faster than in normal speech and 

contains pauses between words forming almost one third of the total  speaking 

time 

Sadness  or  sorrow ness  in speech decreases the speech intensity and 

its dynamic changes. The average pitch is at the same level as in neutral speech, 

but  there  are  almost  no  dynamic  changes.  The  articulation  precision  and  the 

speech rate are also decreased. High ratio of pauses to phonation time also occurs. 

Grief is an extreme form of sadness where the average pitch is lowered and the 

pitch range is very narrow. Speech rate is very slow and pauses form almost a half 

of the total speaking time.

Disgust or contempt in speech also decreases the speech intensity and 

its dynamic range.  The average pitch level and the speech rate are also lower 

compared  to  normal  speech  and  the  number  of  pauses  is  high.  Articulation 
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precision and phonation time are increased and the stressed syllables in stressed 

content words are lengthened 

Whispering  and  shouting  are  also  common versions  of  expression. 

Whispering is produced by speaking with high breathiness without fundamental 

frequency, but the emotions can still  be conveyed .  Shouted speech causes an 

increased pitch range, intensity and greater variability in it.  Tiredness causes a 

loss of elasticity of articulatory muscles leading to lower voice and narrow pitch 

range.

Question is also the common version of the expression. In question we 

generally focus the stress to a certain part of sentence or a syllable of the word 

.For example “  ततम�ल? रB क?  गर ?कB ?" in this question type sentence stress of 

speech focus on the word क?  , which is a question word (wh word) , in case if there 

is  no  question (wh word)  then focus  shift  to  the last  word  (specially  the  last 

syllable).To give the  stress the solution is to increase the amplitude and at the 

same time decrease the pitch with out affecting the duration of the wave form.

4.5 Literature Survey

There are several  TTS for different languages.  The major ones are 

FESTIVAL, FREE TSS (java) 

Free TTS is  a  speech synthesis  system written entirely in  the Java 

programming language. It is based upon Flite ( a small run-time speech synthesis 

engine  developed  at  Carnegie  Mellon  University).  Flite  is  derived  from  the 

Festival  Speech  Synthesis  System  from  the  University  of  Edinburgh  and  the 

Festvox project from Carnegie Mellon University. FreeTTS now has the ability to 

import voice data from FestVox (US English only). With this, user can record 

their own voice using the FestVox tools, and then turn the resulting data into a 

FreeTTS voice. 

Festival is a generic speech sysnthesis tool free software multi-lingual 

speech synthesis workbench that runs on multiple-platforms offering black box 

text to speech, as well as an open architecture for research in speech synthesis. It 
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designed as a component of large speech technology systems.It is written in C++ , 

Schema.It is built at University of Edinburgh in the late 90's. Within Festival we 

can identify three basic parts of the TTS process; Text analysis: From raw text to 

identified words and basic utterances, Linguistic analysis: Finding pronunciations 

of the words and assigning prosodic structure to them: phrasing, intonation and 

durations and Waveform generation: From a fully specified form (pronunciation 

and prosody) generate a waveform. 

Festival provides a basic utterance structure, a language to manipulate 

it, and methods for construction and deletion; it  also interacts with your audio 

system in an efficient way, spooling audio files while the rest of the synthesis 

process can continue. With the Edinburgh Speech Tools, it offers basic analysis 

tools (pitch trackers, classification and regression tree builders, waveform I/O etc) 

and a simple but powerful scripting language. All of these functions make it so 

that you may get on with the task of building a voice, rather than worrying about 

the underlying software too much. 

We faced  difficulties  in  developing  Nepali  Text  to  speech  system 

because  of  lack  of  many  Natural  Language  Processing  modules  which  were 

required during the development of the system. For example, to find out the verbs 

and their type in a given sentence Morphological Analyzer for Nepali is required. 

But  currently we could not  get  any such system hence a  verb dictionary with 

limited  entries  is  used.  Similarly,  in  other  many  conditions  alternative  non 

attractive methods are adopted during the text to speech system development due 

to lack of enough research in the field of speech synthesis in Nepali language.
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5 SCOPE AND DOMAIN

Speech  synthesis  has  many  applications.  The  application  of 

synthesized speech ranges from small “talking clock” to advanced talking persons 

(a multimedia application). In the domain where limited vocabulary is needed, 

such  talking  calculator  or  clock,  one  can  build  a  simple  speech  synthesizer 

specific to that domain only. Where in the applications where the vocabulary is 

not limited, such as a web-page reader or email-over-telephone reader, one has to 

build a text-to-speech system with unlimited vocabulary in consideration. 

5.1 Accessibility Tool

A  text  to  speech  system  with  speech  recognition  systems  can  be 

integrated in a computer system as system navigation system. In addition to these 

a  text  to  speech  system  is  useful  in  other  areas  which  will  help  people  to 

communicate with computer and as well as to use many resources through them. 

5.1.1 Application for visually impaired

The most useful application of speech synthesis that comes into one’s 

mind is  to help visually impaired people read and communicate.  There are  so 

much information  in  the  internet  and  in  printed  form.  But  people with  visual 

problem can’t  read  those  texts.  With  a  text-to-speech  system we  could  build 

application which can read out texts from computer.  Actually there have been 

efforts to build software which are able to read texts typed in the computer. In 

addition to this one could integrate optical-character-recognition applications with 

speech synthesis system to directly read out the text from a printed book. 

5.1.2 Application for vocally handicapped

People  who  are  vocally  handicapped  find  themselves  difficulty  in 

communicating  with  other  people  who  do  not  understand  their  way  of 
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communicating  i.e.  using  sign  language.  This  synthesizer  gives  them  the 

opportunity to communicate easily with other people who do not understand the 

sign language. Using this tool they can convey any message they want to, to the 

community. This can improve quality of the communication between the normal 

people and the handicapped people. This kind of users may also be frustrated by 

an  inability  to  convey their  emotions  such  as  happiness,  sadness,  urgency,  or 

friendliness by voice. For this  we can make use of different tags for different 

kinds of emotions. For example for showing urgency through voice we can make 

use of urgent tag in front of urgent sentences. This tag helps the synthesizer read 

the text quicker which makes other feel  that  the user's message is urgent one. 

Similarly for sadness we can make use of sad tag for which the message given by 

the user  will  be  read in  slow voice by the  speech synthesizer.  For  conveying 

urgent message the following syntax for giving input text will work.

5.2 Educational Uses

There are many fields of application of text-to-speech in educational 

purposes.  A computer  system with  TTS is  ready to  teach at  any  time,  unlike 

human instructors. Hence different students can learn from the system at any time 

they want, for example students at different time zones may get advantages from 

such 24/7 instructors. In smaller domain, a text-to-speech may be designed for 

teaching  different  aspects  languages,  like  pronunciation  and  spelling,  to  the 

language students. Learning with such interactive application is fun and people 

start learning faster than with the traditional supervised method of training. 

Most people feel easier when listening than reading a text. For such 

people and to those kids who can not  yet  read the texts,  a system which can 

synthesize the written text into voice will be of great help. Also, for 

5.3 Telecommunication Applications

The  latest  applications  of  Nepali  Speech  Synthesizer  are  in 

multimedia  application.  Synthesized  speech  has  been  used  for  many  years  in 
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telephone enquiry systems. Today, the quality of synthesized speech has increased 

so much that normal customers are adopting for daily use.

Electronic mails are the most popular way of communicating used by 

most of the people of the world in last few years. However, sometimes it is not 

possible  to read those e-mail  messages in our inbox when we are  busy.  With 

Speech  Synthesizers  it  is  possible  to  read  the  email  messages  via  normal 

telephone also. This also helps for those people who can understand but could not 

read and write  the  Nepali  language.  Synthesized Speech may also be  used to 

speak out short text messages (SMS) in mobile phones. This system is also helpful 

in reading out Nepali messages from your email inbox.

This system is used as an interface to record different voice messages 

used for mobile phones, landlines etc.

5.4 Other Domain specific Applications

Text-to-speech mechanism can be useful in many places in integration 

with  other  technologies.  A  text  to  speech  synthesis  in  different  warning  and 

announcement  systems would  be  far  better  than  any text  or  lighting  systems. 

Rescue teams do not need to continuously watch in the screen or lights to glow 

different colours or text to get the idea about what is happening. A text to speech 

system would tell all the details and the rescue team will get more information 

about any incidence. If speech recognition techniques are possible than it would 

be  very  efficient  to  implement  systems  which  will  transmit  voice  data  over 

communication lines in text format and reproduce voice at the other end. Such 

system  saves  great  deal  of  bandwidth  and  real  time  communication  will  be 

possible. A device with talking interface will help people use the device who are 

visually impaired and will  be safe to the people who need to use such device 

while driving, for example. 
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6 OVERALL STRUCTURE

The  GCES  Nepali  TTS  architecture  comprises  of  different 

components:

• Text Normalization
• Grapheme to Phoneme (G2P) converter
• Unit Selection and Concatenation
• Speech Database
• The system architecture of TTS synthesizers is shown below.

tokenization

G2P Converter

Rule Base

Exceptions

Character to 

phone map

Unit Selection & 

Concatenation

Phonetized Text

Speech Database

Synthesized 

Speech

Input Text

Fig: 1.1  Architecture of Text-to-speech 

system
Fig 5.1 Structure of TTS System

A paragraph of Nepali text in Unicode is given to the system as input. 

A  graphical  user  interface  (GUI)  capable  of  reading  Unicode  Devnagari  is 

39



provided  for  users  to  write  texts.  In  the  TTS  system,  input  text  should  be 

normalized  before  synthesizing.  Text  normalization  (or  Tokenization,  pre-

processing) converts things like numbers and abbreviations into their written out 

word  equivalents.  Tokenization  provide  meaning  to  those  text  in  the  form of 

abbreviation, numbers etc.

Though Nepali is a phonetic language we do not pronounce all the 

words as we write. So, the text written should be converted into their phonetic 

representation to produce valid pronunciation. This job is accomplished by G2P 

converter module. Devanagari script is phonetically rich hence this module does 

not involve as complex algorithms as in English TTS. The most important job to 

handle in G2P converter module is schwa deletion from words to represent where 

we do not pronounce the letters as if there is halanta added. This job involves rule 

based schwa deletion, other exceptions should also be handled. These processes 

will convert the input text into its phonetic equivalent. The G2P architecture is 

shown below.

Fig: 5.2  G2P Converter Architecture

The next module in this system is 'Unit Selection & Concatenation'. 

By "unit selection" we actually mean the selection of some smallest unit of speech 
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which may be anything from whole phrase down to diphone or syllables (or even 

smaller).This module is responsible for identifying the segments of text of which 

voice  is  available  in  the  speech  database.  For  each  such  segment  of  text  the 

corresponding speech from the database are concatenated to produce the overall 

voice. 

The  Speech  Database  is  the  repository  of  all  the  smallest  unit  of 

speech called phones or syllables. Each phonetic or syllabic sound is recorded and 

stored in the database.
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7 TEXT ANALYSIS

In text processing we process the input text so that we get get the 

desired utterance.  Here we take the input  text  in Unicode format  (Devanagari 

script)  from a front  end written in  java.  This front  end takes  Nepali  text  and 

synthesizes the text in two different modes; viz.  Minimal Database Mode and 

Optimal Database mode. 

In  minimal database mode,  each character are analyzed and spitted 

into their respective phonemes ie character क is split as क and अ like wise क	 is 

split as  क and  आ then finally they are converted into their respective Unicode 

value which is input to the perl module which does of text processing.

In the  optimal database mode  character are simply converted in to 

their respective Unicode value and input to the perl module which does the rest of 

the processing. All the major text processing is done by the perl module. It takes 

the Unicode represented processed text form the front end then does following 

processing:

• Finding the possible target utterance for the sentence
• Generating the target utterance
• Tokenization
• Handling sirbindu , chandra bindu and upsarge
• Grapheme to phoneme conversion: 

7.1 Finding possible target utterance for sentence

To find the possible target utterance for the given sentence we check 

out  if  the given sentence is  a normal sentence or a  question or a exclamation 

involving sentence or some thing else. One of the easy ways to do this is to check 

out for signs if any. Else we can check out for verb types to get the possible 

utterance of the sentence or we can check out for “question words” to get the 

target utterance.  Presence of verbs like “गरन" “  �	" etc indicate that possible 
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target  utterance is  narration.  Presence  of  “question word” and '?'  indicate  that 

possible utterance is question, where as presence of '!' indicates that the possible 

target utterance is exclamation. In this way we can find the target utterance of the 

sentence. In out system the default utterance is a normal sentence.

7.2 Generating the target utterance 

Once we have found the target utterance of the sentence, the next job 

is to generate the given target utterance. To generate the target utterance we can 

literally use a number to techniques. For example to generate utterance of type 

question: if wh word is present in the sentence , we can shift the focus of the tone 

in the wh question else at the last word or syllable of the sentence, this make the 

speech sound like a question Similarly of generate anger we can simply increase 

amplitude and decrease the duration of playing of the sound file. 

Now the  question is  how to do this,  Say  we have  to  generate  the 

utterance of type 'question': 

• in the case of formant synthesis it involves a lot of signal processing where we 
change the pitch and amplitude of the target section of the wave form .

• in case of diphone synthesis we change the pith and amplitude then apply 
some form of transformation to the synthesized wave form obtained form the 
concatenation of phones (minimal database)

• in case of unit selection we choose desired wave file form the candidate wave 
files which will be described in later section.

7.3 Text normalization

One of the various tasks in the initial  stages of text analysis is the 

normalization of  input  into  words.  It  is  one of  the  processes  involved  in  text 

normalization. Therefore normalization involves identification of Non Standard 

Words  and  their  categories  and  expansions  of  Non  Standard  Words  into  the 

standard words. Normalization is typically done based on white spaces [Sproat et 

al, 2001]. Non Standard Words here refers to the Abbreviated words, telephone 

numbers, money amount, dates etc. Changing the Non Standard words into the 

Standard one refers to identifying the full form of abbreviated words, identifying 

that the given numbers are phone numbers,  identifying the given numbers are 
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amount of money, identifying that given cardinal numbers are dates. Identification 

of tokens involves a high degree of ambiguity. For e.g., '535263' could be referred 

as  five three five two six  three  as a phone number or as  five lakhs thirty  five  

thousands two hundred and sixty three as a cardinal number. This Disambiguation 

is generally handled by set of rules depending upon the context developed by the 

developing team itself. After the categories have been identified the Non Standard 

Words  are  expanded  by  combination  of  rules  (e.g.  for  expanding  numbers, 

currencies, dates etc.) and look up tables (for expanding abbreviated words).

Text  Normalization  in  Nepali  Text-to-Speech  Synthesizer  can  be 

performed in two different stages; Tokenization and Categorization.

7.3.1 Tokenization 

Tokenization is done typically based on white spaces regarding the 

Nepali Texts. Here we have considered that there will be no spaces in the Non 

Standard words itself. So, tokens will be separated using regular expression which 

is space in our case. From the tokens we have made an effort to identify various 

non-standard representations of the words in Nepali text. The following various 

formats of Non Standard Words category are addressed:

a. Currencies
b. Percentage
c. Fractions
d. Cardinal Numbers.
e. Abbreviation

7.3.2 Categorization 

Once the tokens have been identified from the input text, the category 

of each tokens needs to be identified. Identification of token category involves of 

high degree of ambiguity. For example '१६५४' could be type of 'year' or a 'cardinal 

number' and १.४४ could be time or a floating number. This kind of disambiguation 
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can  be  handled  by  set  of  rules  depending  upon  the  context  of  the  numbers 

developed by developing team itself.

Here  we  in  this  paper  we  have  proposed  different  methods  for 

categorizing  numbers  based  on  different  rules.  Here  we  have  used  tags  to 

determine whether a certain number is a year or a currency or a floating point 

number or etc.

The  technique  for  categorizing  currencies  is  that  the  amount  is 

preceded by tag called rupees in Nepali (र.). So if this tag is found in front of any 

number then the number can be categorized as currency. For example: र.१६५४४. 

The technique for categorizing percentages is that a certain number is followed up 

by a tag ' % '. So if the following tag is found in front of any number then the 

number is categorized as percentage.  For example:  १६% Fractional numbers are 

categorized by spotting a '.' in between the numbers given as input.For example: 

१६५.४४.  If  certain  numbers  are  not  tagged by  anything  before  or  after  it  and 

neither  it  is  a  floating  point  number  then  the  given  number  is  categorized  as 

number.  For example:  १६५४४ For categorizing Abbreviation text,  each Nepali 

alphabet or group of alphabets will be separated by a dot.  For example:  र	.स.स 
The full form of the abbreviated text is written by looking at look up tables. The 

look up tables contains all the abbreviations and their full forms.

7.4 Grapheme to phoneme conversion

Though Nepali is a phonetic language we do not pronounce all the 

words as we write. So, the text written should be converted into their phonetic 

representation to produce valid pronunciation. This job is accomplished by G2P 

converter module. Devanagari script is phonetically rich hence this module does 

not involve as complex algorithms as in English TTS. The most important job to 

handle in G2P converter module is schwa deletion from words to represent where 
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the letters  are  pronounced as if  there is  halanta added. This job involves rule 

based schwa deletion; other exceptions should also be handled. These processes 

will convert the input text into its phonetic equivalent. For example, 

 कHरन is  pronounced  as  कHरन  (ie  for  last  letter  only  half  of  it  is 
pronounced) 

 गरन is pronounced as गरन (ie pronounced as as same as indicated by 
the letters contained in the word)

• र	मल? is pronounced as र	मल? ( म is pronounced half )

• सरर is pronounced as सरर (ie pronounced as as same as indicated by 
the letters contained in the word)

To tackle this problem firstly we extract the root word form the given 

word by omitting the “bibhakti” (ल?,ल	ई, ब	ट,स�ग etc) if they exist. After obtaining 

the root word we apply following rules:

a. If given word is an adarwachi verb then we do not add halanta to the last 
letter of the word. For example, for words like भनन , गरन , आऊन we do 
not add halanta at the end of the word. We can identify these words by 
using a dictionary or by applying following rule :
 If root word is verb and attached fragment or पतर like ऊन and अन 
then don’t add halanta at the end of the sentence.
b. If the given word has vowel as the last letter we do not add halanta. 

For example;  ग	ई does'nt have halanta assciated with the last letter ई
c. If the given word as vowel sign with the last letter then we do not add 

halanta to the last letter of the word. For example; For word like मस� , 
ख	ईस  we do not add halanta at the last letter.

d. If the last and second last letter are same then we do not add halanta. 
For example; for letters such as सरर we do not add halanta to the last 

letter  र .
e. If second last letter has halanta associated with it then we do not add 

halanta to the last letter of the word. For example; for word like ख	ईस  
we do not add halanta at the last letter.
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f. If non of the above condition apply and last letter is a consonant letter 
then we add halanta to the last letter. For example; for word like र	म , 

आक	स we do add halanta at the last letter.

7.5 Handling sirbindu, chandra bindu and upsarge

7.5.1 Processing "Sirbindu" ( ं� )

Sirbindu is an part of an Nepali alphabet. The use of "Sirbindu" in 

Nepali  texts  has  different  faces  depending  upon  the  Nepali  alphabet  it  is 

associated  with.  Although  we  use  it  as  "Sirbindu"  physically  but  logically  it 

resembles to a different Nepali alphabet. It depends upon certain rules to identify 

which letter in Nepali alphabet it resembles to. The rules are shown below. 

Associated Letter Replaced letter Sound of

क, ख, ग, घ ङ ङ

च, छ, �, झ ञ  न 

ट, ठ, ड, ढ र  न 

त, थ, द, ध न  न 

प, फ, ब, भ म  म 

Fig 7.1 sirbindu Rule 

Consider the following words as an example:
1. श�क	 = श + ङ + क + ा	 = श + ङ + क + ा	
2. प��	 = प + ञ  + � + ा	 = प + न  + � + ा	
3. अ�ड	 = अ + र  + ड + ा	 = अ + न  + ड + ा	
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4. अ�धB = अ + न  + ध + ाB = अ + न  + ध + ाB
5. स�भव = स + म  + भ + व = स + म  + भ + व

7.5.2 Handling chandrabindu

In nepali  language  chandrabindu  (  ा: )  indicates that the associated 

letter must be pronounced with a full nasal tone. Chandarbindu can be associated 

with any letters, both vowel or consonants or with syllables like क	, क?  ,कक . The 

pronunciation of chandrabindu is handeled using following rules:

• If current character is consonant and next character is chandrabindu then 
add halanta to the consonant and replace chandrabindu with अ: . For 
example; क:  (क ा: ) is replaced with क अ: (क अ ा:)

• If current character is halanta, next character is a vowel marker, and next 
character is chandrabindu then we replace vowel sign with corresponding 
vowel .For example; कक:कक:  (क  ता ा: ) is replaced with क इ: (क इ ा:)

क	: (क  ा	 ा: ) is replaced with क आ: (क आ ा:)

कP:  (क  ाP ा: ) is replaced with क उ:  (क  उ ा:)

कR  (क  ा? ा: ) is replaced with क ए: (क ए ा:)

कS  (क  ाT ा: ) is replaced with क ऐU  (क ऐ ा:)

कV (क  ाB ा: ) is replaced with क ओU (क ओ ा:)

कW (क  ाX ा: ) is replaced with क औUऔU  (क  औ ा:)

7.5.3 Handling bisarga:

In nepali language  bisarge  (  ा� ) indicates that the associated letter 

must be pronounced with a full nasal tone.  bisarga  can be associated with any 

letters,  both  vowel  or  consonants  or  with  syllables  like  क	,  क?  ,कक .  The 

pronunciation of bisarga is handeled using following rules:
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• If current character is consonant and next character is bisarga then add 
bisarga to the consonant and replace bisarga with अ�अ�

eg:क�क�  (क ा�) is replaced with कक  अ� (क ा  अ ा�)

• If current character is halanta, next character is a vowel marker, and next 
character is bisarga then we replace vowel sign with corresponding vowel. 
For example; कक�कक�  (क  ता ा�  ) is replaced with क इ ा�(क  इ ा�)

7.6 Determination prosodic structure of the word

 A sentence can have different utterance it can be normal , question , 

exclamation, command, narration etc. Based on this utterance of sentence we have 

to determine the prosody of each words of the sentence.

If sentence is a question then:

a. if question word is present then, this word should be pronounced with high 
stress  (  high  amplitude  and  small  duration)  so  that  ,  focus  of  the  whole 
sentence may shift to this word. This result in the sentence to sound like a 
question. How to do this is the job of unit selection.

b. if question word is not present then last word specially the last syllable of the 
last word shod be pronounced with high stress so that , the focus of the whole 
sentence may shift to this word ( more precisely the last syllable of last word ). 
This will make sentence sound like a question. Realizing this is the job of the 
unit selection.

c. If sentence is type exclamation, then we need to change the prosody of the last 
word (word followed by the exclamation mark). The first syllable of that word 
should be pronounced loud and long for duration with no change in pitch. This 
is  the  easiest  way to  generate  exclamation.  This  technique  roughly  makes 
sentence sound like an exclamation.

d. If sentence if of type request then we need to change the prosody of the verb. 
Generating  such  type  of  prosody will  be  hard  ,  probably  require  complex 
transformation of the wave form. An easy way is to record the fragment (or 
पतरर) “अन उन रन " in the target prosody. By concatenating these fragments 
with verbs we get the target utterance because in request sentence there is 
always presence of these fragments (or पतरर)

e. If sentence utterance is of type anger, then it can be roughly generateed by 
increasing the amplitude and decrease duration of the whole sentence wave 
file.

In this way the prosodic structure of the word is determined.
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8 WAVE FORM GENERATION FORM SPEECH DATABASE 

FORM UNIT SELECTION AND CONCENATION

8.1 Speech database

In a Text-to-Speech System sounds are generated from a given text. In 

order to produce sounds some sort of voice should recorded and saved in such a 

manner that the system can easily retrieve and process it. Such a facility can be 

gained  by  creating  a  speech  database  where  sound  files  reside  and  contains 

recorded voice.

When developing a concatenate Text to Speech System it is necessary 

that  all  the  acoustically  and  perceptually  significant  sound  variations  in  the 

language  are  recorded  so  that  they  are  played  back  each  time  the  system 

synthesizes  speech.  All  possible  phone-phone  combinations  are  read  and 

recorded. Each unit of the two phone combination is referred to as the diphone. 

Synthesis is then based on concatenation of the diphones. An even better system 

can be realized when each diphone is captured within the context of several words 

and synthesis carried out by using the best selection from the recorded words. It is 

clear then that this procedure must use proper selection of the sentences from 

which the diphones are to be captured. In other words, such sentences must be 

phonetically balanced; implying that they must have the same phone distribution 

as used entirely in the language.

8.1.1 Nepali Phone sets 

The following phone sets are the standard for Nepali language which 

needs to be recorded. These phones are used for creation of new sounds as given 

in the input text.
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Vowel Alphabets ('Swar Barna') अ, आ, , ई, उ, ऊ,

ए, ऐ, ओ, औ

Consonant Alphabets ('Byanjan Barna') क, ख, , घ, ङ, च, छ, �, झ, ञ, 

ट, ठ, ड, ढ, र, त, थ, द, ध, न, प, 

फ, ब, भ, म, र, र, ल, व, श, , स, 

H

Other Alphabets

('Anunasik') अ: आ: 

('Anuswar') अ� आ� 

('Bisarga') अ� आ�

Fig 8.1 Nepali Phonetics

8.1.2 Speech Technology Used

Speech database we used is a file which is a repository of sound files 

for all the phones. All the phones are recorded and kept in the file. The speech 

database contains three different files which contains recorded phones for three 

different types of sentences.

File for storing recorded diphones for generally spoken sentences.

File for storing recorded diphones for Questions.

File for storing recorded diphones for exclamatory statements.

• Files for Storing recorded diphones for general spoken statements

The diphones that need to be recorded for generally spoken statements 

are recorded without any stress on none of the phones i.e. each diphones have the 

same amplitude. Consider the following generally spoken statement:
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म भ	त ख	नछP ।
It has waveform shown in the figure.

Fig8.1: Waveform of "म भ	त ख	नछP ।"

The waveform of each word is normal. Each of the word has same amplitude.

• File for storing recorded diphones for Questions

Questions have some sort  of pattern in  which they are  read.  More 

stress or focus is given in the 'wh' words such as ('ककन,  कसर@,  क? ,  कB,  कH	:,  कP न, 

कसकB etc.'). The phones in 'wh' words will have more amplitude than in other 

words while reading out the questions. So the root word of each 'wh' word will be 

recorded and kept in this file.

Consider the following question: ततमB न	म क?  HB ?
The waveform of the given Nepali question is shown below:

Fig 8.2 Waveform of "ततमB न	म क?  HB?"
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We can see from the figure that the word ' क?  '  has more amplitude 

than other words. So the phones associated with these words should be recorded 

with high amplitude.

In another type of questions where 'wh' words does not appear the 

more stress is on the verb ("kriya"). For example consider the following sentence:

ततम�ल? भ	त ख	रX ?
The wave form of this sentence is shown below.

Fig 8.3 Waveform of "ततम�ल? भ	त ख	रX?"

From the graph above we can see that more amplitude is in the last 

word of the question.

The more stress is on the last diphone of the verb ख	रX i.e. रX. Every 

diphone of this kind occurring in the verb of this kind of the sentence should be 

recorded and kept in this file. 

• Files for storing recorded diphones for exclamatory statements:

While  reading  exclamatory  statements  in  Nepali  the  stress  is  in 

exclamatory  words.  Exclamatory  words  are  those  words  that  show  surprises, 

horror,  loathing  etc.  such  as  तछ,  छर	,  आH	,  ओHB.  These  words  have  higher 
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amplitude than other words while reading exclamatory statements. Consider the 

following exclamatory statements: 

आH	! कतत  र	मB  फ] ल।
The wave form of the given statement is shown below.

Fig 8.4 Waveform of "आH	! कतत  र	मB फ] ल ।"

We can see from the figure that the amplitude is more on  आH	 than 

other words. So the phones associated with these words should be recorded with 

high amplitude.

8.1.3 Indexing the Speech Database

In  order  to  uniquely  select  the  diphones  every  time  the  texts  are 

synthesized to produce sound, the diphones that are recorded needs to be uniquely 

indexed. As the input texts are given in Unicode Devnagari the sound files should 

be  indexed  according  to  the  corresponding  decimal  Unicode  values  of  the 

diphones being recorded in the file. The input texts given are converted to their 

corresponding  decimal  Unicode  value  during  text  processing.  Therefore  each 

sound files are named according to the decimal Unicode values of the diphones 

being recorded in the file. When the Unicode of each symbols in the phone are 

identified  the  voice  corresponding  to  that  phone  is  extracted  from the  speech 

database.  This  is  recursively  applied to  each phones  in  every  word  and these 

extracted voice from the database is concatenated to produce the voiced output of 

the word. 
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8.2 Unit selection 

We have chosen the technique of Unit selection and concatenation. As 

described in previous section in unit selection we prepare a speech database of 

units  which  may  be  phonemes,  diphones  or  syllables.  These  units  occur  in 

different variations in the speech database.  During unit  selection based on the 

target utterence we try to select the correct units from the candidate units , and 

after deciding list of units ,  they are concatenated ,  While concatenating some 

amount of digital signal processing may be some to increase the smoothness in the 

speech.

• Unit selection and concatenation with minimal database:
• Unit selection and concatenation with optimal database.

8.2.1 Unit selection / concatenation with minimal database

In  this  technique  we  make  a  speech  database  containing  only  the 

Nepali phonemes (consonants and vowels) at different variations eg we may have 

3 variations of the consonant “half ka” 1.”half ka” located at the beginning of the 

word 2.”half ka” located at the middle of the word 3.”half ka” located at the end 

of the word , how ever we may have only one variation for the vowels.

To  generate  different  types  of  utterance  with  out  digital  signal 

processing  we may further  require  more  variations  of  vowels  and  consonants 

phoneme e.g. “half ka” with high pitch and amplitude “ye” with high amplitude 

and short duration.

After determining the target utterance structure of the sentence next 

job is generating the target utterance. In unit selection we do this. Unit selection 

proceeds on the basis of determined utterance structure of the sentence and the out 

put  of  the text  analysis  (which basically  determines  the prosody of  the  word) 

These phonemes are unit selected and concatenated during the unit selection and 

concatenation.. For example : The target utterance is question , and result of text 

analysis says that given word is last word with halant , then unit selection selects 
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phonemes  for  the  last  syllable,  with  following  characteristics  :High pitch  and 

Short duration

We may do some level of signal processing to cause the smoothness in 

transition. The main advantages of this mode of unit selection compared to the 

optimal database mode are:

 Small database hence more suitable for embedded systems like mobile.
 Less storage space requirement.

This minimal database mode suffers form following drawbacks:

• While  concatenating  the  wave  files  some  level  of  breakage  in 
transition in the resultant sound file is observed, in minimal database 
mode there are more number of concatenation so this problem is more 
distinct and to avoid this it requires substantial amount of digital signal 
processing compared to optimal database mode.

• Hard to generate wide range of utterance due to limited units, ( how 
ever  by  processing  the  available  wave  files  we may generate  wide 
range of  utterance [Diphone synthesis]  and it  suffers  form it's  own 
drawbacks[noise due to signal processing and less naturalness])

• Target  utterance  doesn't  sound as  good as  that  of  optimal  database 
mode.

8.2.2 Unit selection / concatenation with optimal database 

Here we have larger number of units in speech database. The speech 

database is made up of vowels consonants and frequently occurring syllable like 

“कक” “क] ” etc. The less frequent syllables related to “chandra bindu” “sir bindu” 

and  “halanta”  are  generated  by  concatenating  the  consonants  phonemes  and 

vowels with “chandra bindu”/”sir bindu”/”halanta” .This decreases the total size 

of  database.  Unit  selection  is  done  after  all  the  text  processing.  The  text 

processing forms all the preconditions and frame work for unit selection so during 

unit selection least work is needed to be done. After all the text processing we 

manipulate the resulting text  so that we could map to the desired units in the 

database. For this we do composition and decomposition of character sequence. 

This is governed by some set of rules:

a. If current character is consonant letter and next character is a vowel 
sign  then  we unite  both  the  characters  to  form a  unit,  here  in  our 
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context is a syllable.For example;  क and  ा	 is uites to from  क	 how 

ever we cannot unite अ and ा	 to form आ
b. If current character is consonalt and next character is a halanta sign 

then  we  uite  both  character  to  form  a  consonant  phoneme.  For 
example;  ख and  ा sequence  is  united  to  form  ख	 how  ever  the 

sequence अ followed by ा cannot be united .
c. If  current  character  is  vowel  and next  character  is  sign ie  chandra 

bindu , sri , bindu, or upsarga then we unify the character to form a 
unit (syllable). For example; eg: इ and ा: are united to form इ:. 

d. We  never  come  across  the  situation:  (consonant  followed  by  sign 
character) as during test analysis the sequence: ( consonant , sign ) is 
converted  to  (consonant  halanta अ and  sign  charater)  and  the 
sequence (consonant , vowel sign and sign) is converted as (consonant 
vowel[accroding to vowel sign] and sign). For example; the word क	:H	 
is in fact a sequence of Unicode characters : "क ं� ं� H ा	 "  This is 

transformed  into  क ं� आ ा: H ा	 Then  as  क आ: H	 and  choose  the 
corresponding candidate units.

However, if context is question then this might not be the case. Say 

the target utterance is question then in above context we may choose a special unit 

क	: and normal unit  H	 , or for the shake of more naturalness we might select the 

whole  special  unit  क	:H	 (kaha),  stored  for  the  shake  of  generating  different 

utterances. This technique will cause the stress of the sentence to this word क	:H	 
which will cause whole sentence to sound like a question.

Some of the units occurs in more that one variation, the purpose of 

this is to generate different utterances eg: In our system we have two forms of “ 

रX” ; one the normal and other for generating prosody of type question. “गर” + 

“रX”(second  variation)  will  generate  the  word  “गर^” with  prosody  of  type 

question. 

To  make  utterance  of  type  question  sound  more  natural  we  have 

created  speech  database  containing  the  root  "question words"(wh  words). 

Including root question words in speech database is very advantageous because It 
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doesn't  increase the size of  database noticeably as we only have to record all 

question (क? , कB, कत	, कतत, कसर@, कH	:, कस  etc) root words.

It makes utterance sound more natural. The only disadvantage is that 

during unit  selection we have to  do extra  processing to  identify  the  “wh root 

word” as a single unit not as a sequence of syllables containing different units.

Unit  selection  is  selecting  the  desired  units  form  the  database 

according to the prosodic structure of each word and forming a sequence of units 

which  can  be  concatenated  to  pronounce  the  whole  sentence  in  the  target 

utterance. Before unit selection text analysis is performed where we find the target 

utterance of the sentence and prosodic structure of the given word. The default 

prosodic structure or utterance is normal pronunciation. In unit selection we can 

word by word , according to the prosodic structure for the given word the current 

word is broken into desired sets of selected units , these units are then kept in 

sequence which when concatenated , forms the voiced form of the given word in 

the target prosody. We carry out same for each word and finally we concatenate 

voiced form of each word to form voiced form of sentence in the target utterance. 

The advantages of unit selection with optimal database mode are:

• Has high degree of naturalness them the former one (minimal database mode)
• We can generate wide range of utterance with out any signal processing.
• Resulting utterance sound good ( based on total number of variation of given 

unit stored)
• Adequate database result in best possible naturalness in the speech.
• It has highest degree of understandability ( however it depends on how good 

are units recorded)
• The main drawback of this mode is that storage requirement is quite high thus 

usually not suitable form embedded systems like mobile phones. This method 
also suffers form breakage of transition problem how ever it is not as distinct 
as in the former one. 

8.2.3 Wave form generation

After getting sequences of units (each unit correspond to a wave file). 

These sequences of wave file can be played or stored into a wave file . For this 

purpose  we  have  used  sfutils,  which  are  sets  of  modules  written  in  C .  This 
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modules  uses  port  audio  library  which  is  an  open  source  audio  manipulation 

library (www.portaudio.com)
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APPENDIX I : REQUIREMENT ANALYSIS ARTIFACTS

1 Scope and Vision

1.1 Introduction

We  envision  a  Nepali  TTS  synthesizer  with  the  aim  to  make 

possible and easier, the communication between different  handicapped people for 

e.g. deaf, dumb, blind etc. This system also has support for different fields such as 

in  telecommunication  systems,  limited  domain  systems  such  as  talking  clock, 

currency reader, weather report  etc.

1.2 Problem Statement

Until now, there have been development  of  text to speech systems in 

language like English, German, Hindi and others. There has only been one or two 

attempt to build Nepali TTS.

1.3 Nepali TTS Goal

The goal  of  Nepali  TTS is  to  produce  voice  output  of  the  written 

Nepali text along with emotions and naturalness associated with it.

1.4 Benefits

1. It can be used as an interface for handicapped people such as deaf, blind 
and dumb for communication.

2. It is also useful for illiterate people in order get information from different 
sources which are in Nepali.

3. This system can be used as a tool for educational aid.
4. It can be used as an interface for recording different voice messages for 

mobile phones and landlines in telecommunication systems.

1.5 System Features

1. System can speak out any generic texts properly.
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2. System is able to show emotions is sentence like exclamatory statements, 
questions etc.

3. System is able to recognize non standard words such as cardinal numbers, 
percentages  Nepali  currency,  etc.  and  produce  their  target  utterance 
accordingly.

4. System can be used as web based so that Nepali text can be given input 
and the output voice can be downloaded.

5. System can  be  easily  extended to  include  more  features  such  as  more 
tokenization, more prosody.

61



2 Use case

Preprocess text

Schwa Deletion 
(Halant Appending)

Tokenize text

Utterence and 
Prosody Hanndling

Generate 
waveform

Java 
Frontend

Text 
analyzer

synthesizer

Supply Input
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Use case id 1

Use case name Supply Input

Actor User

Precondition Front end is running

Normal course • Use opeans the fornt end and supplies the nepali 
text in unicode format in the text box 

• User then select the mode of generation (mimimal , 
optimal ) to geratare the speech.

• Optionally user can use the reset option to clear the 
interface

Post condition The input text is send for preprocessing in the 

fornt  end  it  self  ,  nad the  preprocessed  text  in  unicode 

representaion can be previewed in the preview text area.
Exception If user enters the text other then nepali or in 

other format then text will be still be converted to unicode 

how ever will not be processed properly.
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Use case id 2

Use case name Preprocess text

Actor Java Front end

Precondition • Entered text is nepali and is in unicode format.
• Text is converted to their respective unicode value.

Normal course • The java front end after converting the character 
into the unicode representation the tex is 
preprocessed

• if the mode is optimal database mode then there is 
less processing , it just handles the numeric 
tokenization ( if number i encountered then it is 
converted the word representation) and the case of 
sir bindu (if sir bindu is is encountered then it the 
current sequence of character is modified 
according to some set of rules)

Post condition

Exception

64



Use case id 3

Use case name Handle utterance and prosody

Actor Text analyzer

Precondition • Text is preprocessed

Normal course • Find the target utterance by processing the sentence.

• Find the prosodic structure of the word in order to 
achieve the target utterance. Here we apply several 
rules(section 6.2) in order to decide which word /s to 
modify, how to modify( supply more stress) and where 
in the word to modify(eg: deciding in which syllable to 
focus the stress)

Post condition • utterance decided 
• prosody of word decided
• the input text processed and modified so that given 

prosody form the word can be generated in unit 
selection ( i.e. we define the prosodic structure by 
deciding which alternative units to select)

eg: the word “कसकB" is left as it is ie “क स ा क ाB" for 
furthet text analysis. But if utterance is found to be 
question then it is modified as “kas कB" where kas is a 
special unit in the speech database of the purpose of 
generation of different prosody of the word.

• If given uttrerence is question then provide stress in 
the wh word , if now wh word present then focus the 
stress in the last word.

• In casde of questions the prosodic structue of wh word 
consis of a stressed first syllable if not stressed last 
syllable of the last word. 

Exception • If the target utterance not yet handled ,is encountered 
then the utterance is treated as default utterance. 
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Use case id 4

Use case name Handle Sirbindu

Actor Text analyzer

Precondition The input text will be given by the user and each letter of the 

text will be converted to their respective decimal Unicode 

value.
Normal course The use of Sirbindu in Nepali Language resembles to different 

letter depending upon the letter it is associated with. The 

following rules will be checked before replacing the Sirbindu 

by a letter which resembles its voice output.

Associated Letter Replaced letter Sound of

क, ख, ग, घ ङ ङ
च, छ, �, झ ञ  न 
ट, ठ, ड, ढ र  न 
त, थ, द, ध न  न 
प, फ, ब, भ म  म 

Post condition The Sirbindu will be replaced by the decimal Unicode of the 

letter and decimal Unicode of halanta.

Exception Sirbindu does not take those rules into account stated above in 
cases of Nepali alphabets like र, र, ल, व, श, ष, स, श, H. For 
these kinds of words the voice output for sirbindu will be fixed 
depending upon the words it associates. The following words 
have fixed replaced letter for sirbindu.

स�रBग, स�रचन	, स�लगन, स�वत , स�व?दन	, अ�श, स�स	र, स�H	र
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Use case id 5

Use case name Handle Halant

Actor Text analyzer

Precondition The given text as input will be separated into each letter an 

converted to their respective Unicode value. The input text will 

be treated as an array of decimal Unicode values.
Normal course Processing of halanta is done at the word level. The process of 

adding halantas in words for synthesizing it for speech is called 

Schwa Deletion. Depending upon the letter of the words we 

determine whether to add halantas or not for synthesization of 

the speech of that word. For e.g., र	म – in written form. र	म  – 

Voice Output.

Certain rules should be considered for adding halanta..

Rules:

a) If given word is a adarwachi verb then we do not add 
halanta to the last letter of the word.

b) If the given word had vowel as the last letter we do not add 
halanta.

c) If the given word as vowel sign or halanta associated with 
the last letter then we do add halanta to the last letter of the 
word.

d) If the last and second last letters are same then we do not add 
halanta

e) If second last letter has halanta associated with it then we do 
not add halanta to the last letter of the word.
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f) If none of the above condition applies and last letter is a 
consonant letter then we add halanta to the last letter.

In Some case the root word is associated with the Beebhaktis.  

For this kind of words initially the root word is extracted and 

the above rules are applied.
Post condition A halanta is added to the end of the root word depending upon 

the rule.

Exception

69



Use case id 6

Use case name Tokenize Text

Actor Text analyzer

Precondition The user gives Nepali text as input to the system.

Normal course Words from the given text as the input will be separated using 

some regular expressions which are space in most of the case 

and here also. The extracted words are called tokens. After the 

words have been extracted then the non standard words like 

cardinal numbers, percentages, abbreviated words, fractions, 

phone numbers, time, date etc. will be identified and they are 

categorized accordingly. For e.g. phone numbers and cardinal 

numbers seems the same when written but reading them is 

with different format. Consider a number ५३५२६३. Reading it 

as a cardinal number seems like "panch lakh paintis hazar dui 

saya tirsathhi" but reading as a phone number seems like 

"panch paintis dui tirsathhi". For identifying the given non 

standard words as required standard words we make use of 

tags that follow after the number or before the number in 

between them.

1. If the given number is preceded by tag called rupees in 

nepali (र) then the number is categorized as currency. E.g: 

र.१६५४४

2. If the number is succeeded by a tag ' % ' then the number is 

categorized as percentage. For example: १६%

70



3. If the given number contains single '.' in between the 
numbers given as input then the given number is categorized 

as fractions. For example: १६५.४४

4. If certain numbers are not tagged by anything before or 
after it and neither it is a floating point number then the given 
number is categorized as cardinal number. For example: 

१६५४४

5. If each Nepali alphabet or group of alphabets is separated 
by dots, then the given word is categorized as abbreviated 
text. For example: र	.स.स

6. If the given number contains a tag called 'phone' before the 
number or any where in that sentence then the number is 
considered to be as phone number. For example: म?रB फBन 
नमबर ५६७४१२ Hb ।

Post condition After the non standards words have been categorized its 

speech needs to be synthesized accordingly to produce a voice 

of standard word.
Exception
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Use case id 7

Use case name Generate waveform

Actor Synthesizer

Precondition text processing finalized

Normal course • the processed text is manipulated so as to map with the 
units of speech database.

• According the prosodic structure the units are chosen. For 
example If it is question then units form speech database 
of type question of the place to choose unit. The default 
prosody is the normal prosody where units are chosen 
form default database. 

• Chosen units sequences to form a list of units.
• the given list of units are fetched from the database.
• Fetched units are concatenated with some digital signal 

processing.
• According the user option a wave form is stored in a file 

or simply played.

Post condition

Exception If the given unit is not available in the database then the given 
unit is mapped to a default unit having no voice and no 
duration
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3 Supplementary Specification

The requirements not captured in the use cases are listed below: 

a. Performance

The time to convert the given text into voice after the input text has 

been given will be minimal.

Accuracy high: what written is spoken

b. Implementation Constraints

Java – UI and preprocessing

Perl – text analysis

c. Free Open Source component

The maximum use of free open source component are 

recommended. The following are supposed to be useful: 

- sfprograms module for concatenation, digital signal processing 

(amplitude etc)

- Java technology

- perl technology

d. Adaptability

Platform independent  because of use of Java and perl  (scripting 

language). 

e. Legal Issues

All open source component have been used such as perl and 

sfprograms module which are under GPL (General Public 

License). 
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APPENDIX II :  ANALYSIS ARTIFCATS

1 Analysis Model

1) Realization of supply inputs and preprocess text

 
Fig II.1 Supply inputs and preprocess text
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2 Realization of schwa deletion

Fig II.2 Realization of schwa deletion

3 Realization of  "handling of special sign"s

Fig II.3 Realization of Handling special signs
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4 Realization of  "Text Normalization"

Fig II.4 Realization of Text Normalization

5 Realization of " Utterence and prosody handling"

Fig II.5 Realization of Utterance and Prosody handling
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6 realization of "select unit"

Fig II.6 Realization of Select Unit

7 realization of " Genarate wave form"

Fig II.7 Realization of Generate wave form

77



2 Data Flow Diagrams

Level 0 DFD

Fig II.8 Level 0 DFD
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Fig I.9 
Level 1 

DFD
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Fig 
II.10 
Level 

2A 
DFD
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Fig 
II.11 
Level 

2B 
DFD
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Fig 
II.12 
Level 

2C 
DFD
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Fig 
II.13 
Level 

2C 
DFD
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APPENDIX III : DESIGN MODEL ARTIFACTS

1 Interaction Diagram

Fig 
III.1 

Supply 
Input
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Fig 
III.2 

Utteran
ce 

Handle
r
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Fig 
III.3 

Select 
Unit
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Fig 
III.3  
Text 

Tokeni
zation
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Fig 
III.4  

Sirbind
u 

Hander
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Fig 
III.5  

Wavef
orm 

generat
ion
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2 Component Model

Fig III.6  Component Model
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3 Finite State Automata

Fig 
III.7  

Schwa 
Deletio

n

91



Fig 
III.8  

Utteran
ce 

Handli
ng
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Get Character
input

Convert to 
unicode

Text 
without 
'sirbindu'

'sirbindu'

Print to file

unicode

characters

viewnext character Replace 
 with ङ

Replace 
 with ञ 

Replace 
 with र 

Replace 
 with न 

Replace 
 with म 

If क,ख,ग,घ

If च,छ,�,झ

If ट,ठ,ड,ढ 

If त,थ,द,ध 

 If प,फ,ब,भ

Fig: FSA for preprocessing text

Fig 
III.9  

Sirbind
u 

Handle
r
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Fig 
III.10 

Tokeni
zer
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