Chapter 7

Hindi Text To Speech Synthesis System

Text to speech synthesis is a technology to convert an orthographic input text to intelligible
and natural sounding speech in an attempt to transmit information from a machine to a
person. Concatenative speech synthesis using phoneme, di-phone and allophone as an
elementary unit for Hindi speech synthesis requires significant quality improvement. The
naturalness of the state of the art waveform synthesizer is attributed due to the use of syllable
as a basic unit. The primary reason for choosing the syllable as a basic unit is that the Indian

languages are syllable centered [75].

The existing syllable level databases for Indian languages do not capture the duration
variation in syllables with respect to its position of occurrences in a word [74, 81]. This work
proposes a syllable based speech unit for concatenative speech synthesis considering position
of syllable in a word into account i.e. the start, middle and end. This is achieved by building a
standard syllable (C*V) level speech database consisting of 442 syllables in each position
thus accounting for 1326 speech units. The effectiveness of the system is demonstrated by
synthesizing natural sounding speech for Hindi, national language of India.

An important advantage of this approach leads to reduced prosody mismatch and spectral
discontinuity that occurs during syllable concatenation with minimal duration modelling. The
results obtained from the proposed system are far superior compared to the traditional unit
based Text to Speech (TTS) synthesis system. The most important quality of this system is

the improved naturalness in the synthesized speech.

This chapter starts with brief introduction about the Hindi script and structure of the Hindi
syllable. Then it discusses about the issues pertaining to the existing Hindi Text to speech
synthesis system. Then the methodology followed to arrive at the proposed Hindi text to
speech systems is discussed. Finally the results of this technique are evaluated qualitatively

and quantitatively on the developed syllable level database.

176



7.1 Hindi Script

Hindi is an Indo-Aryan language with about 545 million speakers, 425 million of whom are
native speakers. It is one of 23 official languages of India, and is reported to be the second
most commonly spoken language in the world.

Hindi has a special status in India. It is spoken by the largest population in India. It is the
official language of the Union of India and eleven state governments, including Delhi, the
capital city of India. Hindi first started to be used in writing during the 4th century AD. It was
originally written with the Brahmi script but since the 11th century AD it has been written

with the Devanagari alphabet. Hindi is normally spoken using is a combination of around 13

vowels and 33 consonants.

Vowels:

Letters which represent a simple vocal sound are called vowels (Swara), which are shown

below.

¥NMgSxH3F T INNNIM

37is termed as Anusvar and 37: as Visarg.
Consonants:

The letters which can be sounded only with a vowel are called consonants (Vyanjan), which

are shown below. There are 33 consonants in Hindi and they are shown below.

FEIITTE
TS AT A

dac Y-
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The vowels have 2 forms, the dependent form and the independent form. The independent
form vowels are ‘stand-alone’. The dependent forms of vowels are also called as ‘matra’ that

are always attached to consonant.

Here are the eleven vowels paired with the consonant & thus forming the syllables:

& @l %@rifajasa:%kafraﬁ

E.g.: &+ 3T =5hl

Note that there is no matra form for the first vowel, 37 -a. This is because all Hindi

consonants, unless part of a conjunct, or they appear at the end of a word, automatically

contain this vowel. So, the letter s is pronounced as ‘ka’. From the above example it is

observed that, =T is a combination of & (C) and 31T (V). These combinations of vowel and

consonant together is called kagunitha or more specifically as Baaraha Kadi.

7.2 Structure of Hindi Syllables

Hindi language is syllable centered, where pronunciation is mainly based on syllables. A
Syllable can be the best unit for Hindi language Speech synthesis system. Intelligible speech
synthesis is possible for Hindi language with syllable as the basic unit. Syllable units being

larger in comparison to phones or diphones, can capture co-articulation better than phones.
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The number of concatenation points decreases when syllable is used as the basic unit.
Syllable boundaries are characterized by regions of low energy, providing more prosodic

information. A grapheme in Hindi language is close to a syllable.

The general format of an Indian language syllable is C*VVC*, where C is a consonant, V is a
vowel and C* indicates the presence of O or more consonants. There are defined set of
syllabification rules formed by researchers, to produce computationally reasonable syllables.
Some of the rules used to perform grapheme to syllable conversion are:

e Nucleus can be Vowel(V) or Consonant ( C)

e [Ifonsetis C then nucleus is V to yield a syllable of type CV

e Coda can be empty or C

o |f characters after CV pattern are of type CV then the syllables are split as CV and
CV.

e If the CV pattern if followed by CCV then syllables are split as CVC and CV.

o |f the CV pattern is followed by CCCV then the syllables are split as CVCC and CV

e |f the VC pattern is followed by V then the syllables are split as V and CV.

e |f the VC pattern is followed by CVC then the syllables are split as VC and CVC

As mentioned earlier that Hindi language is syllabic in nature below example shows the

syllable breakup for this language.

A Hindiword &ddX can be written below as per the syllable rule

Hindi word: LT GRY
Transliteration: ka/boo/ta/ra
Syllable breakup: cvicvicvicv

As seen from above example we can say that Hindi language is syllabic in nature and it is

having one to one correspondence among spoken language and written form.
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7.3 Issues in the existing Indian language TTS system

In recent years, many TTS systems have been developed using concatenative speech
synthesis using syllable as a basic unit. In these systems duration knowledge has been
incorporated to some extent but not to its full potential [71, 72, 74 and 75]. The primary
reason for this is the lack of proper and complete annotated databases for Indian languages.
Further, in order to build a natural sounding TTS system research works were also conducted
by building a polysyllable database to find which order of syllables is best acceptable for
synthesis. The following are the recommended combinations [75]:

e Monosyllables at the beginning and end of a word.

E.g: faaae is synthesized as fa/ara/st.

e Bisyllables at the beginning and end of a word.
E.g: faaaet is synthesized as faa/@et.
e Monosyllables at the beginning of a word and bisyllables at the end.

E.g: Tadaet is synthesized as fa/a/ast

e Bisyllables at the beginning of a word and monosyllables.

E.g: faa=eT is synthesized as faa/a/=.

Trisyllables at the beginning and monosyllables at the end of a word.

E.g: faaat is synthesized as faaa/a

As the positional contexts of the polysyllables are not considered, concatenation based text to
speech synthesis system developed using above technique does not capture the duration
knowledge to its full potential. This results in prosody mismatch and spectral discontinuity in
the synthesized speech which is hard to eliminate. This spectral discontinuity and prosody
mismatch reduces the naturalness and intelligibility in the concatenated speech output. This
encouraged us to build a syllable level text to speech system incorporating the duration
knowledge with minimum duration modelling. Hence before proceeding to concatenative
speech synthesis, building a well characterized speech database always plays a vital role in
achieving the goal of synthesising a natural sounding speech. With an aim of achieving this,
this work proposes a high quality syllable level speech database for Hindi language taking the

position of syllable into consideration.
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7.4 Architecture of proposed Hindi TTS system

Text to speech is to transfigure an orthographic text to its acoustic signal. The main
process involved in building the TTS systems are, Text processing, Speech corpus building,
and Speech synthesis. Fig.7.1 spectacles the block diagram of TTS system. The Hindi TTS
system has three major modules namely: Database Module, Text processing Module and

Speech synthesis module.

Database

Orthographic Text Speech Output
Text Processing synthesis speech

Fig.7.1: Block diagram of Text to Speech synthesis

Database Module: This is the first step in building any Concatenative based speech
synthesizer. Creation of database is a one time job wherein all required phonemic audio
recording are done at once and is used to generate speech dynamically. Database in the block
diagram indicates a directory where all the audio recordings are saved. In this work PRAAT
software is used to build the required database.

Text Processing Module: The second block represents the text processing unit which parses
the input Hindi text that identifies the sentences, words and the units of speech. The parser
maps each of these syllables to the speech unit in the database. The parser is implemented in
the DOT NET language using visual studio platform [86].

Speech Synthesis Module: This module performs the actual speech synthesis. Concatenative
speech synthesizer comprises of a search algorithm that searches for the appropriate syllable
units from the corpus based on the text processing output and concatenates these units to
produce the synthesized speech. This module has been implemented using the MATLAB tool
[87].

181



7.5 Database Creation

During the process of speech synthesis the required speech units are fetched from database,
concatenated and further processed using a suitable algorithm. Hence creating an error free

database considering syllable as a basic unit is of greatest importance.

In order to carry out this task, a set of about 1540 words were collected from standard ‘Hindi
to English dictionary’ [83]. Later speech recording is done using utility software for windows
operating system, called as the Praat [84]. The syllables are recorded with a sampling
frequency of 16 KHz and represented using 16-bits. The pitch and formant frequency of the
syllable fluctuates with position of the syllable in uttered speech. Thus the syllable level
database is developed for all the possible position of occurrences. The syllable can befall at

three possible positions.

1. Beginning of the word  (Start)
2. Between the two syllables(Middle)
3. Atthe end of the word (End)

To get natural sounding synthesized speech, each syllable is extracted from a word containing
syllable. Three words were selected such that, it should contain the required syllable in all the
possible positions. Then the necessary syllables are extracted from that particular position
using Praat tool and stored in directories named start, middle and end as shown in Fig.7.2

with a unique numerical value based on their Unicode [76].

Speech Corpus

' '

[ Start J [ Middle J End

Fig.7.2: Sound library start, middle and end
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Hence for the above mentioned purpose a text database consisting of 1326 words, which
covers all syllable (C*V) set are considered. This is manually prepared using standard Hindi
dictionary [83], text books and various researchers' guidance. From all these sources a text
corpus consisting of 1326 standard and non-standard unique words were considered for

building the speech database.

The text corpus shown in Table 1 depicts the required syllable set in all the possible position
of occurrences i.e. Start, Middle and End (Only few combinations are shown here). It can be

observed from the table that, from the documentation point of view, the rarely occurring

syllables like & & etc., were also considered.

Table 7.1: Text Corpus

Front Mid Back
HAAT T EGIACT)
HIROT GhR PCAC]

HII dehdr IECY
o) 9 N
o N 9 N
shdh Gshd &
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LCEIl HARIT ad
ar AW ST

The illustration of the positional variations in duration of syllable for vowel and consonant
vowel combination are shown in Fig.7.3 and Fig.7.4 respectively.

Let us consider the syllable T occurring in the phrase Teleh 3TUIT EATU. The syllable T

occurs in the initial position in the first word, middle position in the second word and at the
end position in the third word. The difference in duration of the sound unit in each of these

cases is illustrated in Fig.7.3. The difference in duration of the sound unit & is shown in

Fig.7.4.
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0.283517 0.885533 1845828

0.9934

0627

Mid

H0 9885 i
T a4 & ;M T A T

Fig.7.3: lllustration of positional variation of a Vowel

Fig.7.4: lllustration of positional variation of a consonant vowel combination

Let us consider the syllable required as &T, then three words 8 d, JTHATT, 3TIHAT are recorded
using PRAAT tool using standard microphone. The required words are recorded and saved
into the list. From each recorded word the syllable &T is extracted in all the three possible

positions. Later the extracted syllables are stored in their respective directories based on their
position of occurrence. Fig.7.5, Fig.7.6 and Fig.7.7 shows the labelling process for the initial,
middle and final position respectively. Fig.7.8 shows how the labelled speech units are stored

using PRAAT tool during the process of speech database development.
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Select Interval Boundary Tier Spectrum Pitch Intensity Formant Pulses A"
mStare)|
0086987 0445249 (2246 / 5) |0.532236
01407 f 3
Owwx-w—n}< o e
500 Hz
|
148.8 Hz
75 Hz
~ . LG
o1 sm(Start) yMid) [z(End) (243
0.086987 0.445249 0.172564
0 Visible part 0,704800 seconds 0.704800
Total duration 0.704800 seconds
ol .n|w[n-||w.|4 1 Group
Fig.7.5: Syllable ‘T at Starting position
File Edit Query View Select Interval Boundary Tier Spectrum Pitch Intensity Formant Pulses Help
mmid)
0442653 0.304666 (3282 /s)  |0747319
0.09131 :
01121
5000 Hzf ¢ 51500 Hz
Otz A N 1445
: aabhaar
T 1 am(Start) a(Mid) 7(End) 4/5)
0.4426353 i 0.304666 0.100681
0 Visible part 0.848000 seconds 0.848000
Total duration 0.848000 seconds
al | in I out | sel | bak. | q »| ¥ Group

Fig.7.6: Syllable ‘#T’ at Middle position
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File Edit Query View Select Interval Boundary Tier Spectrum Pitch Intensity Formant Pulses
mmEnd)

0542049 0.330849(3023/s)  |0873798

1309 Hz

ayabhaa
(6/7)

0.542949
Visible part 0.890000 seconds
Total duration 0.890000 seconds

in| outl sell bak|<

Fig.7.7: Syllable ‘#T" at End position

= | Praat Objects
Praat New Open Save

Objects: Sound help

1. Sound svr==r —

2. TextGrid ssr== View & Edit
| 3. Sound sar__Start_

4. Sound =_Mid_

5. Sound =__End

Play

Draw -

Query -
M odify -

Annotate -

Analyse periodicity -

Analyse spectrum -

To Intensity...

Manipulate -

Convert -

Filter -

Combine -

Inspect

Remove '

Fig.7.8: Storing of labelled speech unit
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‘T’ at Start position is saved in Start directory.

‘HT at Middle position is saved in Middle directory.

‘dATat End position is saved in End Directory.

This rich speech database consist in total 1326 syllable (C*V). Each position, namely Start,
Middle and End has 429 syllables and 13 independent vowels. Hence from all the three
possible positions a total of [(429*3) + (13*3)] =1326 units of speech data is built. These
speech units are made use of in developing a natural sounding Text to Speech synthesis

system.

7.6 Text Processing

Text processing is the primary step involved in building Hindi TTS system. Once the
orthographic text is available, before synthesizing the speech, pre-processing of text is
required [49, 50]. The main intension behind text processing is to resolve the ambiguity if

any present in between two characters.

Each and every language has its corresponding Unicode developed by language research
centres and every character has its own identification. This identification codes are used in
pre-processing program to understand better and solve the problem of confusion between two
characters [80]. In the present work pre-processing of the input text is done using DOT NET
platform. To resolve the ambiguities present in understanding Hindi alphabets consonants and

vowels are grouped into different classes and programmed [81].

Text processing is the first and foremost step involved in developing TTS system. The main
intension of this stage is to convert the input text into its equivalent Unicode and later it is
mapped to a unique decimal code. The Hindi symbols and alphabets are congregated into
diverse classes as revealed in Table 7.2 to Table 7.7. Based on the assumptions indicated
through these tables an algorithm has been developed for processing the input text using DOT

NET programming language.
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Table 7.2: Independent Vowel

Alphabets Unicode Decimal
Equivalent
3T 0905 2309
37 0906 2310
g 0907 2311
S 0908 2312
3 0909 2313
> 090A 2314
ER 090B 2315
T 090F 2319
1y 0910 2320
3 0913 2323
3t 0914 2324
Table 7.3: Consonants
Alphabets Unicode Decimal
Equivalent
o 0915 2325
EC) 0916 2326
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0917 2327
0918 2328
0919 2329
091A 2330
091B 2331
091C 2332
091D 2333
091E 2334
091F 2335
0920 2336
0921 2337
0922 2338
0923 2339
0924 2340
0925 2341
0926 2342
0927 2343
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o 0928 2344

q 092A 2346

% 092B 2347

Cl 092C 2348

dq 092D 2349

H 092E 2350

I 092F 2351

{ 0930 2352

of 0932 2354

d 0935 2357

AqA 0936 2358

v 0937 2359

q 0938 2360

& 0939 2361

Table 7.4: Dependent Vowel Sign

Alphabets Unicode ngjir\rl];lent

093E 2366

.y
‘. oY
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of 093F 2367
o 0940 2368
.| 0941 2369
g 0942 2370
7 0943 2371
5 0947 2375
3 0948 2376
3 094B 2379
o 094C 2380
) 094D 2381

Table 7.5: Padding Digits for dependent vowel sign

Alphabets Unicode Decimal
Equivalent

i 093E -

0.‘-

< 093F 01

e 0940 02

oA 0941 03

9 0942 04
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3 0943 05

] 0947 06
0948 07

o 094B 08

o 094C 09

ot 094D 10

Table 7.6: Numerals
Numbers Unicode Decimal
Equivalent

0 0966 2406

1 0967 2407

2 0968 2408

3 0969 2409

4 0970 2410

5 0971 2411

6 0972 2412

7 0973 2413

8 0974 2414

9 0975 2415
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Table 7.7: Special Symbols

Symbols Unicode Decimal
Equivalent
) 0901 2305
0902 2306
0903 2307
35 0950 2384
0950 2416
| 0964 2404
I 0965 2405

The program reads the entered text, character by character and generates the modified

Unicode as the output. The algorithm for this is described below.

Algorithm:

1. Check whether the user has entered the valid input text or not, by computing the

length of the entered text.

2. If the entered text length is zero, it means no text has been entered. Otherwise

calculate the total length of the entered text.

3. Split the entered text into sentences and sentences into words by spotting spaces

present between every word in a sentence.

4. Store segmented words in memory for further analysis. Map each stored word with an

array element which encompasses “English transliteration codes” of Hindi language.
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10.

11.

Store the transliterated output in a separate file.

Read the warehoused result character by character, and check whether the character

belongs to the vowel (V) group or the consonant (C) group.

If the read character is a vowel then its Unicode is directly mapped from the vowel
group depicted in Table 7.2.

For example, if the read character is 37, its decimal code is 2309 and this is padded

with two zeroes directly. The modified decimal code will be 230900.

If the read character is a consonant then check the subsequent character and if that
also is a consonant then map the previous consonant directly as in Table 7.3.

For example, if the character read is T, its decimal code is 2339, and if the next

character read is also a consonant then the decimal code remains as 2339 itself.

If the read character is a consonant then check the subsequent character and if that is a
dependent vowel sign as in Table 7.4 then the decimal code of the consonant is
padded with corresponding two digit values as in Table 7.5.

For example, if the read character is ¥, then it is divided into T whose decimal code is

2352 and <3 whose code is 2370. The padding value for this combination as obtained

from Table 7.5 is 04. Consequently the Unicode becomes 235204.

If the read character is a number or a special character then the decimal code is

directly mapped as in Table 7.6 and table 7.7 respectively.

Repeat the above steps until the end of the text is reached. The resulting modified

decimal codes are used for further processing.
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The output of the proposed algorithm for the entered text 3720T and 3RUTHAR is described

here: If the entered word is 3T2UT then its Modified Unicode output will be 2309 235204

2339, the presence of spaces between each Unicode helps us to differentiate the individual

characters in the entered word.

If the entered sentence is 3T¥UTHHR then its Modified Unicode output will be 2309 235204

2339 101010 232504 235001 2352. The Modified Unicode 101010 acts as a space between

two words and is used to differentiate the words that exist between the sentences.

7.7 Speech Synthesis

The concatenation algorithm developed here is the furtherance of the text processing phase
presented in the preceding section. It consists of a search algorithm which assents the text
file generated by text processing algorithm as input and gives concatenated speech as
the output. Based on the text processing result, developed algorithm detects the
corresponding audio file present in the speech database and concatenates the individual audio

files. The algorithm is as described below.

This algorithm has been implemented using the MATLAB tool. The text file generated from
text processing phase is imported to the MATLAB directory. As soon as the text file is
available on MATLAB directory the concatenation code reads the input text processed file
‘X’ and calculates the length of that text file 'L'. After calculating the length of text file, the
algorithm first checks weather the user has entered a word or a sentence by detecting the
number of spaces present in the entered text. The space is identified by a Modified
UNICODE 101010. If the spaces are present in the entered text, then it will be considered as
a sentence and the position of these spaces are stored into a text file 'M'.

Later the text file 'M' is read to detect the length of each word present in a sentence. Steps

involved in detecting the word length are shown below.

1. If the detected word length is 1 i.e. C=1, then the algorithm matches the text file output
X (i) with the front speech database and extracts corresponding audio file and

concatenates.
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2. If word length is 2 i.e. C=2, then the algorithm matches X (i) and X (i+1) with the front
and back databases respectively, and concatenates.

3. If word length is 3 i.e. C=3, then the algorithm matches X (i), X (i+1) and X (i+2) with
front, middle and back databases respectively, and concatenates.

4. 1If word length is greater than 3 then the algorithm matches X (i) with the front database,

X (L) with the back database and rest from the middle database respectively.

The above mentioned steps are repeated for the whole text.

7.8 Results Analysis

The results of this work are evaluated to check for the naturalness and intelligibility of the
synthesized speech on the developed database. Naturalness corresponds to the similarity to
the human voice and the intelligibility corresponds to the ability to understand the
synthesized speech. Several methods have been developed to test for the overall quality of the
synthesized speech [85]. Among those Mean Opinion Score (MOS) and the Diagnostic
Rhyme Test (DRT) are the most frequently used methods to evaluate for the naturalness and

intelligibility of the TTS systems.

Mean Opinion Score (MOS)

The developed Hindi TTS system was tested for naturalness by making use of the MOS.
Mean opinion score is the arithmetic mean of all the individual scores and it gives the
numerical indication of the perceived audio quality. MOS tests for voice are specified by
International Telecommunication Union-Testing (ITU-T) recommendation.

To check the naturalness of the concatenated speech a listeners test was conducted to evaluate
the results of the proposed technique. Twenty listeners that include both male and female
speakers were asked to rate the quality of the speech synthesized using the proposed
technique. Each listener were asked to rate on a scale from 1 to 5, where 1 represents the
lowest perceived audio quality whereas 5 represents the highest perceived audio quality, as
shown in Table 7.8. This subjective evaluation accounts for the naturalness of the synthesized
speech [80, 85].
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Table 7.8: Parameter for Mean Opinion Score

MOS Quality Distortion
5 Excellent Imperceptible
4 Good Slightly imperceptible
3 Fair Slightly Annoying
2 Poor Annoying
1 Bad Very Annoying

In the context of this study ten sentences that are provided in Table 7.9 are used for testing
the naturalness of the synthesized speech. Twenty native Hindi speakers are employed for
this evaluation. For each sentence, the MOS ranges assigned by listeners are shown in Table
7.10. The distribution of MOS values for each test sentences by listeners and average MOS

for each sentence are given in Fig.7.9 and Fig.7.10 respectively.

Table 7.9: Test Sentences

Sentence number Hindi Sentences

1 AT Fel R Sof MU
2 A & T 6§ §

3 HHAWT INAT I &

4 3eX e g I T §
5 3R AT oISH §
° T TG FR E

7 T FIT FIH N &
8 §FRT &2 HRA &

9 ROUT & I o FIT §
10 Ig FH T F& STl
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Table 7.10: MOS range and score for each sentence

Sentence | Excellent | Good | Fair | Poor | Bad Sum Obtained | Avg.
number 5 4 3 2 1 listeners marks MQOS
1 15 5 0 0 0 20 95 475
2 10 10 0 0 0 20 90 450
3 14 6 0 0 0 20 94 470
4 16 4 0 0 0 20 96 4.80
5 13 7 0 0 0 20 93 4.65
6 15 5 0 0 0 20 95 4.75
7 12 8 0 0 0 20 92 4.60
8 10 9 1 0 0 20 89 4.45
9 15 5 0 0 0 20 95 4.75
10 14 6 0 0 0 20 94 470
Sum 134 65 1 0 0 200 933 4.66
18
16
14
12
% 10
§ M Excellent
8 s ® Good
S .
Fair
6 M Poor
4 W Bad
2
0
sl s2 s3 s4 s5 s6 s7 s8 s9 s10
Sentences

Fig.7.9: Distribution of MOS values for test sentences assigned by listeners
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=@ Sentences MOS

------ Overall Avg MOS

sl s2 s3 s4 s5 s6 s7 s8 s9 s10
Sentences

Fig.7.10: Average MOS values for each sentence and overall average MOS

Diagnostic Rhyme Test (DRT)

Diagnostic rhyme test (DRT) [85] is an American National Standards Institute (ANSI)
standard for measuring speech intelligibility (ANSI S3.2-1989). DRT, introduced by
Fairbanks, uses a set of isolated words to test for consonant intelligibility in initial position.
DRT tells us how the initial consonant is recognized properly. In the DRT test of the current
system, the consonants that are similar to each other are selected and the listeners are asked to
distinguish the correct consonant among the similar sounding alternatives [80]. The letters
that have the same way out such as “b” and “p” are plosive and bilabial consonant and can be

easily misunderstood.

The similar sounding words that are used for DRT and number of correct answers for the
listening trials are shown in Table 7.11. Bold words indicate the correct answers. Listeners
choose one word from the table they hear. The accuracy is calculated as the ratio of the
number of correct answers given by the listeners to the total number of listeners employed as
(T/N=18/20). The average accuracy calculated for different words is 0.93. It shows system

intelligibility rate is very high and satisfactory.
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Table 7.11: Words for DRT test

Recognize Word1 Word?2 Accuracy
p-b aft IR 0.9
18 2
t-d
deol qel 0.95
1 19
k-g COr | i
0.95
19 1

Recorded versus Synthesized speech

Analysis is one of the important tasks of any research work. It does the evaluation of the
work. Analysis helps the developer to know how effective the system is and also helps in
understanding the flaws. The results of the analysis can lead to the development of the work
in a completely new way. Since speech quality is subjective in nature, absolute measurements
can be made. But it is possible to measure some relative quantities, which indirectly shows

the quality of the synthesized speech [80].

Since speech quality measurement is relative, it becomes necessary to have a reference
object. The reference object in our work is a directly recorded wave. The aim of this work is
to produce a synthetic speech which resembles the recorded speech perfectly. The quality of
the synthesized speech is said to be very high, if it resembles the recorded speech more.
However, it is worth noting that the amount of resemblance does not have any unit of

measurement.

Following examples show how the time durations vary for each syllable in synthesized wave
compared to that of recorded wave. The graphical plots are shown in Fig.7.11 and Fig.7.12.
Also the timing characteristics for the same are shown in Table 7.12 and Table 7.13. It can be
observed that by comparing the duration of the syllables in the recorded and synthesized
speech, the resemblances between the two are high and hence the quality of the synthesized

speech is also high.
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Recorded Speec

G

Synthesized

Speech

Fig.7.11: Timing of each sound unit in example: EART e R &

Table 7.12: Time characteristics of sound units for example: ART &2 HRd g

Sound Unit | Duration in Recorded | Duration in synthesized
speech in ms speech wave in ms
g 119 114
AT 193 191
a 223 214
g 185 218
T 283 240
AT 245 195
L3 156 186
d 305 276
¢ 340 305
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Fig.7.12: Timing of each sound unit in example: AT ATH TH §

Table 7.13: Time characteristics of sound units for example: T 1T TH §

Sound Duration in Duration in synthesized
Unit Recorded speech in speech wave in
milliseconds (ms) milliseconds (ms)

A 169 184

a 172 167

oIl 288 241

H 312 253

a 242 253

H 271 260

] 373 416
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Also an example analysis of the synthesized speech for the word &€dX using syllables

without durational knowledge and with durational knowledge is shown in Fig.7.13. The
database with the same number of syllables without durational knowledge has been built in
view of comparison. It is evident from this waveform that the variation in duration of the
synthesized speech is less in case of speech synthesized using syllables with durational
knowledge when compared to synthesized speech using syllables without duration knowledge

with reference to the recorded speech.

These three tests help us in concluding that the text to speech system developed using the
novel text processing method that incorporates the variation in the duration of syllable with
respect to its position of occurrence in a word results in a synthesized speech that is natural

and intelligent.

0 665016

0.9872 E
peech wave form
‘“:ii’ | |‘
—8 -0 03374 Y1 'l; N
3 [ L
ot
va
E -0 9891 | ) (a)
0 6650 |
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Duration
\/\,\/.\/\/W /\/\ Knowledge
(b)
1548435 |
With
Duration
\,\/*/\\/\r/\__/\ J; owledge
(c)
0.770594 |

Time (secs)

Fig.7.13: Top plot showing Speech signal for the Hindi word “&edX”. Middle one showing the

Speech output, from syllable level database without incorporating duration knowledge. Final
plot showing the speech output from syllable level speech units with duration knowledge.
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7.9 System Integration

The output of the optical Braille recognition system is fed into the developed TTS system to
convert the recognized Braille characters into their equivalent speech output. The output of
the text processing phase is shown in a Graphical User Interface (GUI) as shown in Fig.7.14.
This will give the user a vibrant idea of text processing and its output. The GUI shown
consists of four sub-windows, where the first window shows the transliteration code
corresponding to the recognized Hindi Braille characters; second one displays the Hindi text
equivalent of the recognized Hindi characters and the third one display the Unicode output
while the final window displays the modified UNICODE output after text processing. The
modified UNICODE is fed into the speech synthesis stage wherein it takes care of the
variations in the duration of the syllables with respect to its position of occurrence based on
the text processing output i.e. using modified UNICODE information. Further speech
processing is done using MATLAB. The synthesized speech is stored in the .wav format
which is the sound equivalent of the Braille text. Hence the developed system can provide the
text as well speech equivalent of the Braille characters and thus serves to help the visually
impaired community to communicate with the sighted world and also acts as a self-diagnostic

tool.
Engish Hindi
meraa naama aniMa kumaara hail
AW A IHIT FAR §
Converted Hindi Code in HexaDecimal Cenverted Hindi Code in Decimal
92E39FC3 93039C39 92839C39 92E 385F4 93039068 923 91539068 9ZEINC3Y 235007 235201 101010 234401 2350 101010 230900 235204 2339 101010 232504
930 9393A028 235001 2352 101010 236108
YVowels 1 Consonants
k31 a | 3T ||aa A g i T e g' ee, 1| ' F u $ k E[ | kh ;-[ | £ q: gh 3 | G |
| | | | | d | ch Ch i jh nY
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Fig.7.14: Text processing GUI
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7.10 Concluding Remark

Text to Speech synthesis system developed using the unit selection based concatenative
speech synthesis with novel text processing algorithm is productively implemented using
DOT NET and MATLAB programming languages. Spectral discontinuity and prosody
mismatch is minimized by means of standard syllable level speech database. A number of
subjective tests are used to measure the success of developed Hindi TTS system. Naturalness
defined as closeness to human speech and intelligibility defined as the ability to be
understood are two measures used to evaluate the performance of any Text-to-speech system.
Mean Opinion Score (MOS) test is carried out to examine the naturalness of the synthesized
output of Hindi TTS system. The quality of the synthesized speech is evaluated by various
listeners by taking the MOS. Diagnostic Rhyme Test (DRT) is carried out to measure the
intelligibility of Hindi TTS system. These evaluations have provided promising results.
Further the analysis in the duration variation is done for comparison of synthesized output
versus naturally recorded speech of a phrase. Comparison concludes that the duration
variation between recorded (reference) and synthesized are much lesser, which is the desired

result.

From the evaluation results we can conclude that the TTS system developed using database
with syllable as a basic unit considering the position of syllable in a word provides
synthesizes speech that is almost natural and improved results when compared to other
traditional units. The appealing characteristic of the proposed TTS system is, with little
modifications this work can be extended for most of the Indian languages.
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