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CHAPTER-I

INTRODUCTION

In recent times fifth generation computers are being extensively used

to enhance speech communication. It includes automatic speech recognition and

speech synthesis for which a database is needed.

Database is a collection of data used for a specific purpose. The data base

can be phonetic, acoustic phonetic, prosodic or all of them. It can be for a

limited vocabulary or unlimited vocabulary. Database provides information on

normal segmental and suprasegmental features and thus helps in better

understanding of the speech production system. It helps in developing

synthesizers meant for text to speech synthesis and it aids in automatic speech

recognition. World wide there have been many databases which have been

developed in various languages for the purposes mentioned above. Some of

them are specifically made for telephone use. The databases - developed in

European languages are EUROM - a multilingual European speech database and

IRIS - speech database etc.

Databases which are developed in English languages are many. For

example Oxford acoustic phonetic database, ATIS - 2, MADCOW Speech

Corpus etc.

For telephone use also these databases are used.Few of these kinds of

databases are Australian English Telephone speech database, King speech



database, Annion database etc. Database for the purpose of speaker identification

are also available like King Speech Data base.

Each language has its segmental and suprasegmental characteristics based

on which database is made available which is then used for text to speech

conversion in that language. The database of one language cannot be used for

another language as the segmental and suprasegmental features vary across

languages. For example, English is based on phonemic unit, but few of the Indo-

European and Dravidian languages are based on syllabic unit. Hence database

available in English language cannot be used for these languages.

In Indian context, accountable number of databases are available like in

Kannada (Savithri, 1994) and Hindi (Zero to nine by Agrawal, 1992). But most of

the time only limited units of speech have been concentrated for the data. In this

context, the present study was planned. The aim of the study was to develop

dynamic acoustic segmental database in Hindi language. Specifically the database

will be made by acoustically analyzing one hundred and five meaningful Hindi

words. Two spectral and nine temporal parameters will be extracted using the

VSS software.
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CHAPTER II

REVIEW OF LITERATURE

A data base is a collection of data used for a specific purpose. The data

base can be a) phonetic b) acoustic phonetic c)prosodic or all of them. The

database can be speaker dependent or speaker independent. The speech

recognition systems developed from database can be for limited

vocabulary / small vocabulary or large vocabulary.

A data base follows the segmental and supra segmental features of the

language and hence a data base of one language cannot always be used for

another language. To develop detailed phonetic knowledge, speech data base are

accessed according to linguistically meaningful principles. Various methods

have been developed like the one used by Carlson and Granstrom (1985) who

focussed on generative rules which formed the integral part of the data base

management.

The first step to create the data base is to record and label speech. Speech

data is stored in sentence sized files. Carlson, Granstrom and Hunnicutt,1982

used text to speech system to create a phonetic transcription of the utterances.

This transcription is edited to match the pronunciation as good as possible. A

phoneme can be transcribed by one or two character Stress level is marked by

special signs. Additional markers like syntactic boundaries can be added if

needed.
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Figure 1 :Block diagram illustrating creation of database

The phonetic transcription is used by an automatic segmentation program

(Blomberg and Elenius,1985) to distribute the phonetic labels along the wave

form. The segmentation program gives an estimate of time positions of each

phoneme. When a detailed analysis should be done, the labels have to be

checked and corrected. This is done with by means of a wave form editor

program, which is a general purpose program for labeling and editing sample

files. It is able to handle multiple channels. Example, means of the joystick

sample can be labeled and labels can be changed. These can be used to edit the

waveform, to include waveforms from other recordings, to delete parts of it, and

to do scalings of amplitude.
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The data base is accessed by means of rules. By a brief rule statement,

speech segments meeting the specified contextual conditions can be identified.

The rule structure is similar to the notation used in generative phonology and is

also used in the text to speech system inventory and the features that are

associated to each phonemes. A selection file specifies which label files

form the data base. The label files are read into the program one by one. The

control file contains the phonetic transcriptions with the star positions marked

(*). Each star is then decoded into a control line including the wave form file

name, the specified parameters and the name of the phonetic symbol that follows

the star.

Spectral analysis:

A spectral analysis is done and the histogram is calculated for the energy

distribution at each point along the frequency axis. These histograms are

connected into a contour spectrum, each line representing 10 percent of the

distribution. The spectrum is more condensed at low compared to high

frequency indicating that the glottal source has a steeper slope for low effort

whereas the amplitude of the voice is relatively independent ol effort. We can

observe how constant each phoneme is realized, and coarticulation effects can be

searched for.

In the rule system, a classifier is used to group duration data on vowels

depending on the stress level, phonological length, and whether the vowel is

followed by an unvoiced stop or not.
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Duration relations and prediction of durations :

Normally, when duration is studied, relation between phonemes is given

more interest than the absolute duration. The inherent duration of each

consonant category plays an important role.

The popular and successful method used to provide the database for the

sounds so as to enable synthesis and text to speech conversion is spectrography.

To use the database, phonemes which are of interest to be synthesised are

selected. The environment (preceding and the following phonemes) in which the

phoneme has to be synthesised is noted and the experiments needs to specify

whether the phonemes have to be synthesized for male or female subjects.

Depending on this ,the values of the parameters are selected. We can select any

parameter depending on the kind of synthesizer we have to effectively synthesise

a speech sound.

One of the major tasks in the text to speech synthesis is to provide a voice

input / output capability. In order to achieve this ,acoustic (segmental and

suprasegmental) data in different languages is essential. To utilize the computers

for Indian languages, acoustic data for the same is required which would

facilitate automatic speech recognition, speaker recognition and speech synthesis.

The acoustic data is extracted by recording speech and using softwares.
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Fig 2: System for acoustic feature extraction.

Figure 2 provides a system for acoustic feature extraction. The obvious

way to provide speech output from computers is to select the basic acoustic units

to be used, record them, and generate utterances by concatenating together

appropriate segments from this pre-stored inventory. The basic units can be

whole sentences, words, syllables or phonemes.
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If real speech is connected, there are few gaps between words.

Coarticulation, where sounds are affected by those on either side, naturally

operates across word boundaries. The time constants of coarticulation are

associated with the mechanics of the vocal tract and hence measure tens or

hundreds of milliseconds. Thus the effects straddle several pitch periods 100Hz

(pitch has 10msec period) and cannot be simulated by simple interpolation of the

speech wave form. Prosodic features, notably pitch and rhythm, span much

longer stretches of speech than single words. Word to word coarticulation and

the essential features of rhythm and intonation can be incorporated if the stored

words are coded in source filter form.

Witten (1982) noted that the ultimate in economy of inventory size, is to

use phonemes as the basic unit. This makes the most crucial part of the task

interpolation between units, rather than their construction or recording. With only

about forty phonemes in English, each one can be examined in many different

contexts to ascertain the best data to store. It is most appropriate that data be

abstracted from several different realizations rather than an exact record made of

any one.

If information is stored about phonological units of speech, phonemes, the

difficult task of phonological-to-phonetic conversion must necessarily be

performed automatically.
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AVAILABLE SPEECH DATA BASE :

1) ESTONIAN SPEECH DATA BASE :

Estonian speech database was developed in the framework of the

EUCOPERNICUS project. "BABEL - A multi - language database" in 1995-

1998. The database includes a short description of the Estonian sound system,

systematic text corpus consisting of several parts (consonant - vowel - consonant

units, numbers, isolated sentences, 5 sentence passages) and the recorded speech

signals. In recording the database, 70 speakers (35 male and 35 female) of

different age groups participated whose pronunciation was in accordance with

the norm of standard Estonian. Thus the database represents the Estonian

pronunciation norm of the end of the 20th century. The database includes 12

hours of high quality speech material on three 3D-ROMs. The database will be

used for the phonetic and phonological research of Estonian as well as for

developing and testing the system of speech synthesis and recognition.

2) OXFORD ACOUSTIC PHONETIC DATABASE :

It contains data on vowel - consonant and consonant vowel combinations

in both stressed and unstressed locations. The language covered include French,

German, Hungarian, Italian, Japanese, British English, Spanish and English. It is

available on compact disc.

3) EUROM - A MULTILINGUAL EUROPEAN SPEECH DATABASE :

It is the first European really multilingual speech database. It has

equivalent corpora for each of the languages; same number of speakers selected
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SAM format compatible - databases, as the French BD SONS and EUROM 1

French part, and the ten other parts of EUROM 1 could be included as well.

4) THE EMU SPEECH DATA BASE SYSTEM :

EMU is a collection of software tools for the creation, manipulation and

analysis of speech databases. At the core of EMU is a database search engine

which allows the researcher to find various speech segments based on the

sequential and hierarchical structure of the utterances in which they occur. EMU

includes an interactive labeler which can display spectrograms and other speech

wave forms, and which allows the creation of hierarchical, as well as sequential,

labels for a speech utterance.

5) README FOR THE ATIS - 2 MADCOW SPEECH CORPUS :

The ATIS -2 corpus is a 4 - cdrom (1993) set containing recordings of

spontaneous speech from 453 speakers, collected at six different research

laboratories around the United States.

The text data includes the labels of airline travel information and

associated material used to build the relational data base, which was used to

provide answers to the verbal request of the speakers.

The documentation (contained in the "doc" directory on this disc)

includes the specifications for the directory organization of the corpus, and for

the internal format of the wave form files and varies annotation files. It also

provides information on the speakers, the techniques for data collection and

evaluation.
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in same way and recorded in the same conditions with common file formats.

Initially eight European countries have made recording: Italy, United Kingdom,

Germany, Netherlands, Denmark, Sweden, Norway, France. Additional

recording have been then completed in Greece, Spain and Portugal.

The recording was done with the sampling rate of 20kHz and codage of

16 bits. All recordings were done in an anechoic room and according to common

recording protocol all files in SAM format.

Corpora:

• 40 passages (five thematically linked sentences each)

• 50 patching sentences (in order to cover some language specificities)

• "Logatomes" : 82 CVC (combination of consonant + vowel + consonant)

variation of initial and final consonant with vowels (a, i, u). these

"logatomes" are pronounced with and without context (5 different context).

• Words (isolated), from the five context

• Numbers : 5 x 20 numbers (between 0 and 9999) covering all phonotactic

possibilities if the number system.

Speakers:

30 male and 30 female (b/w 20 and 60 years old) data from the French

part of EUROM 1 are integrated in the multibase multilingual speech data base

management system GERSONS, which is a PC - software based on KMAN

RDMS (knowledge man from DBMS company). This software manages all
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6) ENTROPIC LATINO 40 SPEECH DATABASE BY BERNSTEIN(1994) :

It was developed by Grundy, Bernstein, Rosenfeld, Najmi & Mankoski

(1994). Entropic research laboratory designed the Latino 40 database to provide

a set of recording for training speaker independent system that recognize Latin -

American Spanish. The data base comprises about 5000 utterance files. These

files include about 125 utterances from each of 40 different speakers, 20 males

and 20 females. The recordings were all made with a high quality head mounted

microphone (Shure SM 10A) in an office environment, and the utterances were

digitized in 16 bit samples at 16kHz.

The material consisted of 13000 sentences that include a number of

anomalous or ambiguous forms. The sentences are all shorter than 80 characters,

and are not grouped into larger constituents like paragraphs or stories.

The speakers were adults, ranged from 18-59 years of age and were native

speakers of Latin American Spanish.

7) THE IRIS SPEECH DATA BASE :

The IRIS database contains speech samples from approximately 100

languages and from variants of Swedish spoken by several ethnic minorities

residing in the country. This data base is meant to provide an easily accessible

reference material for cross language studies in phonetic typology and the

phonetics of Swedish an a second language.
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8) CASTRO SPEECH DATA BASE :

It is a database containing the full text of English translations of speakers,

interviews and press conferences by Castro. These records are in the public

domain.

9) LINGUISTIC DATA CONSORTIUM (LDC) :

It provides a very wide range of speech and text data to research and

commercial users.

10) JAPANESE SPEECH AND TEXT CORPORA (1997) :

It is a continuous speech corpus for research in 7 CD-ROMs. It consists of

ATR PB sentences, 9600 sentences and read speech.

There are other databases like BUPT SPOKEN DIGIT DATABASE IN

CHINESE UNIVERSITY and VICTORIA PHONETIC DATA BASE.
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TELEPHONE DATABASES

1) AUSTRALIAN ENGLISH TELEPHONE SPEECH DATA BASE:

It has been offered by Call data base Ltd. It is a 1000 speaker fixed

network telephone speech database for Australian English recordings from 1000

male and female speakers from across Australia include a series of items suitable

for development of a broad range of telephone ASR services. The speaker

demographics reflect the geographical distribution and ethnic diversity of

Australian citizens.

The data base is in speech data (II) format and comprises over 46,000 A-

law encoded speech files recorded via ISDN lines, orthographic annotation for

each utterance, and a SAMPA encoded pronounciation lexion. It has been

validated by SPEX.

1) ANNION DATA BASE :

The speech data base was collected over the fixed telephone network for

the purpose of automated tele services. It consists of typical application words

and sentences.

2) KING SPEECH DATA BASE :

The KING corpus was created for research in the area of speaker

identification. There are 26 Diego speakers (and 25 New Jersey speakers). All

speakers are male. Each session was recorded in both a wide band and a narrow

band channel. The narrow band channel represents speech that was passed

through a standard telephone handset, transmitted through a local telephone

14



exchange to a long distance service and back to the local exchange, then recorded

from an analog telephone patch. The wide band channel represents the same

utterance, recorded using a high quality microphone that was mounted on the

telephone handset.

Both channels are digitized at 8kHz with 16 bit linear samples.Each

speaker/session wave form file consists of about thirty seconds of actual speech

of the person speaking on one of the following assigned topics -

1. construction toy task

2. describing odd shapes

3. topic of speakers choice

4. road rally task

5. describing photographs

6. describing cartoon strips

Nataraj, Savithri, Venkatesh and Rohini (1990) took fifteen subjects

and analysed the spoken form of the Hindi to collect information on acoustic

features of Hindi sounds, which acted as input to the designing a speech to text

system for isolated utterances of characters of Hindi alphabet. The speech

recognition system/speech to text system was developed to provide therapy and

teaching speech and language to the hearing handicapped.

The parameters measures were vowel duration, word duration, burst

duration voice onset time, closure duration, range of burst frequency,

fundamental frequency, formant frequencies (1-3), energy levels of formants,

15



bandwidths of formants, speed of transaction, transition duration and range of

transition.

Savithri (1994) developed database for plosives in Kannada. Twenty

nine meaningful kannada words with all the plosives - /k/, /kh/, /g/, /gh/, /t/, lth\

/d/, /dh/, ItI, /th/, /d/, /dh/, /p/, /ph/, /b/ and /bh/ were selected. Three adult males,

one adult female and one child uttered these words four times. All these words

were audio recorded and seven selected parameters and six temporal parameters

were measured using spectography and wave forms. Totally 1508 tokens were

measured for each subject. The parameters chosen were closure duration, burst

duration, aspiration duration, voice onset time, transition duration for all three

formants, speed of transition of the three formants, duration of the stop

consonant, preceding vowel duration, terminal frequency (Fl - F3), fundamental

frequency changes from vowel to plosive.

Agrawal (1992) developed the database for the Hindi language for the

digits from zero to nine.

The review indicates wide data base for non-Indian languages mostly

European and English. The Indo-European and Dravidian languages are

different from the European languages. If one wants to have a speech

recognition system or a text to speech system, it is essential that acoustic

phonetic and prosodic data base are available in these languages. Though an

attempt was made by Nataraja et al (1990) to prepare a database for Hindi it is

incomplete in its nature. In this context the present study aims to make an

acoustic phonetic data base for Hindi.
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CHAPTER III

METHOD

Material:

It consisted of one hundred and five meaningful Hindi words with ten

vowels, fifteen plosives, four affricates, three nasal continuants, four fricatives,

one lateral, one trill and one semi vowel in the initial, medial and final positions.

The word list is shown in table 1.

Subjects:

Two native Hindi normal speakers (one male and one female) of 22 years

of age participated in the study.

Procedure:

The words as written one each on a card were visually presented to the

subjects. They were instructed to read the word on to a microphone (H Legend)

kept at a distance of 10 cms from the mouth. The words were audio recorded on

to a cassette (Meltrack 60) using Sony stereo cassette deck TC-FX 170.

Acoustic analysis :

Using the SSL software (voice and speech systems, Bangalore), the

words were digitized at a sampling rate of 16000 Hz using a 12 bit A/D converter

and stored into the computer memory. Using the waveform display and wide

band spectograph of the SSL software, the following parameters were extracted.
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Table 1 : Word list
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Frequency domain parameters:

1. Formant frequency : The frequency of the formant as measured in the

steady state ( F1 F2, F3).

2. Terminal frequency : It is the frequency of the formant of the preceding

vowel at the end of the transition or the following vowel at the beginning of

the transition.

Figure 3 : Spectograph showing terminal frequency transition duration, steady

state duration of the formant, burst duration, vowel duration and voice

onset time.

Temporal domain parameters:

1. Formant steady state duration : Duration for which the formant is in the

steady state.

2. Transition duration : The transition duration is the time difference between

the onset and offset of the transition.
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Figure 4 : Spectograph showing frication noise duration, aspiration duration and
closure duration

20

3. Closure duration :The difference between the offset of the preceding vowel

and the onset of the burst for the plosive.

4. Burst duration : Time difference between the onset of irregular vertical

striation depicting the articulatory release and the offset of the same.

5. Aspiration duration : Duration of the aspiration depicted as irregular vertical

striations in the low frequency region between the burst and the onset of

resonance for the felling one.

6. Voice onset time : Time difference between the onset of the burst depicted as

quasirandom wave form and the onset of vocal fold vibration depicted as

quasiperiodic wave form.

7. Total duration : Time difference between the onset and offset of the

phonemes.

8. Vowel duration: Time difference between onset and offset of the phoneme.

9. Frication duration : Time duration for which fixation existed, marked as fills

in high frequency region of spectogram.



CHAPTER-IV

RESULTS AND DISCUSSION

Various temporal and spectral values of the parameters measured for

different speech sounds for male and female subjects are provided in tables (

Table 2 and 3 respectively)

The abbreviations used in the tables are as follows :

1. F1 - First formant frequency

2. F2 - Second formant frequency

3. F3 - Third formant frequency

4. Fl SS - Steady states of Fl

5. F2 SS - Steady states of F2

6. F3 SS- Steady states of F3

7. Fl TD-Transition duration of Fl

8. TF1 - Terminal frequency of Fl

9. F2TD - Transition duration of F2

10. TF2-Terminal frequency of F2

11. F3 TD - Transition duration of F3

12. TF3 - Terminal frequency of F3

13. CD - Closure duration

14. BD - Burst duration

15. ToD - Total duration

16. AD - Aspiration duration
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17. FD - Frication duration

18. VD - Vowel duration

19. VOT - Voice onset time

20. NTS - No transition seen

Table 4 and 5 show values of various parameters for plosives and affricates

respectively.

Parameter

VOT

BD

AD

ToD

Male

Voiced

-15 to-86

4-26

54-90

13-74

Unvoiced

22-98

7-22

33-168

16-278

Female

Voiced

-28 to -98

5-30

24-121

50-246

Unvoiced

15-105

6-26

70-173

25-310

Table 4 : Range of values for the plosives for different temporal measures (msec)

It was observed that the aspiration duration and total duration were larger

for unvoiced plosives. Lead VOT was observed for voiced plosives and lag VOT

was observed for unvoiced plosives.

Parameter

ToD

FD

AD

BD

Male

Voiced

43-201

35-140

50

5-75

Unvoiced

65-252

39-142

34

6-12

Female

Voiced

70-300

52-210

87

Not seen

Unvoiced

85-420

75-200

41-75

5-6

Table 5 : Range of values of the temporal measures for the affricates (msec )

It was observed that the total duration of unvoiced affricates was longer than

that of voiced affricates.
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Table 2 : The segmental features (spectral and temporal) for the male subject
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Table 3 : The segmental features (spectral and temporal) for the female subject.
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Table 6 and 7 show the values of various parameters for fricatives and nasal

continuants.

Parameter

ToD

FD

Male

Voiced

34-82

30-106

Unvoiced

55-175

72-192

Female

Voiced

75-85

70-85

Unvoiced

60-270

60-330

Table 6 : Range of values of temporal measures for the fricatives (msec)

It was noticed that the unvoiced fricatives were longer than the voiced

fricatives.

Parameter

ToD

Male

10-140

Female

8-172

Table7: Range of values of the temporal measures for the nasal continuants (msec)

It was observed that the total duration was longer in the female subject than the

male subject. Table 8 shows the total duration for trill, lateral and semi vowel

Parameter

ToD

Male

Trill

28-39

Lateral

67-125

Semivowel

34-106

Female

Trill

28-90

Lateral

88-170

Semivowel

75-85

Table 8 : Range of values of the temporal measures for the trill, lateral and

semivowel(m sec)-

It was observed that the lateral /l/ was longer than the trill /r/ and the

semivowel Ivl. Table 9 and 10 shows the F1 F2, F3 and duration of vowels.
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Table 9 : Average values of the Fi, F2, F3 and duration for the vowels of the

•male subject...

Table 10 : average values of the FI, F2, F3 and duration for the vowels of the

female sjbject

Table 11 and 12 shows various values for phonemes
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Fricatives:

Table 11: Average values for VOT, total duration, burst duration, aspiration

duration, frication duration, and terminal frequencies (TFl, TF2, TF3) for the

phonemes spoken by male subject .
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Table 12 : Average values for voice onset time, total duration, burs, duration,

aspiration duration, frication duration and terminal frequencies (TF1, TF2, TF3)

forall the phonemes spoken by female subject.



How to use the data base ?

The phoneme to be synthesized should be selected. The environment

(preceding and the following phoneme) in which the phoneme has to be

synthesized and whether the synthesis is for male or female subject has to be

noted. The parameters which have been measured for that phoneme should be

selected depending on the kind of synthesizer. Using this data base vowels,

plosives, affricates, fricatives, nasals, lateral, trill and semivowel of Hindi can be

synthesized.

The Klatt synthesizer is basically prototyped for male vocal tract of 17.5

cm. However the male voice can be converted to female voice by using the scale

factor 1:1.2 as obtained from this database.
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CHAPTER - V

SUMMARY AND CONCLUSIONS

Database is needed for the purpose of speech synthesis and speech

recognition. Various databases are available in English and European languages.

In India, the work in this area is scanty. As the database developed in one

language cannot be effectively used for other language due to language specific

segmental and suprasegmental characteristic, a need was felt to develop an

acoustic database in Hindi. The aim of the study was to develop dynamic

acoustic segmental database in Hindi language.

One hundred and five meaningful Hindi words with ten vowels, fifteen

plosives and four affricates, three nasal continuants, five fricatives, one trill, one

lateral and one semivowel in initial, medial and final position constituted the

material. These words as uttered by a twenty two year old male and twenty two

year old female native Hindi speakers were audio recorded. All these words

were digitized using a 12 bit A/D converter at 8000 Hz sampling frequency and

were stored in the computer memory. Using the wave form and spectrogram of

the SSL software (Voice and Speech systems, B'lore, India) two spectral and

nine temporal parameters were extracted. The spectral parameters constituted of

formant frequency (F1, F2, F3) and terminal Frequency (TF1, TF2, TF3) and the

temporal parameters were vowel duration, total duration, voice onset time,

closure duration, burst duration, aspiration duration, affrication duration,

frication duration and transition duration and formant steady state duration.

 40



These parameters formed the acoustic database. The acoustic data base

provides spectral and temporal parameters of each speech sound which can be

used for further synthesis.

The acoustic database will have the following implications :

1. It provides acoustic data on speech communication to be incorporated for

speech recognition.

2. It provides information on normal segmental features which would lead

to therapeutic model for the handicapped.

3. The information helps in developing aids/synthesizer for the non verbally

handicapped.

4. It also aids in better understanding of speech production system.

5. The data aids in automatic speech recognition.

It is suggested that the database for suprasegmental features for Hindi be

made.

2. It provides information on normal segmental features which would lead

to therapeutic model for the handicapped.
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The following speech database were accessed from the Internet.

Estonian speech database

http://www.esis.ee/ist2000/IT/ioc/langdb.html.

Oxford Acoustic Phonetic database

http://svr-www.eng.cam.ac .uk/comp. speech/Section 1 /Data/oxford.html.

EUROM - A multilingual European speech database

www. icp. grenet. fr/Relator/multiling/eurom 1 .html.

The EMU speech database system

http://www.deall.ohio-state.edu/grads//ee. 1460/c694/Emu2.html

Readme for the ATTS - 2 MADCOW speech Corpus

http://www.ldc.upenn.edu/catalo g/readme_files/atis2.readme.html.

Entropic Latino speech database by Bernstein

www.cs.columbia.edu/~bgrundy/latino40.htm.

The IRIS speech database

http://www.ling.su.se/staff/olle/1987d.html.

Castro speech database

http://lanic.uteras.edu/la/cb/cuba/castro.html.
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Linguistic database consortium

http://www. idc. upenn. edu/.

Japanese speech and text corpora

www.milab.is.tsukuba.ac.jp/corpus/corpora-c.html.

BUPT spoken digit database in Chinese University

http://www.speech.cs.cmu.edu/comp. speech/Sectionl /Data/bupt.html.

Victoria phonetic database

http://www.speech.cs.cmu.edu/comp.speech/Sectionl/Data/victoria.html.

Australian english telephone speech database

www.callbase.com

Annion speech database

www.google.com.

King speech database

http://www.ldc.upenn.edu/Catalog/readme_files/king.readme.html.
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Linguistic database consortium

http://www.idc.upenn.edu/.

Japanese speech and text corpora

www.milab.is.tsukuba.ac.jp/corpus/corpora-c.html.

BUPT spoken digit database in Chinese University

http://www.speech.cs.cmu.edu/comp.speech/Sectionl/Data/bupt.html.

Victoria phonetic database

http://www.speech.cs.cmu.edu/comp. speech/Sectionl /Data/victoria.html.

Australian english telephone speech database

www.callbase.com

Annion speech database

www.google.com.

King speech database

http://www.ldc.upenaedu/Catalog/readme_files/king.reajne.html.
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