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ABSTRACT

A project to collect Mandarin speech data across
Taiwan (MAT) is conducted by a group of researchers
working in the area of speech signal processing.
Several universities and research institutes in Taiwan
will contribute to this cooperative project. The speech
data of 5000 speakers will be collected through
telephone system. Four types of speech databases will
be produced for different application purposes.

1. INTRODUCTION

A cooperative project, called Polyphone, was
initiated by the Coordinating Committee on Speech
Databases and Speech I/O Systems Assessment
(COCOSDA) during the ICSLP-92 held at Banff,
Canada, in October 1992 [1]. As being a
representative from Taiwan, Professor K.Y. Su had
shown the interest of producing a Mandarin speech
database in Taiwan. Following the suggestion by
Professor K.Y. Su, a special interest group on spoken
language processing (SIGSLP) was formed in ROC
Computational Linguistic Society. The researchers in
the area of speech processing in Taiwan were invited
to join this special interest group. Members of this
group came from some universities and research
institutes. The major task of SIGSLP is to initiate a
speech data collection program in Taiwan so that a
speech database can be generated for developing the
speech technology and products.

After a series of discussions, SIGSLP came out a
proposal of speech data collection project called MAT
(Mandarin speech data across Taiwan). This project is
to set up several speech data collection stations
around the country and to produce a speech database
of Mandarin spoken in Taiwan. The proposal had
been submitted to some research organizations and
funding agencies, such as Directorate General of
Telecommunications (DGT) and National Science
Council (NSC) of Taiwan. Recently, a speech
processing project was funded by Telecommunication
Laboratories of DGT. This research project allows us
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to set up some speech data collection stations for
research purpose. Now we start a pilot project on
design and implementation of Mandarin speech
databases.

2. SYSTEM DESIGN

In this project, we plan to set up seven speech data
collection stations in universities and research
institutes. Each station is a personal computer
equipped with a telephone/audio interface, a network
interface, an extended hard disk drive and an optical
disk drive. This hardware organization is described as
follows;

(1) An IBM compatible personal computer with Intel
80486 or Pentium CPU is the kernel of the
speech data collection station.

(2) A Dialogic D/41D processing card is added to
the personal computer for providing the
telephone interface.

(3) A Sound Blaster card with 16-bit ADC and DAC
channels is used for speech or audio input
with different sampling rates. It is also used
for sound playback.

(4) A D-link card is used for connecting to computer
network.

(5) The external hard disk and optical disk are for
mass storage.

(6) A software developed by SIGSLP members is for
automatic recording and speech data
transcription.

This system structure can afford the following
functions.

(1) The speech data can be collected through
telephone system with 8-bit u-law PCM at 8
kHz sampling rate.

(2) By externally wiring from analog extension bus
(AEB) of Dialogic card to line input of
Sound Blaster card, the input data can in 16-
bit linear PCM at 8 kHz or higher sampling
rates.
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(3) The collected data can be transferred to a SUN 1
SPARC workstation through computer

short statements (such as ID number,
date, address, etc.)

network, so that we can employ the software 2) isolated syllables

package, ESPS/WAVES+, on SUN SPARC 3) isolated words (defined for some specific

workstation to display the speech signal and applications)

perform further signal processing. “ sentences (each sentence is less than 30
(4) The collected data can be stored in optical disk sylables)

for distribution.

Materials of Part 1 are also designed for collecting the
background information of the speaker. Materials of
Part 2 are randomly selected from a pre-designed
pool. It contains a complete set of Mandarin syllables,
randomly generated numbers and number strings,
commonly used words, and phonetically rich
sentences.

A dedicated speech data collection station equipped
with multiple channel inputs is set up in
Telecommunication Laboratories of Directorate
General of Telecommunications (TL-DGT) for
nationwide speech data collection through public
telephone system. Other stations in the universities
are for speech data transcription and can collect
speech data through telephone line or microphone. All
these stations can generate speech data files in
identical format and connect to a nationwide

4. FILE FORMAT

computer network. All the PC-based data collection stations generate
speech data files in identical format. All the stations

can share the recorded data and perform the

3. MATERIAL DESIGN transcription. The file header is normally set to 256

bytes. Another 256 bytes can be optionally added to

The spoken material is designed for training and form an extended file header of 512 bytes. This file

evaluation of the telephone-based speech recognition
systems developed for Mandarin speakers in Taiwan.
We follow the similar idea as that in Macrophone
project initiated by SRI International [2] and in VAJ
project initiated by Texas Instruments [3]. Materials
are selected from a pool of texts randomly and
collected into a prompting sheet for a speech data
recording session. The prompting sheet is designed in
two parts; one for spontaneous speech and the other
for reading speech. Speakers are asked to answer the
questions initiated by automatic recording system,
and to read the contents described on the prompting
sheet. In a recording session, a speaker has to answer
11 questions and pronounce 5 short statements, 20
isolated syllables, 20 isolated words, and 5 sentences.
It takes about 6 minutes to finish a recording session.
The contents of speech material are summarized as
follows;

Spontaneous speech

header is organized in three parts.

(1) Part 1 (128 bytes)

The parameters defined in this part will specify the
following information;

file header length (256 or 512 bytes),
sampled data length (variable),

encoding type, sampling rate and bits per sample,
recording date, time, and station,

signal condition and quality,

speaker's sex, age range and accent,
speaker's mother tone and daily language,
speaker's education and geologic codes,
prompting sheet ID and Item Number,.
speaking mode, quality, rate, and effort,
accessed date,

transcripted character length (1-30),
transcripted Chinese character codes,

Part 1
(2) Part 2 (128 bytes)
)] numbers
2) dates and time This area is for the transcription of Mandarin speech
3) name of native language (such as Mandarin, in Pin-Yin notations.
Taiwanese Hokkian, Hakka, etc.)
) name of cities (3) Part 3 (256 bytes)
5) education levels (such as primary school,
high school , college, graduate institute, etc.) This is an extended area for other usage. For some
6) simple answers (such as "yes" or "no", special purposes, - user can specify this part for
"male" or "female", etc.) labeling special phonetic symbols, or segmenting the
utterance.
Part2 Reading speech
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A speech data file is in variable length. The length is
specified by the parameters in the file header. Each
file contains the speech data of an utterance not more
than 30 syllables in Mandarin speech. The speech
data file can be extracted or classified according to
the background information in Part 1 of the file
header. For easy access of the speech data file, the file
name is also designed to explicitly indicate the
category, the prompting sheet ID number, and the
item number.

The corresponding Pin-Yin notations can be easily
found in Part 2 of the file header. The optional part in
the file header allows user to specify his usage. For
example, user may perform the pitch extraction and
the segmentation on the utterance. This optional part
can be used to describe the results of the process.

The speech data file generated in the PC-based data
collection station can be transferred to SUN SPARC
‘workstation by networking. It is not difficult to
transform this data file into ESPS file format. Then
the facilities provided by ESPS/WAVES+ package
can be used for further signal analysis.

5. RESULTED DATABASES

On the basis of these collected data, four types of
databases will be produced for different application
purposes.

(1) Isolated Mandarin syllables
A complete set of about 1400 Mandarin
syllables

(2) Mandarin numbers
A set of spoken digits and digital strings of 1
to 7 digits

(3) Mandarin words for specific applications
Some sets of commonly used words, cities,
and commands

(4) Phonetically rich sentences
Sentences selected from newspapers or books

The distribution of speakers according to their sex,
age, education, native language, and resident area will
be carefully selected in producing the database. The
database should cover the speakers which can
represent the distribution of population in Taiwan.

6. CONCLUSION

MAT is speech data collection project to produce
Mandarin speech databases. It is in a beginning stage
now. We expect to finish this project within two
years. The resulted databases should be helpful to
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those people who work on Mandarin speech

processing.
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