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ABSTRACT

The purpose of this project is to build a learning system of Mandarin
Educational in an easier and effective way with using the speech recognition. This
system is developed to attract users especially children to learn Mandarin language.
This application is targeted to children in age between 6 to 10 years old. Even though
there are many learning equipments in the market to learn different languages, there
is still lack of correct pronounciation of the language learned. By applying speech
recognition system, the basic Mandarin language pronounciation can be learned in a
more effective way. The Microsoft Visual Studio software is used to write the
program coding and the Speex software is used for compressing audio data into a
smaller format designed for speech. The Praat software is used to compare the
parameter and pitching of the system between user reading and system reading. Then,
the user will follow the reading according to the playback recorded by the system
and lastly the system will detect and find the comparison between the system’s
reading and user’s reading. If the accuracy is equal or greater than 80%, the system
will assume that the pronounciation is correct. If the accuracy is less than 80%, the
user will be asked to pronounce the word again till the user gets it right. Speech
recognition is one of the best way to attract user especially children to learn the right
Mandarin pronounciation. Besides that, it also can improve a person’s

coummunication skills.
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ABSTRAK

Projek ini bertujuan untuk membina sebuah sistem pembelajaran Bahasa
Mandarin dengan lebih mudah dan berkesan. Sistem imi dibangunkan untuk menarik
minat pengguna khasnya golongan kanak-kanak untuk mempelajari bahasa mandarin
dengan lebih mudah. Aplikasi imi disasarkan kepada kanak-kanak berumur di antara 6
hingga 10 tahun. Sebuah aplikasi pengenal suara akan dibangunkan dengan
menggunakan perisian Microsoft Visual Studio.Net di mana perisian Visual C Sharp.Net
digunakan untuk memasukkan program adalah untuk proses pengecaman suara
pengguna. Perisian Speex digunakan untuk memadatkan data audio kepada format yang
lebih kecil khas untuk pengecaman suara. Perisian Praat digunakan untuk membanding
parameter dan nada suara sistem di antara pengguna baca dan sistem baca. Sistem yang
di bina merupakan sebuah aplikasi di mana sistem akan memperdengarkan bacaan asal
yang telah di rakam. Seterusnya pengguna akan merakam semula bacaan yang telah
diperdengarkan daripada sistem tersebut dan sistem akan mengesan dan membuat
perbandingan di antara bacaan asal dan bacaan dari pengguna. Sekiranya bacaan
pengguna menyamai atau lebih besar daripada bacaan asal sebanyak 80% ke atas, sistem
menganggap sebutan adalah betul. Jika sebaliknya sistem akan membetulkan sebutan
yang salah. Pengenal suara adalah salah satu cara yang baik untuk mendorong pengguna
terutamanya kanak-kanak untuk belajar sebutan perkataan Bahasa Mandarin dengan

betul disamping meningkatkan kemahiran komunikasi.
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CHAPTER 1

PROJECT OVERVIEW

1.1 Introduction

This project is focusing on applying speech recognition technology in
learning basic Mandarin language. This mandarin learning system is provided with
new functions and a creative product combining software innovations with Mandarin
teaching. Software called Speex will be used to compress the voice signal which will
be received from the user through the microphone. Praat software will be used to
compare the user voice signal received with the pre-recorded voice signal in the
system. Results obtained from system will enable user to revise their Mandarin
pronounciations. A Graphical User Interface (GUI) will be developed as a user

interface to allow users to use the software more easily.

With proper adaptation, speech technology allows beginning language users
to practice spoken language outside the classroom. Praat software using the
Microsoft C Sharp programming allows learners to have a simulated conversation
with a computer. Practicing with such programs should help users improve fluency
and confidence. Futhermore, the software can provide individual feedback on
pronounciation, which is something that is often lacking in the language classroom.
Algorithms calculate how much a given pronounciation has deviated from a model,

and then give a score on phonetic accuracy.
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To make the learning process becomes more interesting and easy, the system
will be developed by using an interesting GUI with C sharp programming. The
system will provide users especially children age from 6 to 10 years old with the
illustration and graphical image for each of the word or pronunciation in the
Mandarin language. From here, the users will more interested and able to understand

easily the Mandarin language through speech recognition.

Other than that this system also provides the users with two way
communication. This means that the system will give feedback to user whenever the
pronounciation is incorrect. Comparing to other software, users only speak or repeat
again the words but there are no feedbacks from the system to make a correction to

the user. So, users do not know whether they speak in correct pronounciation or not.

1.2 Project Objective

In order to get the project success and to be implemented, the following

objectives have to be achieved:-

i.  To understand the basic concept in database programming techniques to
develop an interesting GUI and link to some modern technology software
application.

ii. To provide two way communiacation between the user and computer system.

iii.  Using the speech recognition technology to learn the Mandarin language.

iv. To allow user in different age improve the pronounciation in Mandarin
Language.

v. To create a database sound system using C Sharp.Net programming to

compare with the user sound frequency.
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1.3 Problem Statement

Nowadays, it is difficult to find a Mandarin Language class for children.
From this project, it will solve the problem whereby parents will use the basic
Mandarin Language in teaching and guide their children by themselves without
attending to any Mandarin Language class. On the other hand, a wrong
pronounciation with Mandarin language will cause a misunderstanding the meaning
of the words when in communication with each other. Besides that, the two way
communication learning software by using speech recognition is not available in the
market yet. Moreover, some parents do not have the required money to send their
children to the classes. By developing a speech recognition system in learning

Mandarin language, it will be easier to master the language in a short period of time.

1.4 Scope of Work

The scope of this project is to develop a speech recognition technology
system in leaming basic Mandarin language. This system consists of basic Mandarin
learning which is done using Microsoft Visual Studio, Speex and Praat software.
Those two software, Speex and Praat software that are linked together with C
Sharp.Net programming in the Microsoft Visual Studio software. The Speex
software is use to compress the signal to a small size and smaller version in wav
form. The Praat software will check the compressed signal which was pre-recorded

with sound signal received from the user.

This project is intended to develop a window application with speech
recognition technology to learn basic Mandarin. A GUI will be developed as a user

interface to show the Mandarin words.
This system will provide user with three processes:
i.  Firstly, the systems will playback the readings that have been recorded

before.
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ii.  Secondly, user will follow the reading according to the playback
recorded by the system.

iii.  Finally, the system will detect and find the comparison between the
system reading and user reading. If the user’s reading is 80% and
above correct, the system will assume that the pronounciation is
correct. Otherwise, the system will do correction by playback the

correct pronounciation.

1.5 Thesis Outline

This thesis is divided into 5 chapters to provide the understanding of the

whole project.

The first chapter of this thesis will explain briefly about the project

background, objectives to be achieved, problem statement and scope of work.

Chapter 2 describes about the literature review that has been use to gather the
information to complete the whole project and involved the definition of the
algorithm and some examples of the traditional algorithm and modern algorithm

based on the speech recognition.

Chapter 3 will explain about the project methodology and how the project is
implemented. Each achievement, problems arose and selection taken during the

project implementation is explained in detail for each stage until the finishing line.
Chapter 4 will display the output from the project which includes the
simulation design and the GUI. This chapter will also discuss and analyze about the

project and operation of the software such as their programming code.

Chapter 5 will be the conclusion and suggestion to the project. The

recommendation for the future project is explained in this chapter.
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CHAPTER 11

LITERATURE REVIEW

2.1 Speech Recognition

Speech recognition is the ability of a machine or program to identify words
and phrases in spoken language and convert them to a machine-reable format.
Rudimentary speech recognition software has a limited vocabulary of words and
phrases and may only identify these if they are spoken very clearly. Speech
recognition applications include call routing, speech-to-text, voice dialing and voice

search.

The speech recognition sometimes refer to the ‘voice recognition’ which is
the recognition system for trained to a particular speaker. The terms ‘speech
recognition and ‘voice recognition’ are sometimes used interchangeably. However,
the two terms mean different things. Speech recognition is used to identify words in
spoken language. Voice recognition is a biometric technology used to identify a
particular individual’s voice. Other than that, the speech recognition is the process of
converting an acoustic signal that have been captured by a microphone to a set of
words. The recognized words can be the final results, as for applications such as

commands and control, data entry and document preparation.

In other words, speech recognition is a process of taking the spoken words as
an input to a computer program or software. This sounds, words or phrases spoken
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by humans are converted into electrical signals, and these signals are transformed
into coding patterns to which pronunciation has been assigned. An isolated-word
speech recognition system requires that the speaker pause briefly between words,
whereas a continuous speech recognition system does not. There are some external
parameters that can affect speech recognition system performance, including the
characteristics of the environmental noise and the type and the placement of the
microphone. Recognition is generally more difficult when vocabularies are large or
have many similar-sounding words. When speech is produced in a sequence of words,
language models or artificial grammars are used to restrict the combination of
words.[1]. Table 2.1 below shows that typical parameters used to characterize the

capability of speech recognition systems.

Table 2.1: Typical Parameters Used To Characterize The Capability of
Speech Recognition Systems.[1]

Parameters Range
Speaking Mode Isolated words to continuous speech
Speaking Style Read speech to spontaneous speech
Enrollment Speaker-dependent to Speaker-
independent
Vocaburaly Small (<20words) to large (>20,000
words)
Language Model Finite-state to context-sensitive
Perplexity Small (<10) to large (>100)
SNR High (> 30dB) to low (<10dB)
Transducer Voice-cancelling microphone to
telephone

Converting a speech waveform into a sequence of words involves several
essential steps. First, a microphone picks up the acoustic signal of the speech to be
recognized and converts it into an electrical signal. A modern speech recognition
system also requires that the electrical signal be represented digitally by means of an

analog-to-digital (A/D) conversion process, so that it can be processed with a digital
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computer. This speech signal is then analyzed to produce a representation consisting
of salient features of the speech. The speech pattern is then compared to a store of
phoneme patterns or models through a dynamic programming process in order to
generate a hypothesis of the phonemic unit sequence. Dynamic programming is
performed to generate the best match while taking these variations into consideration
by compressing or stretching the temporal pattern and by probabilistically
conjecturing how a phoneme may have been produced. The latter includes the

probability that a phoneme may have been omitted or inserted in the utterance.

The technology of speech recognition often finds applications in speaker
recognition tasks as well. Speaker recognition can be classified into two essential
modes, speaker identification and speaker verification. The goal of speaker
identification is to use a machine to find the identify of a talker, in a known
population of talkers, using the speech inputs. Speaker verification aims to

authenticate a claimed identity from the voice signal.

The performance of speech recognition systems is usually specified in terms
of accuracy and speed. Accuracy may be measured in terms of performance accuracy
which is usually rated withword error rate (WER), whereas speed is measured with
the real time factor. Other measures of accuracy include Single Word Error Rate
(SWER) and Command Success Rate (CSR). Most speech recognition users would
tend to agree that dictation machines can achieve very high performance in
controlled conditions. There is some confusion, however, over the interchangeability
of the terms "speech recognition" and "dictation". Both acoustic modeling and
language modeling are important parts of modern statistically-based speech
recognition algorithms. Hidden Markov models (HMMs) are widely used in many

systems.
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2.2 Algorithm

An algorithm generally takes some input, carries out a number of effective
steps in a finite amount of time, and produces some output. In other words, an
algorithm is also an effective method for solving a problem using a finite sequence of
instructions. Originally referred to purely mathematical problems but now used in a
wider fields such as the data processing, diagnostic problems and many other fields.
Each algorithm is a list of well-defined instructions for completing a task. Starting
from an initial state, the instructions describe a computation that proceeds through a
well-defined series of successive states, eventually terminating in a final ending state.
The transition from one state to the next is not necessarily deterministic; some
algorithms are known as Hidden Markov Model algorithms and Dynamic Time-
Warping algorithm.[2]

2.3 Definition of Traditional Algorithm

Traditional computer languages, like C, concentrate mainly on the definition
of the algorithm and data structure components by using language provided
mechanisms to specify type definitions, functions, and algorithm control. The
interface is under-defined by header files where function names, parameters,
parameter types, and parameter order are specified. This is short of specifying the
behavior of the interface. Traditional computer languages are much more suited to

defining implementation than they are to defining architecture.

All data are only accessible through their own methods, functions and
procedures. This courses the program size to explode and makes the execution speed
drop enormous because any data access requires at least one subroutine call instead

of perhaps just a single assembler statement.

Traditional programming languages easily define the data structures and the
algorithms. There is very limited help in defining the architecture. In fact, there is an
assumed architecture, so implicit that most languages don’t even define it as a feature.

The functions main and plus communicate over a shared address space, memory
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