
 

 

 

ETHNIC RECOGNITION SYSTEM FOR MALAY LANGUAGE SPEAKERS 

USING GAMMATONE FREQUENCY CEPSTRAL COEFFICIENTS PITCH 

(GFCCP) AND PATTERN CLASSIFICATION 

RAFIZAH BINTI MOHD HANIFA 

 

 

 

 

 

A thesis submitted in 

fulfillment of the requirement for the award of the 

Doctor of Philosophy in Electrical Engineering 

Faculty of Electrical and Electronic Engineering 

Universiti Tun Hussein Onn Malaysia 

MARCH 2022 

PTTA
PERP

UST
AKA
AN 
TUN
KU T

UN 
AMI
NAH



iii 
 

 

To my beloved mother who taught me to trust in Allah and believe in hard work. To 

my husband and children who have always stood by me and understand my 

difficulties in completing this thesis. 

 

PTTA
PERP

UST
AKA
AN 
TUN
KU T

UN 
AMI
NAH



iv 
 

 

ACKNOWLEDGEMENT 

In the Name of Allah, the Most Merciful, the Most Compassionate, and all praise be 

to Allah, the Lord of the worlds; prayers and peace be upon Muhammad His servant 

and messenger. First and foremost, I must acknowledge my limitless thanks to Allah, 

the Ever-Magnificent and the Ever-Thankful, for His help and blessings. This work 

would never be accomplished without His guidance. 

I would like to express my deep and sincere gratitude to my research 

supervisor, Ts. Dr Khalid bin Isa for allowing me to research under his supervision 

and for providing invaluable guidance. It was a great privilege and honour to be under 

his direction. I would also like to thank him for his friendship, empathy and great sense 

of humour. 

I am extending my thanks to Universiti Tun Hussein Onn Malaysia for 

sponsoring my studies and providing moral support during my research work.  

I am incredibly grateful to my mother, Hamidah, for her love, prayers, care, 

and sacrifices to educate and prepare me for my future. I am very much thankful to my 

husband, Shamsul, daughter, Amani, and sons, Irfan and Syahmie, for their love, 

understanding, prayers and continuous support that enabled me to complete this 

research work. I also thank my sisters, brothers, sisters-in-law and brothers-in-law for 

their support and valuable prayers.  

Finally, my thanks go to those who have supported me to complete the research 

work directly or indirectly. 

  

PTTA
PERP

UST
AKA
AN 
TUN
KU T

UN 
AMI
NAH



v 
 

 

ABSTRACT 

Malaysia is a multi-racial country consisting of many ethnic groups such as the Malay, 

Chinese, Indian, and Bumiputera, also known as a multilingual society. The Malay 

language is a non-tonal language, which does not need lexical stress. The study on 

recognizing the speaker's ethnicity is important as it has many potential and useful 

applications such as improving the interaction between robots and humans, audio 

forensic, telephone banking, and electronic commerce. Feature extraction, voice text-

independent, and variability coverage are issues related to speaker recognition 

systems. The research focused on establishing a novel method, Gammatone Frequency 

Cepstral Coefficients and pitch (GFFCP) coupled with the K-Nearest Neighbours 

(KNN) and the voice text-independent system were used to identify the speaker's 

ethnicity. The speech corpus consisted of a collection of readings of Malay texts by 

both genders with ages ranging from 10 to 48 years old and classified into three ethnic 

groups: Malay, Chinese, and Indian. GFCC and Mel Frequency Cepstral Coefficients 

(MFCC) were used to represent the human auditory system. Pitch was added to MFCC 

and GFCC, as it contributes to the differences in the human voice and is difficult to 

imitate. The use of Naïve Bayes, Support Vector Machine (SVM), and KNN as 

classifiers was to quantify the pattern classification performance. The dataset used the 

hold-out validation methods (80% training, 20% testing) to split the data for training 

and testing. The system's performance was assessed based on the validation and 

prediction accuracy. The results revealed that the GFCCP obtained the highest 

validation and prediction accuracy from the KNN classifier. The validation accuracy 

was 100%, 99.6%, and 99.2% for 12, 24, and 34 speakers, respectively, while the 

prediction accuracy was 89.98%, 73.56%, and 72.36% for 12, 24, and 34 speakers, 

respectively. An important finding in the study is that the combination of the pitch 

with MFCC and GFCC provided better accuracy, with the latter performing better than 

the former, compared with those of MFCC and GFCC alone under noisy conditions.  
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ABSTRAK 

Malaysia merupakan negara berbilang kaum yang terdiri daripada pelbagai etnik 

seperti Melayu, Cina, India, dan Bumiputera, dan dikenali sebagai masyarakat 

berbilang bahasa. Bahasa Melayu merupakan bahasa non-tonal, yang tidak 

memerlukan tekanan leksikal. Kajian pengecaman etnik penutur penting kerana 

berpotensi dan berguna dalam aplikasi untuk meningkatkan interaksi antara robot dan 

manusia, forensik audio, perbankan telefon, dan perdagangan elektronik. 

Pengekstrakan ciri, bebas teks suara dan liputan kebolehubahan antara isu yang 

berkaitan dengan sistem pengecaman penutur. Penyelidikan ini menumpukan kepada 

mewujudkan kaedah baru, di mana Gammatone Frequency Cepstral Coefficients dan 

nada (GFFCP) ditambah dengan K-Nearest Neighbours (KNN) menggunakan sistem 

bebas teks suara untuk mengenal pasti etnik penutur. Korpus pertuturan terdiri 

daripada koleksi bacaan teks Melayu oleh kedua-dua jantina dengan umur antara 10 

hingga 48 tahun dan diklasifikasikan kepada tiga kumpulan etnik: Melayu, Cina, dan 

India. GFCC dan Mel Frequency Cepstral Coefficients (MFCC) digunakan kerana 

mewakili sistem pendengaran manusia. Nada ditambah kepada MFCC dan GFCC, 

kerana ia dapat membezakan suara manusia dan sukar ditiru. Penggunaan Naïve 

Bayes, Mesin Vektor Sokongan (SVM), dan KNN sebagai pengelas bertujuan 

mengukur prestasi pengelasan corak. Set data menggunakan kaedah hold-out (80% 

latihan, 20% ujian) untuk memisahkan data latihan dan ujian. Prestasi dinilai 

berdasarkan ketepatan pengesahan dan ramalan. Keputusan menunjukkan GFCCP 

memperoleh ketepatan pengesahan dan ramalan tertinggi daripada pengelas KNN. 

Ketepatan pengesahan adalah 100%, 99.6%, dan 99.2% untuk 12, 24, dan 34 penutur, 

masing-masing, manakala ketepatan ramalan ialah 89.98%, 73.56% dan 72.36% untuk 

12, 24, dan 34 penutur, masing-masing. Penemuan penting kajian ialah gabungan 

GFCC dan MFCC dengan nada memberi ketepatan lebih baik, berbanding MFCC dan 

GFCC sahaja dalam situasi hingar.  
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CHAPTER 1 

INTRODUCTION 

1.1 Background of the Study 

Biometrics is widely used to identify and authenticate individuals trustworthily and 

promptly through unique biological characteristics. As shown in Figure 1.1, biometrics 

can be classified into physiological and behavioural categories (Porta et al., 2021; 

Rousan and Intrigila, 2020).  

 

Figure 1.1: Types of biometrics: physiological and behavioural 

Biometric 

Physiological Behavioural 

Face 

Fingerprint 

Finger geometry 

Hand geometry 

Ear 

Iris 

Retina 

Vein 

DNA 

ECG 

Odor 

Gait 

Gaze 
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Voice 

Keystroke 

EEG 
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The former refers to features identified through the five senses, i.e., sight, 

sound, smell, taste, and touch. For example, face, fingerprint, iris, retina, vein, ECG, 

odour, etc. The latter is usually based on how people conduct themselves, including 

voice, gait, gaze, signature, and keystroke (Rousan and Intrigila, 2020). 

Biometric technology has various characteristics, by which we can distinguish 

their applications. Table 1.1 compares the most used biometric types based on the 

characteristics of biometric technology such as distinctiveness, complexity, 

universality, quantifiability, performance, comparison, collect capacity, acceptance, 

cost, and use. 

 

Table 1.1: A comparison of biometric types based on the characteristics of biometric  

(Rousan and Intrigila, 2020) 

Biometric 

Identifier 
Distinctiveness Complexity Universality Quantifiability Performance Comparison 

Collect  

Capacity 
Acceptance Cost Use 

Fingerprint M L H H M H H H M H 

Iris H L H H H H H H H M 

Facial M L H H M M H H M M 

Palm M H H H M M L L H M 

Ear M H H H L L L L H L 

Footprint M H M M L L L L H L 

Finger 
vein 

H H H L H H L L H L 

Voice M H H M M M L L H L 

Signature L H H H L L M H L L 

Keystroke  

dynamics 
L M M L L L L L H L 

   H = High; M = Medium; L = Low 

 

Based on the information in the table, it can be deduced that voice is one of the 

useful technologies. Furthermore, a study by Sharma (2019) asserted that voice is a 

useful biometric because it provides comparable and much higher levels of security. 

In addition, the study by Zheng and Li (2017) stated that voice could be used to 

differentiate people because each person’s voice has some unique characteristics. 

Before going any further, it is vital first to understand the essential characteristics of 

the voice. 

In general, any sound produced by humans to communicate meanings, ideas, 

opinions, etc., is called the voice. In a more specific term, voice is any sound produced 

by vocal fold vibration, which occurs when air is under pressure from the lungs 

(Zhaoyan, 2016). Voice is the most natural communication tool used by humans. It 

conveys the speaker’s traits, such as ethnicity, age, gender, and feelings. Lungs, larynx, 

pharynx, nose, and various parts of the mouth are all involved in producing voice 
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(Holmes and Holmes, 2002), as shown in Figure 1.2. A voice’s features are dependent 

on its pace or speed, volume, pitch level, and quality, while articulation rate and speech 

pauses rely on the speaker’s speaking style (Sujiya and Chandra, 2017). 

 

 

Figure 1.2: Diagrammatic cross-section of a human head showing vocal organs 

(Holmes and Holmes, 2002) 

 

In speech processing, speaker and speech recognition are the two applications 

commonly used by researchers to analyse uttered speech (Sharma, 2019). Before 

delving further into the concept of speaker recognition, it is vital to understand the 

difference between speaker recognition and speech recognition. Although the terms 

‘speaker recognition’ and ‘speech recognition’ have often been used interchangeably, 

they are different. Speech recognition is concerned with the spoken words, while 

speaker or voice recognition aims to recognise/identify the speaker rather than the 

words.  

Speech recognition is helpful for people with various disabilities, such as those 

with physical disabilities who find typing the words difficult, painful, or impossible, 

and those who have difficulties recognising and spelling words, such as people with 

dyslexia. Since speech recognition deals with converting audio into text, its 

effectiveness depends heavily on the language and the text corpus (Sharma, 2019).  

On the other hand, speaker recognition is to identify the person who is 

speaking. Speaker recognition scans the features of the speech uttered by an individual, 

which is distinctive due to their physiology and behavioural patterns. Pitch, speaking 
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style, and accent are some features that contribute to the differences. Speaker 

recognition technology has been used in various applications, such as biometrics, 

security, and even human-computer interaction. Table 1.2 summarises the differences 

between speaker recognition and speech recognition in terms of several features: 

recognition, purpose, focus, and application. 

 

Table 1.2: Speaker recognition vs speech recognition 

 
Features Speaker Recognition Speech Recognition 

Recognition 

Recognises who is speaking by 

measuring voice pattern, speaking style, 

and other verbal traits. 

Recognises what is being said and 

converts them into text. 

 

Purpose 
To identify the speaker. 

 

To identify and digitally record what the 

speaker is saying. 

Focus 

Biometric aspects of the speaker, such 

as pitch, intensity, etc., to recognise 

them.  

Convert the vocabulary words of what 

is being said by the speakers into digital 

texts. 

Application Voice biometrics. Speech to text. 

 

Malaysia is a multi-racial country consisting of many ethnic groups such as the 

Malay, Chinese, Indian, and Bumiputera, which can further be classified as Iban, 

Kadazan, Melanau, Murut, Bidayuh, and Bajau (Nagaraj et al., 2009). Malaysia is also 

a multilingual society with hundreds of languages that more than a million native 

speakers speak (Lim, Huspi, and Ibrahim, 2021). The speech sound is concerned with 

phonetics, whereas phonology involves language functions. Malay is the national 

language, while English is the second language in Malaysia. The various ethnic groups 

speak both languages in Malaysia, but they might pronounce the same word slightly 

differently without affecting the meaning. Accents in a particular language are 

common in speech, especially when the language is spoken by non-native speakers 

(Juan, Besacier, and Tan, 2012).  

Since Malay and English are the two important languages in Malaysia that 

began from British colonization, thus the comparison between these two languages is 

made in terms of vocals and diphthongs, place, and manner of articulations. There are 

six vocals, 27 consonants, and three diphthongs in the Malay sound system, whereas 

there are 12 vocals, 24 consonants, and eight diphthongs in the English sound system 
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(Alam, Zilany, and Davies-Venn, 2017). According to Kristin Denham and Anne 

Lobeck, there are seven important places of articulation in English, i.e., bilabial, 

labiodental, dental, alveolar, palatal, velar, and glottal. Whereas Malay phonology has 

labio-velar and no labiodentals and dental sounds (Azmi et al., 2016). As for the 

manner of articulation, Malay and English phonologies have six manners with voiced 

and unvoiced pronunciation. In Malay, they are plosive or affricate, fricative, nasal, 

trill, approximant, and lateral, while in English, they are stop, fricative, affricate, nasal, 

approximant, and glide. 

1.2 Research Motivation 

Humans have long dreamed of creating robots that can socially interact just like 

humans interact with each other. Applications based on social robots, which are a kind 

of humanoid robots, have recently emerged as a platform with huge potential in the 

field of human-robot interaction (HRI). Sophia, Jia Jia, ERICA, Nadine, Pepper, and 

NICO are some examples of humanoid robots that have been enhanced with human-

like traits to improve the communication between robots and humans. If Nadine, a 

sitting robot designed as a companion for the elderly or children with special needs 

(Indramalar, 2016), Pepper is another personal humanoid robot that is used in Japan 

by pre-school children to help them study English at home and at retail stores to greet 

customers and provide information about products and services (Tanaka, Isshiki, and 

Takahashi, 2015). Unfortunately, those mentioned social humanoid robots can only 

converse in English despite being developed by researchers from China and Japan. 

Since each language reflects the culture of the particular social group, a humanoid 

robot must be sensitive to the pitch and intonation of each language for it to interpret 

correctly and give an appropriate response when communicating with users. ADAM, 

the Malaysian humanoid robot, currently converses only in English. It would be great 

if ADAM could interact with Malaysian people in the Malay language. It is the 

country’s national language and a common language spoken by various ethnic groups. 

The Malay language is also commonly spoken in the region, such as in Indonesia, 

Singapore, Brunei, and South Thailand.  

The pitch period refers to the interval of periodic motion caused by vocal cord 

vibration when an individual is uttering. Thus, it represents the vocal cords' speed 
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