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Abstract 
This research reports the development of an HMM-based 
speech synthesis system for Malay, which is an under-
resourced language with few resources including recorded 
speech and segmental labels. We propose the cross-lingual use 
of resources for developing a Malay HMM-based speech 
synthesis system. We used the Festival English speech 
synthesis system to generate time-aligned phone transcriptions 
for Malay using specially constructed Malay grapheme-to-
phoneme database and English CART. These transcriptions 
together with Malay recorded speech databases were used for 
training and synthesis of Malay speech. The effectiveness of 
the proposed approach is confirmed by intelligibility and 
naturalness tests on the synthetic speech.   
    
Index Terms: Cross-lingual, HMM-based speech synthesis 
system, Festival speech synthesis system, Malay, under-
resourced language 

1. Introduction 
Statistical parametric speech synthesis based on HMMs has 
shown the ability to generate high quality synthetic speech, 
and has consequently been adapted for many languages [1, 2, 
3]. HMMs were originally used for automatic speech 
recognition (ASR) but they have gained popularity in speech 
synthesis in view of their ability to synthesize high quality 
speech. HMM-based speech synthesis makes use of statistical 
and probabilistic speech acoustic models to determine the best 
speech unit (monophone, diphone or triphone) that can match 
exactly a given arbitrary element (word or sentence).  

The working mechanism of an HMM-based speech 
synthesis system can be broadly divided into two parts: 
training and synthesis [1]. Training HMMs refers to the 
process in which speech parameters are extracted from 
recorded speech. An HMM-based speech synthesis system 
extracts a parametric representation of speech including the 
spectrum (such as mel-cepstral coefficients and their dynamic 
features) and excitation (such as logF0 and its dynamic 
features) from a speech database and then models these 
parameters statistically [4]. In HMM-based speech synthesis, 
spectrum, excitation and duration can be modelled 
simultaneously in a single training [5]. Synthesis involves 
synthesizing an arbitrary text using the speech acoustic model 
developed during the training [1].  

For HMM training, an HMM-based speech synthesis 
system requires a database of recorded natural speech together 
with its associated segmental labels. Typical segmental labels 
contain phonetic and prosodic information about the recorded 
speech including phone sequences, phone types, and phone 

boundaries; and accent and part of speech (POS), which can be 
generated using a suitable natural language (NLP) processer.  

Malay belongs to the western branch of the Austronesian 
language family, and is spoken widely in countries such as 
Malaysia, Indonesia, Brunei, Singapore and Southern 
Thailand. Standard written Malay uses the Roman alphabet, 
but unlike English has a generally phonetic spelling system for 
the phoneme system of six vowels and twenty six consonants. 
Nineteen of the consonants, namely /b/, /d/, /f/, /h/, /j/, /k/, /l/, 
/m/, /n/, /ng/, /p/, /q/, /r/, /s/, /t/, /v/, /w/, /y/ and /z/ are 
phonetically close to their English equivalents. An important 
characteristic of Malay is that although it uses F0, intensity 
and duration to convey meaning at discourse level like any 
other language, it does not exploit prosodic features to make 
distinctions at word level. Malay thus has neither stress (like 
English) nor tone (like Chinese). This means that a phonemic 
representation is sufficient to characterize the pronunciation of 
a word [6, 7].  

 Figure 1 shows the overall process in the development of 
an HMM-based speech synthesis system for Malay making 
cross-lingual use of existing speech resources. 

 

 
Figure 1:  The overall process of developing a Malay HMM-

based speech synthesis system using English speech resources. 
 
 The first and the most successful Malay text-to-speech 

system is FASIH, which is a diphone concatenative speech 
synthesis system based on the Mbrola synthesizer engine [8]. 
However, no speech synthesis system has so far been 
developed for Malay using HMMs. 

The development of an HMM-based speech synthesis 
system for a new language requires a database of recorded 
speech, segmental labels and contextual factors. Segmental 
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labels can be prepared using speech developing tools such as 
Festvox and Unisyn [9]. These tools, however, require prior 
knowledge of particular languages including contextual factors 
and a suitable duration model to generate the segmental labels, 
which at the present moment are not available for Malay. 

This research proposes the adaptation of cross-lingual use 
of speech resources to speed up the development of an HMM-
based speech synthesis system for Malay by using the 
contextual factors and duration model of English. We make 
use of the Festival speech synthesis system developed for 
English to generate the time aligned phone transcription for 
Malay. The time-aligned phone transcriptions were used by 
HMM-based speech synthesis system to generate the 
segmental labels for training HMMs. We use the voice 
database of male and female US English already available in 
the Festival speech synthesis system to generate the time 
aligned phone transcription for Malay.   

2. Generating time-aligned phone 
transcriptions and labels for Malay  

A time-aligned phone transcription generated by Festival [10] 
serves as the basis for the generation of initial segmental labels 
before training HMMs for HTS toolkit version 2.1. The labels 
in the HTS-toolkit are generated by the scripts ‘label.feats’ 
and ‘label-full.awk’, as shown in Figure 1. 

This research exploits the similarities between English 
and Malay phonemes, syllabification rules and grammatical 
classes (‘parts-of-speech’ or POS) to generate time-aligned 
phone transcriptions for Malay using the English Festival 
speech synthesis system [11]. The main exception is the 
palatal nasal spelt “ny”. This always comes before a vowel, 
and spectrograms regularly show formant transitions 
consistent with a palatal glide between the nasal consonant and 
the following vowel. For the purpose of speech synthesis, the 
palatal nasal can in practice justifiably be treated as a sequence 
of /n/ + /y/. For English, Festival provides eleven vowels, five 
diphthongs and twenty five consonants. For Malay, we make 
use of about twenty three consonants, together with a subset of 
the English vowel system, including six monophthongs (two 
front /i, e/, two central /ə, a/ and two back /u, o/), and three 
diphthongs /ai, au, oi/. Table 1 presents the phonemes of 
Malay in a notation based on the spelling, alongside the 
phonemes of English in the TIMIT notation, and the subset 
used to represent Malay phonemes.    

 
Table 1. Lists of phonemes for Malay and English in TIMIT 
notation available in Festival speech synthesis system.  
Phonemes 

types 
English phonemes 
in TIMIT notation   

Malay phonemes 
in TIMIT notation   

Vowels aa, ae, ah, ao, ax, eh, 
ih, iy, ow, uh, uw 

aa, ae, ah, ax, eh, er, 
ey ih, iy, uh, uw, ow 

Diphthongs aw, ay, oy, ey, er aw, ay, oy 
Nasal  m, n, ng m, n, ng, ny 

Plosive p, b, t, th, d, dh, k, g  p, b, t, th, d, dh, k, g  
Fricative f, v, s, sh, z, zh, , kh, 

hh, 
f, v, s, sh, z, zh, kh, 

hh, 
Affricative ch, jh ch, jh 

Approximant  y, w,r y, w,r 
Lateral l l 

 
The phonemic representation of words can be obtained 

using rules or a database. Although Malay spelling is largely 
phonetic, so that grapheme-to-phoneme (G2P) rules can be 
used for most words, these rules do not always work for loan 
words, i.e. words taken from other languages. For example, a 
final letter “a” is usually pronounced [ə] (‘schwa’) in standard 

spoken Malay, but this does not apply to foreign words. In 
view of these exceptional cases, we built a limited G2P 
database for Festival, containing 2,763 words taken from 
1,000 phonetically balanced sentences. This G2P database was 
used to generate the phonemic representation of Malay speech.  

The G2P database developed for Malay provides only the 
phonemic representation of a sentence. The G2P database does 
not generate the phone duration for Malay. In Festival speech 
synthesis system, phone duration is usually determined using a 
predictive model such as Classification and Regression Tree 
(CART). The duration model generated by CART depends on 
the phonetics and phonology of a particular language. 
Alternatively, a duration model can be borrowed from another 
language for which data is already available. For example, the 
duration model used in Festival for US and UK voices is the 
same, which was trained from the f2b database, a US English 
database [12]. The German voice database OGI, was 
developed using the English duration model [13]. This 
research used the existing duration model of US English 
voices of ‘voice_ nitect_us_bdl_arctic_hts’ and 
‘voice_nitect_us_ slt_arctic_hts’ available in Festival [10]. 

3. Experimental set up  
A small corpus of 1000 phonetically balanced Malay 

sentences was compiled from a range of sources including 
newspapers (43%), school text books (39%) and general 
reading materials (18%). The speech database consists of 2763 
words, 6599 syllables and 20,655 phones (5534 words, 12,666 
syllables and 39,996 phones if we take into consideration 
repeated words). The majority of the words are by-syllabic and 
tri-syllabic as most common form of syllable structure in 
Malay is bi-syllabic and tri-syllabic, which in total together 
makes up 97.52% of Malay words [7]. Figure 2 shows the 
number of syllables in the 2763 words used for this research. 
The recordings were made in a studio environment using 
Cubase LE 4 recording software and an ASIO Echo FireWire 
microphone. For the speech database, utterances of the 
phonetically balanced sentences were recorded from a male 
actor and a female actor. The total recording time for the male 
actor is 2.01 hours and for female actor 2.08 hours. The 
sampling rate for the recordings was 44100 Hz (16 bit), and 
the files were saved in wav format. 

 

 
Figure 2: Proportions of numbers of syllables in words in the 

Malay G2P database extracted from the corpus of 1,000 
Malay sentences. Words of two and three syllables make up 

77% of the total.   
 
The training data is sampled at 16 kHz and windowed by 

a 25-ms Blackman window with 5-ms shift. Feature vector 
consists of 25 mel-cepstral coefficient including the zeroth 
coefficient, the log F0, their delta and delta delta coefficients. 
We used 5-state left-to-right HMMs. For this research we 
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applied the existing English question tree (contextual factors: 
phone identity and locational factors) with some modification 
for Malay by including additional context for nasal (ny). The 
lack of stress and tone in Malay means that these did not have 
to be taken into account. The training using HMM made use of 
41 phonemes including silences and pauses and took into 
account the phonetic and linguistic contexts of Malay [11]. 

Figure 3 shows the F0 plots versus time of a synthetic 
neutral sounding speech and recorded neutral sounding Malay 
speech for the sentence Amalan berjimat cermat memang 
menguntungkan ‘It pays to save’. As the figure indicates, the 
duration of the recorded utterance is close to the duration of 
the synthetic utterance. 

 

(a) 

(b) 
Figure 3: A sample of speech F0 plots for (a) Synthetic female 
neutral sounding speech and (b) Recorded female neutral 
sounding speech for the sentence Amalan berjimat cermat 
memang menguntungkan ‘It pays to save’. 

4. Evaluation and results 
To evaluate the intelligibility and naturalness of the 

speech synthesized by the Malay HMM-based speech 
synthesis system, we synthesized 50 utterances of different 
lengths in male and female voices other than those used for the 
voice training. The context-dependent label sequence for this 
synthesis was prepared manually using the contextual factor 
applied during training HMMs. Table 3 shows the number of 
Malay phones and phone types involved in the training and 
synthesis. 

The intelligibility and naturalness of the synthetic 
utterances were evaluated in a listening evaluation test 
involving 36 native Malay listeners and carried out in a sound 
proof room. The evaluators were free to listen to the sound 
snippets as many times as they liked before answering the 
questions.  
 
Table 3. Detail of sentences used for training and synthesis. 

 Number of 
sentences 

Phone 
types 

Number of 
phones 

For training 1000 41 39,996 
For synthesis 50 35 2200 

 
4.1.   Intelligibility  
 
To evaluate the intelligibility of the synthetic utterances, the 
evaluators were asked to listen to the synthetic utterances and 

then type in what they had heard. Utterances are given a score 
of 1 if correctly typed and a score of 0 if incorrectly typed. 
Typing errors and spelling mistakes were allowed in the 
scoring procedures. For the male synthetic voice, 1788 out of a 
total of 1800 utterances (50 utterances x 36 evaluators) were 
correct, which means that the intelligibility score for the male 
synthetic voice was 99.33%. The number of correctly typed 
utterances for the female voice was 1784, an intelligibility 
score of 99.11%.  

Generally, the intelligibility score of male voices 
was higher than female voices, which could be due to the 
quality of male voice recordings and more accurate 
segmentation labels used during training HMMs for male 
voices. We also found that the intelligibility deteriorate when 
the sentence length become longer, which is probably due to 
reduction in the listening focus of evaluators. Table 4 shows 
the intelligibility score of male and female synthetic utterances 
categorized according to utterance length. 
 
Table 4. The intelligibility score for male and female voices, 
categorized according to the utterance length. 
Sentence length Intelligibility score 
 Male Female 
3 words 99.17% 98.94% 
4 words 99.67% 99.33% 
5 words 99.56% 99.28% 
6 words 99.33% 99.00% 
7 words 99.22% 99.06% 
8 words 99.22% 99.11% 
9 words 99.11% 99.11% 
 
4.2. Naturalness  
 
To evaluate the naturalness of the synthetic utterances, we 
carried out a comparison category rating (CCR) test. In this 
test, evaluators listened to the recorded utterances followed by 
the corresponding synthetic utterances. They then compared 
the naturalness of the synthetic utterances in relation to 
recorded utterances using a 5 point scale: better (+2), slightly 
better (+1), same (0), slightly worse (-1) and worse (-2). The 
naturalness of the male synthetic utterances was slightly 
higher than the recorded utterances (+0.82), whereas the 
female synthetic utterances were judged slightly less natural 
than the recorded utterances (-0.48). Table 5 shows the 
naturalness comparative score between the recorded and 
synthesized utterances for male and female voices categorized 
according to utterance length.  

 
Table 5. The naturalness comparative score comparing the 
recorded and synthesized utterances for male and female 
voices, categorized according to the utterance length. 
Sentence length Naturalness evaluation (CCR score) 
 Male Female 
3 words + 0.73 - 0.47 
4 words + 1.09 - 0.32 
5 words + 1.03 - 0.34 
6 words + 0.74 - 0.40 
7 words + 0.72 - 0.41 
8 words + 0.72 - 0.73 
9 words + 0.74 - 0.71 

 
The result of the naturalness test indicates that HMM-

based speech synthesis system has the ability to generate 
quality synthetic speech given quality voice database and 
accurate segmentation labels. The female synthetic voices was 
less natural compared to the recorded voice and is largely 
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attributed to less accurate phone duration information 
available in segmentation labels. It is clear that the naturalness 
of synthetic speeches from a HMM-based speech synthesis 
system depends on accurate phone duration, high quality 
recordings and phonetically balanced sentences representing 
with good coverage of the language. 
 
4.3. The comparison of durations  
 
We compared the durations in the utterances synthesized by 
the Malay HMM-based speech synthesis system with the 
durations in the corresponding recorded utterances, and they 
were found to be very close. The average durational difference 
for the 50 male synthetic and recorded utterances is 3.96% 
while for the female utterances the figure is 5.36%. Table 6 
shows the average durational difference between synthetic and 
recorded utterances categorized according to utterance length. 
The durational difference is computed using the formula  
 
Dr-Ds x 100% 

Ds 
where; 
Dr: duration of recorded utterance 
Ds:  duration of synthetic utterance 
 
Table 6. The average durational differences of synthetic and 
recorded utterances categorized according to the utterance 
length for male and female voices. 

Utterance 
length 

Number of 
utterances 

Durational difference 
      Male              Female  

< 4 words 6 4.08% 5.59% 
4 words 10 3.82% 5.18% 
5 words 10 3.84% 5.22% 
6 words 9 3.89% 5.27% 
7 words 9 4.03% 5.29% 

> 7 words 6 4.08% 5.61% 

5. Discussion 
The intelligibility and naturalness evaluation of the 50 
synthetic utterances shows that, the synthetic utterances 
speeches generated by Malay HMM-based speech synthesis 
system is of high quality. The intelligibility scores for both 
male and female voices are very high, which shows that 
evaluators can perfectly understand the utterances synthesized 
by the HMM-based speech synthesis system. We also found 
that the naturalness of male synthetic voices is better than the 
recorded male voices. The result of CCR test has demonstrated 
the ability of the Malay HMM-based speech synthesis system 
to generate high quality synthesis.  

We also found that the intelligibility and naturalness of 
the synthetic utterances are influenced by the accuracy of the 
durational length. Utterances with lower durational differences 
have better intelligibility and naturalness. In this research, 
shorter utterances have greater intelligibility and naturalness 
than longer ones. This can be attributed to the lower durational 
differences in shorter utterances (4 and 5 words) than in longer 
utterances (6 and above).  

6. Conclusions 
In this research, the Festival speech synthesis system was used 
to prepare the time-aligned phone transcriptions for Malay 
using Malay G2P and English CART. This approach has 
accelerated the development of an HMM-based speech 
synthesis system for Malay by taking advantage of phonetic 
and phonemic similarities between this language and English.   

Despite using a small voice database consisting of only 
1000 sentences for developing the HMM-based speech 
synthesis system for Malay, the intelligibility and the 
naturalness of the synthetic utterances are very high. This can 
be attributed to high quality recordings, phonetically balanced 
sentences representing all Malay syllable types, and the use of 
accurate segmentation labels. This research shows that HMM-
based speech synthesis can make use of a limited database for 
generating high quality synthetic speech for under-resourced 
languages.  

7. Malay voice demos 
Interested readers are welcome to listen to audio samples of 
the synthetic utterances of Malay used for listening evaluation. 
Please go to our website  
http://web.fsktm.um.edu.my/~ainon/research_interest.htm  
http://mumtazbmustafa.com/html/demo.html 
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