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Abstract of thesis entitled: 

Exploitation of Effective Temporal Cues for Lexical Tone 

Recognition of Chinese % 

Submitted by Y U A N Meng 

for the degree of Doctor of Philosophy 

in Electronic Engineering 

at The Chinese University of Hong Kong in 

March 2009. 

Lexical tone plays an important role in tonal languages. Acoustically, pitch 

is determined by the periodicity of speech, which is measured as the funda-

mental frequency (FO) of acoustic signals. In each tonal language, there are a 

certain number of lexical tones that are described by distinctive pitch contours. 

Cantonese and Mandarin have four and six tones, respectively. 

People with sensorineural hearing loss have difficulty in utilizing spectral 

information for speech recognition and rely heavily on temporal information. 

The temporal information of speech is divided into three parts, based on the 

rate of amplitude fluctuation: temporal envelope (below 50 Hz), periodicity (50 

- 5 0 0 Hz), and fine structure (above 500 Hz). 

The goals of this thesis are to investigate what are the effective temporal 

cues for lexical tone perception of Chinese and how to manipulate or enhance 

these cues for better performance of tone perception. We adopt the research 

method of acoustic simulation with normal-hearing subjects. A four-channel 

noise-excited vocoder is used to generate test stimuli for tone identification. 

We compare the contributions of temporal envelope and periodicity compo-

nents (TEPCs) from different frequency regions to tone recognition in Cantonese 

and Mandarin. It is observed that TEPCs from high-frequency region ( 1 - 4 

kHz) are more important than those from low-frequency region (< 1 kHz). In 

noise condition, tone recognition performance with temporal cues degrades and 

more spectral information is needed. � 
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Previous studies show that hearing-impaired people have difficulties in per-

ceiving tones, even though they are aided with cochlear implants (CIs). In this 

thesis, two approaches are investigated to improve Chinese tone recognition. In 

the first approach, TEPCs go thrcagh a process of non-linear expansion in order 

to increase the modulation depth of periodicity-related amplitude fluctuation. 

Results of listening tests show that TEPC expansion leads to a noticeable im-

provement on tone identification accuracy. In the second approach, the effective-

ness of enhancing temporal periodicity cues in noise is investigated. Temporal 

periodicity cues are simplified into a sinusoidal wave with frequency equivalent 

to the FO of speech. This leads to a consistent and significant improvement on 

tone identification performance at different noise levels. This part of research is 

expected to be helpful in designing CI processing strategy for effective speech 

perception of tonal languages. 
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摘要 

聲調在有聲調語言中有十分重要的。從聲學角度講，音調（pitch)是由聲音周期決定 

的，而聲音周期通常是通過測量聲音信號的基頻得到的。對於每一種有聲調語 

言，不同聲調的数量是固定的，不同的聲調是靠音調的變化描述的。廣東話有六個 

聲調，而普通話則有四個不同的聲調。 

對於有聽覺神經損傷的人來説，充分利用聲音的頻譜信息是困難的，因此，他們 

會更多的依賴瞬時信息。根據不同的振幅變化速度，瞬時特性可以被分爲以下三部 

分：瞬時包絡（temporal envelope) (50 Hz 以下)，瞬時周期（periodicity) (50-500 
Hz)满瞬時精細結構(，structure) (500 Hz以上)。 

本文的目的是要探討哪些瞬時特性是對中文聲調識別特別有效的，並且，本文也 

- 將探討是否可以通過對以上有效的瞬時信號的處理來增強聲調識別能力。我們採用 

了一個聲學仿真的模型來做研究。以正常聽力人士為測試對象。一個四通道噪聲激 

勵的語音編解碼器被用來模擬真寅人工耳鍋中的聲音處理過程。通過此编解碼器， 

我們可以得到語音測試資料來進行聲調辨識。 

我們比較了來自不同頻段的瞬時包絡及周期特性（TEPC)對廣東話及普通話聲調 

識別的貢獻。一致的結果是，高頻段的TEPC信息對於聲調的識別更重要。在噪聲 

情況下，利用瞬時特性來進行語音識別的能力明顯下降，更多的頻譜信息可以提供 

一定的幫助。 

研究表明，對於聽力障礙人士來講，即使是在使用人工耳蝸的情況下，他們仍然無 

法聽到聲調。基於此，本文探討了兩种試圖增強中文聲調識別能力的方法。在第一 

种嘗試中，我們利用一種非錢性放大的方法對TEPC進行處理，以期增加與iS期相 

關的調制深度。寅驗結果顯示，這種對TEPC的放大方法可以使聲調辨別率明顯增 

加。在第二种嘗試中，我們試圖強化帶噪語音的瞬時週期性。我們用一個與語音基 

、頻信號相關的正弦信號對原始的瞬時周期信號進行簡化。實驗結果表明，此种方法 

.可有效提高不同噪聲程度下的聲調辨別能力。這部分硏究的結果對於今後開發適用 

于人工耳鍋的針對有聲調語言的聲音處理策略有一定的作用。 
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Chapter 1 

Introduction 

Summary 

This chapter provides the background and motivation of this thesis. 

We start with describing the mechanism of sound perception and 

discussion about hearing Joss and hearing prostheses. Then we 

focus on the use of temporal cues in one of the commonly used 

type of hearing prostheses, namely cochlear implant. We review 

the previous studies on investigating the temporal information on 

speech perception of tonal languages. Accordingly, we establish 

the motivation of our research, which is exploring possible signal 

processing techniques for improving tone perception. The chapter 

concludes with an overview of the major research questions of this 

thesis. 
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Chapter 1. Introduction 

1.1 Hearing 

‘ 1.1.1 Sound Perception 

Sounds reaching the ears are made by mechanical vibration of air particles 

and perceived by the sense of hearing [Shambaugh, 1930]. Amplitude of the 

sound wave determines the loudness and its frequency determines the pitch. 

Perceivable sound is within a certain range of frequencies and intensities. A 

young person with normal hearing can hear sounds with" frequencies between 

20 Hz and 20,000 Hz [Cutnell, 1998). The intensity range is not the same at 

different frequencies. For frequencies between 1 kHz and 6 kHz, which is the 

most sensitive range to human hearing, the sound is audible over a range of 

about 120 dB, which corresponds to the intensity range of about 1,000 billion 

to one. 

Sounds travel through the air as pressure waves and are captured by the 

outer ear. The ear transforms this pressure wave into a neural code which is 

interpreted by our brain. As shown in Figure 1.1, our ear consists of three 

parts: the external/outer ear, the middle ear and the inner ear. The outer 

ear is composed of the pinna, the ear canal and the eardrum. The outer ear 

works like a horn and amplifies the sound wave by approximately 12 - 15 dB in 

the frequency region around 2.5 kHz [Moore, 1998]. The major function of the 

middle ear is to ensure the efficient transfer of sound energy from the air to the 

fluids in the cochlea and counter-balance the difference in impedance between 

the air in the outer ear and the fluid in the inner ear. The outer ear and the 

middle ear together behave essentially like a linear system for moderate sound 

levels [Moore et al.’ 1997 . -

The major function of the inner ear is to convert the sound into neural 

activities that are transmitted to the brain. In mammals, the auditory portion 

of the inner ear is a coiled structure, called 'cochlea'. The region nearest the 

oval window is the base of the cochlea; the other end, or top, is referred to as 

the apex. The cochlea is filled with incompressible fluids, and it has bony rigid 

walls. The principal elements for converting sounds into neural activities are 

2 • 



Chapter 1. Introduction 

EXTERNAL EAR 1 \ | MIDDLE EAR , \ 1 INNER EAR 
‘ * - � \ The oval window and tho round 

Th» phMW window separate the Mufd-tiiled Jnner 
directs sound \ \ ear from the airefilled middle ear. 

wavM into Tl \ .’. Semicircular 
the ear. • \ '� c«nol» 

\ « » Incus \ K Oval window Nerves j 
Tympanic J ^ ^ J ^ 
mombrano / ' � �• .‘ 

/ Internal , ‘ 
Round . lugu丨M / � To 
window vein , pharynx 

； . ^ Eustachian tub« 

Figure 1.1: Diagram of outer, middle and inner ear in human. Redrawn from 

[Denes and Pinson, 1973]. 

found on the basilar membrane (BM). Basilar membrane is a flexible structure 

that separates two liquid-filled tubes that run along the coil of the cochlea. The 

organ of Corti is located on the top of BM. It comprises the auditory sensory 

cells, or 'hair cells'. The hair cells are connected at their bases to the nerve 

fibers of the auditory nerve. There is an important mechanism of the cochlea 

called 'tonotopy'. Different frequencies are separated from high to low along the 

‘ cochlea. Therefore, the cochlea works as a bank of filters. The center frequencies 

of the filters are spaced logarithmically from apex to base [Greenwood, 1990 

and the bandwidths of the filters also increase with the distance along the BM 

from low to high frequency region [Glasberg and Moore, 1990]. The electrical 

activity induced in the hair cells stimulates the fibers of the auditory nerve. 

V The auditory nerve reacts to the neurotransmitter by producing neural spikes � ‘ 

(electrochemical pulses) that are sent to the brain along the auditory nerve. 

The higher the intensity of the sound, the more neural spikes being sent to the 

brain. The brain acts as a central auditory processor in interpreting complex 

. 3 



Chapter 1. Introduction 

sounds such as speech. 

1.1.2 Hearing Loss and Hearing Prostheses 

Hearing loss is regarded as one of the most common disorders in human beings. 

It is defined as a reduction in an individual's ability to hear sounds. Loss of 

hearing can affect a person of any age. Nevertheless it is accepted that hearing 

loss tends to occur gradually as a person gets older. In Hong Kong, about 165 

infants were born with severe hearing impairment every year at an annual birth 

rate of 55,000 [Lam, 2003]. The prevalence of hearing loss for elder people aged 

above 65 years was 19 - 25 % in Hong Kong [Lee et al., 2002c; Ho and J.Woo, 

1994] and 27.4% in United States [Adams and Hardy, 1989]. These people found 

it difficult to communicate with others in daily life and felt frustrated in the 

society. 

There are three kinds of hearing loss, conductive, neural/ sensorineural, 

and the combination of these two. Conductive hearing loss is caused by the 

malfunction of the middle ear system. It can be caused by a number of factors. ‘ 

For example, fluids accumulated in the middle ear, which is caused by flu, ear 

infections, allergies and perforated eardrums, are possible factors. Sensorineural 

hearing loss is caused by the malfunction of the cochlea, or the auditory system. 

It can be caused by drugs that may cause injury to the hearing system, diseases, 

head trauma, aging and genetic syndromes. 

Doctors and scientists have engaged in finding ways to restore normal hear-

ing. In the early years, scientists tried to amplify sounds to make them audible 

for hearing impaired. The first hearing aid was a large horn-shaped device, 

which was developed two hundred years ago. It does not use electricity and 

simply amplifies the sound in acoustic domain. 

The advent of electricity and the technology of transforming acoustical sound 

into electrical signals, e.g., telephone, rapidly changed the hearing aid technol-

ogy. More powerful and smaller devices became possible for portable use. Digi-

tal hearing aids appeared in mid-1990s. User-defined programs could be imple-

mented and adjusted to meet different needs of individual patients [Popelka and 

、 
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Chapter 1. Inti oduction 

Engebretson, 1983]. Advanced signal processing techniques have been adopted 
、 

to reduce the effects of background noise, reverberation and acoustic feedback. 

And the performance of hearing aids has been substantially improved [Lim, 

1983; Preves et al., 1986]. 

Along with the development of conventional hearing aids, other types of 

hearing prostheses were also invented. Cochlear implants (CI) are widely used 

nowadays. A CI device delivers electrical stimulations directly to auditory 

nerves in the cochlea. It is suitable for patients with moderate to profound 

hearing loss, who might not benefit from a hearing aid. 

A CI consists of an internal part and an external part. The internal part 

containing a receiver and a series of electrodes is implanted inside the patient's 

head by surgical operation. The external part is worn by the patient. It consists 

of a microphone, a sound processor, and a coil transmitter. Figure 1.2 shows a 

body-worn CI system. The sound processor is located in the box worn by the 

patient. The acoustical signal is picked up by the microphone and sent to the 

sound processor via a wire. The sound processor converts the sound from ana-

log into digital and calculates the current amplitudes based upon the incoming 

sound. The signal travels back to the headpiece that contains a coil transmitting 

coded radio-frequency signal across the skin. The implanted circuits serve as a 

decoder to decode the signals transmitted from the outlier coil, convert them 

into electrical currents, and send them to the cochlea via the wires. The elec-

trode array at the end of the wire stimulates the auditory nerve and activates 

the central nervous system. 

The sound processor is the "brain" of a CI system. It determines the sound 

features that are transmitted to the electrodes. Throughout the 40 years history 

of CI, many different speech processing strategies have been proposed [Wilson, 

2000]. In most existing commercial products, the Continuous Interleaved Sam-

pling (CIS) strategy has become a standard. It was first proposed by Wilson 

and his colleagues [Wilson et al., 1991). Detailed information about CIS will be 

given in Chapter 3. 
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④ 似 Auditory Nerve 

/m 
External parts \ \ \ 
of Cochlear Internal part 
Implant 。〒 Cochlear , 

\ Implant y 

Figure 1.2: The body-worn CI system (Med-El Combi-40+). It c o n t a i n s : � a 

m i c r o p h o n e , � a w i r e , � a speech p r o c e s s o r , � a headpiece, CD a m a g n e t , � a 

wire to the i m p l a n t , � an electrode array, and � another w i r e ; � the auditory 

nerve. 
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1.2 Temporal Cues and Spectral Cues 

1.2.1 Definitions 

Speech signals can be described in time domain or frequency domain. Time-

domain analysis concerns temporal amplitude variation of the signal, while 

frequency-domain analysis describes how signals change and how fast they 

change. In frequency domain, the signal spectrum can be decomposed into . 

spectral envelope and spectral fine structure. Spectral envelope is defined as 

the general shape of the spectrum, a smooth curve that passes though the 

peaks of the spectrum [Hartmann, 1997]. For human speech, the spectral en-

velope represents the properties of the vocal tract, i.e., formant structure. The 

• ‘ spectral fine structure, or the spectral details, refer to the detailed frequency 

components in the power spectrum. The spectral fine structure represents the 

vocal source information, which has a harmonic structure for voiced speech and 

noise nature for unvoiced speech. In time domain, Rosen proposed to divide the 

temporal information into three categories, depending on the rate of amplitude 

fluctuation: (1) temporal envelope (2-50 Hz) component (TEC); (2) tempo-

ral periodicity (50-500 Hz) component (TPC); and (3) temporal fine structure 

(500-10000 Hz) component (TFSC) [Rosen, 1992]. In other studies, the tem-

poral cues may be roughly divided into two categories: the slow-varying cue 

i 

- t h e temporal envelope and periodicity (2-500 Hz) component (TEPC); and 

cont.rarily, the fast-varying cue - the temporal fine structure (500-10000 Hz) 

component (TFSC) [Kong and Zeng, 2006 . 

TEPC and TFSC carry different linguistic contrast functions of speech. 

TEPCs are mostly responsible for carrying the contrasts in the prosodic do-

main including tempo, rhythm, syllabicity, stress and intonation, and contrasts 

for the manner of articulation and voicing in the segmental domain; whereas 

TFSCs are responsible for carrying contrasts in the segmental domain mainly 

on the place of articulation and voice quality. A detailed discussion on the 

framework for temporal information in speech can be found in [Rosen, 1992 . 

( 
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1.2.2 Extraction of Temporal Cues 

There are two major methods of extracting a signal's temporal envelope. The 

first method, which has been widely applied in the CIS strategy, is the rec-

tification and low-pass filtering method. In this method, the speech signal is 

first full-wave or half-wave rectified. Then a low-pass filter is used to limit the 

variation rate of the envelope. The typical cutoff froquoncy is set to 200 Hz 

or 400 Hz in CIS. Simulation studies demonstrated no significant effect of the 

envelope cutoff frequency on speech recognition in English by normal-hearing 

(NH) listeners [Shannon et al., 1995]. Conversely, changing the cutoff frequency 

from 50 to 500 Hz had a significant effect on Chinese tone recognition [Fu et alJ, 

1998b; Xu et al., 2002]. This indicates that periodicity-related information are 

( important to tone perception for tonal languages. 

The other envelope detection method is based on the Hilbert transform 

Hilbert, 1912]. Hilbert transform is a mathematical tool that represents a 

signal as the product of a slowly-varying envelope and a "carrier" signal, that 

contains fine structure of the waveform. Detailed mathematical presentation of 

Hilbert transform will be given in Appendix. 

Psychophysical studies on CI users showed that the methods with full-wave ^ 

rectification and Hilbert transform achieved significantly better speech recog-

nition performance than with half-wave rectification on CI listeners [Nie et al., 

2006]. In this thesis, we adopt the full-wave rectification and low-pass filtering 

method for easy implementation. 

1.3 Temporal Cues for Speech Perception 

The importance of temporal cues to speech recognition of non-tonal and 

tonal languages has been investigated extensively over the past twenty years. 

Smith and his colleagues constructed a set of acoustic stimuli, called “auditory 
I 

chimeras" to investigate the relative importance of temporal envelope and tem-

poral fine structure to speech recognition [Smith et al., 2002]. Each stimulus 

contains the envelope of one sound and the fine structure of another sound. 

8 
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For example, a speech-speech chimera is synthesized such that it contains the 

information from one sentence in the envelope and the information from an-

other sentence in the fine structure. Smith et al. found that temporal envelopes 
¥ 

played an important role in speech-speech chimeras. The result is consistent 

with the observation on English-speaking CI users reported in Wilson et al. 

. 1991] . In Wilson's study, CI users achieved high speech recognition perfor-

mance using CIS with a limited number of frequency bands (4 to 6) where 

•• the temporal fine structure is absent. On the other hand, for melody-melody 

chimeras the subjects mainly perceived the melody based on the temporal fine 

structure. A follow-up study on the relative importance of temporal envelope . 

and fine structure cues to lexical tone perception was carried out by means of 

‘ the chimera approach ‘ [Xu and Pfingst, 2003]. It was found that when only 

� limited spectral information is available the temporal fine structure information 

is more important to Mandarin tone classification than the temporal envelope 

‘ information. This result indicated that the relative contributions of temporal 

� envelope and fine structure for tone perception have a similar pattern to that 

for melody recognition. In Liu and Zeng [2006), speech-speech chimeras were • 

synthesized. English speech intelligibility for NH listeners was measured over a 

wide range of signal-tonoise ratios (SNRs). The results showed that temporal 

envelope information contributed more in clean condition and at high signal-

tonoise ratios, whereas temporal fine structure cues contributed more at low 

signal-to-noise ratios. 

Shannon [2002] reviewed the speech perception research with CI users and 

NH subjects for English. They found that temporal cues up to 20 Hz fluctuation 

rate were useful for speech recognition. Temporal information above 20 Hz is 

related more to speech quality, and contributes little to speech recognition. Four 

frequency channels can produce good speech understanding, but more channels 

are required for difficult listening situations, e.g., in background noise or with 

competing speakers. Kong and Zeng systemically evaluated the contributions of 

temporal cues (envelope and fine structure) and spectral cues (envelope and fine 

structure) to Mandarin tone recognition. They found that NH listeners with ‘ 
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acoustic CI simulation achieved nearly perfect tone recognition performance 

with either spectral or temporal fine structure in quiet, but only 70% 80% 

correct with envelope cues. 32 channels were required to achieve a comparable 

performance to that obtained with the original stimuli, but only four bands were 

necessary if additional temporal fine structure was provided. When no tempo-
t-

ral fine structure was available, the tone recognition accuracy could reach about 

80% with only one band. The study concluded that tone recognition is a ro-

bust process that makes use of both spectral and temporal cues. Different from 

English, they found that the inclusion of temporal periodicity cues below 500 

Hz produced significantly better tone recognition performance than the tempo-

ral envelope cues below 50 Hz. Xu and Pfingst [2008] summarized the relative 

contributions of temporal and spectral cues for phoneme recognition and lexical 

tone recognition. They showed that consonant and vowel recognition in quiet 

reached plateau at 8 and 12 channels, with low-pass cutoff frequencies of 16 Hz 

and 4 Hz, respectively. For Mandarin tone recognition, the performance was 

remarkably poorer than that for English phoneme recognition under compara-

ble conditions. Higher temporal envelope cutoff frequency and more frequency 

bands wore required [Fu et al.’ 1998b; Xu and Pfingst, 2008 . 

1.4 Outline of Thesis 

1.4.1 Major Research Questions 

This thesis is focussed on tone recognition in tonal languages, namely Can-

tonese and Mandarin. The research questions being addressed are twofold: 

fundamental psychophysical principles and application-oriented signal process-

ing issues. The psychophysical principles concern the contributions of temporal 

and spectral cues on tone perception. More specifically, our goal is to reveal 

(i) the importance of temporal cues to tone perception; (ii) the contribution of 

temporal cues from different frequency regions; (iii) the importance of temporal 

cues to different tonal languages, i.e. Cantonese and Mandarin; (iv) the effect 

of spectral details on tone perception in noise. A practical problem encountered 

10 
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by CI patients is that the tone-related information has not been sufficiently 

delivered in the state-of-the-art CIs. The other goal of this thesis is to ex-

plore possible signal processing techniques for improving tone perception. The 

design of these signal processing algorithms is based upon tlic fincli叫s of tlic 

psychophysical studies. 

1.4.2 Chapter by Chapter Overview 

This thesis is divided into chapters based upon different studies on the above 

stated research questions. 

Chapter 2 discusses the fundamentals of pitch and tone perception. The 

pitch perception mechanisms explain how pitch is perceived in the human hear-

ing system. The importance of lexical tone perception in tonal languages is 

discussed. The relation between pitch perception and tone perception is shown. 

Chapter 3 describes the d e s i g n ^ tone perception test. It involves the design 

of speech materials, the basic signal processing methodology, and the design of 

the research platform used for the test. 

Chapter 4 investigates the effects of temporal and spectral cues on lexical 

tone identification. Fundamental psychophysical problems on the contribution 

of TEPCs from different frequency regions and the effect of spectral resolution 

on tone perception were investigated. 

In Chapter 5, a non-linear temporal envelope expansion scheme was applied 

aiming to improve the tone perception in Cantonese. The enhancement method 

expands the modulation depth of the temporal envelope such that the periodic 

fluctuation which is related to FO becomes more salient to detect. Experimental 

results showed that (i) expansion of TEPC from high-frequency band leads to 

noticeable improvement on tone identification accuracy; (ii) the effectiveness of 

TEPC expansion is more significant for female voice than male voice. 

In Chapter 6 the effectiveness of enhancing temporal periodicity cues for 

Cantonese tone perception was investigated. The FOs of the voiced speech were 

explicitly encoded in the temporal envelope by a simplified periodic pattern, 

i.e. sinusoidal wave. The periodicity-related modulation depth in the temporal 

11 
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envelope was increased to make the periodicity more salient. Experimental 

results showed that the periodicity-enhanced speech processing strategy led to 

more accurate tone identification tliaji the standard strategy, especially for noisy 

speech. Enhancing TEPC in high-frequency region (> 1 kHz) is more effective 

than in low-frequency region. The results are useful for the design of CI speech 
» 

processing strategies to improve speech recognition of tonal languages. 

Finally, Chapt改 7 provides the overall conclusions of the thesis as well as 

some suggestions for further research. 

I 

• End of chapter. 
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Chapter 2 

Lexical Tone Perception 

Summary 

Tone perception is a very important part of speech perception, es-

pecially for tonal languages. In this chapter, we discuss the tone 

perception mechanism physiologically and linguistically. The chap-

ter starts with an introduction to the pitch perception mechanisms. 

The relation between pitch and tone perception is also discussed. 

Tone patterns of Chinese dialects, i.e., Cantonese and Mandarin, 

are illustrated. Previous studies on investigating the tone percep-

tion on CI patients are reviewed. 

、 
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‘ Chapter 2. Lexical Tone Perception 

2.1 Pitch 

The American Standards Association defined pitch as "that attribute of audi-

tory sensation in terms of which sounds may be ordered on a musical scale" 

ASA, I960]. An important aspect of this definition is the term 'sensation'. It 

implies that pitch is a subjective attribute of sound based on what is heard 

Moore, 1998]. It also means that variation in pitch gives rise to a sense of 

melody [Plack and Oxenham, 2005]. The word 'pitch' does not refer to a physi-

cal attribute of a sound. The more recent American National Standards defined 

pitch, without referring to music, as "that attribute of auditory sensation in 

terms of which sounds may be ordered on a scale extending from low to high. 

Pitch depends primarily on the frequency content of the sound stimulus, but it 

also depends on the sound pressure and the waveform of the stimulus" [ANSI, 

1994]. This is a fairly broad definition, pointing out that “low” and "high" 

are to be associated with pitch/frequency. In this thesis, we followed the more 

recent ANSI definition to define pitch. An advantage of this definition is that 

pitch is not limited to be associated with music. It provides a more general 

view on pitch. 

Pitch is an important attribute of sound. In fact, many sounds in our en-

vironment have acoustic waveforms that repeat over time. These sounds are 

often perceived as having a pitch. Musical instruments produce a pitch such 

that melodies and chords are generated. Vowel sounds in speech are “voiced” 

and can be associated with a pitch. 

Pitch is known as the most relevant perceptual dimension in most forms 

of music. It is the basis for musical concepts such as key, consonance, chords, 

harmony, contour, etc. The melody of a song is carried by the variations in 

pitch of the musical notes. When these pitch variations are dropped, only the 

rhythm remains and the music becomes rather dull. Thus, pitch is crucial for 

music perception. Pitch is also important for speech communication. Although 

pitch is not essential for speech understanding of western languages, i.e. En-

glish speech can be understood when the pitch contour is changed, pitch does 

carry suprasegmental information. Pitch and pitch changes provide information 

14 
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about intonation (whether a sentence is a statement or a question), the emotion 

of the speaker, the identity of the speaker, or the dialect. Pitch can also be used 

to highlight a focussed word in a sentence or put stress on a specific part of a 

sentence. In tonal languages like Mandarin and Cantonese, pitch carries seman-

tic information. In these languages, pitch pattern determines the meaning or 

the grammatical function of words. Words pronounced with different pitch con-

tours have different meanings. The movement of pitch over the voiced portion 

of one or two syllables corresponds to a lexical tone. 

Another important aspect of pitch is that it improves segregating sound 

sources by detecting the differences of the sources in fundamental frequency 

(FO). This allows NH subjects to focus attention on one voice and better 

understand speech in very noisy/competitive environments (e.g., cocktail party). 

As pitch is a subjective attribute, it can not be directly measured. In order 

to investigate pitch-related subjects, we need subjective human reports about 

their sensations, which can possibly be biased or ambiguous. For example, the 

pitch of a sound is assessed by adjusting the frequency of the sinusoid until 

the perceived pitch of the sinusoid matches the perceived pitch of the sound in 

question. The frequency of the sinusoid gives a measure of pitch. Sometimes, a 

periodic complex sound, such as a pulse train, is used as a matching stimulus. 

In this case, the repetition rate of the pulse train gives a measure of pitch. Thus 

in acoustic terms, pitch corresponds to the frequency of a pure tone (a sinusoid), 

or to the FO of a periodic complex tone. It is related to the physical repetition 

rate of the waveform of a sound. 

2.2 Pitch Perception 

Pitch perception is not a purely academic research topic. As more is known 

about how human auditory systems process pitch, we will be able to develop a 

variety of useful applications. For example, we may improve the performance 

‘ of automatic speech recognition (ASR) systems such that the systems are more 

robust to interfering sounds. State-of-the-art ASR systems are unable to dis-

15 
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tinguish different acoustic sources, while humans do not have much difficulty. 

Understanding pitch perception mechanisms will also help us in designing new 

signal processing strategies for hearing prostheses to deliver the most relevant 

information which is available to the listeners. 

It has been agreed that the perception of pitch involves both the place mech-
i 

anism and the temporal mechanism. Figure 2.1 shows a simulation of the re-

sponse on the basilar membrane to a complex tone [Moore, 1998]. The complex 

tone is a periodic pulse train at a rate of 200 Hz. In spectral domain, there are 

many equal-amplitude harmonics. In the figure, the waveforms represent the 

observations at those points corresponding to the frequency values on the left. 

The horizontal lines on the BM illustrate the critical bands. Frequencies from 

different bands can be resolved in human perception. It is seen that the lower 

harmonics are partly resolved on the BM. At a place where a low harmonic 

resides, the response is approximately a sinusoid at that harmonic frequency. 

For example, at the place with a frequency of 400 Hz, the response waveform 

is a 400 Hz sinusoid. For such resolved low harmonics, i.e., the 1st, 2nd, 3rd, 

and 4th harmonics at 200 Hz, 400 Hz, 600 Hz, and 800 Hz, the auditory system 

detect the harmonic frequencies based on both the place on the BM, and the 

inter-spikes intervals in neuron with frequencies close to individual harmonics. 

Given the resolved low harmonics, the auditory system uses a pattern recognizer 

to find the fundamental frequency that matches these harmonics. In this exam-

ple, the fundamental frequency matching the above mentioned harmonics is 200 

Hz. The perceived pitch corresponding to this fundamental frequency is thus 

the 'place pitch’. On the other hand, the pitch of a complex tone can also be 

perceived in the form of ‘temporal pitch'. The temporal pitch is provided by the 

high unresolved harmonics. As shown in the figure, the waveforms at the places 

corresponding to the high harmonics from 1 kHz to 6.4 kHz are complex. How-

ever, they show a common repetition rate equal to the fundamental frequency. 

The neural impulses tend to be evoked by the major peaks in the waveform, i.e., 

the peaks close to the location of envelope maxima. The impulses are separated 

by time intervals corresponding to the period of the sound. In Figure 2.1 the 
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input has a repetition rate of 200 Hz and the period is 5 ms. The time intervals 

between the nerve spikes would cluster around integer multiples of 5 ms, i.e. 5, 

10’ 15，20 ... ms. The pitch can be detected based on these time intervals. This 

is the mechanism of temporal pitch perception. 

While both the low harmonics and high harmonics contribute to pitch per-

ception, experimental evidence suggested that the resolved low harmonics give 

‘ a clearer pitch than the high harmonics [Moore et al., 1985). A residue pitch 

can be heard when only unresolvable high harmonics are present. • 

For HI people with cochlear hearing loss, the auditory filters are broader 

than normal. This makes it more difficult to resolve individual harmonics in 

the low-frequency region as NH people do. For example, for the fundamental 

frequency (FO) of 200 Hz, the 4th and 5th harmonics can be resolved in a 

normal auditory system, but may not be resolved in an impaired ear where 

the auditory filters were, say, three times broader than normal. Because of the 

reduced frequency selectivity, HI people tend to depend more on unresolved 

harmonics to capture the pitch based on the temporal mechanism. 

For HI patients who wear CI devices, pitch information may be obtained via 

either temporal or place cues (or both). The temporal cues include variations 

in the frequency (or rate) of the stimuli delivered to one or more electrodes, 

or the periodic fluctuations in the amplitude of the stimulus. Additionally, the 

place of stimulation in the cochlea may be used to convey pitch information. 

Electrodes near the basal area elicit a higher pitch than those near the apical 

area [Nelson et al., 1995 . 

For human pitch perception, the ability to detect changes in pitch (pitch 

discrimination) is an important aspect. The changes in pitch are reflected by the 

changes in frequency. The smallest detectable change in frequency is called the 

frequency difference limen.-There have been two common ways of investigating 

the frequency discrimination. One measure involves the discrimination of two 

successive tones with slightly different frequencies. In each trial, the tones are 

presented in a random order, the listener is required to indicate whether the first 

or the second tone is higher in frequency. The frequency difference between 
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Figure 2.1: A simulation of the responses on the BM to periodic impulses of rate 

200 pulses per second. The numbers on the left correspond to the frequencies 

which would maximally excite a given point on the BM. The waveforms that 

are plotted opposite to the numbers are the observations at those points, as a 

function of time. (The figure is adapted from [Moore, 1998]) 
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the two tones is adjusted until the listener achieves a criterion of percentage 

correctness. This measure is called the DLF (difference limen for frequency). 

The second measure uses tones that are frequency modulated. Two tones are 

presented successively. One is modulated in frequency (between 2 and 20 Hz) 

and the other has a steady frequency. The order of the tones on each trial is 

randomized. The listener is required to indicate whether the first or the second 

tone is modulated. This measure is called the FMDL (frequency modulation 

detection limen). 

2.3 Lexical Tones in Tonal Languages 

Tone is described as the pitch contour over the voiced portion of one sylla-

ble. Different tones are characterized and identified' by their distinctive pitch 

patterns [Francis et al., 2003]. Lexical tone plays an important role in tonal 

languages. A word carrying different tone patterns may have totally different 

meanings. For example, the Cantonese tone system comprises a set of six phone-

mic tones which form an additional but intrinsic part of Cantonese phonology. 

If the tone changes, the lexeme has a different meaning. For example, “愛 

國” /ngoi3 gwokS/ means ‘patriot’ but “夕卜國” /ngoi6 gwok3/ means 'foreign 

country'. The only difference between the words is on the lexical tone of the 

first syllable (Tone 3 and Tone 6, respectively). Lexical tones carry a signifi-

cant amount of linguistic information. This phenomenon happens only in tonal 

languages, but not in non-tonal languages. 

2.3.1 Tonal Languages 

By some estimates about 70% of the world's languages are tonal. They include 

languages spoken by huge populations, and in geographically diverse countries; -

Mandarin Chinese, Yoruba, and Swedish are all tonal. There are certain ar-

eas where almost all languages are tonal, such as sub-Saharan Africa, China, 

and Central America. A tonal language is defined as "a language with tone 

in which an indication of pitch enters into the lexical realization of at least 
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some morphemes" [Hyman, 2001]. In addition to the consonants and vowels, 

a tonal language speaker uses an additional phonetic dimension for contrasting 

words by manipulating the pitch of the voice. Different pitch levels and move-

ments can be used to represent different lexical and grammatical meanings of 

words [Bauer, 1997]. Such distinctive pitch patterns are called tones (or lexical 

tones). For both speech perception and production, tones are as important as 

the consonants and vowels. 

In this thesis, we mainly focus on Cantonese and Mandarin which are the 

two major Chinese dialects spoken by over 800 million people around the world 

Ethnologue, 2004a,b]. Cantonese speech is seen as a string of tonal syllables. 

Each syllable corresponds to some Chinese characters. Compared with English, 

Cantonese and Mandarin have a simpler and more restricted syllabic structure. 

All syllables have the structure of (consonant)- vowel-(consonant), where only 
> 

the vowel nucleus is an obligatory element. If we consider only the phonemic 

composition of a syllable without tone, the syllable is referred to as a base 

syllable [Wang et al., 1995; Lee et al., 2002d; Qian et al., 2003). Following 

the convention of Chinese phonology, each base syllable is divided into two 

parts, namely Initial and Final [Hashimoto，1972]. The Initial (onset) includes 

what precedes the vowels while the Final includes the vowels (nucleus) and 

what follows it (coda). The tone resides on the voiced portion of a syllable. 

A base syllable carrying a tone becomes a tonal syllable, which specifies the 

complete pronunciation of a Chinese character. A character, however, can have 

multiple pronunciations, and a syllable typically can represent a number of 

different characters. For example, a Chinese character “禾U” has five different 

pronunciations in Mandarin. With different pronunciations, the character may 

have totally different meanings, i.e., “和” meaning "sum" or "and" in /he2/， 

"join in (the singing)" in /he4/ , "mix" in /huo2/ , "blend" in /huo4/ , and "win 

in gambling" in /hu2/ . Another example illustrating the phenomenon that a 

syllable represents a number of different characters is shown as following. The 

syllable / y i l / in Mandarin may represents a large number of characters: “一“ 

meaning "one", “衣” meaning "cloth", “依” meaning "according to", or “医” 
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Figure 2.2: Structure of a Cantonese syllable.[] means optional. 

meaning "medical". 

Figure 2.2 explains the composition of a Cantonese syllable with an exam-

ple tonal syllable. The syllable / s ik l / may correspond to different characters, 

e.g., “色” meaning "color", or “式” meaning "equation". The tonal syllable is 

composed of two parts: the base syllable and the tone. In the base syllable, the 

Final is contains the nucleus or vowel. Table A.l in Appendix gives the statis-

tics on Cantonese syllables in comparison with those on Mandarin. Cantonese 

appears to have a richer inventory of syllable sounds than Mandarin. 

There are 20 Initials and 53 Finals in Cantonese, in contrast to 2 ” Initials 

and 37 Finals^ in Mandarin. Details of the Cantonese and Mandarin phonemes 

are listed in Appendix for reference. 

2.3.2 Tone Patterns in Cantonese and Mandarin 

Each tonal language has its own tone system. Cantonese is said to have nine 

tones that can be represented by their distinctive pitch patterns [Fok, 1974 . 

iThe null Initial of / i / -start Finals is usually labeled as / j / ’ while the null Initial of / u / -

start Finals is usually labeled as / w / , so it can be said there are 23 Initials in Mandarin. 
2ln Mandarin, the Final / j / is associated exclusively with Initials / t s / , / t s ' / and / s / ’ and 

/ l / is associated exclusively with Initials / £ § / , /Cg‘/ and / g / . In the Pinyin system, the above 

two Finals and the Final / i / are labeled with the same symbol so there are only 35 Finals 

in the Pinyin system of Mandarin. -
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Figure 2.3: Schematic description of Cantonese tones and labeling schemes 

Lexical tones can also be described impressionistically by using Chao's (1947) 

tone-letter notation system, in which “1” represents the lowest pitch level of a . 

speaker's speech pitch range and “5” represents the highest pitch level. The 

Cantonese tone system is described in Figure 2.3 [LSHK, 1997]. It gives three 

different schemes of tone transcription. The Chinese labeling is from the his-

torical tone category transcription [Fok, 1974). The digits in [) are from Chao's 

system [Chao, 1947; Chen et al., 1997). The bold digrts are the tone labels from 

LSHK transcription [LSHK, 1997]. In this thesis, we adopt the LSHK labeling 

system. The six Cantonese tones are Tone 1 [55] (high level), Tone 2 (25) (high 

rising), Tone 3 [33)#hiddle level), Tone 4 [21] (low falling), Tone 5 [23] (low 

rising), and Tone 6 [22] (low level) [Bauer, 1997). Examples of six 众ntonese 

words with the same syllable [si] but different tones are / s i l / (詩’‘‘poem，，），/si2/ 

(史，"history"). /s i3 / (試’ “try”)’ /si4/ (時’ “time”)’ /s i5/ (市，“city”)’ /si6/ 

(氏，"surname"). 

In Cantonese, the so-called "entering" tones occur exclusively with 

"checked" syllables, i.e. syllables ending in an occlusive coda [p], [t] or [k]. - " 
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High level High rising Low falling High Falling 
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Figure 2.4: Schematic description of Mandarin tones and labeling schemes 

They are contrastively shorter in duration than the "non-entering" tones. In 

terms of pitch level, each entering tone coincides roughly with a non-entering 

counterpart. Thus in LSHK scheme, only six distinctive tone categories are 

defined. 

� \ _ � The tone system of Mandarin is simpler than that of Cantonese. There are 

four lexical tones in Mandarin. Each tone may be described as a contrastive 

pitch pattern. The four tones are shown in Figure 2.4. Same terminology as 

for Cantonese is used for Mandarin tone system. Different from Cantonese, the 

four tones in Mandarin are mainly distinguished in tone contour and duration. 

Tone 1 is high level; Tone 2 is high rising; Tone 3 is low falling; and Tone 4 

is high falling. It is also found that Tone 4 has the shortest duration than the 
« 

other three tones. » ‘ 
An interesting phenomena involving tones in Chinese dialects is called tone 

sandhi [Chen, 2000]. Tone sandhi refers to the change of tones when syllables 

are juxtaposed. To put it differently, a syllable has one of the tones in the 
、 

language when it stands alone, but the same syllable may take on a different 

tone without a change in meaning when it is followed by another syllable. The 

most important tone sandhi rules in Mandarin involve the third tone. If a 

syllable has a weak stress or is unstressed, it loses its contrastive, relative pitch 

and therefore doesn't have one of the four tones described above. In such a 

case, the syllable is said to carry a neutral tone. 

In general, tones are described by both pitch height and pitch contour. In 

Mandarin Chinese, the four tones are distinguished primarily by the pitch con-

‘ tour, while ton知 in Cantonese rely greatly on the pitch height to distinguish 
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from each other. While fundamental frequency is the primary cue to discrimi-

nate lexical tones, other acoustic properties, such as syllable duration and am-

plitude contour, also convey tonal information [Liang, 1963; Whalen and Xu, 

1992; Fu et al., 1998b; Fu and Zeng, 2000 . 

2.4 Tone Perception 

Tone perception is part of speech perception. It plays an important role in 

speech communication with tonal languages. In a tonal language, there are a 

limited number of tones. Each of them has a distinctive pitch pattern. Tone 

perception is thus closely related to pitch perception, in that FO is the primary 

acoustic cue. 

The perception of pitch requires the detection of fundamental frequency of 

a complex tone with multiple harmonics or the detection of the frequency of 

a pure tone. Pitch perception experiments are commonly carried out in the 

form of pitch discrimination task. The listeners are asked to judge whether 

there exist a pitch difference between two pure tone stimuli with different FOs. 

These experiments reveal the ability of human to detect different pitches. In 

a more complex situation, continuous pitch movement over time is taken into 

consideration (from high to low or from low to high). The ability to detect the 

gradually changed pitch is investigated in these experiments. 

Tone perception is different from pitch perception in that a perceptually 

detectable pitch difference does not necessarily causes a phonological tone con-

trast. Pitqh movement (rising or falling) and pitch height/level (high, middle 

or low) together determine the lexical tones Tonal languages provide not 

only phonological but also linguistic features for understanding the importance 

of pitch cucs in language perception. Different from pure tone and complex � 

tone, lexical tone in tonal languages is a suprasegmental feature that is used to 

distinguish different words. The perception of lexical tones depends not only 

3Hereafter, ‘pitch movement', 'pitch contour' and 'tone contour' have the same meaning; 

‘pitch height', 'pitch level' and 'tone level, have the same meaning. 
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on pitch level, but also on the perception of other cues, such as pitch movement 

direction, vowel duration and amplitude contours, etc. 

Tone perception is said to be a kind of categorical perception. When stimuli 

are perceived categorically, equivalent acoustic differences between two tokens 

may be treated differently, depending on whether the two tokens are heard as 

members of the same category or as members of different categories. Two mem-

bers in the same category are less discriminable than two tokens from different 

categories, although the acoustic differences may be the same in the two cases. 

With experience on a language, listeners learn the location of specific category 

boundaries along various acoustic continua. By increasing discrimination accu-

racy across these boundaries and reducing it within boundaries, listeners im-

prove their ability to hear two acoustically different members of one category as 

the same and, conversely, improve their ability to hear two acoustically similar 

members from different categories as different. It was shown that tone percep-

tion in Mandarin and Cantonese is categorical perception [Francis et al., 2003; 

Wang, 1976]. Francis et al. [2003] also reported that tonal category boundaries 

are determined by a combination of regions of natural auditory sensitivity and 

the influence of linguistic experience. 

Acoustic features that are related with tone recognition have been stud-

ied extensively [Candour, 1984; Liang, 1963; Lin, 1988; Whalen and Xu, 1992; 

Abramson, 1978; Xu and Pfingst’ 2003; Kong and Zeng, 2006]. The first sys-

tematic study on acoustic cues for Mandarin tone perceptic^n was performed in 

Liang, 1963]. In his study, perfect tone recognition (90% correct or above) was 

observed with a male voice by filtering out either/jf-th^first, second or the third 

harmonic, or any two of them from broad band speed^\signals. This revealed 

that the fundamental frequency is useful in tone perception, but it is not the 

only cue. Even with the absence of FO, tone perception is possible with the 

second and the third harmonics. The same study further demonstrated that 

robust tone recognition (64% correct) could be achieved on whispered speech, 

in which only temporal and spectral envelope cues were preserved, and spectral 

fine structure related to FO and its harmonics are not available. Several follow-
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up studies found that the temporal cues such as vowel duration and amplitude 

contours also contributed to Mandarin tone recognition [Garding et al., 1986; 

Blicher et al., 1990; Whalen and Xu, 1992]. The contribution of these temporal 

cues was significant only when the FO and its harmonics were not present [Lin, 

1988 . 

2.5 Tone Perception in CI 

Pitch perception in CI users is found to be far from satisfactory [Pijl, 1997; 

McDermott, 2004; Gfeller et al., 2006; Sucher and McDerrnott, 2007; Green 

et al., 2002; Qin and Oxenham, 2005; Stickney et al , 2004]. It caused poor 

discrimination of musical intervals [Gfeller et al., 2002, 2006] and lexical tones 

in tonal languages [Ciocca et al., 2002; Wong and Wong, 2004; Luo et al., 2008 . 

In a CI system, each frequency channel contains a signal which is the com-

bination of several harmonics when a complex tone is presented. McDermott 

2004] investigated the music perception by CI users and addressed two poten-

tial cues that are available for pitch perception through CIs. The first cue is 

place pitch which corresponds to the place of stimulation along the cochlea. Due 

to the limited number of frequency channels (electrodes) in current CI system 

and the broad bandwidth of the band-pass filters, individual harmonics of a 

complex sound can not be resolved as do the NH listeners [Geurts and Wouters, 

2001]. This inevitably limits the use of place pitch cue for accurate pitch per-

ception. The second cue for pitch perception comes from the use of rate pitch 

(corresponding to the periodicity cues in normal hearing). The rate pitch in CI 

systems is derived from the within-channel amplitude modulation of electrical 

pulse train. Therefore, it is expected that enhancing the coding of periodicity 

cues to FO may provide better speech understanding in tonal languages and 

better music perception [Rubinstein, 2004; Vandali et al., 2005 . 

Some studies have investigated the importance of temporal and/or spectral 

cues for tone recognition in CI users. There are a number of factors that may 

affect the performance of tone perception in CI. It has been shown that CI lis-
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teners are capable of processing FO cues which are presented in the speech sound 

to perform lexical tone recognition [Fu et al., 1998b]. Wei et al. [2004] tested 

five Nucleus-22 users for Mandarin tone recognition. The users showed a clear 

dependence of tone recognition on the number of channels. The performance 

improved from 30% correct to 70% correct with one channel and ten channels, 

respectively. Liu et al. [2004] tested tone recognition with part of the electrodes 

inactivated in six Mandarin-speaking children. The results indicated that the 

temporal envelope cues from the high-frequency region were more important for 

tone recognition than those from low-frequency region. Fu et al. [2004b] tested 

the effects of various stimulation rates on tone recognition with different signal 

processing strategies. Results showed that no significant difference in perfor-

mance among the various stimulation rates. Contrarily, high pulse rates (900 Hz 

or above) were found to have negative effect on tone perception in other studies 

Barry et al., 2002; Ciocca et al., 2002; Lee et al., 2002b; Wong and Wong, 2004 . 

A slower stimulation rate at 250 Hz also showed a significant decrease in tone 

recognition. It was not clear whether the results were due to the fact that the 

subjects were tested with the strategies he did not use in daily life. There was 

a tradeoff between the number of electrodes and the stimulation rate for tone 

recognition as for vowel recognition [Nie et al., 2006). It was noted that the 

subjects showed similar tone recognition performance when fitted with the CIS 

strategy using 12, 8, 6, and 4 electrodes coupled with stimulation rates of 1200, 

1800，2400, and 3600 Hz, respectively. According to the sampling theorem, the 

stimulation rate must be at least two times higher than the cutoff frequency of 

the low-pass filter. McKay [McKay et al., 1994] suggested that it needs to be 

at least four times of the envelope cutoff frequency. 

• End of chapter. 
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Chapter 3 

Design of Tone Perception Tests 

Summary 

This research is carried out with a series of psychoacoustic exper-

iments on tone identification. In this chapter, we discuss about 

the design of these tests. The tests are special in that tone is not 

independent, it must be tested in a speech recognition task, such 

as a word recognition task. We designed different types of speech 

materials, including monosyllabic and disyllabic words, which are 

shown to be suitable for the tone identification tests. The speech 

signal processing is based on a multi-band noise-excited vocoder to 

simulate signal processing in CIs. A PC-based research platform 

is developed to control the stimulus presentation and record the 

subjects' responses. 
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3.1 Overview 

Because pitch is a subjective sensation, assessing tone perception which is based 

on the perception of pitch is only possible through experiments with humans. 

This raises the need for an experimental setup that allows testing the subjects 

in a controlled way so that the results can be reproduced. The design of a 

tone perception test involves a number of considerations including the speech 

materials, the signal processing methods, the test procedure, the recruitment of 

subjects, and the test interface. 

Tone can not exist without a particular syllable carrying it. The patterns of 

lexical tones are language-specific, e.g., Cantonese and Mandarin have totally 

different tone patterns. Researchers should determine which tonal language 

should be tested and what kind of speech elements should be used, e.g., vowel, 

word, or even sentence. Speech stimuli are generated from the speech materials 

by the use of certain signal processing methods. The signal processing is the 

'heart' of a scientific experiment, which determines the information delivered to 

the subjects. The generated speech stimuli should be presented to the subjects 

in an appropriate way. It requires a well-controlled and scientifically logic pro-

cedure. Such a psychoacoustic setup needs a research platform to realize the 

requirements. It should preferably be versatile and user-friendly at the same 

time. 

In the following chapter, every part described above will be discussed. 

Speech materials are monosyllabic and disyllabic words with full tone patterns 

in both Mandarin and Cantonese. A multi-channel noise-excited vocoder is used 

as a baseline signal processor. Tone identification task is performed. A research 

platform, referred to as ATOPEX (Application for TOne Perception Exper-

iments) , i s developed that allows the researcher to set up arbitrary auditory 

psychophysical experiments. 

r 
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3.2 Speech Materials 

In Cantonese and Mandarin, lexical tones are carried by syllables and can not 

be separately tested without words or sentences. Monosyllabic words have been 

commonly used as the carriers for tone perception test. In such tests, the seg-

mental structures of the words were kept constant while the tones were different. 

In some of the studies, researchers applied a small set of syllables, e.g., 1 to 6 

different syllables in the tone perception test [Ma et al., 2006; Luo et al., 2008; 

Khouw and Ciocca, 2007; Wong and Wong, 2004] while some of the researchers 

used a large set of syllables, e.g., over 20 different syllables [Liang, 1963; Kong 

and Zeng, 2006; Wei et al., 2004]. The various number of syllables used may 

depend on the goals of the tests, e.g., for children [Lee et al., 2002b; Liu et al., 

2004; Wong and Wong, 2004]. It is also restricted because of the characteristics 

of the language. For example, there are only a few Cantonese base syllables 

that can be combined with the six tones to form meaningful words [Khouw 

and Ciocca, 2007; Ma et al., 2006]. Whereas in Mandarin, there are many 

such monosyllabic words [Wei et al., 2004; Kong and Zeng, 2006; Liang, 1963 . 

Khouw and Ciocca [2007] used four sets of monosyllabic Cantonese words with 

six words in each set. They explained that it was not always possible to use 

minimal contrasts in Cantonese. They therefore used words that differ in initial 

consonants in addition to the differences in tones. Due to the different limita-

tion of the language characteristics, we adopted different criterions in designing 

the speech materials in Cantonese and Mandarin. In this thesis, monosyllabic 

and disyllabic words are used as speech materials for lexical tone test. Mono-

syllabic words provide clear comparisons in tones with the same base syllable. 

Disyllabic words carry more contextual information for linguistic comprehen-

sion of a language. Speech materials with more complex segmental structures, 

e.g., phrases and sentences, may also be considered for a tone perception exper-

iment. However, they are not included in our study because the subjects may 

depend on the context information rather than the tone information for phrase 

or sentence recognition. 
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Table 3.1: The written characters of the three sets of lexical tones. 

Lexical tone number 

1 2 3 4 5 6 

M 进 虎 富 符 婦 負 

/ j i / 衣 椅 意 兒 耳 — 

/ w a i / 威 委 餓 圍 偉 胃 

3.2.1 Cantonese Speech Materials 

Monosyllabic Speech Material 

We used three sets of monosyllabic words, each containing different segmental 

structure with the following three base syllables: / fu / , / j i / and /wai/. These 

syllables were chosen based on the considerations that there exist valid words 

for all of the six tones. These words occur frequently in daily communication. 

The Chinese characters of the three sets of words are listed in Table 3.1. Ideally, 

including more test sets would be helpful to avoid the bias towards the specific 

formant structures of syllables. As shown in Figure 3.1，the selected three 

monosyllables have different formant structures. 

Digital recordings of the speech materials were prepared from two native 

Cantonese speakers (one male and one female). The recording was done in 

a sound-proof room. The Cool Edit Pro 2.0 software (Syntrillium Software 

Corporation, 2002) was used to perform recording with a sampling rate of 44,100 

Hz and 16 bit resolution. 

During recording, the speaker spoke a carrier phrase “這個詞是 _ (This 

word is _ J . There is a pause inserted between the carrier phrase and the 

target syllable. Five trials were done for each target syllable. One of them was 

manually selected and used in the study. 

For each set of the six words, the durations of the syllables carrying those 

tones were equalized according to the mean duration of the six recorded syl-

lables in the set. The Praat v.4.1.2.1 software [Boersma and Weenink, 1992 -

2003] was used to perform this equalization. The quality and naturalness of 
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Figure 3.1: Formant structures of the three monosyllables, / fu / , / j i / and /wai/ , 

respectively. The upper plots are the waveforms in time domain. The cor-

responding lower plots are the spectrograms with formant structures (dotted 

curves). 
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Figure 3.2: Average FO changes over time. 

these duration-equalized speech were affirmed by two native Cantonese speak-

ers. Figure 3.2 gives the average FO contours of the six tones over the three 

base syllables. Male speech and female speech are displayed separately. 

In each experimental condition, there are a total of 36 presentations on 

each monosyllable. Each presentation consists of two lexical tone stimuli with 

the same syllable. The two stimuli were presented sequentially with a 500 

ms silence interval in between. The 36 presentations exhausted all possible 

pairing combinations of the 6 lexical tones (6 lexical tones x 6 lexical tones). 

Therefore, there were a total of 72 lexical tone items presented. Each tone has 

12 representatives. The 36 presentations were in random order. The subject's 

response from each presentation was entered into the test interface and stored 

for future analysis. The subject was allowed to listen to one repetition for the 

first five presentations. For the remaining 31 presentations no repetition was 

allowed. Unfilled response was not' allowed and the subjects were requested 

to provide guesses for any uncertainties. Since the response format was a six-

alternative force choice task, the chance level performance was 16.7%. 
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Disyllabic Speech Material 

In Ciocca et al. [2002] and Wei et al. (2004), tone identification tests were carried 

out using a set of monosyllabic words that have the same segmental structure 

and carry different tones. Due to limited segmental variation in the test mate-

rials, the linguistic role of tone was not fully reflected in these tests. Moore and 

Jongman [1997} stated that the intrinsic acoustic properties (FO level and con-

tour) specific to each lexical tone might be sufficient for the correct identification 

of Mandarin tones that contrast in both FO height and contour. However, the 

presence of three level tones (Tone 1，3, and 6) and two rising tones (Tone 2 

and 5) in Cantonese makes perception based only on intrinsic acoustic proper-

ties unlikely, as FO height is a significant factor in differentiating tones of the 

same contour. For example, Fok [1974] reported confusion between Tone 3 and 

Tone 6 in their perceptual experiment in Cantonese with the targets presented 

in isolation; she proposed that the confusion is due to the absence of extrinsic 

context cues with these stimuli. Fok also reported that Tone 1 and Tone 4 were 

more resistant to confusion in the absence of extrinsic context when compared 

with other tones. This suggested that perception of the six tones might depend 

on the extrinsic context to different degrees as the intrinsic FO changes of some 

tones (e.g., the falling contour of Tone 4 [21], as it is the only falling tone in 

Cantonese) may be of saliency to the listeners for correct tone identification. 

Therefore, another purpose of using disyllabic words was to provide extrinsic 

context cue in perception of all six tones in Cantonese. 

Tone is used as a contrastive linguistic component for word identification. 

In Chinese, disyllabic words are much more commonly used than monosyllabic 

words [Chin, 1998], and therefore considered to be more appropriate for tone 

recognition test. Ideally, we need many sets of disyllabic words and each set of 

words are minimally contrasted by the tone of one of the syllables. Given the 

lexical constraints of Cantonese, it is difficult to find even one set of words that 

cover all of the six tones with the same segmental structures. Therefore, we 

decide to include only a pair of contrasting tones in each set of words. There 

are a total of 15 contrasting tone pairs. The contrasting tone may be on either 
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‘ the first or the second syllable of the disyllabic words. Thus, we need 30 sets of 

words. 

Table 3.2 lists the 30 sets of words being used in our study. There are four 

words in each set. The left two words, denoted by MC-A and MC_B, carry the 

intended contrasting tones with the same segmental properties. For example, 

M O and MC_B in Set 1 are /gingl lik6/ and /ging2 lik6/, respectively, which 

differ in the tones carried by the first syllables. The same tone contrast also 

occurs in Set 16, but on the second syllables in the words. However, if each test 

trial involves only two candidates words, the subjects may easily realize that 

the test is focused on one of the syllables. To minimize the learning effect, two 

additional words are included in each set, as shown in the right two columns 

of Table 3.2. These words are referred to as quasi-controlled tone contrasting 

words and denoted by QC_A and QC_B. They share the same tone contrast as 

that between MC_A and MC_B, but have slightly different segmental composi-

tions. The whole set of 120 disyllabic words cover nearly 90% of the Cantonese 

phonemes. 

Table 3.3 shows all possible outcomes of the test. T and T are used to 

represent the cases of correct and wrong identification of tone, respectively, 

while S and S refer to correct and wrong identification of segmental structures, 

respectively. For example, (T, S) means that tone is correctly identified but 

the segmental identification is wrong. Although this study is focused primarily 

on tone recognition, the test results will also facilitate the investigation on the 

importance of temporal envelope and periodicity cues in conveying segmental 

information. 

The speech materials were recorded from a female and a male native speaker 

of Hong Kong Cantonese. Recordings were made in a sound-treated booth with 

an Etymotic Research ER-11 microphone connected to a desktop computer with 

an external sound-card. The recorded signals were digitized with a sampling 

frequency of 44,100 Hz and 16-bit resolution. To maintain a consistent pitch 

level of the speakers' voice, all words were recorded with the same carrier sen-

tence: “這個詞是 _ -"(This word is _ J . Five repetitions were recorded for each 

身 
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Table 3.2: The list of Cantonese disyllabic words. Each row contains four 

candidate words for selection in one test trial. 

Set MC_A MC_B QC_A QC_B 

1 gingl like 經歷 ging2 lik6 警力 gimgl lik6 功力 geng2 lik6 頸力 

2 geil gin2 機件 gei3 gin2 寄件 gail gin2 雞件 gei3 cin2 寄錢 

3 jaul mei5 優美 jau4 mei5 柔美 aul rneiS 歐美 ngau4 meiS 牛尾 

4 jaul ji6 優異 jau5 ji6 有異 ’ j a t l ji6 —二 jau5 si6 有事 

5 dakl ji3 得意 dak6 ji3 特意 hakl ji3 刻意 dik6 ji3 敵意 

6 gu2jan4 古人 gu3 jan4 故人 gaa2 jan4 假人 go3jan4 個人 

7 jan2 jing4 隙形 jan4 jing4 人形 jan2 cing4 隙情 jan4 cing4 人情 

8 waan2 gau3 玩夠 waan5 gau3 挽救 gaari2 gau3 揀夠 laan5 gau3 懶夠 

9 gau2 paai4 狗牌 gau6 paai4 舊牌 zau2 paai4 酒牌 haii6 paai4 後排 

10 paa3 goul 怕高 paa4 goul 爬高 gwaa3 goul 掛高 ngaa4 g o u r牙膏 

11 jau3 ji4 幼兒 jau5 ji4 友證 jau3 si4 幼時 jaii5 si4 有時 

12 ngoiS gwok3 愛國 ngoi6 gwok3 外國 ngoi3 gwo3 愛過 hoi6 gwok3 害國 

13 mei4 miu6 微妙 mei5 miu6 美妙 kei4 miu6 奇妙 mei5 maau6 美貌 

14 jyun4 ji3 原意 jyun6 ji3 願意 cyun4 ji3 傳意 gyiin6 ji3 倦意 

15 lou5 jan4 老人 lou6 jan4 路人 mou5 jan4 有人 zou6 jan4 做人 

16 daai6 baanl 大班 daai6 baan2 大阪 daai6 caanl 大餐 daai6 daan2 大蛋 

17 daai6 j i l 大衣 daai6 ji3 大意 daai6 sil 大師 daai6 si3 大使 

18 dol jyul 多於 do l jyu4 多餘 dol syul 多書 dol ji4 多疑 

19 daai6jyul 大於 daai6jyu5 大雨 daai6 zyul 大猪 daai6 ji5 大耳 

20 jau5 jikl 有益 javi5 jik6 有翼 jau5 sikl 有色 jau5 lik6 有力 

21 jatl bun2 —本 jatl bun3 —半 jatl wun2 —碗 jatl gun3 —耀 

22 jyu4 leon2 魚卵 jyu4 leon4 魚鳞 jyu4 ceon2 愚 g jyu4 seon4 魚唇 

23 daai6 jyu2 大魚 daai6 jyu5 大雨 daai6 jyun2 大丸 daai6 jau5 大有 

24 gaaul doi2 膠袋 gaaul doi6 交待 gaaul daai2 膠帶 gaaul ngoi6 郊夕卜 

25 daa2 ping3 打拼 （iaa2 ping4 打平 daa2 ting3 打聽 daa2 sing4 打成 

26 kyuta ji3 決意 kyut3 ji5 決議 kyut3 zi3 決志 syut3 ji5 雪耳 

27 (laai6 bou3 大埔 daai6 bou6 大步 daai6 ngou3 大澳 daai6 dou6 大盜 

28 dou6 jau4 導遊 dou6 jau5 道友 ngou6 jau4 邀遊 deoi6 jau5 隊友 

29 juk6 maa4 肉麻 juk6 maa6 辱罵 juk6 ngaa4 肉芽 juk6 baa6 欲罷 

30 jyun4 mei5 完美 jyun4 mei6 原味 jyun4 lei5 原理 jyun4 beijS 完備 

36 



Chapter 3. Design of Tone Perception Tests 

‘ z 

Table 3.3: Possible outcomes of the word identification tests. T and T denote 

‘ correct and wrong identification of tone, respectively. S and S denote correct 

and wrong identification of segmental structures, respectively. 

MC_A MC_B QC_A QC_B 

MC-A (T, 5) (T ,5 ) (T,S) (T ,5 ) 

MC_B (T,S) (T, S) ( f . 5 ) (T,5) 

QC-A (T,5) (T ,5 ) (T,5) (T,S) 

QCJ3 (T, S) (T ’ g ) (T^S) (T, 5) 

test word. Another two native speakers assessed the quality and naturalness of 

these recordings and selected the best one for our experiments. The test words 

were manually excised from the carrier sentences. 

3.2.2 Mandarin Speech Materials 

The speech materials consist of two parts: monosyllabic words and disyllabic 

words. 

Monosyllabic Speech Material 

Different from Cantonese, it is much easier to find many sets of monosyllables 

with four tones meaningfully. There are 20 sets of monosyllabic words included 

in our study. Each set contains four words that share the same segmental 

� structure but different tones. For example, one set of words was: “妈”（mother), 

“麻”(linen),“马”(horse), “骂"(curse), with the same consonant-vowel syllable, 

/ma / in Tone 1 to 4) respectively. The selection criteria of these monosyllabic 

words includes: (1) being commonly used in daily communication; and (2) 

covering as many consonant-vowel combinations as possible. One male and one 

female speaker were asked to utter the 80 monosyllabic words 5 times and the 

acoustically optimal one was manually selected as the speech material. Table 

3.4 shows the monosyllabic words designed for our Mandarin tone perception 
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test. 

Disyllabic Speech Material 

The disyllabic words were recorded from the same speakers. The design of the 

Mandarin disyllabic words shares the same concept as that of the Cantonese 

disyllabic words. One pair of contrasting tones, e.g., “奴隶 ” /riu2 li4/ (slave) 

and “努力” /nu3 li4/ (struggle), is included in each test set. There are totally 

6 contrasting pairs for the four tones in Mandarin. The contrasting tone may 

be on either the first or the second syllable of the disyllabic words while the 

segmental properties of the words are identical. For each tone pair, two sets of 

different words were created, e.g., Set 7 and Set 8 both contain the tone pair, 

Tone 2 and Tone 3，but has different segmental structures, i.e. /yarig qi/ and 

/iiu li/，respectively. Thus, we have 24 sets of words. Additionally, another two 

words were included in each set, which consist the same tone contrast as that 

between the two tone contrasting words, but have slightly different segmental 

compositions. Such words that correspond to the two tone contrasting words 

in the above example are “无力 ” /wii2 114/ (disability) and “牡贩 ’ , / m u 3 

li4/ (oyster). They are intended to minimize the learning effect and provide 

segmental variation of the syllables. The whole set of 96 disyllabic words covers 

nearly 90% of the Mandarin phonemes. The disyllabic words are shown in Table 

3.5. 

Recordings of both monosyllabic and disyllabic words were made in a sound-

proof booth Ĵ rith a high-quality microphone and a desktop computer. All the 

speech signals were equalized to the same intensity and low-pass limited to 4 

kHz. 

3.3 Acoustic Simulation with Noise-excited 

Vocoder 

Throughout this thesis, the signal processing strategies are based upon a noise-

excited vocoder.�It simulates the Continuous Interleaved Sampling (CIS) speech 
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Table 3.4: The list of Mandarin monosyllabic words. Each row contains four 

candidate words for selection in one test trial. 

Tone number 

1 2 3 4 

ma 妈 麻 马 骂 

po 坡 婆 回 破 

ke 科 壳 可 课 

du 都 读 赌 度 

wei 微 围 委 卫 

bao 包 薄 饱 暴 

q i a o 敲 桥 巧 翅 

you 优 游 有 又 

duo 多 夺 躲 堕 

’ wan 弯 玩 晚 万 

t o n g 通 同 统 痛 

nian 驚 年 碾 念 -

pin 拼 频 品 聘 

liu 溜 流 f i 卩 六 

g u o 锅 国 果 过 

“ b a i 辦 白 摆 拜 

mi 眯 迷 米 密 . 

t a n g 汤 唐 躺 资 

yun 晕 云 隔 运 

ying 英 赢 影 硬 
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Table 3.5: The list of Mandarin disyllabic words. Each row contains four can-

didate words for selection in one test trial. 

Set MC_A MC_B Q C ^ QC_B 

1 gel duan4 割断 ge2 duan4 隔断 bol duan4 波段 zhe2 duan4 折断 

2 bol wen2 波纹 bo2 wen2 博闻 zhongl wen2 中文 de2 wen2 德文 

3 taol qian2 拘钱 tao3 qiari2 i寸钱 chaol qian2 超前 zhao3 qian2 找钱 

4 biaol ming2 标明 biao3 ming2 表明 gaol ming2 高明 tiao3 ming2 挑明 

5 tui lchul 推出 tui4chul 退出 tul chul 突出 hiii4 chul 汇出 

6 duanl kou3 端口 duan4 kou3 断口 guaiil kou3 关口 chuan4 kou3 串口 

7 yaiig2 qi4 洋气 yang3 qi4 氧气 fang2 qi4 居契 rman3 qi4 暖气 

8 nu2 li4 奴隶 mi3 li4 努力 wu2 114 无力 n”i3 U4 牡顿 

9 nan2 you3 男友 nan4 you3 难友 han2 you3 含有 zhan4 you3 战友 

10 pari2 tao2 蟠桃 pan4 tao2 叛逃 qian2 tao2 潜逃 cuaii4 tao2 窜逃 

11 guan3 yong4 管用 guaii4 yong4 惯用 xuan3 yorig4 选用 laii4 yong4 滥用 

12 ke3 guanl 可观 ke4 guanl 客观 jing3 guanl 景观 guo4 guaril 过关 

13 dong4 tingl 动听 dong4 ting2 洞庭 dong4 xinl 动心 dong4 qing2 动情 

14 min2 gel 民歌 min2 ge2 民革 min2 jianl 民间 min2 giio2 民国 

15 tong4 kul 痛哭 tong4 ku3 痛苦 tong4 shil 痛失 tong4 chu3 痛楚 

16 tong2 banl 同班 tong2 ban3 铜板 tong2 guanl 潼关 tong2 gan3 同感 

17 kail tuol 幵脱 kail tuo4 幵拓 kail guol 幵锅 kail kuo4 开阔 

18 qingl danl 清单 qingl dan4 清淡 qingl shanl 青山 qingl suan4 清算 

19 mu4 tong2 牧童 mu4 tong3 木桶 mu4 peng2 木棚 mu4 ou3 木偶 

20 wei2 du2 惟独 wei2 du3 围堵 wei2 nu2 为奴 wei2 bu3 围捕 

21 mi4 tan2 密谈 mi4 tan4 密探 mi4 han2 密函 mi4 jian4 蜜钱 

22 Iiu2 1ian2 流连 liu2 lian4 留恋 liu2 yan2 留言 liu2 nian4 留念 

23 zi4 li3 自理 zi4 li4 自立 zi4 ji3 自己 zi4 bi4 自闭 

24 qingl li3 清理 qingl li4 倾力 qingl xi3 清洗 qingl xin4 轻信 
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Figure 3.3: Flowchart of the CIS strategy process. BPF means band-pass fil-

tering; LPF means low-pass filtering; and EL-n represents the n̂ ^ electrode. 

processing strategy, which is commonly implemented in CM devices [Wilson et al., 

1991; Wilson, 2000; Vandali et al., 2005 . 

CIS is based on a speech vocoder that could be traced back to 1940s [Dudly, 

1939]. It was proposed by Wilson and his colleagues in 1991 [Wilson et al., 

1991). Figure 3.3 shows a flowchart of the signal processing in CIS. 

In CIS the signal is first pre-emphasized. The pre-emphasis process is a 

high-pass filter which attenuates strong low-frequency components below 1.2 

kHz at 6 dB/octave in speech that might mask the important high-frequency 

components. The signal then undergoes a filter bank which separates the sig-

nal into band-limited channels. The number of channels often corresponds to 

the number of active electrodes in the implant [Zeng, 2004], Bandpass filtering 

simulates the physiology of the cochlea where different frequencies are detected 

at different positions on the BM. In each analysis band, the temporal envelope 

of the signal is extracted by the envelope detection function. This is done by 

full-wave/half-wave rectification and low-pass filtering. There are some other 

methods that can be used to detect the envelope, e.g., Hilbert transform. De-

tailed discussion has been presented in Section 1.2.2. A compression function is 

then applied to the envelope amplitude in each channel. The compression is an 
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Figure 3.4: Flowchart of the noise-excited vocoder. BPF and LPF abbreviate 

band-pass filter and low-pass filter respectively. 

essential component of the CIS processor. This function is necessary because 

the range of acoustic amplitudes in conversational speech is considerably larger 

than the CI user's dynamic range. 

The key feature of CIS is that the electric pulses on different channels are not 

overlapped in time. They are interleaved to avoid the interaction among elec-

trodes. If the electrodes are simultaneously stimulated, the interaction would 

be produced through vector summation of the electrical fields from the simul-

taneously stimulated electrodes. Such interaction would interfere the salience 

of the channel-related speech cues [Wilson et al., 1991 . 

Figure 3.4 depicts the standard implementation of the noise-excited vocoder 

Shannon et al., 1995; Xu et al., 2002]. Similar to CIS, the input speech goes 

through a set of band-pass filters. TEPCs are extracted by the use of full-wave 

rectification and low-pass filtering. The major difference from CIS is that the 

TEPCs are used to amplitude-modulate noise carriers in the respective bands, 

instead of pulse trains in CIS. No compression is needed since NH listeners 

are tested. The modulated noise signals are band-passed again with the same 

analysis band to remove undesirable frequency components generated in the 

modulation process. At each band, the signal's intensity level is adjusted to 

match that of the original band-passed speech. Finally, acoustic stimuli for 

psychophysical experiments are generated by combining the modulated signals 

from each band. 

42 



Chapter 3. Design of Tone Perception Tests � 

If not particularly claimed, the speech materials undergo a four-channel 

noise-excited envelope vocoder, similar to the procedures described in many 

previous studies, e.g. [Dorman et al., 1997; Fu et al., 1998b; Shannon et al., 

1995]. The frequency ranges of the four sub-bands were: 60 - 500 Hz, 500 -- 1000 

Hz, 1000 — 2000 Hz, and 2000 - 4000 Hz. This band structure is slightly different 

from those used in some previous studies [Dorman et al., 1997; Fu et al., 1998b . 

Shannon et al. [1998] compared various definitions of sub-bands and found that 

they were not critical for speech recognition. All band-pass filters were elliptical 

filters. The low-pass filter for TEPC extraction is an elliptical filter with cut-

off frequency of 500 Hz. However, different parameter settings may be .used 

depending on the particular experimental requirements. In our implementation 

of the noise-excited vocoder, the pre-emphasis procedure was not included. In 

pilot tests, it was found that pre-emphasis adversely affected speech recognition 

performance, especially for vowel recognition. 

3.4 Research Platform 

This section describes a PC-based research platform for controlling the stimu-

lus presentation and collecting the subjects' responses. The platform enables 

researchers to set up auditory experiments in a user-friendly way. The stimuli 

and the graphical user interface for testing can be adapted for different tasks. 

The use of PC-based software enables researchers to set up more complex test 

designs and to easily vary more parameters for a human controller. Moveover, 

the software driven experiments may provide high precision of stimulus presen-

tation and the response collection. Due to the above advantages, psychophysical 

experiments are always controlled by software. Since the research targets are 

quite different from one to another, most of the software is specially requested 

and designed for one particular experiment. There are still some software pack-

ages appeared recently which can demonstrate both acoustical and electrical 

stimulation directly through CIs [Laneau et al., 2005; Pu, 2002; Vandali et al., 

2005]. However, these software packages are not capable of handling all the 
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specific requirements of a particular psychoacoustic test. 

In our study, we developed a software package called ATOPEX (Applica-

' tion for TOne Perception Experiments) which performs auditory experiments 

, with acoustical stimuli for NH listeners. » This software runs under the Win-

dows operating system. The graphical user interface (GUI) can be easily set 

up for different tasks, including tone identification tests with monosyllabic and 

disyllabic words in Cantonese or Mandarin languages. The Cantonese disyllabic 

word set has been published as a standard Cantonese disyllabic tone test, called 

CANDILET-N (Computerized CANtonese Disyllabic LExical Tone Identifica-

tion Test in Noise). 

3.4.1 Overview of the Software 

For a particular study, the design of a psychoacoustic experiment can be di-

vided into the following steps, based on the research hypothesis/expectation： 

(1) stimulus preparation, (2) determination of the experimental procedure, (3) 

subject selection, (4) running the real experiment, and (5) analysis of the col-

/ lected response data. 

For the first step, all stimuli are created offline with MATLAB program and 
\ 

ŝ iOred on hard disk in the computer. This allows the researcher to gener-

ate stimuli with very complex signal processing algorithms which may demand 

relatively large computation time. This also allows the researcher to verify 

the stimuli and their proposed processing ideas before running the experiment. 

ATOPEX was user-friendly and didn't require any programming skills for cre-

ating and setting up an experiment. Once the experimental procedures and 

parameter values are defined by the researcher and programmed in ATOPEX, 

the experiment controller is only required to follow the given description of the 

test procedure to run the experiment which is straightforward for understand-

ing. Figure 3.5 shows an example of the control window for a Cantonese tone 

identification experiment with disyllabic words using ATOPEX. The experiment 

controller only needs to type in the subject's ID (username) and select the pre-

sentation order of the two speakers' speech stimuli which has been decided by the 
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Figure 3.5: Screenshot of an example of the control window for a Cantonese 

tone identification experiment using ATOPEX. The controller only needs to 

type in the username and select the presentation order of the two speakers' 

speech stimuli. 

researcher. In this example, the presentation order of the processing conditions 

(e.g., 'EEEE', ‘XXXX, ’ and etc.) should be randomized which is automatically 

controlled by ATOPEX. 

Figure 3.6 shows the first control window in the software for Cantonese 

monosyllabic words. First, the subject ID (username) was entered by the exper-

iment controller. The presentation order for the two syllables ( / j i / and /wai / ) 

and the seven test conditions were automatically randomized by the software for « 

each subject. The items, A.O to A_32 indicate the specific test conditions. Each 

time, the origin^ unprocessed stimuli will be played first to make the subject 

familiarize with the stimuli and noise condition. 

After the experiment controller loads in the required parameters and values 

in the control window, subjects can perform the experiment. Before the real test, 
< 
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Figure 3.6: Configuration window for tone test with monosyllabic words. 

the experiment controller needs to press the ‘Calibration’ button to play some 

sounds produced by the speaker who whose speech sound was used for creating 

the real test stimuli. This process calibrates the frequency range of the tones 

presented by the speaker for the subject. When the subject gets familiarized 

with the tone range of the speaker, the real test begins. The subject sits in 

front of a graphical user interface and is presented with the sequence of trials. 

After each trial the subject enters his response. This can be done by clicking the 
I 

possible answer using the PC mouse. Optional feedback can be provided after 

each response. The time interval between two trials can be fixed to a constant 

value or flexible to the response time of the subject. The display position of the 

four possible answers can be fixed or randomly assigned on the screen. 

ATOPEX has different test windows for different tasks. For Cantonese 

monosyllabic word, the presentation and response window are shown in Fig-

ure 3.7. In this window, the monosyllable with six tones were presented in 

traditional Chinese characters. '1' to ‘6’ represents the tone number. In each 
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trial, the subject will hear two monosyllabic words sequentially. He/she is re-

quired to type the corresponding tone numbers in the text box besides the test 

‘Your answer is:，. Then the subject needs to click on the 'NEXT(N)' button 

using the mouse or press the N/n button on the keyboard to proceed to the 

next trial. A warning window will appear to alarm the subject to check his/her 

answer and input again if the subject only input one number or nothing, or 

the two inputs are not in the correct range (1 to 6). For Cantonese disyllabic 

word, the window is shown as in Figure 3.8. In this window, there are four 

squared buttons showing the traditional Chinese characters of one set of words 

in Table 3.2. The subject needs to click on one button after he/she heard the 

acoustic sound and then press N/n button on the keyboard to proceed. The 

corresponding disyllable and tone are illustrated besides the button in dotted 

boxes which are not shown to the subject during the test. Different from Can-

tonese, Mandarin monosyllabic word does not need contextual information for 

contrasting the tone. Only one word will be played in each trial. Figure 3.9 � 

shows the presentation and response window for the tone identification test with 

Mandarin monosyllabic words. Since the concept of designing the Mandarin di-

syllabic word speech materials is the same as that for Cantonese, the interface 

for Mandarin disyllabic words is similar to that for Cantonese disyllabic words. 

The difference is that the type of Chinese characters presented in Mandarin 

tests is simplified Chinese, not traditional Chinese. 

In order to permanently associate the experimental parameters with the 

obtained results, the program collects all responses and outputs them to a text 

file and names the text file with pre-defined format which should include the 

subject ID and test number information for individual subject. For the tone 

identification the program computes the correctness of each response in both 

tone and word recognition levels, and prints the results in the text file. These 

data can then easily be imported into statistical software packages for further 

analysis of the results. 

1 • 
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Figure 3.7: Presentation and response window for tone test with Cantonese 

monosyllabic words. 
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Figure 3.8: Presentation and response window for tone test with Cantonese 

disyllabic words. 
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Figure 3.9: Presentation and response window for tone test with Mandarin 

monosyllabic words. 
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Figure 3.10: Presentation and response window for tone test with Mandarin 

disyllabic words. 
t 
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\ Figure 3.11: Internal structure of the ATOPEX source code. 
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3.4.2 Interned Structure 

The program was designed in Microsoft Visual Basic Professional 6.0. The 

Visual Basic program is powerful of graphical user interface design and data 

management. Figure 3.11 shows the internal structure of the ATOPEX soft-

ware source code. In the control window, the program first loads the button 

definition and constants, i.e., number of test conditions (NumCondition), num-

ber of speakers (NumSpeaker), number of syllables (NumSyllable), and number 

of tones (NumTone) for test. Then, the control window assigns the positions 

of the defined buttons and some textual blocks in the window. The researcher 

decides the type of parameter selection (automatically randomized, manually 

chosen, etc). The current and previous selected parameters are saved in a text 

file and prepared to be loaded in the test window source code. 'Calibrated' 

. speech sounds produced by the same speaker who made the speech materials 

. are played each time before the real 'test. The test window, initially loads in the 

database which contains the test stimuli information, including the syllables 

and tones, together with the respective Chinese characters. In the test window, 

the program also loads in the timers which determines the time interval between 

two stimuli and the waiting time for the subject's response. The test stimuli 

in each trial are randomly played out via a loudspeaker/headphone and the 

subject's response will be automatically saved in another text file for further 

analysis. 
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3.5 Summary 

This chapter first describes the design method of the speech test materials used 

in our study. Tone perception is not only another task of pitch discrimination. 

It is more related to linguistic aspects in tonal languages than in non-tonal 

languages. Therefore, speech material for lexical tone perception experiment 

should contain more segmental variations, e.g., using disyllabic words or sen-

tences. To bettor control the contextual effects on tone perception, disyllabic 

words were used in our study. Due to the lexical constraints of Cantonese 

and Mandarin languages, it is hard to find a set of disyllabic words that have 

identical segmental structures but are minimally contrasted by the tone (six in 

Cantonese and four in Mandarin) carried by one syllable of the disyllabic word. 

Therefore, only a pair of contrasting tones were included in each set of words. 

Moreover, monosyllabic words were also implemented in our study similar to 

the conventional settings by other researchers. 

In our study, a user-friendly research platform has been developed. It 

allows for psy^choacoustic experiments simulating the process of CI devices. 

With different test stimuli, various experiments can be demonstrated including 

Cantonese and Mandarin tone identifications with disyllabic and monosyllabic 

words. It is flexible to adjust the presentation order depending on different ex-

periment requirements in the software. However, it is still a specified software 

package which fits only the needs in our rcsearcli. ‘ 

• End of chapter. 
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Chapter 4 

Effects of Temporal and Spectral 

Cues on Lexical Tone Perception 

Summary 

Temporal cues play an important role in speech recognition, espe-

cially when the spectral cues are limited. Some studies showed that ^ 

the contributions of temporal information from different frequency 

regions to speech recognition, i.e., consonant, vowel and sentence 

recognition are different. But very few studies have been done on 

tone recognition. The goal of this study is to evaluate the effect of 

frcquericy-specific TEPCs on tone recognition for tonal languages, 

i.e., Cantonese and Mandarin. We also aim to investigate the con-

tribution of spectral resolution to tone perception in noise, by vary-

ing the number of frequency bands. Psychoacoustic experiments 

consistently show that: (i) TEPCs from high-frequency region are 

more important for tone perception; (ii) Cantonese tone perception 

accuracy will increase as the number of frequency bands increases 

(1 to 32 bands) at a signal-to-noise ratio of 10 dB. Four or more 

frequency bands are necessary to provide good tone perception. 
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4.1 Introduction 

Previous chapters show that sounds are analyzed from different frequency re-

gions in the inner ear according to the natural tonotopic organization of the 

cochlea. Despite the spectral approach to speech understanding, the temporal 

structure of speech is also important. A number of behavioral studies have 

shown that useful speech information is conveyed by the low-frequency ampli-

tude fluctuations, i.e., the temporal envelope of speech, and that normal-hearing 

(NH) [Tasell et al , 1987，1992; Shannon et al., 1995] and hearing-impaired (HI) 

listeners [Turner et al., 1995; Apoux et al., 2001] can use this information to 

recognize speech. 

Recently, there have been a number of studies on the contribution of tempo-

ral envelopes extracted from different frequency regions to speech recognition. 

For instance, some researchers found that in quiet condition, different frequency 
t 

regions contribute unequally for the recognition of consonant, vowel, and sen-

tence [Shannon et al., 2001] while some researchers found the same contributions 

of the frequency regions for consonant recognition [Apoux and Bacon, 2004; 

Kasturi and Loizou, 2002]. Under noise conditions, it is found that the tern-
* > 

poral information from high-frequency region is more important for consonant 

recognition [Apoux and Bacon, 2004]. Tone recognition, as a part of speech 

recognition, is important in the understanding of tonal languages. However, 

to our knowledge, the relative importance of the temporal cucs from different 

frequency regions have not been investigated in tone perception tasks. In this 

chapter, we aim to investigate the effect of frequency-specific temporal cues 

to lexical tone identification of Chinese, i.e., Cantonese and Mandarin. Dif-

ferent from the recognition of non-tonal languages, temporal periodicity cues 

are found to be useful for providing tone-related information. Therefore, the 

temporal envelope and periodicity component (TEPC) is extracted from each 

> frequency band. 

The number of frequency channels controls the degree of the spectral details. 

The importance of spectral resolution for speech recognition has been investi-

gated using the spectral smearing technique [Villchur, 1977; Baer and Moore, 
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1993, 1994; ter Keurs et al., 1992，1993]. It is found in those studies that the 

speech recognition in quiet is hardly affected by spectral smearing. However, 

the speech recognition in noise was adversely affected, especially at low SNRs 

Baer and Moore, 1993, 1994]. Shannon et al. [1995] used the vocoder tech-

nique and showed that four channels are sufficient to achieve good (i.e., > 85% 

correct) consonant, vowel, and sentence recognition of English in quiet. There 

is converged evidence that 4 - 1 6 channels are needed to achieve good speech 

recognition in English. The major factors are the difficulties of test tasks (e.g., 

vowel, consonant, or sentences) and listening conditions (e.g., quiet or noise) 

Shannon et al., 1995, 2004; Dorman et al , 1997; Loizou, 1999; Zeng et al., 

2005; Xu and Zheng, 2007]. The effect of spectral resolution on speech recogni-

tion is also investigated in tonal languages. Consistent with the observations in 

English, recognition performance keeps improving as the number of frequency 

bands increases for Mandrin phonemes and sentences [Fu et al., 19985). In a 

more recent work, Xu and Pfingst [2008] further showed that phoneme recog-

nition in quiet reached a high level with 8 channels and more channels were 

needed under noise condition. For lexical tone recognition, larger number of 

channels is required (Xu et al., 2002; Xu and Pfingst, 2003; Luo and Fu, 2006; 

Lin et al., 2007]. In our study, the effect of spectral resolution on tone percep-

tion of Cantonese was evaluated in noise. Compared to Mandarin, Cantonese 

has one of the most complex tone systems in all languages. It is expected that 

more spectral cues would be required for the perception of Cantonese tones. 

The effect of noise is also investigated to show whether the temporal envelope 

cues are susceptible to the interference of background noise. 

Two psychoacoustic experiments are reported in this chapter. In Experiment 

1，test stimuli were created from the combinations of modulated noise carriers 

of different frequency bands. The test stimuli are monosyllabic and disyllabic 

words in Cantonese and Mandarin as described in Section 3.2. The purpose 

of this research is to investigate the contributions of TEPCs from different 

frequency regions to tone perception. In Experiment 2, the number of the 

frequency bands is varied from 1 to 32, providing different spectral resolution. 
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The speech materials are masked by background noise at a SNR of 0 dB. The 

purpose of this study is to evaluate the spectral resolution to tone perception 

in noise. 

4.2 Experiment 1: TEPCs for Lexical Tone 

Identification 

4.2.1 Experiment lA : TEPCs for Cantonese Tone Iden- . 

tification 

Materials and Methods 

Subjects 

Eighteen subjects (nine males and nine females) aged from 19 to 24 years par-

ticipated in the tone identification test with monosyllabic words. Another ten 

subjects (five males and five females) attended the test with disyllabic words. 

All subjects had NH sensitivities with pure-tone air condition thresholds of 

25dB HL or better in both ears at octave frequencies from 125 to 4000 Hz. All 

subjects are native Cantonese speakers with no reported history of ear diseases 

or hearing difficulties. 

Speech Materials 

Monosyllabic and disyllabic Cantonese words are used for lexical tone recogni-

tion in this test. The design of these speech materials "was presented in Section 

3.2.1. 

Speech Processing and Stimuli 

All of the speech materials were first low-pass filtered at 10 kHz. Their root 

mean square (RMS) intensity levels were equalized with A-weighting correction 

applied. 
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The test stimuli were generated with a four-channel noise-excited vocoder 

as described in Section 3.3. Different combinations of the four modulated noise 

bands were used to creat stimuli and the following experimental conditions are 

defined: (1) ALL�all four modulated noise bands are included; (2) LOW, with 

the two bands of 60 - 500 Hz and 500 - 1000 Hz; (3) MID�with the two bands 

of 500 - 1000 Hz and 1000 - 2000 Hz; (4) HIGH�with the two bands of 1 -

2 kHz and 2 - 4 kHz. Together with the original unprocessed signal (ORG), 

there were a total of five processing conditions. 

Psychophysical Procedures 

With Monosyllabic Words 

For tone identification test with monosyllabic words, each subject participated 

in two test sessions, each lasting for 1.5 hour. In the first session, the subject was 

asked to fill in a research consent form followed by the air-conduction pure-tone 

audiometry assessment. Then all test stimuli from one of the two speakers were 

presented in the first session; the stimuli from the other speaker were presented 

in the second session. The test sequence of speakers was counter-balanced over 

all subjects. 

Before the commencement of actual test, a test administrator introduced the 

six tones by presenting a response display containing the corresponding Chinese 

characters to the subject. The respective tone numbers (1 to 6) were shown 

next to the characters. The administrator spoke two words to the subject. The 

subject was asked to verbally repeat the words. The training procedure was 

repeated until the subject was familiar with the test requirement. This pro-

cedure is important for Cantonese speakers because they usually are not quite 

aware about the tone differences in their daily communication. This training 

procedure can make them pay more attention to the perception of tones, which 

is essentially important in our study. 

The acoustic stimuli were presented via a loudspeaker. The subject was 

seated one meter away in front of the loudspeaker. A desktop computer with a 

graphic-user-interface (GUI) software was used to playback the test stimuli via 
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the loudspeaker, which is connected with a GSI 10 audiometer. At the begin-

ning, a noise signal with the same A-weighted RMS level as the monosyllable 

stimuli was used to calibrate a presentation level of 65 dBA at the subject's 
« . 

location. The calibration noise was generated from a white noise shaped by the 

average speech spectrum computed from all monosyllabic speech materials. All 

test sessions were conducted in a sound-proof room. 

During each test session, the order for presenting the three blocks of base 

syllables was randomized. Within each block, the ORG condition was tested 

first, and then the other four conditions {ALL, LOW, MID and HIGH) were 

tested in randomized order. After finishing each test block, the administrator 

repeated the lexical tone training for the next base syllable. 

With Disyllabic Words 

During tone identification tests with disyllabic words, each subject was required 

to attend two sessions. Each session involved all test stimuli from one speaker. 

The presentation order of the two speakers was counter-balanced over all sub-

jects. The NH subjects were seated in a sound-proof room and listened to the 

stimuli presented via a Paired E.A.R. Tone 3A Insert Earphone at 65 dBA. For 

each speaker, the unprocessed clean speech materials (ORG) were presented at 

the beginning to let the subject familiarize with the process and the test mate-

rials. Subsequently the four sets of processed stimuli {LOW, MID, HIGH ^nd 

ALL) were presented in randomized order. In each test set, the presentation 

order of the 120 words was randomized. No feedback was provided. 

Results of Analysis 

The test results were analyzed using the analysis of variance (ANOVA) method . 

to investigate the main effects of different factors. Post-hoc tests were also 

applied to analyze within-factor differences. 
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Figure 4.1: Tone identification accuracy of the five processing conditions with 

Cantonese monosyllabic words. The bottom right plot shows the overall re-

sults and the other three plots show the results breakdown from each phonetic 

composition. The error bars show the 95% confidence intervals of the means. 

Results 

Tests on Monosyllabic Words 

Figure 4.1 gives the test results in terms of percentage correction of tone identifi-

cation. The bottom right plot is the average result over the three base syllables. 

The results for individual base syllables are shown in the other plots. In each 

plot, the tone identification accuracies on male and female speech are shown 

separately. The error bars show the 95% confidence intervals of the means. The 

accuracy on male speech was better than that on female speech. The LOW pro-

cessing condition always gave the worst performance. For natural unprocessed 

speech {ORG)y the subjects could attain an identification accuracy of 90%. 

A three-way repeated measures AN OVA was conducted to investigate the 
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main effects from the factors of processing condition (ALL, LOW, MID and 

HIGH)�base syllable ( / fu / , / j i / and /wai/)，and speaker (male and female). 

The results revealed that there were significant main effects of processing con-

dition [ F (3,51) = 60.96’ p < 0.000001] and speaker [F (1,17) = 128.62, p < 

0.000001]. The factor of base syllable did not show a main effect [F (2 ,34 )= 

1.84, p = 0.17]. There were also significant effects for interactions of the three 

factors (p < 0.005). 

Tukey post-hoc Honest Significant Different (HSD) test revealed that the 

performance on male speech was significantly better than on female speech (p 

< 0.05). The tone accuracy in HIGH condition was significantly higher than 

those in LOW and MID. There was no significant difference between HIGH 

and ALL. Looking into male and female speech separately, similar trends were 

observed except that HIGH was better than ALL for male speech (p < 0.05). 

For individual base syllable stimuli, the tone accuracy in HIGH condition was 

significantly higher than that in LOW. The only exception was noted on the 

base syllable / f u / in female speech, in which the accuracies in all of the four 

conditions were very low (close to chance level). HIGH was significantly better 

than ALL for / j i / and /wai/ for both male and female speech. 

Tests on Disyllabic Words 

Figure 4.2 shows test results with disyllabic words. The observations are similar 

to those on Figure 4.1. The HIGH condition was better than the other process-

ing conditions and LOW was the worst. The accuracy on male voice was higher 

than those on female voice. Two-way A NOVA was used to analyze the main 

effects of the two factors: processing condition {ALL^ LOW, MID and HIGH) 

and speaker (female and male). Both factors showed significant main effects. 

The interaction between them also showed significant main effect [F (4 ,36 )= 

541.9 , p < 0.000001]. This interaction reflected the fact that the difference 

in tone identification score between HIGH and other processing conditions was 

more obvious for female than for male speech. The high performance on male 

voice led to ceiling effect, which hindered further improvement on the HIGH 
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Figure 4.2: Tone identification accuracy of the five processing conditions with 

Cantonese disyllabic words. The error bars show the 95% confidence intervals 

of the means. 

condition. 

Tukey post-hoc HSD test showed that, the performance on male speech was 

significantly better than on female speech (p < 0.05). The tone accuracy in 

HIGH condition was significantly higher than those in LOW and MID (p < 

0.05). For female speech, HIGH was better than ALL {p < 0.05). A consistent 

trend was shown as following: HIGH > ALL > MID > LOW. 

9 
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4.2.2 Experiment IB: TEPCs for Mandarin Tone Iden-

tification 

Materials and Methods 

Subjects 

Five male and five female subjects participated in the study. They are all native 

Mandarin speakers. Their ages are from 24 to 30. All subjects have normal 

hearing with pure-tone thresholds higher than 25 ciB HL at octave frequencies 

from 125 to 4000 Hz in both ears. 

Speech Materials 

The speech materials consist of two parts: monosyllabic words and disyllabic 

words. Detailed information was given in Section 3.2.2. 

Speech Processing and Stimuli 

The signal processing method is exactly the same as the one used in the pre-

vious experiment on Cantonese. A four-channel noise-excited vocoder was im-

plemented. Three processing conditions were generated with TEPC-modulated 

noise carriers: LOW (60 - 1000 Hz), HIGH ( 1 - 4 kHz) and ALL (60 - 4000 

Hz), respectively. The MID condition (500 - 2000 Hz) was not included to 

reduce the duration of the test. 

Psychophysical Procedure 

The subjects were tested using the same equipments as those in Cantonese disyl-

labic word tests. Each subject was required to attend two sessions. Each session 

involved test stimuli from either monosyllabic or disyllabic word list, with the or-

der counter-balanced over all subjects. The unprocessed clean speech materials 

were always presented at the beginning. Subsequently the three sets of processed 

stimuli were presented in randomized order. In each test set, the words were 

presented in randomized order without repetition. Tone identification tests were 
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Figure 4.3: Tone identification accuracy with Mandarin monosyllabic words. 

The error bars indicate 95% confidence intervals of the mean scores over all 

subjects. Chance levels are 25%. 

conducted using a 4-alternative, forced-choice (4-AFC) procedure. No feedback 

was provided. 

Results 

Tests on Monosyllabic Words 

Figure 4.3 shows the test results for monosyllabic words. The tone identification 

accuracies for male and female voices are plotted separately. The accuracies 

by the three processing conditions are compared. The original unprocessed 

speech condition {ORG) is included for reference. The tone accuracies in HIGH 

and ALL conditions were higher than those in LOW. HIGH was much better 

than ALL for male speech, while little difference between HIGH and ALL was 

observed for female speech. The accuracies on male speech were always higher 

* than those on female speech under the same processing condition. 

The results are analyzed using a two-way repeated-measures ANOVA with 

the factors of processing condition and speaker. The analysis showed significant 
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main effects of both factors [F(3,27) = 114.12’ p < 0.0005] and speaker [F(l,9) 

=59.36, p < 0.0005]. A main effect on the interaction between the two factors 

was also significant [F(3,27) = 27.94, p < 0.0005], reflecting that the difference 

between HIGH and ALL was more obvious for male speech than for female 

speech. Fisher LSD post-hoc tests showed that, for both female and male speech, 

the tone accuracies in HIGH and ALL conditions were significantly higher 

than those in LOW (p < 0.05). For male speech, post-hoc comparison showed 

that the tone accuracy in HIGH was significantly higher than ALL. For all 

processing conditions, the accuracies on male speech were higher than those 

on female speech. Significant difference between male and female speech was 

observed in HIGH and ALL. 

The average accuracies for individual tones are plotted in Figure 4.4. It was 

shown that the accuracies for Tone 1 and Tone 2 were lower than those for 

Tone 3 and Tone 4 in all processing conditions on female voice. For male voice, 

similar trends were observed except that the tone identification accuracies in 

HIGH were similar across all tones. 
r -

Tests on Disyllabic Words 

Figure 4.5 shows the test results with disyllabic words. Three similar trends were 

observed as in the monosyllabic word test. Additionally, the difference between 

tone accuracies in HIGH and ALL and those in LOW was more noticeable for 

female speech. 

ANOVAs revealed significant main effects of both processing condition 

F(3，27) = 61.71, p < 0.0005] and speaker [F(l,9) = 13.69, p < 0.005]. The 

interaction also showed a significant main effect [F(3,27) = 4.44，p < 0.05 . 

LSD post-hoc tests showed that HIGH and ALL were significantly better than 

LOW {p < 0.05) on both male and female speech. For male speech, HIGH 

was significantly better than ALL. For all processing conditions, the accuracies 

on male speech were higher than those on female speech. However, only one 

significant difference, between male and female speech was observed in HIGH 

condition. 

* 
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Figure 4.4: Percentage correct scores of the four tones with Mandarin monosyl-

labic words under different processing conditions. 
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Figure 4.5: Tone identification accuracy with Mandarin disyllabic words. The 

error bars indicate 95% confidence intervals of the mean scores over all subjects. 

Chance level is 50%. 

4.2.3 Discussion 

Our experiments showed some interesting results that are common in both Can-

tonese arid Mandarin: 

(1)Tone identification performance with TEPCs from high-frequency region 

is significantly better than that from low-frequency region. It is mainly related 

to two factors: the limitation in the peripheral filtering of normal ears, and 

spectrum overlapping between TEPC and the noise carrier in low-frequency 

region. More details will be discussed in the general discussion section in this 

chapter. 

(2) Tone identification accuracies on male speech are significantly higher 

than those on female speech. It indicated that the relatively high FO of mod-

ulation frequency in female speech might not be represented as well as the low 

FO in male speech. Qin and Oxenham [2005] reported that pitch perception 

of TEPC was poorer with high FO modulations than low FO modulations. In 

their study, FO difference limens for synthetic stimuli were worse for the ones 
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Table 4.1: Confusion matrix of Mandarin tone identification. The stimulus tones 

are presented in the y-axis. The response tones are presented in the x-axis. 

Tone 1 2 3 4 

1 67 14 5 14 

2 11 75 6 8 

3 2 10 82 6 

4 9 4 4 83 

with higher FO (220Hz) than those with lower FO (130Hz), especially in con-

ditions where there were limited number of channels. Kohlrausch and Fassel 

2000] also showed that modulation detection thresholds worsen with increasing 

modulation rate and suggested that the auditory system works like a low-pass 

filter in processing temporal information. 

The Mandarin tone scores in all processing conditions were higher than 

those of Cantonese in the respective processing conditions, showing that Man-

darin tone perception task is relatively easier than Cantonese tone perception. 

Cantonese tone system is complex which includes six tones. Tone level and 

tone contour are important for distinguishing the four level tones and two ris-

ing tones. Compared to Cantonese, Mandarin tone system contains four tones. 

Tone contour is the primary cue to distinguish different tones. Our experimental 

results also showed that tone identification performance was consistently much 

better for male voice than for female voice. The same results were observed in 

Cantonese tone identification tasks. 

Table 4.1 and Table 4.2 showed the confusion matrices of tone identification 

of Mandarin and Cantonese monosyllabic words, respectively in the HIGH 

condition. The total number of occurrences for each tone has been unified to 

100 for ease of comparison. For Mandarin, different tones exhibit very different 

accuracy level. Tone 1 is the worst case. Tone 3 and 4 are the best recognized 

tones. Fu and Zeng investigated the contributions of temporal cues (amplitude, 

duration and periodicity) to Mandarin tone recognition [Fu and Zeng, 2000 . 
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Table 4.2: Confusion matrix of Cantonese tone identification. The stimulus 

tones are presented in the y-axis. The response tones are presented in the 

x-axis. 

Tone 1 2 3 4 5 6 

1 85 2 6 3 2 2 

2 2 78 5 4 9 2 

3 6 4 75 4 4 7 

4 3 5 6 78 3 5 

5 2 19 7 5 63 4 

� 6 3 5 14 8 , 8 62 

Their results showed that the recognition accuracy for Tone 1 was the lowest 

among the four tones. They also found that syllable durations of Tone 3 and 

4 were the longest and shortest respectively, and duration coJh be used as a 

cue to discriminate Tone 3 and 4 from other tones. In addition, they showed 

that the range of FO variation in different tones were very different: Tone 4 had 

widest FO range and Tone 1 had the narrowest range. The confusion matrix 

also showed that Tone 1 was easily confused with Tone 2 and Tone 4. For 

Cantonese, the confusion patterns can be categorized into two groups. Major 

confusions are seen in Table 4.2 between level tones that are close in pitch levels 

(Tone 1 and 3； Tone 3 arid 4，Tone 3 and 6, and Tone 4 and 6), and between the 

two rising tones (Tone 2 and 5). The highest correct scoje was attained on Tone 

1. This is a somewhat contradictory result to Mandarin since the perception of 

high-level tone in Mandarin was the worst. 

t 

w 
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4.3 Experiment 2: Number of Filter Banks to 

Cantonese Tone Identification 

4.3.1 Materials and Methods 

Subjects 

Five male and five female Cantonese-speaking subjects participated in this 

study. Their ages are from 19 to 22. All of them have normal hearing with 

pure-tone thresholds of 25dB HL or better in both ears at octave frequencies 

from 125 to 4000 Hz. 

Speech Materials 

The speech materials contain monosyllabic and disyllabic words. The monosyl-

labic word stimuli are the two base syllables, / j i / and /wai/ . It was observed 

that these two syllables showed similar tone identification accuracy. 

Noisy speech materials were generated by adding noise signals to clean 

speech at SNR of 0 dB. A noise signal was generated by shaping the spec-

trum of white noise according to the average spectrum of all test words spoken 

by the respective speaker. The speech materials were low-pass filtered with a 

cut-off frequency of 4 kHz. In this study, stimuli from clean speech materials 

were not tested in the consideration of long test period. 

Experimental Conditions 

To investigate the effect of number of frequency bands to tone perception, the 

original broadband speech materials were divided into 1, 2, 4, 8，16’ or 32 fre-

quency bands using sixth-order clliptical bandpass filters. The cutoff frequencies 

of each band were determined by approximating equal cochlear distance for each 

band according to the Greenwood map [Greenwood, 1990]. In this map, the 

frequency-position function was defined as in Equation 4.1，where A = 165.4, 

Or = 2.1 and fc = 1. The corner frequencies of these frequency banks are given 
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in Appendix. 

F = AiW"" - k) (4.1) 

Together with the original unprocessed noisy speech signal condition at 0 

dB SNR {ORG), there were a total of seven experimental conditions: 1-band, 

2-band, 4-band, 8-band, 16-band, 32-band, and ORG. 

Psychophysical Procedure 

The subjects attended the test in a sound-proof room. Each subject need to 

finish two sessions. One session contains the stimuli of monosyllabic words, 

while another session contains all the stimuli of disyllabic words. The order for 

these two sessions were balanced over all the subjects. . 

For both monosyllabic and disyllabic word tests, the experimental procedure 

is the same as in Section 4.2.1’ except that the number of processing conditions 

was seven. 

4.3.2 Results 

Tests on Monosyllabic Words 

Figure 4.6 shows the test results on monosyllabic words. The tone accuracies 

of the seven processing conditions are compared. The original unprocessed 

speech condition {ORG) is included for reference. It is clearly seen that the 

tone identification performance improves as the number of frequency bands 

increases. 

The results were analyzed using a two-way repeated-measures AN OVA on 
J 

two factors: spectral detail (number of frequency bands) arid base syllable ( / j i / 

and /wai/). The analysis revealed significant main effects of both factors. Fisher 

LSD post-hoc tests showed that the tone scores attained from 1-band and 2-band 

conditions were significantly lower than the other conditions (p < 0.05). The 

4-band, 8-band, and 16-band conditions showed similar tone scores (47.78%, 

51.46% and 54.38%, respectively) (p > 0.05). Detailed spectral information, 
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Figure 4.6: Tone identification accuracy with Cantonese monosyllabic words. 

The error bars indicate 95% confidence intervals of the mean scores over all 

subjects. Chance level is 16.7%. 
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Figure 4.7: Tone identification accuracy with Cantonese disyllabic words. The 

error bars indicate 95% confidence intervals of the mean scores over all subjects. 

Chance level is 50%. 

with as many as 32 frequency bands, was required to produce tone recognition 

performance close to the original unprocessed speech {ORG). This agrees with 

previous study of Kong and Zeng [2006 . 

Tests on Disyllabic Words 

Figure 4.7 shows the test results with disyllabic words. The trends are similar 

to those in monosyllabic words. 

For disyllabic words, ANOVAs revealed significant main effects of spectral 

detail on the tone identification [F(6,54) = 40.89，p < 0.00001]. LSD post-hoc 
• ft： 

tests showed that the toiie accuracy in the 1-band condition was significantly 
、 

lower than the 2-band condition (p < 0.05). These two conditions performed 

significantly worse than the other conditions (p < 0.05). The post-hoc com-

parison showed no significant difference among 4-band, 8-band and 16-bancl 

72 



Chapter 4- Effects of Temporal and Spectral Cues on Lexical Tone Perception 
’ • — — 

conditions, as well as between 32-band and ORG (p > 0.05). 

4.3.3 Discussion 

This study investigated the effect of spectral resolution on tone perception in 

noise. The amount of spectral information wsa determined by the number of 

frequency bands. When there was no spectral detail available, i.e., 1-band con-

dition, the subjects could achieve only 18.47% correctness of tone identification 

with monosyllabic word stimuli and 49.83% with disyllabic words. With in-

creasing number of frequency bands, spectral details became richer and the 

tone identification performance improved. In our study, temporal fluctuations 

below 500 Hz were preserved in each frequency band. This covers the frequency 

range of FO for tone perception purpose. However, the subjects could not per-

ceive tone without spectral information {1-band condition). This indicated that 

the temporal periodicity cues can not transmit the tone information with the 

complete absence of spectral cues. As the number of channels increases, the 

temporal information in the envelope for each channel becomes restricted to 

narrower bands and the overall presentation of spectral-temporal information 
r 

becomes more detailed. For example, Figure 4.8 Figure 4.9 shows the wave~ 

forms and their spectrograms of the Cantonese syllable / j i / in tone 1 to tone 6. 

The left most panel is the original unprocessed signal waveform. The following 

six panels were the stimuli waveforms with numbers of channels of 1, 2，4，8，16 

and 32. The spectrograms show that the FO and its harmonics are absent in 

all tokens. With as few as 4 channels, the formants (i.e., Fl , F2 and F3) can 

roughly be discerned. With 8 channels or more, the formants become clearer. 

Together with the temporal periodicity in each frequency band, the temporal-

spectral patterns of the six tone tokens will be somewhat distinguishable. This 

observation is consistent with Xu and Pfingst (2008 . 
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Figure 4.8: Time waveforms and the narrow-band spectrograms of vocoder 

processed Cantonese syllable / j i / in tone 1-3 with numbers of channels of 1, 2, 

4，8，16 and 32. The left most panel is the original unprocessed sigr al waveform. 

The three lines in this waveform indicate the three formants (Fl, F2 and F3) 

extracted in the middle of the vowel of the original, unprocessed speech signal. 
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Figure 4.9: Time waveforms and the narrow-band spectrograms of vocoder 

/ processed Cantonese syllable / j i / in tone 4-6 with numbers of channels of 1, 2, 

4，8, 16 and 32. The left most panel is the original unprocessed signal waveform. 
A 

The three lines in this waveform indicate the three formants (Fl, F2 and F3) 

extracted in the middle of the vowel of the original, unprocessed speech signal. 
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4.4 General Discussion 

In state-of-the-art CI devices, temporal envelope cues are the primary speech 

information transmitted to the auditory nerves. Temporal cues that are deliv-

ered to CI patients are the relatively slow fluctuations in individual frequency 

channels. The availability of spectral information are mainly determined by 

the number and places of the electrodes (or frequency channels). In order to 

investigate effective temporal cues to speech recognition with flexibly-controlled 

parameters, a noise-excited vocoder is often used as an acoustic model for sim-

ulating the speech process in CI devices [Shannon et al., 1995; Larieau et 

2006a]. In the vocoder, speech signal is split into a number of frequency sub-

bands. In each sub-band, temporal envelope cue is extracted and used to mod-

ulate noise carrier within the sanie band. Acoustic output is the combination 

of the amplitude-modulated noise carriers. This output is presented to NH 

subjects in listening tests. 

Temporal periodicity component (TPC) between 50 and 500 Hz was found to 

carry important information for tone perception when temporal fine-structure 

component (TFSC) is not available [Kong and Zeng, 2006; Fu et al., 1998b . 

The test results from Experiment 1 agree with those from [Shannon et al., 

2001; Apoux and Bacon, 2004]. That is, TEPCs in high-frequency region are 

critical for lexical tone recognition. There are two major factors that explain 

these different contributions. One factor is due to the limitation in the periph-

eral filtering of normal ears. Hanna [1992] showed that at low-frequency region 

the narrow bandwidth of peripheral filters limits the usefulness of the temporal 

pitch cues. In the noise-excited vocoder, the spectral region of the output signal 

is matched to the spectral region of the input signal. For the test stimuli in 

LOW condition, all signal energy is concentrated in the low-frequency region. 

For modulation rates above 100 Hz, modulation rate discrimination is limited by 

peripheral filtering. The basilar membrane starts oscillating at its characteristic 

frequency when excited with noise. In low frequency region, these oscillations 

call obscure the modulation of the noise band. Also, due to the limited band-

width of the basilar membrane at low frequency region, the effective modulation 
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depth of the FO-related modulations is reduced. Another major factor is due 

to spectrum overlapping between TEPC and the noise carrier in low-frequency 

region. The lowest band has a frequency range of 60 — 500 Hz, which overlaps 

with the range of fluctuation range of the extracted TEPC. The noise band may 

mask the TEPC and cause the poor performance of tone recognition. In the 

MID condition, the extracted TEPC does not have the same frequency range 

with noise carriers. However, the performance of tone recognition was signif-

icantly poorer than that in the HIGH condition. McKay et al. [1995] found 

that the carrier frequency in CI should be at least 4 times of FO. Otherwise 

pitch perception would be affected by the interference of the carrier. In our 

case, the carrier frequency should be at least 2000 Hz to avoid interference with 

the TEPC modulation frequency. In a related study [Yuen et al., 2007], a fixed 

high-frequency noise carrier (> 1000 Hz) is used for TEPCs across all frequency 

bands. In this way, the effect of noise carrier's frequency is normalized. The test 

results showed that with the same noise carrier, the TEPC from high-frequency 

region was more useful than the other frequency regions. This indicated that 

periodicity information located in the high frequency TEPC is more important 

and salient for lexical tone perception. For NH people, pitch can be perceived 

from both the temporal cues and the spectral cues. As described in Section 

2.2，temporal pitch is mainly derived from vibration of the unresolved harmon-

ics in the high-frequency region. The temporal periodic fluctuations in these 

bands represent the fundamental frequency of the speech-signal. Meanwhile, the 

low-order harmonics in the low-frequency region can bejresolved and used for 

.spectral pitch detection. However, in the' noise-excited vocoder, the low-order 

harmonics carried in TEPCs from the low-frequency region are not resolvable 

due to the limited number of frequency bands (only two bands below 1000 Hz). 

Thus, NH subjects could not use spectral cues to detect pitch as they can do 

with original unprocessed speech. Their ability of using unresolved harmonics 

in low-frequency region is not as good as in high-frequency region. This is il-

lustrated as in Figure 2.1. In low-frequency region, i.e., below 1000 Hz, the 

responses of basilar membrane correspond to the characteristic frequencies, i.e., 
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the first four harmonics at 200 Hz, 400 Hz, 600 Hz and 800 Hz. The temporal 

广“^^^eriodicity is not salient compared to the high-frequency region. This reflects 

‘ that the ability of using temporal envelope and periodicity cues to detect pitch 

in low-frequency region is not as good as that in high-frequency region. 

Our observed results are consistent with previous studies. In Apoux and 

Bacon [2004), the relative importance of temporal information in broad spectral 

regions for consonant identification was assessed in NH listeners. The speech 

sounds were spectrally degraded using four-band noise-excited vocoder process-

ing to make the listeners to use primarily temporal envelope cues. Their results 

showed that all bands contributed equally to consonant identification when pre-

sented in quiet. However, in noise condition, the listeners consistently placed • 

relatively more weight upon the highest frequency band indicating that TEPC 

(< 500 Hz) in high frequency region (2.5 - 5 kHz) was more important for con-

sonant identification. Lorenzi et al. [1999] suggested that the contribution of 

amplitude fluctuations in those high-frequency bands is more important to the 

intelligibility of the speech with reduced spectral information. They measured 

consonant identification under conditions of greatly reduced spectral informa-

tion similar to the conditions tested in the present experiments. In addition, 

temporal modulations in the envelope of speech stimuli were preserved, de-

graded, or expanded. Their results showed a significant improvement in in-

telligibility when the temporal envelope from the high-frequency band was ex-

panded. However, to our knowledge, there has been no investigation on the 

contributions of TEPCs from different frequency regions to tone perception. 

Our findings may have clinical implications for CI users who speak tonal lan-

guages. By emphasizing the TEPCs from high-frequency region, the lexical 

tone recognition may be improved such that overall performance of the speech 

recognition can be enhanced. 

We also investigated the effect of the number of frequency bands to lexical 

tone recognition. With four or more frequency bands, over 75% correctness of 

tone identification can be achieved with disyllabic words in Cantonese. The tone 

recognition performance improves monotonically as the number of frequency 
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I 
bands increases. As many as 32 frequency bands, the performance became sim-

ilar to the original unprocessed speech. Such observations were also found in 

‘ other studies [Kong and Zeng, 2006; Fu et al., 2004a; Xu and Zheng, 2007; 

Xu et ai., 2005; Green et al., 2002]. It indicates that the spectral resolution 

is important for both tonal language and non-tonal language recognition. The 

contribution of spectral cues was also investigated on CI users. Wei et al. [2004 

evaluated the Mandarin tone recognition in CI listeners as a function of the num-

ber of electrodes. They found that implant listeners performed 57% correctness 

when listening with a 20-electrode map. The friability of cochlear-implant lis-

teners to perceive lexical tones was also reported in Cantonese. Ciocca et al. 

2002] studied a group of early-deafened Cantonese-speaking cochlear-implant 

children. Very few patients performed above chance in a tone identification 

task. 

In Experiment 2，the speech signals were at a SNR of 0 dB. Compared to the 

test results in Experiment lA, the tone identification accuracies at 0 dB SNR 

were 10% lower than in quiet. Friesen et al. [2001] found that a larger number 

of channels was required in noise conditions for CI users to achieve performance 

equivalent to that in quiet conditions. Similar results were obtained in Fu et al. 

1998a]; Dorman et al. [1998]. Wei et al. [2004] tested Mandarin tone recognition 

with CI subjects and found that tJtie performance could not be further improved 

with more than 7 electrodes. Similar observations were achieved for English and 

German speech perception [Fishman et al., 1997; Friesen et al., 2001; Garnham 

, et al., 2002]. In the following chapters, we mainly focus on the effect of temporal 

cues to tone perception. The number of frequency bands is fixed at 4 for ease. 

4.5 Conclusion 

Lexical tone identification was measured in multi-channel noise-excited vocoder. 

The contribution of TEPCs from different frequency regions and the effect of 

number of frequency bands were evaluated on the tone identification in Can-

tonese and Mandarin. The results from this chapter can be summarized as 
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follows: 

1. Temporal envelope and periodicity components (TEPCs) play an impor-

tant role for Icxical tone identification in tonal languages, i.e. Cantonese 

and Mandarin when the spectral cues are limited. This is consistent with 

other studies showing similar observations on tonal languages. 

2. TEPCs from high-frequency region (> 1000 Hz) contain more important 

information for tone perception in tonal languages. This performance 

agrees with the results obtained in other studies for consonant, vowel and 

sentence recognition. '今 

3. The spectral resolution contributes to the tone perception, especially in 

noise. The tone identification monotonically improved as increasing the 

number of frequency bands. Relatively good recognition performance can 

be achieved with the number of frequency bands not less than 4. As the 

number of bands increased to 32, the recognition performance is close to 

the original unprocessed speech. 

* 

• End of chapter. 
> 
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Chapter 5 

TEPC Expansion for Tone 

Perception 

Summary i 

CI patients are found ta have poor tone perception ability for tonal 

languages, e.g., Cantonese. It implicates that the commercially 

available signal processing strategies are not efficient in providing 

tone-related information to the subjects. This chapter describes a 

study on the effectiveness of expanding the TEPCs for Cantonese 

tone perception. The ultimate goal is to develop speech processing 

. techniques that can improve speech perception of hearing prosthesis 

users. Psychophysical listening tests on Cantonese tone identifica-

tion are carried out with expanded and unexparided TEPCs. Based 

on the conclusion obtained in the previous chapter that TEPCs 

from high-frequency region are more important for tone recogni-

tion, the expansion is applied to the TEPCs from high-frequency 

region. The experimental results show that: (i) expansion of TEPC 

leads to noticcable improvement on tone identification accuracy; (ii) 

the effectiveness of TEPC expansion is more significant for female 

voice than male voice. 
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. 5.1 Introduction 
1 

A number of studies have shown that temporal envelope - the slow-varying 

amplitude fluctuations of speech sounds - plays an important role in speech 

perception when spectral cues are not available in NH listeners [Shannon et al., 

1995; Smith et al., 2002) and listeners with cochlear damage [Apoux et al., 2001; 

Turner et al., 1995 . 

This finding has led to the idea that speech recognition may be improved 

or restored by enhancing (i.e., expanding) these temporal envelope cues, or 

in other words, by artificially increasing the modulation depth of the speech 

envelope. A number of studies have investigated the effects of temporal enve-

lope expansion on speech recognition in quiet and noise conditions. Different 

implementations of the expansion scheme have been considered (power-law, en-

velope thresholding, compression-expansion, etc.). However, these studies gave 

conflicting results. Clarkson and Bah gat [1991] showed a very small benefit 

from expansion (+6%) in NH listeners on word recognition. Fu and Shannon 

1999); Lorenzi et al. [1999); Apoux et al. [2001) reported greater improvements 

in phoneme recognition in both NH and HI listeners. Contrarily, no effects or 

even detrimental effects of envelope amplitude expansion in both NH and HI 

listeners were shown in Freyman and Nerbonne [1996]; van Buuren et al. [1999]; 

Apoux et al. [2004]. 

Part of the inconsistent results of the above studies may arise from the 

use of different expansion schemes, speech stimuli (phonemes, syllables, and 

sentences), and psychoacoustic paradigms (measurement of speech reception 

thresholds, reaction times, etc.). A critical concern is about the different fre-

quency range of envelope fluctuations to expand. The studies that showed more 

positive results used higher cut-off frequencies for the envelope, such as 160 Hz 

Fu and Shannon, 1999] or 500 Hz [Apoux et al., 2001; Lorenzi et al., 1999 . 

The goal of the present study was to further investigate the effects of tempo-

ral envelope expansion on tone perception. To our knowledge, no one has inves-

tigated such a research topic. According to our previous studies, the temporal 

amplitude fluctuations below 500 Hz from high-frequency bands are expanded. 

i . 
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Cantonese tone identification task is carried out. We use a noise-excited vocoder 

which extracts TEPCs from different sub-bands of the input speech signal and 

re-synthesizes the output signal by modulating random noise with these TEPCs 

[Fu et al., 1998b; Xu et al., 2002). In our work, the sub-band TEPCs undergo 

a nonlinear expansion process such that their periodicity is strengthened. 

5.2 Materials and Methods 

5.2.1 Subjects 

Five male and five female subjects aged from 19 to 24 years participated in 

the perceptual experiments. All of them are normal-hearing people with pure-

tone air condition thresholds of 25 dB HL or better in both ears at octave 

frequencies from 125 to 4000 Hz. All subjects are native Cantonese speakers 

with no reported history of ear diseases or hearing difficulties. 

5.2.2 Speech Materials 

The Cantonese syllables / j i / and /wai / were used as the base syllables. 

5.2.3 Speech Processing and Stimuli 

In this study, the periodicity-enhancement method is compared with the stan-

dard CIS strategy as shown in Section 3.3. 

The TEPC expansion is a non-linear amplification process that attempts 

to make the periodicity more salient. First of all, the envelope of TEPC is 

determined. It describes the variation that is slower than the pitch periodicity. 

This is done by applying discrete wavelet transform (DWT) analysis on the 

TEPC. A Ith-OTder Daubechies wavelet is applied. The DWT analysis consists 

two processing steps, decomposition and reconstruction. In the decomposition , 

step, the coarser coefficient A7 and the detail coefficients Di to D j are derived. 

In the reconstruction step, only the coarser coefficient A7 is retained, from 

which the TEPC envelope can be constructed. The TEPC envelope is used as � 
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a threshold for the expansion. That is, a sample on the TEPC is amplified only 

if the sample value is higher than the threshold at the respective time instant, 

i.e., 
( a • (x\k\ — e [/：!) 4- e \k] if x [fcl > e \k] 

(5.1) 
X [/c] if x[k] < e [A: 

where x[A:) denotes the TEPC, e[k] is the expansion threshold, a is the ex-

pansion factor that detf rmines the degree of expansion, and p[k] is the expanded 

TEPC. 

We use a synthesized speech segment to demonstrate the effect of TEPC 

expansion. Figure 5.1 shows the TEPC extracted from the second sub-band 

(500 - 1000 Hz) of a synthesized segment of vowel ‘a’ with the FO value of 

110 Hz. The upper pane shows the original TEPC and the lower one is the 

expanded TEPC (amplitude-normalized) with a = 100. The measured period of 

this speech segment is equal to exactly 1/FO. After expansion, the modulation 

depth of the periodic signal is increased. 

Figure 5.2 shows the frequency spectra of the TEPC signals. Before ex-

pansion, tbe TEPC contains the FO and the first harmonic. The magnitude 

of the first harmonic component is 25 dB lower than that of the fundamental 

frequency component. After expansion, the difference is reduced to about 6 dB 

and a number of higher harmonics are introduced. 

In our previous work, it was found that TEPC from the two higher bands 

( 1 - 4 kHz) leads to significantly higher accuracy of Cantonese lexical tone 

identification than that of the two lower bands (60 - 1000 Hz). Accordingly 

we limit the current study to the comparison between a single high-frequency 

band (denoted by HIGH) and a single low-frequency band (denoted by LOW), 

with 1 kHz being the boundary. Speech stimuli were created for the following 

experimental conditions: 

• H I G H _ S T D - Only the high-frequency unexpanded TEPC is presented. 

No signal is included for the low-frequency band, 

• H I G H J E X P - Similar to HIGH_STD, except that the TEPC is expaiided. 
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Figure 5.1: TEPC expansion effect for synthesized vowel / a / with Fq = 110 Hz 

in the 2 � ^ sub-band. 
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Figure 5.2: Spectrum of TEPC with the expansion effect (left pane: original 

TEPC, right pane: expanded TEPC). 
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• ALL_STD - Both low-frequency and high?frequency TEPCs are included 

and they are not expanded. 

• ALL_EXP - Similar to ALLJSTD, except the high-frequency TEPC is 
» 

expanded. 

In addition to the above conditions, the original speech was also used as a 

reference condition. The expansion factor a is fixed to 100 throughout the test ‘ » 
based on a pilot experiment. 

Each time a subject is presented with a pair of stimuli that carry the same 

base syllable. As there are six different tones in Cantonese, there are 36 pre-

" sentations prepared for each of / j i / and'/wai/. In total, we had 72 syllable-pair 

stimuli under each experimental condition. � 
• ‘ 

5.2.4 Psychophysical Procedure 

A high-quality loudspeaker was used to present the signals at a presentation 

level of 65 dBA. The psychophysical procedure for this experiment is the same 

as the one described in Section 4.2.1. But this test contains different processing 

conditions as mentioned in the previous section. 

5.3 Results 

Figure 5.3 shows the tone identification accuracy averaged over all subjects un-

der different conditions. The dash line indicates the chance-level correctness. 

A repeated AN OVA was performed to investigate the main effects of three fac-

tors: speaker (male, female), base syllable ( / j i / , /wai/) and processing condition 

(HIGH_STD’ HIGH_EXP, ALL_STD, ALL_EXP). The results revealed that all 

factors significantly affect the recognition performance: speaker (p < .001), base 

syllable (p < .05) and processing condition (p < .0001). Noticeable performance 

differences were also seen in the interaction term of speaker and processing con-

dition (p < .0001).. This reflected that the contributions of the processing 

conditions vary between different speakers. Special care should be taken when 
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Figure 5.3: Tone identification accuracy with Cantonese monosyllabic words 

under different processing conditions. 

interpreting the pairwise difference for the processing conditions. 

Pairwise comparisons were performed by the post-hoc Fisher least-square-

difference (LSD) Tests {p < .05). The demission of the low-frequency band 

) gives significantly better performance than retaining it. The performance of tone 

recognition significantly improved by the expansion of high-frequency TEPC for 

‘ female speech but no significant change was observed for male speech (p = 0.73)， 

due to the ceiling effect of the high scores for male speech. With the presence of 

the low-frequency band, there is no significant difference between the expanded 

and unexpanded conditions for female speech (p = 0.21). 

, 
87 



• . - . . 、 • : - • • . • ‘ 

. .• . • • , < • . • • ‘ •• 
•、、 ‘ 

• - • • * m 

： . .丨 • Chapter 5. TEPC Expansion for Tone Perceptioti ::. 
. r “‘ ‘ ‘ = ~ ： ： ‘ “ 

, . ‘ . > • . . . 
• • * . • • , 5.4 Discussion and Conclusion 

« - • I 

In the cases that only the high-frequency TEPC is presented (conditions ， 

.HIGH-STD and HIGH.EXP), the accuracy of tone identification is significanlly - * . 
better than the cases that both low- arid high-frequency TEPGs are presented 

. * * 

(conditions ALL_STD and ALLJEXP). This is consistent with our previous find-. 

ings. 
When only TEPC from high-frequency region is presented, the expansion 

leads a noticeable improvement on tone identification performance for female 

’ speech. The improvement is not significant for male speech. It is noted that, 
.• - . « 

without TEPC expansion, the tone identification aqcuracy for male speech is 

much higher than that for female speech (85% vs. 60%). There is relatively less 

room to demonstrate the effectiveness of TEPC expansion for male speech. -

f 

f 

• End of chapter. 
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Chapter 6 

Improved Tone Perception with 

FO-modulated -TEPCs 

Summary 

Temporal periodicity cues are found to be important to tone recog-

nition. Better representation of the tone-related information may ^ 
‘ \ 

improve the tone recognition performance. This chapter investi-

gated the effectiveness of enhancing these cues for tone recogni-

tion in noise. The periodicity cues between 20 and 500 Hz in the 

TEPCs were simplified into a sinusoidal wave of the same funda-

mental frequency. Tone identification experiments were carried out 

using Cantonese disyllabic words. Results showed that the use of 

periodicity-enhanced TEPCs led to consistent improvement of tone 

identification performance. The improvement was more significant 

at low SNRs than for clean speech, and more noticeable for fe-

male speech than male speech. The analysis of error distributions 

showed that the periodicity enhancement method reduced the num-

ber of tone identification errors and influence to the recognition of 

segmental structures was subtle. 

89 



Chapter 6. Improved Tone P creep tion with FQ-modulated TEPCs 

6.1 Introduction 
r � 

In realistic hearing environments, periodicity cues can be easily deteriorated 
、 

by background tioise. To make pitch information more salient against noise, it 

was suggested to increase the modulation depth of the periodicity cues (Lorenzi 

et al., 1999; Vandali et a l , 2005]. By using a simple power-n expansion of 

temporal envelope, Lorenzi et al. (1999] reported a small but consistent per-

formance improvement of speech recognition in noise. We proposed a similar 

approach using non-linear envelope expansion which has been shown in Chap-

ter 5. There are many other approaches that focused on improving the tone 
A 

perception by manipulating the temporal envelope cues. Vandali et al. [2005 

‘ evaluated the pitch ranking performance of CI users with different speech p r o • 

cessing strategies. In addition to the standard strategies commonly used in 

commercial devices, a few experimental algorithms were developed to encode 

FO-related periodicity information in the stimulus signal. Across all activated 

electrodes, the modulation depths of FO-related fluctuation were increased in a 

synchronous manner. The experimental results showed that these new strategies 

could improve pitch perception of CI recipients. In Lan et al. [2004] and Luo 

and Fu (2004a), acoustic simulations were carried out with FO-controlled sinu-

soidal or pulse-train carriers modulated by sub-band temporal envelopes. They 

demonstrated better performance of Mandarin tone recognition than systems 

with fixed-frequency carrier or noise carrier. In Green et al. [2004], the complex periodicity cue extracted from original speech was simplified as a sinusoidal or 
% 

a sawtooth wave at the same fundamental frequency, and then combined with 

intact envelope cue. Improvements on pitch perception were observed in both 

acoustic simulations with NH subjects and listening tests with CI users. . 

There have been relatively fewer works on Cantonese speech recognition 

with temporal information than on English and Mandarin. Perceptual studies 

‘on lexical tones and intonation of Cantonese speech were reported in Ma et al. 

2005, 2006]. It was shown that tonal context played an important role in 

Cantonese tone perception. Six-tone identification accuracy varied from 98.2% 
for tones in natural sentences to 78.8% for those presented in isolation. Lee et al. « 
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[2002A) showed a big gap of Cantonese tone identification ability between NH 

• and CI children (92% vs. 64%). Au [2003] tested Cantonese tone identification 

of a group of post-lingually deafened Cantonese-speaking CI users. The average 

accuracy was about 69% and great individual differences were observed. These 

results indicated that existing CI systems are not effective in delivering tone-

related information. 

The present study extends our previous work in two aspects. First, the effect 

of noise was investigated by using test stimuli at different SNRs. Second, in or-

der to improve tone recognition in noise, the effectiveness of enhancing temporal 

periodicity cues was studied. We adopted the processing algorithm described 
4 

in Green et al. [2004]. A slowly-varying temporal envelope component (TEC) 

was extracted by full-wave rectification and low^pass filtering at 20 Hz. In each 

sub-band, the TEC was multiplied with a constant-amplitude sinusoidal wave 

that follows the FO trajectory of the original speech. This produced a modi-

fied TEPC, in which the temporal periodicity component (TPC) was simplified. 
> 

Tone identification experiments by NH subjects were carried out with test stim-

uli generated by the standard CIS strategy and the periodicity-enhanced one. 

We expected that: (1) Cantonese tone identification accuracy would be im-

proved by using periodicity-enhanced TEPCs; (2) periodicity enhancement on 

TEPCs from high-frequency region (1 — 4 kHz) would be particularly effective to 

improve tone identification accuracy; (3) the effect of periodicity enhancement 

would be more prominent for noisy speech than for clean speech. 

6.2 Materials and Methods 

6.2.1 Subjects 
f 

Five male and five female subjects participated in this experiment. Their ages 

ranged from 20 to 23 years. All of them are native Cantonese speakers with 

normal hearing. Their pure-tone thresholds were better than 20 dB HL at 

octave frequencies from 125 to 4000 Hz in both ears. 
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6.2.2 Speech Materials 

In this study, the Cantonese disyllabic words were used as the speech materials. 

The full set of disyllabic words is same as the one described in Section 4.2.1. 

Several sets of noisy speech materials were generated by adding noise signals 

to clean speech at different SNRs. For each of the speakers, a noise signal was 

generated by shaping the spectrum of white noise to follow the average spectrum 

of all test words spoken by this speaker. The noise signal was then added to the 

clean utterances at the SNRs of 0 dB, 10 dB and 20 dB. The SNR was controlled 

by fixing the Root-Mean-Square (RMS) intensity level of speech signals at -25 

dB and varying the noise level. Both clean and noisy speech materials were 

low-pass'limited to 4 kHz. 

6.2.3 Speech Processing and Stimuli 

In this study, the standard noise-excited vocoder was implemented. Detailed 

description of the vocoder has been shown in Section 3.3. Figure 6.1 explains 

the modified speech processing strategy that incorporates explicit FO-related 

periodicity information. It differs from the standard strategy in that the TEPC 

used to modulate the noise carrier is not directly derived from the input speech. 

At each band, a slowly-varying TEC is extracted with a low cut-off frequency 

of 20 Hz. The TECs are then multiplied with a sinusoidal wave that follows 

the FO variation of the original clean speech. In other words, the complex 

periodicity cues are replaced by a simplified periodicity pattern [Green et al., 

2004]. Given these modified sub-band TEPCs, the subsequent steps of acoustic ， 

stimuli generation are the same as the standard strategy. 

In our study, a four-channel vocoder was used. The parameters of the ‘ 
« 

vocoder, e.g., corner frequencies of the analysis bands, low-pass cut-off fre-

quency for envelope extraction, the parameter for determining the filters, are 

the same as described in Section 3.3. 

The FO trajectories of all test stimuli were pre-computed from full-band 

clean speech signals. This was done with the pitch estimation algorithm imple-

I 
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Figure 6.1: The modified speech processing strategy with enhanced periodicity 

- cues. 

merited in the PRAAT s o f t w a r e � T h e FO values were manually checked and 

errors were corrected. 

To investigate the contributions of envelope and periodicity information from 

different frequency regions, several sets of test stimuli were generated with dif-

ferent combinations of sub-bands. Based on our findings in Chapter 4, three 

different sub-band combinations were considered: 

* LOW : 60 Hz - 1 kHz (including the two low-frequency bands) 

HIGH : 1 - 4 kHz (including the two high-frequency bands) 

ALL : 60 Hz - 4 kHz (including all of the four bands) 

With the three frequency regions and the two processing strategies, there 

were a total of six different test conditions as shown in Table 6.1. The standard 

and modified strategies are abbreviated as STD and MOD’ respectively. For 

clean speech materials and noisy speech at 10 dB SNR, all of the six conditions 

were.tested. For noisy speech at 0 dB and 20 dB SNR, only the HIGH conditions 

were tested. Including the unprocessed natural speech, there were 17 sets of test 

stimuli for each speaker. 

~ ~ ^ P R A A T 5.0.20 Copyright © 1 9 9 2 - 2008 by Paul Boersma and David Weenink 

(www.praat.org) 
« • 
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Table 6.1: The 16 sets of processed test stimuli used in this study. Each row rep-

resents a specific way of generating TEPC. The four columns represent different 

noise conditions. 
• * 

CLEAN 2QdB lOdB OdB 

ALL ST D y Original TEPCs from 60 Hz - 4 kHz 

ALLmOD YJ ModiH«d TEPCs from 60 Hz - 4 kHz 
« 

LOW ST D YJ sj Original TEPCs from 60 Hz - 1 kHz 

LOW MOD \J \J Modified TEPCs from 60 Hz - 1 kHz 

HIGHsTD V V V V Original TEPCs from 1 - 4 kHz 

HIGHmoD V V V V Modified TEPCs from 1 - 4 kHz 

r" 
6.2.4 Psychophysical Procedure 

The equipments included a laptop computer with a high-quality external audio 

interface (TASCAM US-122). Acoustic stimuli were presented to the subject 

via a Paired E.A.R. Tone 3A Insert Earphone (50 ohm). A computer software 

with graphical user interface was developed to control the presentation of test 

stimuli and collect responses from subjects as shown in Section 3.4. 

Each subject was required to attend two test sessions on different days. Each 

session involved all test stimuli from one of the speakers. The presentation order 

of the two speakers was balanced over all subjects. In each test session, the 

unprocessed clean speech was presented at the beginning so that the subjects 

could familiarize themselves with the process and materials. Subsequently the 

16 sets of processed stimuli were presented in randomized order. 
I 

Each set of stimuli included the 120 disyllabic words as described in Section 

3.2.1. They were presented in randomized order without repetition. A four-

alternative forced-choice (4-AFC) procedure was adopted. The four choices 

were displayed in the form of Chinese characters and the display positions were 

r^domly assigned. After the presentation of a stimulus item, the subject was 

asked to select by mouse clicking the word that he/she had heard. The time 

for responding to each test item was fixed to 5 seconds. The subjects were 
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encouraged to make a guess if they were not sure about the correct answer. If 

. there was no response after 5 seconds, the test item would be regarded as "in-

correctly recognized" and the system proceeded to the next item automatically. 

No feedback was given to the subjects. The 120 test items were presented in 

continuation without pausing midway. The duration for an entire test session 

was about 3 hours and the subjects were instructed to take a 5-minute break 

every one hour. 

6.2.5 Method of Result Analysis 

For each set of test stimuli in Table 6.1, percentage correctness of tone identifi-

cation and word identification were evaluated over all subjects. The tone score 

counted all responses with correct tone identification, i.e., the recognized word 

carries the same tone as the presented word. This includes the items (T, S) and 

(T, S) in the confusion matrix of Table 3.3. The chance level for tone identifi-

cation is 50%. The word score counted the answers that exactly matched the 

presented words, i.e., the item (T, S). The chance level for word identification 

is 25%. 

Tone scores and word scores were compared among different test conditions. 

Two primary factors that affect test results are frequency region {LOW, HIGH, 

ALL) and processing strategy {STD, MOD). Statistical analysis and comparison 

were performed using ANOVA and post-hoc test techniques. We also looked 

into the effect of noise level and the difference between male and female voices. 

As seen in Table 3.3，there were three different types of errors: (T, 5) , (T, S) 

and (T, S). The percentage distributions of these errors were analyzed to reveal 

the effects of the above condition factors on perception of lexical tones and 
> 

segmental structures. 
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6.3 Results 

6.3.1 Contributions from Different Frequency Regions 

Tone Identification 

Figure 6.2 shows the test results on tone identification for clean speech and noisy 

speech at 10 dB SNR. The results for male and female speech are displayed 

separately. The tone scores attained with the six processing conditions in Table 

6.1 are compared side by side. It was consistently observed that the tone scores 

in the HIGH condition were better than LOW. The scores in ALL condition 

were between HIGH and LOW in most cases. The second observation was 

that MOD strategy produced better performances than STD, especially for 

female speech. The improvement was more noticeable for noisy speech than for 

clean speech. The third observation was that the scores for male speech were 

significantly higher than those for female speech. 

The results of tone identification were analyzed using a two-way repeated-

measures ANOVA with factors of processing strategy and frequency region. 

The ANOVA was done separately for different noise conditions (CLEAN and 

SNRlOdB) and different speakers (MALE and FEMALE). The analyses re-

vealed significant main effects of both factors (p < 0.05). There was an excep-

tion for CLEAN-MALE, where the main effect of processing strategy was not 

significant [F(l，9) = 0.03，p = 0.87]. This might be related to the high level of 

performances attained with the standard strategy (85% - 96% accuracy). The 

ceiling effect hindered further improvement. A significant main effect was found 

on the t w o way interaction between processing strategy and frequency region 

for SNRlOdB-FEMALE [F(2，18) = 5.18, p = 0.017], reflecting that the effect 

of MOD was more obvious for HIGH than for LOW and ALL�as seen from 

Figure 6.2. 

Tukey HSD post-hoc tests confirmed that, for female speech, the scores were 

very different among different frequency region conditions, with HIGH being 

the highest and LOW the lowest (p < 0.05). The same trend was observed for 

male speech but without significant difference (p > 0.05). Post-hoc comparison 
m 
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also showed that, under the HIGH condition, the tone score with MOD was 

significantly higher than that with STD‘ For clean male speech, the modified 

processing strategy did not improve tone identification performance. This again 

might be due to high performance level attained with the standard strategy ( � 

95%). The results also showed significant difference between the tone scores for 

the two speakers {p < 0.05). 

Word Identification 

‘ < 

Figure 6.3 shows the test results of word, identification under different test con-

ditions. The performances under the HIGH condition were consistently higher � 
* -

than LOW. Being different from tone identification results, ALL was better than 

HIGH in most cases. The MOD strategy improved the accuracy over STD^ es-

pecially for female speecfh in noise condition. The word scores for male speech 

were higher than those for female speech under the same condition. 

Two-way ANOVAs were carried out to analyze the effect of frequency region 

and processing strategy. Significant main effects from both factors were found 

for different noise levels and different speakers (p < 0.05). Similar to tone iden-

tification results, the main effect of processing strategy for CLE A N-MALE was 

not significant [F(l,9) = 0.08, p = 0.78). T w o way interaction between process-

ing strategy and frequency region for SNRlOdB-FEMALE showed a significant 

main effect. Tukey HSD post-hoc comparison revealed no significant difference 

between STD and MOD except for SNRlOdB-FEMALE (p < 0.05), indicating 

that the periodicity enhancement method may not be beneficial to word recog-

nition. The word scores of HIGH and ALL were significantly higher than those 

of LOW in most cases {p < 0.05). For both processing strategies, there was no 

significant difference between HIGH and ALL (p > 0.05)，except for SNRlOdB-

MALE. Overall speaking, the periodicity-enhanced processing method did not 

show any negative effect on word recognition but did show a positive effect on 

tone identification, especially for noisy speech. 
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Figure 6:2: Tone identification accuracy. The results for clean speech and noisy 

speech (10 dB SNR), and for female and male voices are shown in separate 

panes. Each pane contains the tone scores attained with the six processing 

conditions. The error bars indicate 95% confidence intervals of the mean scores 

over all subjects. Chance level is 50%. 

98 



. Chapter 6. Improved Tone Perception with FO-modulated TEPCs 
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Figure 6.3: Word identification accuracy. The results for clean speech and noisy 

speech (10 dB SNR), and for female and male voices are shown in separate panes. 

Each pane contains the tone scores attained with the six processing conditions. 

The error bars indicate 95% confidence intervals of the mean scores over all 

subjects. Chance level is 25%. 
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6.3.2 Effect of Noise 

Figure 6.4 shows the test results as a function of SNR: clean, 20 dB, 10 dB and 0 

dB under the HIGH condition. The scores for unprocessed clean speech are also 

given for reference. In general, the performances of both tone identification aftd 

word identification declined as the SNR decreased. MOD showed a consistently 

higher performance level than STD. For tone identification, MOD maintained 

an accuracy of about 90% across all noise conditions. 

Two-way ANOVA was used to analyze the effects of noise level and process-

ing strategy. Both factors and their interaction were shown to have significant 

main effects on tone identification and word identification (p < 0.05). The two-

way interaction between processing strategy and noise level reflects the result 

that the performance difference between STD and MOD depends on the noise 

level. The effectiveness of MOD was more noticeable at low SNR than at high 

SNR. Tukey HSD post-hoc tests indicated that the tone scores and word scores of 

MOD were significantly higher than those of STD for SNRlOdB and SNROdB 

(p < 0.05). Post-hoc tests also showed no significant difference between the 

scores of CLEAN and SNR20dB with STD {p > 0.05). However, there were 

significant differences among CLEAN, SNRlOdB and SNROdB {p < 0.05). With 

MOD, there was no significant difference among all of the noise levels for male 

voice (p > 0.05). For female voice, only the scores at SNROdB were significantly 

different from other noise levels (p < 0.05). 

6.3.3 Analysis of Error Distributions 

Figure 6.4 shows that, under the HIGH condition, the use of periodicity-

enhanced TEPCs leads to improvement on both tone identification and word 

identification accuracies, especially at SNR of 10 dB or below. A word identifi-

cation error may be caused by tone error, segmental error or both. Figure 6.5 

shows the percentage distributions of different types of errors in the test results. 

It is noted that tone errors, which include (T, S) and (T, 5) , were substantially 

reduced by the periodicity-enhanced processing strategy, especially at low SNR. 
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Figure 6.4: Percentage correctness of (a) tone identification and (b) word iden-

tification, as a function of SNR. The error bars indicate the 95% confidence 

" � intervals of the mean scores over all subjects� 
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Figure 6.5: Comparison of percentage error distributions between the standard 

and the modified processing strategies at different SNRs. The percentage error 

is computed as the ratio of the number of the respective type of errors over the 

total number of test items for all subjects. 

Meanwhile, the number of the (T, S) errors increased because the improved tone 

identification made some of the (T, 5) errors become (T, S). The total number 

. of segmental errors, which include (T, S) and (T, 5), decreased at low SNR and 

remained intact at high SNR. In other words, although the modified processing 

strategy removes the periodicity details of the original speech, it doesn't seem 

to affect the delivery of segmental information. 

Figure 6.6 compares the distributions of different types of errors among the 

LOW, HIGH and ALL conditions. The number of the (T, S) 
errors was similar 

between LOW and HIGH, but considerably smaller in ALL. This indicates 
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Figure 6.6: Comparison of percentage error distributions between the standard 

and the modified processing strategies under different frequency region condi-

tions. 

that TEPCs from all frequency bands contain useful information for identifying 

segmental cues. On the other hand, there were much fewer (T, S) errors in HIGH 

than in LOW and ALL. The use of TEPCs from low-frequency region seems 

to negatively affect tone recognition. The number of the (T, S) errors in LOW 

was much greater than in HIGH and ALL. Apparently, the superiority of HIGH 

to LOW in word identification was due to the improved tone identification. 
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6.4 Discussion and Conclusion 

6.4.1 Effectiveness of Periodicity Enhancement 

Our experimental results showed that Cantonese tone identification in quiet -

could reach�a high performance level without using any fine structure cues. 

When speech is masked by noise, the performance deteriorated drastically. With 

the restricted spectral resolution, tone perception of CI users relies largely on 

temporal periodicity cues. The presence of noise leads to many spurious tempo-

ral peaks, which contaminate the representation of periodicity in the extracted 

TEPCs and hence adversely affect tone perception. 

In this study, we hypothesized that tone perception could be improved 

with better representation of temporal periodicity and investigated the effect 

of enhancing temporal periodicity on Cantonese tone identification. We used a 

speech processing strategy modified from the conventional multi-channel noise-

excited vocoder. Temporal periodicity was made more salient in three different 

ways. First, a simple periodicity pattern was used to replace the complex peri-

odicity cues in the original speech. Second, the periodicity-related modulation 

depth was increased. Third, the FO-related periodicity pattern is synchronized 

across channels which maximizes the FO-related peaks in the output stimuli. 

As an example, Figure 6.7 compares the original TEPC and the periodicity-

enhanced one of a Cantonese syllable. The modified TEPC shows a relatively 

simple FO modulation pattern, i.e., in each pitch cycle, only one primary peak ‘ 

is retained and all secondary peaks are removed. At the same time, the modu-

lation depth is increased to 100%. 

This method of periodicity enhancement was first proposed and experi-

mented by Green et al. [2004]. The test stimuli were synthesized English diph-

thong segments with gliding FO. The subjects were asked to distinguish be-

tween "rising" and "falling" pitch contours. By using FO-related sinusoidal or 

sawtooth waveforms to replace complex periodicity cues in speech signals, pitch 

discrimination capabilities of both NH subjects and CI recipients were improved 

noticeably. In our study, the benefit of using simplified periodicity cues was eval-
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uated in a linguistic task for a specific language. The experimental results not 

only confirmed that tone perception had been improved but also showed that 

speech recognition could be improved in both quiet and noisy conditions. The 

tone scores attained by the modified strategy at SNRs of 20 dB and 10 dB were 

very close to that for clean speech. Even for very noisy speech of 0 dB SNR, 

the tone score maintained a very high level. In human sound perception, the 

peaks of a temporal envelope stimulus are translated into neural impulses. The 

intervals between successive impulses correspond approximately to the period of 

the sound or its integer multiples [Moore, 1998]. The complex periodicity cues, 

especially those extracted from noisy speech, may contain many pitch-irrelevant 

. f luctuat ions such that the true FO can not be clearly represented in the neural 

‘ firing pattern. It is believed that a simplified periodicity pattern provides a 

better representation of FO in the neural firing pattern (Green et al., 2004 . 

Temporal periodicity enhancement by increasing the modulation depth in 

TEPC has been widely studied [McKay et al., 1995; Lorenzi et al., 1999; Geurts 

and Wouters, 2001; Vandali et al., 2005]. McKay et al. [1995] found that, if 

the modulation depth was too small, th^perceived pitch would correspond to 

the frequency of the pulse train carrier instead of the FO-related modulating 

frequency. Geurts and Wouters [2001] used sinusoidally amplitude-modulated 

(SAM) pulse trains. Their results showed that pitch discrimination performance 

of CI users degraded when modulation depth was decreased. In Lorenzi et al. 

1999], noticeable performance improvement on speech recognition in noise was 
‘ . 

achieved with power-n expansion of TEPC. In the present study, the modulation 

depth of the periodicity-enhanced TEPCs was set to be 100%. The test results 

confirmed the effectiveness of increasing modulation depth for tone recognition. 

6.4.2 Practical Implications 

Ciocca et al. [2002] investigated Cantonese tone perception of a group of early-

deafened CI users. They found that the children had great difficulty in extract- � 

ing pitch information from temporal cues. There is a need to improve existing 

CI speech processing strategies for better pitch perception and tone recogni-
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‘ Figure 6.7: Comparison of the original TEPC and the periodicity-enhanced one. 

The speech segment contains a Cantonese syllable with additive noise at 10 dB 

SNR. The TEPCs are extracted from the sub-band of 2 — 4 kHz. 
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tion. The results of our acoustic simulation study indicate a possible approach 

‘ to enhancing tone-related periodicity cues in CI devices for Cantonese-speaking 

users. It must be noted that acoustic simulations are the basis of further CI tests 

to some extent although real CI test results may not agree with the simulation 

results due to their differences [Laneau et al., 2006a . 

For the implementation of this method, one major practical problem is 

real-time FO estimation in realistic acoustic environments. In noise-suppressed 

speech, both time-domain periodicity and spectral-domain harmonic structure 

� may be distorted. Algorithms for pitch detection can be broadly classified into 

three categories: algorithms using time domain properties, algorithms using 

frequency domain properties, and algorithms using both time and frequency 

properties. In time domain, the algorithms operate directly on speech waveform 

based on the measurements of peak and valley, zero-crossings and autocorre-

lation. The two most commonly used methods, i.e., autocorrelation function 

(ACF) and average magnitude difference function (AMDF), were jointly used 

for robust pitch estimation in Shimamura and Kobayashi [2001]. In frequency 

‘ domain, simple measurements can be made on the frequency spectrum or a 

nonlinearly transformed version of it, as in the cepstral method [Noll, 1967], to 

estimate the pitch period of the signal by detecting the fundamental frequency 

or interval between successive harmonic components. Kunieda et al. [2000) used 

the autocorrelation of log spectrum to detect pitch harmonics in the presence of 

noise. Lahat et al. [1987] developed a spectral autocorrelation method of FO ex-

traction for noise-corrupted speech. Hybrid methods exploit both time-domain 

and frequency-domain approaches [Ahmadi and Spanias, 1999; Markel, 1972 . 

A pitch extraction algorithm in noise was recently proposed based on temporal 

and spectral representations [Shahnaz et al., 2008]. In state-of-the-art speech 

coding systems, pitch estimation has been implemented mostly based on ACF 

and AMDF algorithms. Oh and Un [1984] compared several pitch detection 

algorithms in noisy speech and found that the pitch detection accuracy could 

reach about 88% for clean speech and 85% for noisy speech at +5 dB SNR. 

Although many attempts have been made, most existing algorithms can handle 
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only a limited range of noise conditions [Shahnaz et al., 2005，2007; Kinjo and 

Fiinaki, 2006; Krini and Schmidt, 2007]. It is not yet possible to find a robust 

algorithm that can deal with adverse conditions as well as humans do. In our 

study, the FO trajectory of the speech signal is extracted from the original clean 

speech. It optimally represents the FO of input speech. Practically, the FO tra- . 

‘ jectory will not be so accurate because they are extracted from noisy speech 

signals. It is also very difficult to perform accurate real-time estimation of FO 

at affordable computation [Choi, 1997]. However, it is noted that precise FO 

contours may not be necessary as far as tone perception is concerned. Ciocca 

et al. [2002] found that Cantonese tone perception relies mainly on the relative 

pitch levels. In Li and Lee [2007], it was shown that Cantonese tone contours 

could be approximated by simple linear movements without noticeable percep-

tual difference. Thus the FO estimation problem may be alleviated by using 

coarsely predicted tone contours. We hypothesized that good tone perception 

performance can be achieved by providing approximated tone contours in the 

temporal periodic fluctuations. A supplementary experiment was carried out to 

investigate the effect of approximated tone contours to tone perception. 

6.5 Supplementary Test on Cantonese Tone 

Identification with Approximated FO Con-

tour 

6.5.1 Introduction 

In the present study, we investigated the effect of approximated tone contour 

to lexical tone perception in temporal periodicity cues. This involves a decom-

position of the envelope into two separate components. One consists of a slow-

varying information which presents the dynamic changes of the spectral shape 

that are crucial for speech, while the second presents,the FO-related periodicity 
r • 

in the form of a simplified synthesized waveform. The simplified waveform was 

generated in two different ways. First, the frequency of simplified waveform 
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exactly follows the FOs of the tone contour of the original speech [Green et al., 

2004]. Second, another waveform was synthesized, whose frequency generally 

shows the trend of pitch movement of the tones. In this approach each tone 

contour is approximated as a concatenation of line segments that describe the 

syllable-wide trend of FO movement [Li and Lee, 2007). The modified TEPCs 

were fed into the noise-excited vocoder to generate acoustic stimuli. Cantonese 

tone identification experiments by NH subjects were carried out with test stim-

uli generated by the standard CIS simulation and the two periodicity-enhanced 

ones in noisy speech. We hypothesized that (i) Cantonese tone perception would 

be improved with the use of periodicity-enhanced TEPCs; (ii) the perceptual 

test performance with the agproximated tone contour method would be com-

parable to that with the exact tone contour approach. This implies that it 

is unnecessary to provide exact FO estimation of voiced speech for Cantonese 

tone perception. It may indicate the possibility to improve the tone perception 

ability of CI users in practical environment using tone contours which are not 

very accurate but shows the trend of the tone contours. 

6.5.2 Materials and Methods 

Subjects 

Five male and five female native Cantonese-speaking listeners participated in 

this study, aging from 19 to 21. All of them were normal hearing and had pure-

tone thresholds better than 25 dB HL at octave frequencies from 125 to 4000 

Hz in both ears. 

Speech Materials 

Cantonese disyllables were used in this study. These speech materials have 

been described in Chapter 3. The clean speech materials were corrupted by 

additive noises at a SNR of 10 dB. For each of the speakers, the noise signal 

was generated by shaping the spectrum of white noise to follow the average 

spectrum of all test words spoken by this speaker. All the noisy speech signals 

、 
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were equalized to the same intensity and low-pass limited to 4 kHz. 

Speech Processing and Stimuli 

In this study, a standard noise-excited vocoder was implemented which is the 

same as the one depicted in Chapter 3. We also adopted the modified speech 

processing strategy as shown in Section 6.2.3. The difference is the deriving 

method of the FO trajectory from clean speech. 

/ 

Tone Contour Estimation and Approximation 

The FO trajectories of all test stimuli were pre-computed from full-band clean 

speech signals. This was done with the pitch estimation algorithm implemented 

in the PRAAT software The FO values were manually checked and errors 

were corrected. In our study, this estimation approach was supposed to provide 

the natural tone contour of the original speech. 

Since FOs of the natural tone contour are computed frame by frame, it de-

mands a heavy computation which is not suitable for practical implementation. 

On the other hand, the exact FO estimation is not stable for noisy speech. 

In order to simplify the FO estimation and provide perceptually acceptable 

tone information, the tone contour was approximated. Different approxima-

tion strategies are used for level tones and rising tones, as shown in Figure 6.8. 

They are designed on the basis of both the phonological descriptions in Figure 

2.3 and acoustic observations from natural speech. For level tones, a single 

linear movement is used (i.e., Tone 1, ToneS, Tone 4 and Tone 6). For rising 

tones, two linear movements are used (i.e., Tone 2 and Tone 5). The linearly 

approximated tone contours were used to generate the sinusoidal wave which 

replaced the original complex temporal periodicity cues in each sub-band. 

In total, there were three different processing strategies tested in this study. 

The first one is the standard noise-excited vocoder with original TEPCs be-

low 500 Hz in each frequency bands (denoted as STD); the second one is the 

^PRAAT 5.0.20 Copyright © 1 9 9 2 - 2008 by Paul Boersma and David Weenink 

(www.praat.org) 
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Figure 6.8: Approximations of isolated tone contours 

periodicity-enhanced vocoder with original TEC below 20 Hz and simplified FO 

trajectory following the natural tone contour (denoted as MODI); the last is 

the periodicity-enhanced one with original TEC below 20 Hz and simplified FO 

trajectory with approximated tone contour (denoted as M0D2). For all the 

processing strategies, the stimuli only contain the outputs from the higher two 

frequency bands ( > 1000 Hz) while the lower two bands were discarded. From 

our previous observations, we found that the TEPCs from the higher two bands 

were more important from tone perception. 

Psychophysical Procedure 

The NH subjects were seated in a sound-treated booth and listened to the 

stimuli presented via a Paired E.A.R. Tone 3A Insert Earphone at 65 dBA. 

The test procedure is the same as the one in Section 6.2.4，except that more 

processing conditions were included which corresponded to the modified method 

with approximated FO trajectory. � 

6.5.3 Results 

Figure 6.9 shows the percentage correctness of tone identification for noisy 
* 

speech at 10 dB SNR. The results for male and female speech are displayed 

separately. The tone scores of the three processing conditions are compared. 
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The scores of the original unprocessed speech condition were included for refer-

ence. Three apparent trends were observed from the tone scores. First, the tone 

scores under MODI and M0D2 conditions were better than those under the 

STD condition. Second, comparable tone scores were observed between the two 

periodicity-enhanced strategies. Third, the scores for male voice were always 

higher than those for female voice under the same condition. 

The test results were analyzed using a two-way repeated-measures ANOVA 

with the factors of processing strategy and speaker (p < 0.05). The analyses 

revealed significant main effects of both factors. A significant main effect on the 

two-way interaction between processing strategy and speaker was also found, 

reflecting that the performance difference of STD and the two modified strate-

gies was more salient for female speech than for male speech. This is because 

of the high level of performance for male speech which hindered further im-

provements by the modified strategies. Tukey HSD post-hoc tests showed that, 

for female speech, the tone scores attained from the two periodicity-enhanced 

methods were significantly higher than those from STD {p < 0.05). The same 

trend was observed for male speech but without significant difference between 

M0D2 and STD {p — 0.09). Post-hoc comparison also showed that the tone 

scores between MODI and M0D2 were not significantly different for both male 

and female speech (jp > 0.05). For all processing strategies, the scores from 

male speech were higher than those from female speech. However, only one 

significant difference was observed for STD condition. 

6.5.4 Discussion and Conclusion 

In our periodicity-enhancement methods, the complex temporal periodicity in 

TEPC was replaced by a simplified sinusoidal wave whose frequency was equal 

to the exact FO value of the original speech or followed the trend of FO move-

ment. At’ the same time, the modulation depth of the temporal periodicity 

was increased to 100%. Psychoacoustical experiments showed that the scores of 

periodicity enhancement were above 90%, significantly higher than the original 

TEPC. The MODI method was similar to Green et al. [2004]. In their study, 
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Figure 6.9: Percentage correctness of tone identification. The results for female 

and male voices in 10 dB SNR are shown in separate panes. Each pane contains 

the tone scores attained with the three processing conditions. The error bars 

indicate 95% confidence intervals of the mean scores over all subjects. Chance 

level is 50%. 
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the test stimuli were synthesized English diphthong segments with gliding FO. 

By using FO-related sinusoidal waveforms to replace complex periodicity cues 

in speech signals, pitch discrimination capabilities of both NH subjects and CI 

recipients were improved noticeably. In human sound perception, the peaks of 

a temporal envelope stimulus are translated into neural impulses. The inter-

vals between successive impulses correspond approximately to the period of the 

sound or its integer multiples [Moore, 1998]. The complex periodicity cues, es-

pecially those extracted from noisy speech, may contain many pitch-irrelevant 

fluctuations such that the true FO can not be clearly represented in the neural 

firing pattern. It is believed that a simplified periodicity pattern provides a 

better representation of FO in the neural firing pattern [Green et al., 2004 . 

Studies by Green et al. [2004, 2005] suggested that enhancing the tempo-

ral fluctuations of spectrally degraded speech may produce small improvements 

in FO processing, but certain kinds of enhancements may result in reduced 

transmission of other speech features. In their modified processing scheme, the 

standard 400 Hz smoothed amplitude envelope was replaced by the product of 

a slow rate envelope and simplified FO-related modulation (sinusoidal or saw-

tooth). Both in acoustic simulations and in implant users, the ability to use 

intonation information to identify sentences as question or statement was signif-

icantly better with modified processing. However, while there was no difference 

in vowel recognition in the acoustic simulation, implant users performed worse 

with modified processing both in vowel recognition and in formant frequency 

discrimination. It appears that, while enhancing pitch perception, modified 

processing harmed the transmission of spectral information. In Laneau et al. 

2006b], a new sound proce^ing scheme (FOmod) was designed to optimize pitch 

perception, and its performance for music and pitch perception was compared 

in four different experiments to that of the current clinically used sound pro-

cessing scheme (ACE) in six Nucleus CI24 subjects. In the FOmod scheme, 

slowly varying channel envelopes are explicitly modulated sinusoidally at the 

fundamental frequency of the input signal, with 100% modulation depth and 

in phase across channels to maximize temporal envelope pitch cues. With the 
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new FOmod scheme, music perception was found to be improved significantly 

with respect to the current most often used sound processing strategy, ACE, 

for Nucleus recipients. These results indicate that explicit FO modulation of 

the channel envelopes improves music perception in CI subjects. Another inter-

esting work was done by Luo and Fu [2004b]. They found that enhancing the 

CO varying amplitude envelope information improved tone recognition by NH 

listeners. , 

In addition to the benefits from explicit coding of FO in the channel 

envelopes, Vandali et al. [2005] developed an experimental strategy, multi-

channel envelope modulation (MEM), that implicitly enhances the coding of 

FO-periodicity cues in the incoming signal. The strategy extracts the low-

frequency (80-400 Hz) envelope of the broadband signal, which contains FO 

periodicity information, and uses it to modulate the envelope of the band-pass 

filtered channel signals derived from the ACE strategy. As a result of this pro-

cessing, FO periodicity information in the envelope of the broadband signal is 

presented coincidentally in time across all stimulation channels. Furthermore, ‘ 

the modulation depth of the FO periodicity information is expanded in the stim-

ulus envelope so as to enhance its perception. Results for CI users using this 

strategy in pitch ranking tests were significantly better than those using the 
< 

ACE and CIS strategies. In addition, no degradation in speech perception in 

quiet and noise was observed using the MEM strategy compared to the ACE 

and CIS strategies. Wong et al. [2008] followed the MEM strategy and tested 

the CI users who are Cantonese-speaking postlingually deafened adults. Speech 

intelligibility in speech-spectrum shaped noise was measured using the Can-

tonese hearing in noise test (CHINT). However, MEM did not demonstrate any 

advantages for speech recognition in noise. Subjects preferred ACE for daily 

listening situations, and a few preferred MEM in noise. 

In our second periodicity-enhancement strategy, which is similar to MODI, 

the complex temporal periodicity was simplified by a sinusoidal wave at 100% 

modulation depth. The frequency of the sine wave corresponded to the linear 

approximation of the pitch movement of the original tone contour. We proposed 
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this strategy based on the following hypotheses. First, tone perception does not 

rely on the exact FO values at particular time instants, but depends on the 

trend of pitch movement. Second, linear approximation of the tone contours 

is sufficient to achieve competitive Cantonese tone perception using temporal 

periodicity cues. In Li and Lee [2007], a perceptual study on approximated Can-

tonese tone contours was conducted. Cantonese monosyllabic words, disyllabic 

words and sentences were tested in their study. The FO contour was extracted 

and modified from broad-band speech. New speech materials were synthesized 

from the original speech and the modified FO contour by PRAAT software. 

、 
They concluded that perception of tone contours relies mainly on the major 

trend of pitch movement and linear approximation of tone contours was ade-

quate to describe the pitch movement. In the current study, approximated FO 

contours were incorporated into TEPCs. Our experimental results showed that 

Cantonese tone identification performance with periodicity-enhanced TEPCs 

was significantly higher than that with original temporal envelope cues below 

500 Hz. It showed that the use of linear approximation of tone contour in tem-

poral periodicity-enhancement could attain competitive perceptual performance 

. a s that with exact tone contour. This indicated that exact FO estimation is not 

a critical requirement for improving tone perception in CI with pitch enhance-

ment strategy. 

• End of chapter. 
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Chapter 7 

Conclusions and Future 

Research 
> 

7.1 Conclusions 

Temporal cues play an important role in human speech recognition, especially 

when the use of spectral cues is limited. For people who suffered from severe to 

profound hearing loss, their abilities of utilizing spectral details of sounds are 

adversely affected. These people rely more on the use of slowly-varying temporal 

cues for speech perception. Currently cochlear implants (CI) employ advanced 

signal processing techniques to deliver temporal cues to hearing impaired people 

by electrically stimulating the auditory nerves. The devices are of importance 

to recover part of the hearing. In quiet environment, speech recognition perfor-

mance can reach a relatively high level for some of the patients. However, there 

is still a big gap on hearing ability between patients with hearing prostheses 

and people with normal hearing. CI patients who speak tonal language find 

it difficult to perceive tones, which are critical to the understanding of tonal 

languages. This problem reflects the fact that existing speech processing strate-

gies in CI devices are not effective in delivering tone-related information. This � 

triggered our research to investigate useful temporal cues and the possibility of 

enhancing them for better tone perception. 

In this thesis, we focussed on the study of temporal cues for tone perception 
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of Cantonese and Mandarin and investigate the ways to. improve tone percep-

tion. The following questions were addressed: 

• Are temporal envelope and periodicity components (TEPCs) important 

to Cantonese and Mandarin tone perception? 

• Do the TEPCs from different frequency regions have different importance 

for tone perception? 

• Is it possible to improve tone perception by mar;ipulating the TEPCs? 

What are the possible signal processing procedures to make tone-related 

information more salient? 

A multi-channel noise-excited vocoder is used. The temporal cues from a 

small number of channels are extracted and evaluated. Acoustic signals are 

obtained as the outputs from the vocoder. Psychoacoustic hearing tests were 

carried out with NH subjects listening to the acoustic stimuli. A number of 

factors were investigated in our study. The major conclusions are given below. 

TEPCs from Different Frequency Regions 

We investigated the contributions of TEPCs extracted from different frequency 

regions to tone perception. Test stimuli were created from the combinations 

of TEPC-modulated noise carriers from different frequency bands. The ex-

periments showed a consistent observation that TEPCs obtained from high-

frequency region ( 1 - 4 kHz) are more important than those obtained from low 

(60 - 1000 Hz) and middle (500 - 2000 Hz) frequency regions. This is explained 

in different perspectives: (1) In low and middle frequency regions, the frequency 

range of TEPC (< bOOHz) overlaps with or is close to that of the noise carriers. 

This causes a severe distortion on TEPC such that tone-related periodicity is 

destroyed; (2) In the low-frequency region, the peripheral auditory filters limit -

the perceived modulation depth, and consequently the sensitivity to temporal 

pitch. The choice of the carrier frequency thus requires careful consideration. 

A noise-band vocoder with high center frequencies for the re-synthesis filters 
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(e.g., mimicking a shallow insertion depth of the simulated electrode array) can 

overcome the limitations of the peripheral auditory filters. 

Our study confirmed the importance of TEPC to tone perception, which was 

demonstrated in many previous studies. As shown in Chapter 4, the highest 

tone identification accuracy was 92% in Figure 4.2. 

Signal Processing Methods 
i 

Tone perception relies on the perception of temporal pitch when spectral infor-

mation is not available. In noisy condition, whether the temporal periodicity 

could be kept salient is most critical to pe^eption of tone. There are differ-

ent ways of enhancing temporal periodicity cues, which include increasing the 

modulation depth of TEPCs, synchronizing periodicity cues across channels and 

simplifying temporal periodicity cue. ‘ 

In Chapter 5，a non-linear expansion method on TEPCs was described. Its 

aim is to expand the modulation depth of the TEPCs such that periodicity 

becomes more prominent. In line with previous studies, our results showed that 

TEPC expansion leads a noticeable improvement on tone identification perfor-

mance, especially for female voice, when TEPCs from high-frequency regions 

are presented. 

In Chapter 6 we investigated the effectiveness of enhancing periodicity cues 

for Cantonese tone recognition in noise. The temporal periodicity cues between 

20 and 500 Hz were simplified into a sinusoidal wave with the pitch contour 

following the original speech. The simplified temporal periodicity was applied 

in a synchronized manner across all channels. The results showed that the use 

of periodicity-enhanced TEPCs led to a consistent improvement of tone identi-

fication performance under different test conditions. The periodicity-enhanced 

method was very effective in low SNRs. For example, it could increase tone 

identification accuracy for female voice by 20% at 0 dB SNR. We analyzed the 

distribution of errors to reveal the effects of the periodicity-enhanced method 

on lexical tone perception and segmental recognition. It was shown that tone 

identification errors can be effectively reduced when SNR was 10 dB or below. 
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Meanwhile, the segmental information was not affected although the modified 

processing method removes some periodicity details in the original speech. 

Speaker Gender Effects 

Test results showed that tone identification accuracy on male voice was sig-

nificantly higher than that on female voice. This suggests that the higher FO 

modulation frequency in TEPC of female speech could not be represented as 

well as that of male speech. In TEPC below 500 Hz, there are more harmon-

ics included in a sound with lower FOs than in a sound with higher FOs. For , 

example, for a sound with FO of 120 Hz, there are four harmonics contained in 

TEPC. For a sound with FO of 200 Hz, there are only two harmonics in TEPC. 

More harmonics lead to deeper modulation such that the FO-related periodicity 

cues become more salient for perception. As a result, tone information can be 

perceived more easily. 

Noise Effects . 

Additive background noise adversely affects the perception of tonal information. 

Cantonese tone identification accuracy could reach about 92% in clean speech 

condition, while the accuracy dropped to 72% at a SNR of 0 dB in a four-channel 

vocoder. More frequency bands are needed to achieve better performance as the 

noise levels increase. This means that more electrodes should be provided to 

the CI listeners when they are exposed to noisy environments. 

Number of Frequency Bands 

Increasing the number of frequency bands will make more spectral information , 

available for perception. Compared to temporal cues, spectral cues are more ro-

bust to noise. With the increase of frequency bands, tone perception is improved 

as well as phoneme perception. With 32 bands, Cantonese tone identification 

accuracy reach the same .level as for original unprocessed speech. 
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Speech Materials 

Different types of speech materials, i.e., monosyllabic and disyllabic words, were 

designed for tone identification tests. The use of disyllabic words provides more 

segmental variations and reveals the importance of tone perception as part of 

speech perception. Consistent results have been obtained by the use of our 

speech materials, confirming the appropriateness of the speech materials. The 

design would be useful in other: similar tasks. , 
• 、 

\ 

\ 、 
7.2 Summary of Contributions � 

The major contributions from this thesis are summarized below： 

• This thesis is focused on Cantonese, one of the major Chinese dialects. 

Cantonese has one of the most complicated tone systems among all lan-

guages in the world. However, research works on Cantonese tone percep-

tion with temporal cues have been quite limited, compared to Mandarin. 

This work is a valuable first effort on this important language. 

• This is the first study on evaluating the contributions of different fre-

quency regions to speech recognition of tonal languages, especially Can-

tonese. Our study shows that TEPCs from high-frequency region are more 

important for tone perception than those from iow-frequency region. This 

leads to an awareness of choosing appropriate carrier frequencies in a 

, vocoder. Low-frequency region should carry relatively lower weights to 

reduce the negative effect of low-frequency carriers to the temporal cues. 

• Tone perception can be improved by increasing the modulation depth in 

TEPCs and providing cleaner and synchronized temporal periodicity cues 

relating to voice fundamental frequency. Our processing method with 

the FO-modulated TEPC shows an possibility to enhance tone perception 

performance in CI users by providing a simplified temporal periodicity cue 

‘* with tone-related information to the listeners. 
！3 

«. • f 
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• The design of tone perception tests is original and of great value for fu-

ture work in this area. Different from other studies, the speech materials 

were capable of providing segmental variation and facilitating the study 

of the segmental recognition performance together with the study of tone 

perception. 

7.3 Future Work 

The research platform, ATOPEX, as described in Chapter 2，allows us to setup 

and run the experiments described in this thesis. Although ATOPEX is very 

easy to use, it has a number of limitations. Firstly, the extensibility of the 

software needs to be improved. Secondly, the current platform can support tone 

identification tasks only with a static test procedure. An adaptive test procedure 

is expected with adaptive closed-set identification and speech in noise testing 

with variable SNR. Another limitation is that the present ATOPEX doesn't 

record the response time of the subjects. It might also be interesting to record 

� the response time because the response time is often related to the subjects' 

performance. 

In this thesis, we investigated different methods of improving tone perception 

by manipulating temporal envelope and periodicity information. Monosyllabic 

and disyllabic words were used as' the test materials. Although the proposed 

speech materials have made a significant step towards investigating speech per-

ception of tonal languages, it would be desirable to evaluate speech recognition 

performance with wider segmental variations (i.e. vowel and consonant recogni-

tion) and super-segmental cues (i.e. sentence recognition). Moreover, it would 

be important to test HI subjects with the FO-enhanced electrical stimuli. 

In current CI systems, useful speech information is delivered to the patients 

' „ by the envelope cues within each channel. Despite the progress in the design and 

performance of CI systems, the patients do not hear as well as normal hearing -

listeners. Particularly in some adverse situations, e.g., with coaipetitive talkers 

or low SNRs. Temporal fine structure cues have been found to be more robust 
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against noise than the temporal envelope cues. However, the current CI sys-

tems are not adequate in providing speech temporal fine structure information 

• to the patients. Therefore, a possible direction for enhancing the speech recog-

nition performance would be effective inclusion of temporal fine structure in CI 

systems. 

,~\ 
\ 

‘ % 

• End of chapter. 
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Tables of Statistics on Cantonese and Mandarin 

Table A.l : Statistics on Cantonese and Mandarin syllables. 

Cantonese Mandarin 

(LSHK, 1997) (CCDICT, 2000) 

Total number of base syllables 625 420 

Total number of tonal syllables 1,761 1,471 

Average number of tones per base 2.8 3.5 

syllable 

Average number of base syllable 1.1 1.6 

pronunciations per character 

Average number of tonal syllable 1.2 2 

pronunciations per character 

Average number of homophonous 17 31 

characters per base syllable 

Average number of homophonous 6 8 

characters per tonal syllable 

» 

125 



Appendix A. Tables and Equations 

Table A.2: The 19 Cantonese Initials (labeled in the Jyut-Ping scheme). 

LSHK symbols Manner of Articulation Place of Articulation 

b] Plosive, unaspirated Labial 

d] Plosive, unaspirated Alveolar 

g] Plosive, unaspirated Velar 

p] Plosive, aspirated Labial 

t] Plosive, aspirated Alveolar 

k] Plosive, aspirated Velar 

gw] Plosive, unaspirated, lip-rounded Velar, labial 

kw] Plosive, aspirated, lip-rounded Velar, labial 

z] Affricate, unaspirated Alveolar 

[c] Affricate, aspirated Alveolar 

s] Fricative Alveolar 

f] Fricative Dental-labial 

h] Fricative Vocal 

j] Glide Alveolar 

w] Glide Labial 

1] Liquid Lateral 

m) Nasal Labial 

n] Nasal Alveolar 

ng] Nasal Velar 
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Table A.3: The 21 Mandarin Initials (labeled in the Pinyin scheme). 

Pinyin symbols Manner of Articulation Place of Articulation 

b] Plosive, unaspirated Labial 

d] Plosive, unaspirated Alveolar 

g] Plosive, unaspirated Velar 

p] Plosive, aspirated Labial 

t] Plosive, aspirated Alveolar 

k] Plosive, aspirated Velar 

gw) Plosive, unaspirated, lip-rounded Velar, labial 

kw] Plosive, aspirated, lip-rounded Velar, labial 

z] Affricate, unaspirated Alveolar 

c] Affricate, aspirated Alveolar 

s] Fricative Alveolar 

[f] Fricative Dental-labial 

h] Fricative Vocal 

j] Glide Alveolar 

wj Glide Labial 

1] Liquid Lateral 

m] Nasal Labial 

n] Nasal Alveolar 

zh) Affricate, unaspirated Retrofiex 

ch] Affricate, aspirated Retrofiex 

[sh] Fricative Retrofiex 

j] Affricate, unaspirated Palatal 

[q] Affricate, aspirated Palatal 

x] Fricative Palatal 

�rj Approximant Retrofiex 

r 
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Table A.4: The 53 Cantonese Finals (labeled in the Jyut-Ping scheme). 

NUCLEUS CODA 

Null [i] [u] [p] [tj [k] [mj [n] [ng] 

aa] [aa] [aai] [aau] [aap] [aat] [aak] [aam] [aan] [aang 

a] [ai] [au] [ap] [at] [akj [am] [an] [ang 

[e] [e] [ei] [ek] [eng 

i] [i] [ill] [ip] [it] [ik] [im] [in] [ing 

[o] [o] [oi] [ou] [otj [ok] [on) [ong 

[u] [u] [ui] [ut] [uk] [un] [ung 

yu] [yu] [yut] [yun 

oe] [oe] [eoi] [eot] [oek] [eon] [oeng 

m] [ng 

Table A.5: The 37 Mand^in Finals (labeled in the Pinyin scheme). 

NUCLEUS CODA 

Null [e] [a] [ei] [ai] [ou] [ao) [en] [an] [eng] [ang] [er 

i] [i] [ie] [ia] [iu] [iao] [in] [ian] [ing] [iang 
% 

u] [u] (u)o [ua] [ui] [uai] [un] [uan] [ong] [uang 

u] [ii] [iie] [tin] [tian] [iong 
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Appendix A. Tables and Equations 

Hilbert Transform for Temporal Cues Extrac-

tion 

In order to obtain the envelope from the filtered output from one channel, a 

analytic signal is generated by the following equation: 

s{t) = Sr{t)isi[t) (A. l ) 

where Sr(t) is the filter output in one channel, Si{t) is the Hilbert transform of 

Sr{t) at time t, and i is the imaginary number (i.e., square root of -1). 

The Hilbert envelope is the magnitude of the analytic signal [Ville, 1948]: 

a �=\s{t)\ = (A.2) 

The Hilbert fine structure is cos (p{t), where 4>{t) is the called the instanta-

neous phase of the analytic signal: 

s (t) 
4){t) = arctan (A.3) 

S r � 

And the derivative of (^(t) produces the instantaneous frequency of the signal, 

which is time varying: 

" - 雜 ( - ) 
Specially, the original band-passed signal can be recovered as: 

Sr(t) = a � COS 0 � (A.5) 

In practice, the Hilbert transform is often combined with the band-pass filtering 

process by the use of complex filters of which real and imaginary parts are in 

quadrature, such as in a Fast Fourier Transform (FFT). 
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Appendix A. Tables and Equations 

Table of Cut-off Frequencies of Band-pass Filters 

(in Hz) 

Number of Frequency Bands 

1-band 2-band 4-band 8-band 16-band 32-band 

60 60 60 60 60 60 
4000 804 302 159 105 82 

4000 804 302 159 105 
1844 508 224 131 
4000 804 302 159 

1230 395 190 
1844 508 224 
2727 642 261 
4000 804 302 

997 347 
1230 395 
1509 449 
1844 508 
2245 572 
2727 642 
3306 719 
4000 804 

896 
997 
1180 
1230 
1363 
1509 
1669 
1844 
2035 
2245 
2475 
2727 
3004 
3306 
3637 
4000 

• End of chapter. 

J 
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