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Introduction
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Livre 1.indb   9 18/12/2016   10:19:34



Preface

Speech, because of its communication role, is essential for social interactions, as 

our voice is the principal tool in oral conversations. In the case of hearing loss, 

sound perception can be restored, with the further goal to prevent deficits in speech 

understanding to improve quality of life. However, in spite of the tremendous 

breakthrough in the field of auditory sciences, restored hearing via hearing aid or 

auditory prosthesis does not reach normal hearing quality yet. Depending on the 

severity of the hearing loss (HL), hearing can be amplified via an electronic hearing 

aid (HA), or restored to some degree via a cochlear implant (CI) when cochlear 

damage causes severe to profound HL. This dissertation is based on the assumption 

that one of the main issues in CIs is the weakly delivery of voice cues. Information 

on the voice of a talker is highly relevant for speech perception, as it is involved 

in auditory scene analysis (ASA), i.e. the organization of the perceived sounds into 

meaningful objects (Bregman, 1990). ASA is paramount for perception of speech in 

noise, which CI users have greater difficulties to achieve. To perceptually organize 

an auditory scene, the listener must attribute parts of a signal to a single auditory 

object and inhibit other parts from the background. The acoustic (bottom-up) cues, 

such as voice pitch, enable a listener to hear a target voice in a noisy background by 

interacting with cognitive (top-down) processes that help the listener understand 

the target. The brain’s ability to infer the meaning of speech with missing parts, 

such as when speech is interrupted or masked by another sound, is called top-

down repair of speech. While perception of acoustic cues is affected by hearing loss, 

cognitive abilities can be assumed to be left intact. Thus, testing top-down repair of 

interrupted speech with cochlear implantees, who have inherent degraded bottom-

up cues, can show the limits of the interaction between bottom-up and top-down 

processes, and how much the brain can compensate for the degraded input. Better 

speech understanding for CI users is important to improve their quality of life. 

The goal of this dissertation is to investigate how voice pitch is involved in speech 

perception, and how it could improve speech understanding in CI’s restored hearing 

were it better implemented in CI processing. The focus of my studies on pitch is driven 

by its importance for many aspects of speech processing, such as the underlying 

mechanisms of top-down restoration. The overarching goal of this work is to examine 

the potential benefit of improved pitch perception in CI users.
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 Introduction

This introduction presents the terms and concepts developed in this dissertation. 

First, I describe the vocal characteristics investigated, namely voice pitch and 

apparent vocal tract length. Then, I explain the strong link between speech and 

cognition, for general auditory scene analysis, with focus on interrupted speech 

and top-down restoration as it is of major interest in this dissertation. Further, I 

define the underlying mechanisms of top-down restoration: simultaneous grouping 

and sequential stream segregation and grouping, as well as continuity illusion and 

perceived continuity. Then, I briefly introduce the different types and degrees of 

hearing loss and the basic functioning of CIs. Finally, I present how pitch perception 

works both in normal hearing and for CI users, and I conclude with an overview of the 

organization of this dissertation.

1.1. Vocal characteristics: voice pitch and timbre

Voice production can be modeled by a source/filter system (Chiba and Kajiyama, 1941; 

Fant, 1960). The source of the human voice is produced by the rapid and repeated 

opening and closing cycles of the vocal cords that control the flow of air coming 

from the lungs. The rate at which the vocal cords complete a cycle, i.e. the glottal 

pulse rate (GPR), defines the fundamental frequency (F0) of the sound produced. 

The percept of F0, the height of the sound, is the voice pitch. This feature is easily 

controlled by a healthy talker. The excitation source from the vocal cords is then 

filtered by the resonators (larynx, pharynx, and oral and nasal cavities) of the vocal 

tract (VT), which extends from the vocal cords to the tip of the lips (See Figure 1.1). 

The length of the vocal tract influences the resonance frequencies, i.e. the spectral 

envelope. The frequency peaks with more energy than others constitute formants. 

These prominent resonances determine the quality of vowels in speech. The percept 

of the vocal tract length (VTL) helps to perceive the size of the speaker and also 

contributes to the voice timbre (Ives et al., 2005; Smith and Patterson, 2005), which 

can be compared to discriminate members of an instrument family (such as a cello 

and a violin). Because the VTL is not the only component contributing to timbre, the 

perceptual correlate of the VTL will be referred to as ‘apparent VTL’. The length of the 

vocal tract is related to the anatomy of the talker and is mostly outside the talker’s 

control.

A summary of the correspondence between the perceptual variables of voice 
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pitch and timbre and their physiological and acoustical counterparts is depicted 

in Table 1.1. In the acoustic signal, F0 is the pulse repetition rate in the waveform 

(see Figure 1.2 A) and is also displayed as the scale of the harmonic structure in the 

magnitude spectrum (vertical lines in Figure 1.2 b). The effect of the VT filtering of 

the source is visible in the waveform as the decay in resonances after each pulse. 

The spectral envelope is displayed in the magnitude spectrum as the smoothed 

line showing the average energy distribution for each frequency, where the peaks 

represent the formants. The cues related to the vocal characteristics of a talker are 

referred to as indexical cues (e.g. Helfer and Freyman, 2009; McLennan and Luce, 

2005). These cues, specific to a talker, include (but are not limited to) the pitch and 

the apparent VTL, and are opposed to the linguistic cues that are acquired throughout 

the development and depend on the language. Linguistic cues carry information on 

the meaning of speech, whereas indexical cues carry information on the identity of 

the speaker. Other indexical cues, not investigated in this dissertation, contribute to 

voice quality described as roughness, breathiness, nasalization, etc. On one hand, 

innate features specific to the anatomy of the talker, such as the bone structure, the 

size, and the shape of the head and neck organs, are outside the control of the talker. 

On the other hand, learnt manner to adjust articulators by muscular tension can be 

controlled by the talker (Abercrombie, 1967).

Figure 1.1. Mid-sagittal view of the human vocal tract (adapted from Tavin, 2011).
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In Chapter 2 of the present dissertation, I focus on these two vocal characteristics, 

pitch and apparent VTL, because they are the primary cues used for speaker 

identification (Eggen et al., 1992; Gaudrain et al., 2009; Kriegstein et al., 2010; 

López et al., 2013). More specifically, these cues are used for gender categorization 

(Hillenbrand and Clark, 2009; Skuk and Schweinberger, 2013) and judgment of the age 

of the speaker (Smith and Patterson, 2005). For example, F0 and apparent VTL from 

a man differ from that of a woman because of the physiological differences between 

talkers of opposite sex. Men have F0 on average one octave lower than women, 

because of differences in the length and mass of their vocal cords (Simpson, 2009; 

Titze, 1989). Thus, the manipulation of F0 is straightforward in speech resynthesis 

with an F0 extraction (such as in STRAIGHT — Kawahara et al., 1999 — that I used 

in this purpose). Moreover, adult men have longer vocal tracts, especially longer 

pharynx (Fitch and Giedd, 1999), thus also have ‘deeper’ voices. Manipulation of the 

VTL is done by modifying the spectral envelope ratio1. However, other cues, such as 

intonation patterns and breathiness can also contribute to categorizing voice gender 

(Fitzsimons et al., 2001; Holmberg et al., 1988; Van Borsel et al., 2009).

Furthermore, F0 and the spectral envelope are not only used for speaker identity, 

a non-linguistic aspect of speech, but also for linguistic aspects of speech, that is 

regarding the content of the message. First, to produce speech, a periodic source 

excitation (F0) produces a voiced sound (like vowels); whereas a random source 

excitation (noise) produces an unvoiced sound (like the consonants /s/ and /t/ for 

example). Voicing is an important phonetic feature. The position of the articulators 

(soft palate, tongue, and lips) shapes the spectral envelope, distributing more energy 

at certain frequencies (the formants for vowels, high frequency noise for fricatives). 

Phoneme identification happens by combining these high-energy frequencies 

together (simultaneous grouping across frequency). A phoneme can be described 

with the place and manner of articulation coupled with voicing (i.e. discrimination 

of two bilabial stop consonants through voicing: ‘p’ – voiceless and ‘b’ – voiced). 

Ladefoged and Broadbent (1957) demonstrated that vowel identification depended 

on the ratio between formants rather than their absolute values. It has been also 

shown that vowels were still correctly identified when the length of the vocal tract 

1   The spectral envelope is expended if the original voice is from a male talker and the resynthesized voice 
is targeted to be from a woman talker. In this case the male talker’s spectral envelope ratio is set to 1 for 
reference, and is increased for the resynthesis, simulating a shorter vocal tract. 

Livre 1.indb   13 18/12/2016   10:19:34



14

1

Chapter 1

was manipulated, even outside the normal human speech range (Smith et al., 2005), 

and even for vowels with a continuously changing VTL (Tsuzaki et al., 2009). The 

fact that F0 and the spectral envelope both affect both linguistic and non-linguistic 

aspects of speech, shows that information is carried on different levels to maximize 

speech robustness for proper communication (more details on speech redundancy 

in section 1.2).

Figure 1.2. Acoustic representations of a synthetic vowel /a/ with a fundamental frequency (F0) of 100 Hz, 

three first formants (F1, F2, and F3) at 700 Hz, 1220 Hz, and 2600 Hz respectively. A) The waveform shows 

the periodicity of F0 by the repeating pulse every 10 ms. The attenuation after each pulse reflects the effect 

of the filtering by the vocal tract. B) The magnitude spectrum represents the energy at each frequency. 

The three formants are represented by the peaks on the spectral envelope. The vertical lines represent the 

harmonic structure of F0. (Klatt, 1980; Patterson et al., 2010).

Another characteristic of F0 carries information, namely the F0 contours, i.e. the 

fluctuations around the mean F0 value (investigated in Chapter 3). This dynamic 

information has several linguistic functions (Cutler et al., 1997; Gussenhoven, 2004). 

First, F0 contours are used for segmentation, i.e. localizing word boundaries in 

sentences (Spitzer et al., 2007). Segmentation is also supported by lexical stress in 

English and Dutch (Cutler and Donselaar, 2001; Quam and Swingley, 2014), where 
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an accentuated syllable within a content word marks the grammatical category of 

homophones (‘convict’ is a noun when stressed on the first syllable but a verb when 

stressed on the second syllable, and ‘voorkomen’ in Dutch that means ‘appearance’ 

or ‘prevent’ given the lexical stress is on the first or the second syllable respectively). 

Second, F0 contours are used for focal accent (Eady and Cooper, 1986), which 

brings to focus important words in a sentence. Further, F0 contours help distinguish 

between types of utterances, i.e. statement and question (Chatterjee and Peng, 2008; 

Liu and Rodriguez, 2012; Peng et al., 2012), where the end of the utterance has a 

rising F0 contour for questions whereas it remains flat or falls for statements. Finally, 

F0 contours can also have lexical meaning in tonal languages (Wang et al., 2013).

Table 1.1. Correspondence between physiological (at production), acoustical, and perceptual variables 

for speech (from left to right). The shaded line corresponds to the source, whereas the white line(s) 

correspond to the filter.

Model
Production

(Figure 1.1)

Acoustic signal (Figure 1.2)
Perception

Waveform Magnitude spectrum

Source Vocal cords (glottal 
pulse rate)

F0: pulse period 
(repetition rate)

F0:harmonic structure 
(acoustic scale of the source 1) Voice pitch

Filter

Vocal tract length

(Resonators: oral and 
nasal cavities)

Resonance scale 2

(Spectral envelope 
ratio) 

Spectral envelope position. 

(acoustic scale of the filter 1)

Size of the 
speaker. 

Apparent VTL

Vocal tract shape

(Articulators: modify 
the cavities size)

Shape of the 
attenuated 
resonance

Spectral envelope shape 
(where the peaks are 

formants).

Formant ratio 3

Vowels 
identity

1 Patterson et al. (2010)
2 van Dinther and Patterson(2006)
3 Ladefoged and Broadbent (1957)

Lastly, pitch and timbre are involved in auditory scene analysis (Bregman, 1990), 

that is to attribute each sound component to a specific object. Listeners rely on 

these voice cues in particular for auditory perceptual organization (more details in 

section 1.2). Separate mechanisms using both pitch and timbre occur for auditory 

scene analysis, such as segregation and grouping. These mechanisms are explained 

in section 1.4.
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1.2. Speech perception and cognition

Listeners use their ears to hear and their brain to listen and understand speech. 

Speech is a highly redundant communication system i.e. there is more information 

transmitted than the minimum necessary for conveying the message in optimal 

situation (for a review, see Assmann and Summerfield, 2004). Redundancy in 

speech is present at different levels. Speech recognition is performed by means 

of interactions between low-level (perceived acoustic cues at the periphery) and 

high-level (interpreted lexical competitors in the brain) information (Davis and 

Johnsrude, 2007). The cognitive cost to perceive (and produce) familiar speech 

(words more frequently used/heard) is reduced compared to unfamiliar speech. 

For example, in casual speech, words that are more familiar are processed faster by 

the listener than unfamiliar words because the speaker provides less information 

due to vowel reduction (‘America’ becomes ‘-murica’) whereas unfamiliar words 

(such as ‘lamprophony’2) are more carefully articulated (e.g. Fenk-Oczlon, 2001). In 

the case of reduced vowels, the missing acoustical information can be inferred on 

basis of lexical knowledge indicating an interaction between low- and high- level 

information. It was also shown that stressed vowels (like in English and in Dutch) are 

less reduced if they occur in unfamiliar words compared to familiar words (van Son et 

al., 2004). Therefore, these previous studies together show that speech redundancy 

can be found at different levels. Moreover, speech redundancy makes speech robust 

to certain degrees of degradations, as degraded cues may be compensated with 

other cues from different levels. Regarding other levels, redundancy can also come 

from the speaker’s intent to repeat relevant information for better comprehensibility 

(avoid misunderstandings), focus the listener’s attention, or for emphasis (like 

a pleonasm). This can be done at the discourse and semantic levels, in syntactic 

constructions, and with lexical repetitions (Bazzanella, 2011). At the morphological 

level, redundancy can depend on the language. For example, English and Dutch 

grammar rules require two forms of plural on the subject and certain verbs (“they 

were” and “ze waren”). At the phonological level, redundant features are involved in 

coarticulation, which helps prediction of information, e.g. during words recognition. 

Furthermore, linguistic knowledge of possible phoneme combinations (phonotactics) 

as well as their probability is also involved in coarticulation. Lastly, at the acoustic 

2   Loudness and clarity of enunciation.
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level, across-frequency grouping helps identifying phonemes. However, the first two 

formants (F1 and F2) have been shown to be a sufficient combination of parameters 

to describe the spectral contrast between vowels (Delattre et al., 1952; Pols et al., 

1973). Being able to categorize vowels with only two formants shows that many 

coexisting cues are redundant (for a review, see Repp, 1982). Overall, the previous 

studies showed that speech signal is redundant between and within the different 

levels. For example, difficulties some CI users can encounter to understand speech 

may be due to the spectro-temporal degradation of speech, reducing redundancy of 

the transmitted speech, and resulting in more uncertainty to decode each phoneme. 

However, CI users can take advantage of other co-occurring cues and adapt the 

weighting of these redundant cues to partly compensate for the degraded cues 

(Loizou and Poroy, 2001; Winn et al., 2012).

Redundancy can thus be generally defined as the co-occurrence of cues allowing a 

listener to interpret the message of a talker even if not all the cues are perceived. 

Warren (1970) observed this perceptual phenomenon and called it ‘phonemic 

restoration’, i.e. when a speech segment is deleted and replaced by an extraneous 

sound, listeners believe they heard the sound (see more on that in section 1.3). For 

sounds not limited to speech, the general phenomenon has been reported by Warren 

and colleagues (1972) as auditory induction, that “helps maintain stable auditory 

perception in our frequently noisy environment”. This statement is in line with 

information theory where redundancy serves to facilitate decoding of a message 

were it deteriorated by noise (be it at the source, during transmission, or during 

decoding). For speech, background noise and hearing impairment would correspond 

to transmission deterioration (Assmann and Summerfield, 2004). 

The acoustical information that is coming from the ears to the brain is referred to 

as bottom-up. However, surrounding background noise might interfere with the 

bottom-up cues of the target information, resulting in parts of the intended speech 

message to be unavailable to the listener’s auditory system. Therefore, the listener 

has to restore the inaudible parts using top-down restoration of speech. Top-

down processes reflect the brain’s ability to select the most appropriate lexical 

competitor activated by the bottom-up cues. Top-down restoration is based on 

higher-level cognitive processes. These include selective attention (attending to 

a single auditory object), short-term memory, linguistic knowledge, context and 
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expectations (Bashford et al., 1992; Remez et al., 1994; Samuel, 1981; Verschuure 

and Brocaar, 1983; Warren and Sherman, 1974). In top-down restoration of speech, 

interactions between low-level and higher-level information happen to best infer 

the missing parts of a message. Top-down restoration of speech is supported by 

indexical and linguistic cues. All talkers have vocal characteristics of their own, 

which makes their perceived pitch and apparent VTL unique from a listener’s 

perspective. These indexical cues indirectly assist the listener to understand speech, 

for example, through helping to attend to one particular talker amongst a crowd of 

talking individuals, as well as to link together speech segments coming from a single 

talker and segregate them from the background. This kind of listening situation is 

known as the cocktail party effect (Cherry, 1953). On the other hand, the linguistic 

cues are related to linguistic knowledge that includes semantic (the meaning of a 

sound sequence), syntax (the grammatical rules to construct sentences), lexical 

context (high versus low predictability), and some linguistic aspects of prosody 

(including lexical and sentence stress, excluding intonation). However, Mattys et 

al. (2005) and Davis and Johnsrude (2007) argue that higher-level cues can trump 

bottom-up cues for speech segmentation, and that bottom-up cues are used for 

segmentation only when lexical cues cannot be used. This illustrates the purpose 

of speech redundancy, i.e. to make use of (secondary) available cues when more 

salient cues are unavailable, missing, or unreliable. If lexical access is disturbed and 

segmentation is impaired, top-down restoration of speech might have to rely more 

on indexical cues in an attempt for compensation. Experimentally testing top-down 

restoration with modified indexical cues (as done in this dissertation, Chapters 2 and 

3) would show their role in triggering the interaction between low-level and high-

level information. 

Furthermore, in challenging listening situations, when speech perception suffers 

from background noise or competing talkers, speech redundancy is reduced. In 

this case, the reduced bottom-up cues might be insufficient to trigger higher-level 

cognitive processes involved in top-down restoration. However, it was shown that 

a single disruption in the speech signal would mainly decrease redundancy and 

show a small effect on intelligibility, but that an additional disruption would yield a 

larger deficit than the additive effect of each disruptions on their own (Lacroix et al., 

1979). Studies from the lab are in line with this finding (Bhargava et al., 2014, 2016; 

Bhargava and Başkent, 2012). All these studies consistently showed larger deficits 
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in intelligibility of interrupted speech (first disruption) when the speech cues were 

also spectro-temporally degraded (additional disruption). In these studies, the first 

disruption is due to periodic temporal interruptions (with silence or with noise bursts 

replacing the deleted speech segments) in the speech signal. Temporal interruptions 

alone (single disruption) affected speech intelligibility only when long segments of 

speech were removed (slow interruption rate or/and low duty cycle, see section 1.3 

for more details). The second (additional) disruption is due to hearing impairment 

(high-frequencies HL simulations, individuals with mild and moderate HL, CI users, 

vocoded speech to simulate electric hearing), which reduces audibility (elevated 

tone-detection thresholds), but also produces distortions in the audible speech 

signal (Plomp, 1978; Summers et al., 2013). Loss of audibility is a primary factor 

involved in impairment of speech intelligibility in quiet (Glasberg and Moore, 1989). 

Loss of audibility can be corrected via amplification of the signal with a hearing aid. 

Although loss of audibility impairs speech in noise perception (Zurek and Delhorne, 

1987), other factors, such as degraded spectral and/or temporal speech cues (due 

to the distortions), also contribute to impaired speech in noise perception (Festen 

and Plomp, 1990; Horwitz et al., 2002; Nelson and Freyman, 1987). This indicates 

that speech redundancy is reduced with degraded spectral resolution (Assmann 

and Summerfield, 2004; Gnansia et al., 2010) as is the case in CIs (Green et al., 2002; 

Shannon et al., 1995, and see section 1.5 for more details).

1.3. Top-down repair of speech: the phonemic restoration 
paradigm

Top-down restoration happens when parts of the auditory signal are unavailable to 

the listener’s ear but are restored by the brain. Throughout this dissertation, top-

down repair of speech is investigated with the phonemic restoration (PR) paradigm. 

This paradigm gives a measure of the brain’s ability to restore speech with missing 

segments, and stems from auditory induction (Warren, 1970; Warren et al., 1972), 

i.e. when a missing sound, usually replaced by noise, is perceived as present. The 

PR paradigm consists in measuring both the intelligibility of interrupted speech 

with silent interruptions and with filler noise replacing the deleted speech in the 

interruptions (see Figure 1.3). The phonemic restoration effect (or benefit) is 

measured as the difference (or improvement) in intelligibility that results from filling 

Livre 1.indb   19 18/12/2016   10:19:35



20

1

Chapter 1

the silent interruptions with noise bursts. By interrupting the sentences, lexical 

access becomes more difficult and segmentation is impaired. Miller and Licklider 

(1950) first worked on the effects of interruptions in monosyllabic words upon 

intelligibility. Their main observation was the “picket fence” effect, i.e. when noise 

is introduced in the silent gaps of interrupted speech, the speech stream sounds 

more continuous, as if hidden behind the masking noise. For this phenomenon to be 

successful, the general rule of auditory induction must be respected. It states that 

“if there is contextual evidence that a sound may be present at a given time, and 

if the peripheral units stimulated by a louder sound include those which would be 

stimulated by the anticipated fainter sound, then the fainter sound may be heard 

as present” (Warren et al., 1972). However, no improvement in intelligibility of the 

monosyllabic words was observed by adding the noise in the silent gaps (Miller and 

Licklider, 1950). It was argued that this lack of improvement for isolated words was 

due to lack of semantic context (confirmed by the lack of improvement for word lists 

in Bashford et al., 1992). However, such improvement was observed for semantically 

anomalous sentences as well as low-context sentences (Bashford et al., 1992; 

Verschuure and Brocaar, 1983), suggesting the importance of other factors such as 

coarticulation, intonation and stress.

The paradigm is still called phonemic restoration although Warren (1970) already 

pointed out that “phonemic restorations are not restricted to single phonemes, 

but may involve deleted clusters of two or three sounds”. Indeed, from removing 

a single phoneme in a sentence (Warren, 1970), periodic interruptions have been 

applied in further studies (e.g. Bashford et al., 1992; Powers and Wilcox, 1977; Shinn-

Cunningham and Wang, 2008). For example, Powers and Wilcox (1977), investigated 

the effect of the frequency of the interruptions (the interruption rate – IR) and 

difference in loudness between the speech and the noise (the signal to noise ratio – 

SNR), with the same proportion of ON/OFF speech segments (50 % duty cycle – DC). 

See Figure 1.4 for a schematic of changes in IR and DC. Power and Wilcox (1977) 

showed that the best PR benefit was observed at an IR of 1.5 Hz, corresponding to 

“large portions of many words” being removed, and that PR benefit increased with 

decreasing SNR until -24 dB. By changing the IR and DC of interruptions, the amount 

of speech signal removed varies (from a single phoneme to syllables or words; note 

that it also depends on the speech rate).
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Figure 1.3. Example Dutch sentence stimulus for the PR paradigm ‘Buiten is het donker en koud’ meaning 

‘Outside it is dark and cold’. A) Uninterrupted sentence used for baseline measurement, B) same sentence 

interrupted with periodic silent intervals, C) same sentence where the interruptions are filled with noise. 

In this example, the interruptions occur at a rate of 2.2 Hz with a 50 % duty cycle. The filler noise is at -5 dB 

SNR. In each panel, the signal is represented as a waveform (top) and a spectrogram (bottom). Words and 

phonemes segmentation are represented by vertical dashed lines, with the corresponding transcription 

for each segment.
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Figure 1.4. Schematic of square waves used for sentence interruption showing the effect of IR (horizontally) 

and DC (vertically) modification. The speech is ON when the amplitude of the square wave is equal to one, 

and is OFF when it is equal to zero. The IR influences the duration of one ON/OFF period, whereas the DC 

influences the proportion of ON/OFF in one period.

In the studies composing this dissertation we used parameters based on literature 

and pilot data. For normal-hearing listeners (Chapter 2, 3 and 4), we chose the 

following parameters: IR = 2.2 Hz and DC = 50 %. These interruption parameters result 

in removing approximately every other syllable, which impairs word segmentation 

and disturbs lexical access more than parameters that (i) removes approx. every 

other word, and where linguistic context can contribute to better intelligibility 

(e.g. IR of 1.5  Hz and DC of 50  %) or (ii) allow listeners to have more “looks” per 

words (e.g. IR of 6 Hz and DC of 50 %). Note that it is the interaction between both 

IR and DC that influences intelligibility (Bhargava et al., 2016; Miller and Licklider, 

1950; Wang and Humes, 2010). The presently used condition yielded the higher PR 

benefit at SNR = -5 dB. For hearing impaired listeners, we used an “easier” condition 

with longer speech segments, where word segmentation is less impaired, so that 

they could manage the experiment (i.e. to avoid floor effect). Thus, in Chapter 5, 

the parameters used for users of CIs were IR = 1.5 Hz and SNR = 0 dB, and varying DC 

between 50 % and 75 %, based on Bhargava et al.  (2014), which also allows direct 

comparison between studies within the lab.
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1.4. Underlying mechanisms of top-down repair of speech 

Simultaneous grouping and sequential stream segregation are considered as 

underlying mechanisms of speech perception in noise (Oxenham, 2008) that are 

also likely shared with PR. PR best happens with certain interruption parameters, 

at relatively slow interruption rates, i.e. between 1.5 Hz and 3 Hz depending on the 

proportion of speech removed (Miller and Licklider, 1950; Powers and Wilcox, 1977). 

Successive simultaneous grouping across frequency of the sound components in 

the isolated speech segments provides a basis for interrupted speech intelligibility. 

This effortless mechanisms for natural speech can be challenged when speech 

is distorted, by voice characteristics manipulations (as in Chapters 2, 3 and 4), or 

by spectral resolution degradation (as in Chapters 4 and 5), thus hindering global 

intelligibility of interrupted speech. 

Furthermore, in PR, when silent gaps periodically interrupt the speech, the speech 

is still perceived as coming from a single source. The silent gaps would likely not be 

linked as a separate stream, thus might be perceived as spurious cues in the speech 

stream. The presence of these spurious cues might hinder intelligibility. However, 

when the interruptions are filled with noise bursts, speech and noise are perceived 

as coming from two separate sources, thus can be perceived as two distinct streams. 

Indeed, there is evidence that listeners cannot identify the position of an extraneous 

sound replacing a deleted speech segment in a sentence, while still noticing its 

presence. Adversely, if the deleted speech segment is left silent, listeners accurately 

identify its position in the sentence, and suffer greater loss of intelligibility (Warren 

and Obusek, 1971). When speech is interrupted with noise, the listener must isolate 

the target speech as coming from a single source, i.e. discriminate the successive 

speech segments from the noise bursts, and link together the audible speech parts, 

i.e. sequentially group speech segments into a single stream. In this case, the listener 

performs sequential stream segregation, resulting in masking the spurious cues from 

the silent gaps and suffer lesser loss of intelligibility.

Filling in the gaps with noise bursts also contributes to the continuity illusion (the 

“picket fence” effect). The interrupted target sound is perceived as a single object, 

as if uninterrupted behind the noise that acts as a masker (Bregman, 1990; Warren, 

1970). For tones, the continuity illusion is an obligatory mechanisms observed both 
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in humans and non-human species (Petkov and Sutter, 2011). Moreover, for speech, 

the continuity illusion and top-down repair of missing segments are two separate but 

interacting neural mechanisms (Shahin et al., 2009). However, for behavioral testing 

of speech interrupted with longer segments (as is the case with the interruption 

parameters used in this dissertation, Chapters 2 and 5), linguistic knowledge and 

context may be involved to help perceive the speech continuous. This is why I prefer 

to refer in our case to the perceived continuity of speech rather than the continuity 

illusion of speech. The successive speech segments must be sequentially grouped 

into a single, coherent, auditory stream for the perceived continuity to be successful. 

This sequential linkage between the successive speech segments can be seen as 

sequential grouping on a bigger time scale. Linking the speech segments together 

depends on the similarity in the spectral content and fundamental frequency of 

the alternating speech and noise segments, for the noise to be a plausible masker 

(Bashford et al., 1992). Adversely, better discrimination between speech and noise is 

accomplished when speech and noise are perceptually different, for which pitch have 

been shown to have great importance (Chatterjee and Peng, 2008; Liu and Rodriguez, 

2012; Peng et al., 2012). It seems that a balance between these two mechanisms is 

required for successful PR. 

1.5. Hearing loss and cochlear implants

Hearing loss involves a disability in hearing sounds. The two major types of hearing 

loss are the conductive and the sensorineural hearing loss occurring in mild, 

moderate, severe and profound degrees. In conductive hearing loss the sound is 

not transmitted properly through the outer and/or middle ear to the inner ear and 

auditory nerve. This type of hearing loss causes a loss in the sensitivity to sound, and 

treatment depends on the cause of the hearing loss. In some cases, conventional 

hearing aids can help the hearing impaired listener by amplifying the sounds. In 

sensorineural hearing loss (SNHL), the transmission of the neural signals to the brain 

is affected due to problems in the inner ear and/or at the auditory nerve. This kind 

of hearing loss is evident by not only the loss in sensitivity to sound but also by the 

loss in clarity and sharpness of the sound due to degraded frequency selectivity. 

When sensorineural hearing loss is severe or profound, it not only limits the general 

auditory perception but also severely impedes speech communication which can 
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have far-reaching impact on a person’s quality of life. For severe and profound 

SNHL, amplification through conventional hearing aids may not offer sufficient help, 

in which case a more successful medical intervention in this situation is the use of 

cochlear implant (CI). 

A CI is a surgically implanted biomedical device that restores some of the sound 

perception by directly stimulating the auditory nerve electric pulses carrying sound 

information, while bypassing the damaged or missing hair cells in the cochlea. 

The device is composed of an outer microphone connected to a processor that 

converts the captured surrounding sounds into an electric signal. This electric signal 

encodes well the temporal envelope of speech (i.e. the slow-varying amplitude 

envelope), but does not encode temporal fine structures and low-frequency resolved 

harmonics (for a review see Başkent et al., 2016). The electric signal is transmitted 

to an array of electrodes that is surgically placed inside the cochlea. The electrode 

arrays have different number of electrodes depending on the manufacturer. Each 

electrode corresponds to an information channel. With more electrodes, spectral 

information is theoretically more detailed (i.e. better spectral resolution improves 

speech understanding). This is valid to the extent where current spreading from 

adjacent electrodes creates channel interactions that reduce the functional spectral 

resolution, and negatively affect speech perception performance (Loizou et al., 1999; 

McDermott and McKay, 1994; Nie et al., 2006; Shannon, 1983; Stickney et al., 2006). 

Therefore, temporal envelope cues encoded in the CI are the primary perceptual 

cues that CI users rely on (Fu, 2002; Tasell et al., 1992). These cues provide speech 

information on manner of articulation and prosody, which contribute to good speech 

intelligibility (Rosen, 1992). Subjective measures, along with speech perception 

performance, indicate that quality of life improves after implantation (Damen et al., 

2007; Klop et al., 2008; Wheeler et al., 2007). The CI restores some sound perception, 

and good speech intelligibility in quiet can often be achieved. However, large 

variability between CI recipients is observed for understanding speech in noise (e.g. 

Friesen et al., 2001). Their difficulties to perceive speech in noise may be due to their 

poor pitch representation (Qin and Oxenham, 2003), as explained in the next section.
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1.6. Pitch perception

How is pitch perceived in normal hearing?

In a healthy cochlea, each part of the basilar membrane (BM) vibrates in response to 

a certain frequency. This is the place pitch. The BM works as a frequency analyzer, 

i.e. it is composed of a bank of auditory bandpass filters whose critical bandwidth 

increases in size with increasing center frequency (i.e. broader filters at the base and 

narrower filters at the apex of the cochlea). Each auditory filter in the low frequencies 

that receives one (resolved) harmonic partial from the harmonic structure of pitch, 

will display a peak in the excitation pattern, which is the output of the auditory filters 

averaged over time (see Figure 3 in Oxenham, 2008). Conversely, auditory filters 

in the high frequencies that receive more than one (unresolved) harmonic partial 

will not display clear peaks. The low-frequency, resolved, harmonics can induce 

the pitch percept of the lowest harmonic (the fundamental) even if it is missing3. 

When the fundamental is missing, the BM is not directly excited at the place of the 

fundamental frequency, although inducing a comparable pitch percept than when 

the fundamental is present. This “pitch of the missing fundamental” phenomenon 

historically suggested that place of excitation was not the only theory for pitch 

perception (Licklider, 1954; Schouten, 1940).

Another pitch perception theory besides place pitch is temporal pitch. Temporal pitch 

is perceived while neurons discharge synchronously with the stimuli until around 

500  Hz, which is the maximum firing rate of a neuron, due to its refractory period. 

However, in a mammalian healthy cochlea, phase locking of auditory neurons works 

accurately until 1-2  kHz, and progressively becomes weaker until 4-5  kHz, as the 

volley theory states that a group of neurons can discharge at multiples of harmonic 

frequencies and be phase-locked with the stimuli when their individual responses 

are combined together. This means that groups of neurons are phase-locked with the 

low-frequency, resolved, harmonics.

For auditory filters at higher frequencies, the temporal envelope of the unresolved 

3   Similarly, high-frequency, unresolved, harmonics can also induce a pitch percept comparable 
(albeit weaker) than when the fundamental is present in a complex tone (e.g. Houtsma and 
Smurzynski, 1990).
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harmonics shows amplitude modulations at a rate corresponding to the F0 (Oxenham, 

2008). Oxenham (2008) argues that normal-hearing (NH) listeners use both place and 

temporal cues together (the duplex theory, Licklider, 1951), to make pitch perception 

more robust.

How is pitch perceived in cochlear-implant users?

The array of electrodes, placed along the BM in the cochlea, benefits from its 

tonotopic organization. Theoretically, different electrodes stimulate different 

neuron populations inducing different pitch percepts, i.e. the place pitch. In CIs, 

auditory filters become broader with cochlear hearing loss and there is little to no 

representation of individual harmonics, inducing a weak pitch percept if any. Thus 

another way to perceive pitch could be used for CIs. 

Aside from the number and placement of electrodes, the rate of stimulation of each 

electrode is another factor that can potentially be used in pitch perception in CIs. The 

resulting pitch percept is referred to as temporal pitch or rate pitch. Discrimination of 

stimulation rate by CI users is generally observed for pulse rates between 50 and 300 

Hz (Moore and Carlyon, 2005), However, most CI devices use constant pulse rates of 

stimulation (no temporal fine structure), because of which no pitch information can 

be conveyed. 

Nevertheless, another temporal pitch cue may be available for CI users, namely 

the amplitude modulations on the temporal envelop. Thus some pitch information 

can be transmitted via temporal envelope modulations encoded in CIs. Unlike for 

NH listeners, in CI users, place-of-excitation and stimulation rate can be studied 

independently from each other using direct stimulation (bypassing the microphone 

and the speech processor). Using this technic, it was shown that although independent 

in CI users and leading to separate perceptual dimensions, the place and rate cues 

can be combined together for pitch discrimination of complex tones (McKay et al., 

2000). Moreover, what comes out from the studies analyzed in Oxenham’s (2008) 

review is that the pitch percept in CI  users is different from the pitch perceived by 

NH listeners.
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How to improve pitch perception in cochlear-implant users?

The limitation of voice pitch perception in CIs is detrimental for speech perception, 

especially in the presence of background noise. However, a part of the implanted 

population has low-frequency (LF) residual hearing. This residual hearing can 

be found in the opposite ear of the implant, if the ear with lower thresholds had 

sufficient surviving neurons to be implanted in case of bilateral hearing loss. In 

other cases, the residual hearing may be found on the implanted side, because an 

increasing amount of efforts is put into hearing preservation during CI implantation. 

In either setup, the residual hearing can be amplified with a hearing aid (HA). With 

both a CI and a HA, the brain has to analyze sounds in two different modalities, 

electric and acoustic. This combination is referred to as bimodal hearing or electric-

acoustic stimulation (EAS). Access to LF via the acoustic residual hearing amplified 

by the HA often improves speech perception in noise (Ching et al., 2004; Luo and Fu, 

2006; Rader et al., 2013; Zhang et al., 2010, 2013). This bimodal benefit is sometimes 

also observed for speech in quiet (Hamzavi et al., 2004; Shallop et al., 1992), but 

not always (e.g. Tyler et al., 2002). The bimodal benefit is usually greater for speech 

in noise than for speech in quiet (Armstrong et al., 1997; Syms and Wickesberg, 

2002), but not always (Dorman et al., 2008). Thus, it seems that the bimodal benefit 

depends on individual differences. If so, responsible factors have to be identified 

for an effective generalization. Such generalization could motivate clinicians to 

encourage CI users with residual hearing to additional use a HA. Policy makers 

would be more incline to broaden the implantation criteria to individuals with more 

residual hearing if a combination of HA and CI proved to be generally beneficial for 

their speech performance.

This bimodal benefit has been attributed to better pitch representation with the 

addition of the HA that provides LF cues (Turner et al., 2004). In support of this 

theory, EAS simulation studies have shown a bimodal benefit with low-pass filtered 

speech retaining only the F0 information added to vocoded speech (e.g. Zhang et al., 

2010). A bimodal benefit was also observed (in simulation and with actual patients) 

when the acoustic signal was a modulated pure tone following the original speech’s 

F0 (Brown and Bacon, 2009a, 2009b). Further, access to low-frequency acoustic 

hearing improves pitch discrimination of CI users (e.g. Gfeller et al., 2007). However, 

the better pitch representation can only explain partly the bimodal benefit as the 
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benefit increased with higher cutoff frequencies of the low-pass filtered speech (Qin 

and Oxenham, 2006). Moreover, the better tracking of F0 can explain the bimodal 

benefit for speech in noise. However, another interpretation would best explain the 

fact that there can also be a bimodal benefit for speech in quiet. This interpretation is 

the glimpsing theory, which states that LF information provides richer phonetic and 

voicing cues that improve the quality of the glimpsed speech segments (Kong and 

Carlyon, 2007). Thus, better quality of the glimpsed speech segments may improve 

overall intelligibility in quiet and in noise. The identified other cues participating in 

the bimodal benefit are envelope amplitude modulations and F1 (Brown and Bacon, 

2009a; Verschuur et al., 2013).

In the present dissertation (Chapter 5), I am interested in the case where the HA is on 

the contralateral side from the implant, i.e. one ear is stimulated electrically and the 

other acoustically. This “set-up” is defined as binaural EAS, that I differentiate from 

hybrid EAS, when the CI and the HA are on the same side (Gantz and Turner, 2004). 

1.7. Outline of the dissertation

This dissertation investigates the effects of different voice manipulations (with focus 

on pitch) on top-down repair of speech. The studies use the PR paradigm to evaluate 

the interaction between the manipulated bottom-up cues and the top-down repair 

mechanisms of interrupted speech. The results from these studies are important for 

fundamental speech sciences but also for clinical applications, as they shed some 

light on the role of pitch in speech in noise and how access to pitch could profit 

hearing impaired individuals.

In Chapter 2, the role of voice continuity in PR was investigated. The vocal 

characteristics manipulated were the pitch and/or the apparent VTL. Disruptions 

of the mean F0 value and/or the spectral envelope ratio were applied to generate 

sentences with two alternating talkers to challenge the perceived continuity of the 

speech. The hypothesis is that obstructing continuity illusion with disrupted vocal 

characteristics will hinder top-down repair of interrupted speech if top-down repair 

mechanisms indeed build up on the continuity illusion, as suggested in the literature. 

Measures of intelligibility and perceived continuity of interrupted sentences were 

conducted with young normal hearing listeners. The main results however show 
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that the perceived continuity is not a prerequisite for top-down repair of interrupted 

speech.

Chapter 3 follows up on the possible importance of pitch for top-down repair of 

interrupted speech via its dynamic information (instead of disrupting the mean F0 

value as in the previous chapter). Thus, the manipulations focused on F0 contours. 

This bottom-up cue gives intonation cues and is relevant for word segmentation. 

Thus F0 contours can contribute to intelligibility and top-down repair as a grouping 

and/or a glimpsing cue. F0 contours manipulations impairing intonation patterns 

and word segmentation allowed investigating the interaction of bottom-up and 

top-down information. This study shows that PR breaks down only with the most 

atypical F0 contours, providing misleading cues. This suggests that top-down repair 

mechanisms are robust to certain degradation of bottom-up cues, as linguistic cues 

may compensate for degraded bottom-up cues.

Chapter 4 focuses on the presence of voicing with reduced spectral resolution. This is 

done by comparing the presence and absence of original F0 cues in vocoded speech. 

In this chapter, I introduce a method to simulate electrical hearing with F0 in order 

to independently investigate absence/presence of pitch and spectral resolution 

in a systematic way. The aim of this study is to determine whether the weak pitch 

representation in CIs accounts for the limited restoration benefit observed for 

implanted individuals compared to NH listeners (Bhargava et al., 2014). The main 

result point toward a combination of poor spectral resolution and weak pitch 

representation being responsible for limited restoration benefit in CI users.

Chapter 5 translates the simulation results from the previous chapter to actual 

hearing impaired individuals. The simulation showed that F0 information added to 

noise-band vocoded speech improved top-down repair when spectral resolution is 

in the range of CI users. I expected to observe similar benefit with bimodal CI users 

with acoustic residual hearing because pitch could be provided via the low frequency 

information amplified by their contralateral HA. The effect of access to additional 

pitch cues is assessed by comparing performance when participants are wearing 

their CI alone, and when wearing their CI and HA together. However, no restoration 

benefit was found, and no bimodal benefit was observed for interrupted speech 

perception at the group level.
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An overall discussion is provided in Chapter 6 based on the results from the present 

studies, and a model for top-down repair of interrupted speech is proposed.
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