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Introduction

CLARKE J.
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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.

10
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Chapter 1
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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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Pharynx

Larynx
Tongue

Lips

Nasal cavity
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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. 
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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 

10 20 30 40 50
−1

−0.8

0

0.6
0.8

1

Am
pl

itu
de

 (A
U

)

time (ms)

0 500 1000 1500 2000 2500 3000 3500 4000
−30

−20

−10

0

10

20

30

M
ag

ni
tu

de
 (d

B)

frequency (Hz)

−0.6
−0.4
−0.2

0.2
0.4

0

Livre 1.indb   14 18/12/2016   10:19:34



15

1

 Introduction

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 
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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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Abstract

Phonemic restoration, or top-down repair of speech, is the ability of the brain to 

perceptually reconstruct missing speech sounds, using remaining speech features, 

linguistic knowledge and context. This usually occurs in conditions where the 

interrupted speech is perceived as continuous. The main goal of this study was 

to investigate whether voice continuity was necessary for phonemic restoration. 

Restoration benefit was measured by the improvement in intelligibility of meaningful 

sentences interrupted with periodic silent gaps, after the gaps were filled with noise 

bursts. A discontinuity was induced on the voice characteristics. The fundamental 

frequency, the vocal tract length, or both of the original vocal characteristics were 

changed using STRAIGHT to make a talker sound like a different talker from one 

speech segment to another. Voice discontinuity reduced the global intelligibility 

of interrupted sentences, confirming the importance of vocal cues for perceptually 

constructing a speech stream. However, phonemic restoration benefit persisted 

through all conditions despite the weaker voice continuity. This finding suggests that 

participants may have relied more on other cues, such as pitch contours or perhaps 

even linguistic context, when the vocal continuity was disrupted.

Keywords: phonemic restoration; vocal characteristics; speech perception; 

continuity; perceptual organization
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2.1. Introduction

In real-life communication, while speech often happens in the presence of background 

masking noise, people are most of the time still able to understand the message 

intended by the speaker. Perhaps contributing to this (Warren, 1983), under certain 

circumstances, the brain has the ability to restore missing speech segments. This 

phenomenon is referred to as perceptual or phonemic restoration (Warren, 1970b).

The phonemic restoration effect can be quantified by measuring the increase in 

intelligibility of sentences with periodic silent intervals after these intervals are 

filled with noise bursts (Powers and Wilcox, 1977; Verschuure and Brocaar, 1983b). 

Phonemic restoration was described as a “two-stage process of perceptual synthesis” 

(Bashford et al., 1992b; Bregman, 1990a) consisting of: (i) the perceived continuity 

of speech (described as “continuity illusion” in this context) with simple auditory 

induction, and (ii) the repair mechanisms of the missing sounds with knowledge-

driven processes. First, the interrupted speech is illusorily perceived as continuous 

when the filler noise acts as a plausible masker for the missing segments of speech 

and if there is no perceptual evidence against continuity (Miller and Licklider, 1950; 

Warren, 1970b). Second, intelligibility increases with repair mechanisms of top-

down restoration, using linguistic knowledge and context (Bashford et al., 1992b; 

Wang and Humes, 2010; Warren and Sherman, 1974). While previous studies showed 

better restoration in conditions where the perceived continuity of noise-interrupted 

sentences was stronger, thus indicating a close connection between the two stages 

(Bashford et al., 1992b; Başkent et al., 2009), evidence from imaging experiments 

showed that the continuity illusion and repair mechanisms are two separate neural 

mechanisms that seemingly interact (Shahin et al., 2009). Consequently, the extent 

to which continuity and repair mechanisms are linked is not yet clear.

The fact that the term “continuity illusion” refers to different, albeit similar and likely 

related, phenomena and paradigms across the literature, may have contributed 

to this lack of clarity. Continuity illusion, as described by Bregman (1990a) in the 

context of phonemic restoration and auditory scene analysis, is the perception of 

an interrupted target sound as a single object as if uninterrupted behind a louder 

masking noise. One of the four prerequisites of continuity illusion is the grouping rule 

(Bregman, 1990a, pp. 345–394). In other words, for the continuity illusion to happen, 
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the successive segments of the target must be grouped into a single, coherent, 

auditory stream. This sequential grouping between each target’s segments strongly 

depends on their similarity in their spectral content, fundamental frequency, and 

location in space (Hartmann and Johnson, 1991). Consequently, if these acoustic 

cues are changing significantly from one segment to the next, the successive 

segments are less likely to be integrated into a single stream, thereby weakening or 

removing the continuity illusion effect. 

The phenomenon described in this definition likely contributes to the phenomenon 

of perceived continuity in general. It is this general concept of perceived continuity 

that we investigated here. In the present study, we modified the acoustic cues from 

a male voice into a female voice to induce the perception of two different talkers. 

Alternating between these two voices in a sentence would break the continuity of 

the vocal characteristics. We hypothesized that the disrupted voice continuity would 

hinder the perception of the speech segments as a single stream.

The goal of the present study was to investigate whether voice continuity is necessary 

for phonemic restoration. If this is the case, we hypothesized that breaking the voice 

continuity of the speech stream would prevent, or at least reduce, the phonemic 

restoration benefit. The voice continuity of interrupted speech with filler noise was 

disrupted with manipulations that were applied at the indexical4 level. This way, the 

linguistic content (as this is an important factor for the repair mechanisms) was left 

intact, while acoustic cues important for perceptual organization in general, and 

sequential grouping of speech specifically, were manipulated. A two-talker percept 

was created from the interrupted speech by alternating between two voices on each 

speech segment. The vocal characteristics we manipulated were the fundamental 

frequency (F0) and the vocal tract length (VTL) as these are the most important 

for gender identification (Skuk and Schweinberger, 2013) and can be used for 

speaker identity manipulation (Gaudrain et al., 2009). The F0 is related to the pitch 

of the voice, and the VTL to the size of the speaker (Fitch and Giedd, 1999). These 

give information about the size and the sex of a speaker (Hillenbrand and Clark, 

2009; Smith et al., 2007; Titze, 1989), and can also play an important role for the 

intelligibility of speech in adverse listening scenarios (Darwin et al., 2003; Mackersie 

4 Indexical cues refer to the voice characteristics specific to a talker (e.g. Helfer and Freyman, 2009; 
Mclennan and Luce, 2005), in opposition with the lexical (or linguistic) cues, which can be learnt and 
depend on the language.
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et al., 2011). Furthermore, continuity of these vocal characteristics influences speech 

recognition performance (Best et al., 2008; Kidd et al., 2008; Maddox and Shinn-

Cunningham, 2012; Shinn-Cunningham et al., 2013), suggesting that F0 and VTL 

are used to perceptually construct a speech stream (Gaudrain et al., 2007; Tsuzaki 

et al., 2007) by linking successive segments of speech over time. Hence, grouping 

successive segments of speech with different vocal characteristics should be more 

difficult in comparison with grouping speech segments from the same voice, and if 

the grouping rule of the continuity percept is a prerequisite for the repair mechanisms 

of missing speech segments, the voice manipulations that cause a disruption at the 

indexical level should reduce phonemic restoration benefit. We also manipulated F0 

and VTL separately to systematically investigate the importance of each parameter 

independently on voice continuity and on phonemic restoration. Because F0 varies 

a lot within the same speaker in natural speech, whereas VTL does not, the effect of 

breaking the continuity could be different for the two cues.

In this study, three experiments were conducted. In experiment 1, the voice 

manipulations were assessed to confirm that the target female voice was indeed 

perceived as a different talker than the original male voice. In experiment 2, the effect 

of the voice manipulation on perceived continuity was assessed to confirm when the 

voice continuity was perceived as broken by the voice alternations. In experiment 

3, the main experiment of the study, the effect of voice manipulation on phonemic 

restoration was investigated.

2.2. General methods

This section describes methods that were common to all three experiments. Note 

that in order to keep the participants as naïve as possible to both speech stimuli 

and the experimental paradigm during the main experiment, experiment 3 was run 

first. The voice assessment experiment, experiment 1, was run after the phonemic 

restoration experiment. Continuity assessment, experiment 2, was run in another 

session with different participants.

2.2.1. Stimuli

Meaningful Dutch sentences, spoken by a male talker and digitized at a 44.1 kHz 

sampling rate, were used (from Versfeld et al., 2000). Each sentence was grammatically 
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and syntactically correct and contained between four and nine words. The words were 

no longer than three syllables and had an average duration of 325 ms (s.d. 45 ms). 

The corpus was divided into 39 homogeneous lists of 13 sentences, where the lists 

of sentences were equally intelligible. Two lists were excluded: list #39 because its 

distribution of phonemes did not match the average frequency of phonemes in Dutch 

(Versfeld et al., 2000); and list #13 because it contained a sentence also present in 

list #21. 

2.2.2. Signal processing

We manipulated the talker’s voice using two independent parameters, the F0 and 

the VTL, offline, using the STRAIGHT software (v40.006b) implemented in Matlab 

(Kawahara et al., 1999). The speech signal was first decomposed into a spectral fine 

structure reflecting the F0 contour, and a spectral envelope at each time sample. The 

F0 was then manipulated by multiplying all values of the F0 contour by a factor, thus 

changing the average F0 but preserving the relative fluctuations around the average. 

The VTL was manipulated by expanding the extracted spectral envelope towards the 

high frequencies, which produced shorter VTLs. The two modified parts of the sound 

were then recombined using a pitch synchronous overlap-add resynthesis method. 

Note that all stimuli were resynthesized with STRAIGHT, even when the F0 and the 

VTL were both left unchanged (the baseline male voice condition), to control for any 

perceptual effects of resynthesis.

To ensure discontinuity of the vocal characteristics, speech segments were designed 

to alternate between voices of a man and a woman. In studies investigating the 

effect of F0 and envelope shifting on gender identification, it has been shown that 

when both F0 and formants were shifted up from male toward typical values of 

female, or down from female toward typical values of male voices, the speaker was 

identified as from the opposite sex (thus a different speaker; Fuller et al., in revision; 

Hillenbrand and Clark, 2009; Skuk and Schweinberger, 2013). In order to change the 

original voice of the male into that of a female, the F0 was multiplied by two and the 

spectral envelope was expanded by a ratio of 1.26 (i.e. all formant frequencies were 

shifted upwards by a third octave). The calculation of the length of the vocal tract of 

the original male talker was based on work by Fitch and Giedd (1999). We estimated 

a VTL of 15.4  cm for the male talker (corresponding to the VTL for a Dutch man of 

average height = 180 cm), and used this as a reference (spectral envelope ratio = 1), 
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as was done by Ives et al. (2005). This resulted in an apparent VTL of 12.2 cm for the 

female voice. The sentences used in experiment 1 were processed under 16 voice 

conditions, with different F0 and/or VTL modification ratios. The sentences used in 

experiments 2 and 3 were processed under four voice conditions: (SU) (re)synthesis 

with unmodified vocal characteristics, (F) one octave F0 shift only, (V) shorter VTL 

only, and (FV) both F0 and VTL modified. 

The resynthesized sentences were interrupted using square wave modulation with 

an interruption rate (IR) of 2.2 Hz and a 50 % duty cycle, producing speech and silent/

noise intervals of 227 ms duration (which is close to the average syllabic rate of the 

speaker in this corpus). The IR was chosen in a pilot study, which showed that from 

IRs of 1.5, 2.2, 3 and 5  Hz, 2.2  Hz produced the most robust phonemic restoration 

effect, with levels of speech intelligibility far from floor or ceiling. A 5-ms raised-

cosine ramp was applied to the onsets and offsets of the square wave to smooth 

the alternations between speech segments and interruptions and to reduce spectral 

splatter. Vocal characteristics (F0 and VTL) of successive speech segments alternated 

from original values to other values (see Figure 2.1b). The interruptions were either 

left silent or filled with speech-shaped noise (signal to noise ratio [SNR] of -5  dB). 

For each voice condition, all resynthesized sentences from the SU voice and the 

alternate voice were concatenated for the computation of the long-term spectrum. 

A single speech-shaped noise file was generated from white noise modulated by the 

long-term average spectrum in each voice condition.
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Figure 2.1.  a) Schematic of a stimulus for the SU-FV condition used in experiments 1, showing alternating 

voices (SU voice in black and FV voice in red) in sentence segments without interruptions. The first 

segment was always from the SU voice, which was the synthesized unprocessed voice. The alternating 

voice was the same throughout one sentence, and was one of the 16 resynthesized voices. b) Schematic 

of stimuli for the SU-FV condition in experiment 2 and 3, showing the alternating voices (SU voice in black 

and FV voice in red) in successive sentence segments with silent interruptions (upper panel) and filler 

noise bursts (lower panel).  The first segment was always from the SU voice, and the alternating voice 

could be SU (SU-SU voice condition), F (SU-F voice condition), V (SU-V voice condition) or FV (SU-FV voice 

condition).

2.2.3. Apparatus

The processed digital stimuli were sent through the S/PDIF output of an AudioFire 

4 soundcard (Echo Digital Audio Corporation). After conversion to an analog signal 

via a DA10 D/A converter (Lavry Engineering Inc.), the stimuli were played back 

diotically through HD600 headphones (Sennheiser Electronic Corporation). The 
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speech segments for all voice conditions were set to a RMS level of 65 dB SPL. The 

calibration of the stimuli was performed on the first 20 sentences from the corpus 

with a Sound & Vibration Analyser (Svan 979 from Svantek) connected to a Kemar 

head (G.R.A.S.). Each participant was seated in a sound-attenuated booth facing a 

computer monitor. Their verbal response was recorded on a PalmTrack digital voice 

recorder (ALESIS).

2.2.4. Procedure

Participants came for a single session, including the instructions, obtaining written 

informed consents, conducting the audiometric test, the training, the experiment(s), 

the debriefing and occasional breaks. A single session for experiments 1 and 3 lasted 

1.5 to 2 hours. A session for experiment 2 lasted 30 minutes.

2.3. Experiment 1: voice assessment

2.3.1. Material and methods

Participants

Sixteen normal-hearing native Dutch speakers, with no history of hearing problems 

and aged 20 to 29  years (mean  =  23.3, s.d.  =  2.7), participated in the study. Their 

pure-tone thresholds were 20 dB HL or less at audiometric frequencies between 250 

and 6000  Hz in both ears. The study was approved by the Medical Ethical Review 

Committee (Medisch Etische Toetsingscommissie) of the University Medical Center 

Groningen, and written informed consent was collected from each participant. An 

hourly fee was paid.

Procedure

This voice assessment experiment was conducted to confirm that the chosen 

voice manipulation did lead to the perception of different speakers. The voice was 

modified in 16 steps between the original male voice and the target female voice 

as shown in Figure 2.2. Alternations between the original parameters and the other 

voice conditions (see Figure 2.1a) were applied by modulating the original sentence 

with the same square wave as described in the general method (see section 2.2), and 

the sentence from the alternated voice with the inverse square wave. In this case, no 
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speech segments were missing but they alternated between the original male voice 

(SU) and one of the 16 voice conditions described in Figure 2.2. Seven sentences per 

condition were played to the participants whose task was to report whether they 

heard one talker or two different talkers for each sentence. The sentences were taken 

from lists the participants had not heard during experiment 3. 

The average percent of report of two talkers were converted to RAU (rationalized 

arcsine transform units, Studebaker, 1985). RAU are used when the range of scores 

is finite, to temper homoscedasticity problems in order to fulfill one of ANOVA’s 

homogeneity of variances assumptions. 

2.3.2. Results

The RAU scores for reports of hearing two different talkers are shown in Figure 2.2, 

as the area of the circle for each voice condition. A repeated-measure (RM) 

ANOVA with voice condition (16 levels) as factor showed a significant effect 

[F(15,225) = 23.14, p < 0.001]. Post hoc comparisons (FDR corrected) showed that the 

four conditions used in the main experiment were significantly different from each 

other [p < 0.01 for SU-SU vs. SU-F, SU-F vs. SU-V, SU-F vs. SU-FV, and p < 0.001 for 

SU-SU vs. SU-V, SU-SU vs. SU-FV] except for SU-V vs. SU-VF [p= 0.74]. These results 

showed that (i) the original but resynthesized condition (SU-SU) produced a one-

talker percept, as expected, (ii) manipulating F0 only (SU-F) did not produce a strong 

two-talker percept, with only 43 RAU rated as two talkers, even for a difference in F0 

as big as one octave, (iii) manipulating VTL only (SU-V) or both F0 and VTL (SU-FV) 

produced a strong two-talker percept, with 94 RAU and 99 RAU, respectively, rated 

as two talkers. 

To ensure that the voice resynthesis alone did not change speech intelligibility, 

three additional participants, selected with the same inclusion criteria were tested 

for intelligibility of uninterrupted sentences with the voice manipulations (SU, F, V 

and FV). All scores were at ceiling, confirming that the voice manipulations did not 

introduce artifacts or unnaturalness that significantly reduced speech intelligibility.
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Figure 2.2. Voice conditions represented in the F0-VTL plane. The x-axis shows the modification ratio 

of F0, with a ratio of 1 for the original male voice. The y-axis shows the VTL apparent size (in cm) 

corresponding to the spectral envelope ratio (SER), with a ratio of 1 for the original male voice. The 

four voice manipulations used for experiments 2 and 3 are represented by the colored circles. SU is the 

baseline reSynthesis of the original male voice with Unmodified vocal characteristics. F is the resynthesis 

of the male voice with F0 shifted up by an octave. V is the resynthesis of the male voice with a shorter VTL. 

FV is the resynthesis of the male voice with both parameters modified. The 16 voices resynthesized for 

experiment 1 are represented by the gray circles. The blue horizontal line shows the change in F0 only; the 

green vertical line shows the change in VTL only; and the red zigzag line shows the combined change in the 

two dimensions. The area of the circles for each voice condition represents the RAU scores for trials where 

the participants reported hearing two different talkers (results of experiment 1). 

2.4. Experiment 2: Continuity assessment

2.4.1. Methods 

This experiment was conducted to confirm that voice continuity was really perceived 

as broken, by making sure that the male and the female voices could not be identified 
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as a single talker (rather than testing if two different voices can be identified like 

in experiment 1). Sixteen participants aged 19 to 30 years (mean = 22.7, s.d. = 2.8), 

included upon the same criteria as experiment 1, but who only participated in this 

experiment, were asked to judge if they thought it possible that a single talker 

uttered the whole sentence. The participants were tested in the same conditions of 

experiment 3 (noise and silent interruptions, and 4 voice conditions: SU-SU, SU-F, 

SU-V, and SU-FV).

2.4.2. Results

The RAU scores for percentage of trials where participants reported hearing a single 

talker are shown in Figure  2.3. The RM ANOVA with voice condition (4 levels) and 

interruption filler (2 levels) as factors showed a significant effect of voice condition 

on the judgment of single talker [F(3,45)  =  48.21, p  <  0.001], a significant effect of 

interruption filler on the judgment of single talker [F(1,15) = 6.47, p = 0.023], and no 

interaction between the two factors [F(3,45) = 0.96, p = 0.42]. 

Figure 2.3. Results of experiment 2. 

Boxplot of RAU scores for trials where 

the participants reported hearing a 

single talker, shown as a function of voice 

condition (SU-SU, SU-F, SU-V, and SU-FV), 

with silent gaps (light boxes) and with 

gaps filled with noise bursts (dark boxes). 

The bar indicates the median, the box 

indicates the 25th and 75th quartiles, and 

the whiskers indicate the 1.5 IRQ. The 

mean is displayed with a cross and dots 

indicate outliers. 
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Posthoc pairwise comparisons were computed with False Discovery Rate (FDR) 

control for multiple comparisons. First, the results showed that, SU-SU and SU-FV 

conditions were significantly different from each other, both with silent interruptions 

(104 RAU and -6 RAU, respectively, for reports of hearing a single talker) and with 

noise filler (109 RAU and -2 RAU, respectively). Furthermore, for the SU-FV condition, 

the participants clearly judged the two voices as not possibly being from a single 

talker. This confirms that our manipulation of the male voice (SU) toward a female 

target voice (FV) indeed induced a two-talker percept. Thus, for this SU-FV condition, 

participants cannot rely on vocal characteristics of the talkers to integrate the speech 

segments into a single stream.

2.5. Experiment 3: Phonemic restoration

2.5.1. Methods

Participants and Stimuli

The same participants were involved in experiment 1 and 3. The stimuli from the 

same corpus were used for experiment 1 and 3, although participants never heard 

the same sentence twice. 

Procedure

The participants listened to one stimulus at a time. A short beep preceded the 

stimulus to alert the participant. They were asked to verbally repeat what they could 

understand from each sentence, and were encouraged to guess as much as possible 

(Başkent, 2012). The spoken responses were recorded for offline scoring. A native 

Dutch speaking student assistant, who was unaware of the experimental conditions, 

listened to the recordings, and calculated the percent-correct scores as the ratio of 

correctly identified words to the total number of words presented to the listener. 

For familiarization with the procedure and the stimuli, training was provided before 

data collection. The first four lists of sentences were used for training, with four 

conditions taken randomly from the eight conditions used in the experiment. The 

task was similar to that for the main experiment, except that feedback was provided 

after each response by playing the full sentence in one of the resynthesized voices 

(original or manipulated), and by playing the interrupted sentence once more, as 
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well as displaying its text on the screen. This form of training was previously shown 

to be effective with similarly interrupted sentence materials (Benard and Başkent, 

2013). The main experiment consisted of 8 conditions [4 voice conditions (SU-SU, 

SU-F, SU-V, SU-FV) × 2 interruption conditions (silent intervals and with noise filler)]. 

The orders of the sentence lists and of the conditions were randomized. 

2.5.2. Results

The intelligibility of the interrupted sentences is shown in Figure 2.4 (upper panel) for 

the four voice conditions tested for sentences with silent gaps (light boxes) and with 

filler noise (dark boxes). The phonemic restoration effect is shown by better scores 

with filler noise (see also Figure 2.4, lower panel). As the alternating voices became 

more different, there was a decrease in intelligibility without or with the filler noise. 

However, the phonemic restoration effect was present for all conditions. A RM two-

way ANOVA on the RAU scores, with the within-subject factors of voice condition (four 

levels; SU-SU, SU-F, SU-V, and SU-FV) and of interruption condition (two levels; silence, 

noise) showed significant main effects of voice condition [F(3,45) = 8.48, p < 0.001], 

and of interruption condition [F(1,15)  =  29.49,  p  <  0.001]. Critically, there was no 

significant interaction between the two factors [F(3,45) = 0.40,  p = 0.76], suggesting 

that the voice manipulation did not affect the phonemic restoration effect. Post-hoc 

pairwise comparisons were computed with FDR correction for multiple comparisons. 

First, the intelligibility in the SU-F condition did not significantly differ from that 

of the SU-SU condition, both for silent interruptions and interruptions filled with 

noise. This indicates that the manipulation of F0 alone does not significantly disturb 

the listeners’ intelligibility. Second, the results showed a significant decrease in 

intelligibility scores from the SU-SU to the SU-V conditions, both for silent and noise 

interruptions, and an equivalent decrease from the SU-SU to the SU-FV conditions. 

This indicates that the manipulation of VTL alone could be responsible for the 

decrease when both vocal parameters are modified. Finally, there was a significant 

phonemic restoration effect in all voice conditions.

The lower panel of Figure  2.4 shows the phonemic restoration effect directly for 

each voice condition, calculated by subtracting the scores obtained without filler 

noise from those obtained with filler noise. The figure shows that, as suggested by 

the significant main effect of interrupted condition (silence vs. noise), in all voice 

conditions there was a significant phonemic restoration effect (between 7.41  RAU 
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and 11.26 RAU). As the lack of interaction in the RM-ANOVA implied, the voice 

condition had no significant effect on the size of the phonemic restoration benefit. 

In addition, comparison of the phonemic restoration effect scores to zero confirms 

that the phonemic restoration benefit was present for all voice conditions [SU-SU: 

t(15) = 3.79, p = 0.0018; SU-F: t(15) = 2.84, p = 0.012; SU-V: t(15) = 2.60, p = 0.020; SU-

FV: t(15)  =  3.38, p  =  0.0041]. In short, phonemic restoration was unaffected by the 

voice manipulations.  

Figure 2.4. Results of experiment 3. 

The upper panel displays the mean 

intelligibility scores in RAU for each 

voice condition with silent gaps (light 

boxes) and with gaps filled with noise 

bursts (dark boxes). For each voice 

condition, the difference of scores 

between the light and the dark boxes 

indicates the phonemic restoration 

effect, shown as filled boxplot in the 

lower panel.

Silent interruptions
Noise interruptions
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2.6. Discussion

The aim of this study was to investigate what role voice continuity plays in phonemic 

restoration. Continuity was manipulated at an indexical level, changing the vocal 

characteristics (fundamental frequency and vocal-tract length), leaving the linguistic 

content intact. Because voice characteristics play an important role in perceptual 

organization of speech, and particularly for grouping and segregation of speech 

streams, disrupting acoustical voice cues hinders the formation of speech streams 

and the linkage of speech segments over time. Across time linkage is required to 

perceive a sequence of speech segments as a single, continuous speech stream. We 

thus hypothesized that, if this continuity perception plays a major role in phonemic 

restoration, the top-down repair of interrupted speech would be reduced (the 

addition of noise would provide less intelligibility benefit) with disrupted voice cues 

because the sentences would be perceived as less continuous. 

Unexpectedly, the phonemic restoration effect persisted for all voice conditions 

despite the fact that the voice difference used in the alternating voice patterns 

(SU-F, SU-V and SU-FV) was large enough for two distinct talkers to be heard (as 

shown in experiment 2), as well as to disrupt absolute intelligibility significantly. 

This finding does not support our hypothesis and seems to contradict the idea that 

the voice continuity is necessary for phonemic restoration. It might imply that the 

mechanisms involved in phonemic restoration are somewhat different from our 

initial supposition. In partial support of this idea, a recent study with sentences 

involving cochlear implant listeners, extending the study of Miller and Licklider 

(1950), showed that in some cases strong continuity illusion could be observed 

without a phonemic restoration effect and that in other cases better phonemic 

restoration benefit could be observed with lesser continuity illusion (Bhargava et al., 

2014b). To explain our persistent phonemic restoration effect, we propose that the 

participants were able to focus on the message, and that the high linguistic context 

of the sentences enabled participants to overcome the voice discontinuity to create 

a higher-level reconstructed representation (also supported by Billig et al., 2013; 

Warren and Sherman, 1974). This implies that, at this slow rate of interruptions, 

participants would rely on the linguistic context to achieve phonemic restoration 

and would not be disturbed by the inconsistent indexical cues. 
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Although disrupting the continuity of the vocal characteristics had no effect on the 

top-down repair of speech (i.e., the phonemic restoration effect did not disappear), 

the manipulation of the voice had an effect on the global intelligibility. This effect 

varied depending on the specific voice manipulation, implying that different voice 

cues may play different roles in understanding interrupted speech. Intelligibility 

decreased when the alternating voices became more different. This supports 

the significance of voice continuity for understanding interrupted speech, likely 

because voice cues are important for grouping speech segments (Darwin et al., 

2003; Mackersie et al., 2011) and/or because adaptation to vocal characteristics can 

influence phonetic processing (e.g. Ladefoged and Broadbent, 1957). The decrease in 

intelligibility was independent of whether or not the gaps were filled with noise. The 

effect on absolute intelligibility could also be related to speech artifacts introduced 

with the resynthesis in STRAIGHT. However, previous studies have evaluated the good 

quality of voice manipulation (for vowels: Assmann and Katz, 2005; Liu and Kewley-

Port, 2004). For the original voice and when F0 only was manipulated (SU-SU and 

SU-F conditions), we observed similar intelligibility (in experiment 3) while the voice 

manipulation led to broken perceived continuity half of the time (in experiment 2). 

This suggests that participants could adapt to sudden, large, changes in F0. However, 

the F0 manipulation only changed the average F0 value, leaving the F0 contours 

unchanged. It is possible that the listeners took advantage of intonation and word 

accentuation cues in the high context sentences. To investigate the importance of 

prosody and intonation for speech repair, resynthesized voices with manipulated F0 

contours will be used in future research. The similarity of results when VTL only and 

when both F0 and VTL were manipulated (SU-V and SU-FV conditions in all three 

experiments) suggests that the VTL component alone explains the difference in 

intelligibility between the male-female voice alternations (SU-FV) and the control 

condition (SU-SU). Moreover, it suggests that participants could not adapt as well to 

sudden changes in VTL as to changes in F0. In short, this experiment showed that, 

for the present voice manipulations, the continuity of VTL was more important for 

intelligibility of interrupted speech than that of F0.

Even though phonemic restoration was possible when speech segments were 

perceived as different voices, other consequences may not be captured in the present 

study. For example, top-down restoration of interrupted speech with inconsistent 

voice cues could be more effortful. As intelligibility decreases, listening effort might 
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become more important (Mackersie and Cones, 2011; Wild et al., 2012). Moreover, 

discontinuity of F0 and VTL may have negative effects on higher-level cognitive 

functions, such as selective attention, that are needed for robust speech recognition 

in complex listening environments (Best et al., 2008; Larson and Lee, 2013). Hence, 

the effects of disruptions of voice cues could be greater in real-life listening than 

shown in the present study.

In summary, indexical cues are important for understanding interrupted speech and 

VTL seems to be a more important factor than F0. However, despite the reduction 

in overall intelligibility as a result of the voice disruption, top-down perceptual 

restoration still occurred with meaningful sentences. While the acoustic cues in 

remaining speech segments are very important for the restoration of missing parts 

(Cooper et al., 1985), we propose that when these acoustic cues are not consistent, 

listeners can overlook them and make use of the linguistic context and rules for 

phonemic restoration, which is consistent with other reports (Billig et al., 2013; 

Warren and Sherman, 1974). 

These findings have theoretical implications for perceptual organization and 

practical implications for users of cochlear implants (CIs). The findings imply that 

perceptual organization is a flexible system that adjusts itself based on what cues are 

most reliable, be they indexical or linguistic in nature. This contrast with prägnanz 

law, an assumed general principles of perceptual organization, according to which 

simplicity governs object formation (Wagemans et al., 2012). In other words, the 

brain is expected to favor the simplest perceptual organization possible. In vision, 

Beck (1982) showed that perceptual organization favored simpler properties (such 

as color) over more complex ones (such as shape) for object formation, indicating 

a hierarchy in rules. In the auditory system, simpler cues, such as the general 

spectral profile or harmonic structure of the stimulus, are also believed to be the 

primary determinants of perceptual organization (Bregman, 1990a, pp. 529–594; 

Darwin and Carlyon, 1995a). However, in the current study, these may have been 

superseded by other factors, such as the linguistic content. Practically, the findings 

of the present study may have implications for CI users, who show different use of 

voice information (F0 and VTL) than normal hearing listeners (Fuller et al., 2014). 

VTL, especially, is not well utilized for gender identification, and considering that 

the discontinuity of this voice cue reduced intelligibility of interrupted speech, this is 
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perhaps an important factor in the difficulties CI users demonstrate in understanding 

speech in adverse situations (Nelson et al., 2003a; Stickney et al., 2004, 2007). CI 

users also have difficulty understanding interrupted speech (Bhargava et al., 2014b, 

2016; Nelson and Jin, 2004). On the other hand, and on a positive note, our results 

indicate that perceptual restoration could be robust to discontinuous or inconsistent 

voice cues, which suggests that linguistic information itself can influence perceptual 

organization (at least in the specific conditions of this study, in the case of high 

context sentences). Hence, if implant users can similarly utilize linguistic context, 

they may be able to compensate speech perception difficulties using mechanisms 

of top-down restoration, and perhaps this can be implemented in special training 

programs (Benard and Başkent, 2013).

2.7. Conclusion

We have shown in this study that: 

• Voice alternations between consecutive segments of interrupted speech reduced 

overall intelligibility, confirming the voice as an important perceptual cue for 

grouping and segregating speech segments.

• The continuity of VTL was more important for the intelligibility of interrupted 

speech than that of F0, at least for the present voice manipulations.

• None of the disruptions in voice continuity had an effect on the phonemic 

restoration benefit, even when the two alternating voices were consistently 

reported to be from different talkers. 

• Voice continuity does not seem to be a prerequisite for top-down repair of 

interrupted speech. 
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Abstract

Top-down repair of interrupted speech can be influenced by bottom-up acoustic 

cues such as voice pitch (F0). This study aims to investigate the role of the dynamic 

information of pitch, i.e. F0 contours, in top-down repair of speech. Intelligibility 

of sentences interrupted with silence or noise was measured in five F0 contours 

conditions (original, flat, exaggerated with a factor 1.5 and 1.75, inverted). Our main 

hypothesis is that natural F0 contours would better guide the listener to successfully 

link successive segments of interrupted speech, a necessary step to restore 

interrupted speech, and that manipulating F0 contours would impair this linking 

and thus negatively affect top-down repair. Intelligibility of interrupted speech was 

impaired only by misleading dynamic information (inverted F0 contours). The top-

down repair of interrupted speech was not affected by any F0 contours manipulation.

“The pitch must go on” 
(adapted from Mercury et al., 1991)
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3.1. Introduction

Speech perception can be challenging in the presence of noisy background. The 

phonemic restoration paradigm (Warren, 1970) can be used to study the brain’s ability 

to reconstruct periodically interrupted sentences. Besides linguistic knowledge, 

expectations and context (Bashford et al., 1992; Samuel, 1981; Verschuure and 

Brocaar, 1983), top-down repair of speech is also affected by the availability of 

acoustic bottom-up cues (Bhargava et al., 2014; Clarke et al., 2016). Voice pitch, the 

perceptual correlate of the fundamental frequency (F0), has been identified as an 

important bottom-up cue to help speech in noise perception. It is a strong across-

frequency grouping cue (Darwin and Carlyon, 1995), i.e. (i) pitch information brings 

coherence to speech sounds by fusing together different parts of the spectrum 

which help phoneme identification, and (ii) average F0 and/or dynamic patterns (F0 

contours) help to segregate different sound sources, which is useful to attend to target 

speech in the presence of maskers. Both mechanisms directly affect intelligibility 

of speech segments. The present study, in line with previous studies from our lab, 

investigates whether voice pitch is also used for sequentially linking successive 

speech segments across interruptions. In interrupted speech, we previously showed 

that alternating the average F0 value did not hinder intelligibility of interrupted 

speech nor phonemic restoration benefit (Clarke et al., 2014). This suggests that 

the continuity of the average F0 value might not be necessary for linking successive 

speech segments across a noise gap. However, the total absence of F0 (unvoiced 

speech) hindered intelligibility of interrupted speech compared to correct pattern of 

voicing (normal speech), whereas the addition of noise in silent gaps still improved 

intelligibility, thus showing a restoration benefit (Clarke et al., 2016). This suggests 

that even without F0 cues, unvoiced speech can still be segregated from noise. This 

would help the noise to hide the spurious cues introduced by the sudden silent gaps, 

but, on the other hand, also still allow the unvoiced speech segments to be linked 

across the noise bursts.

The goal of this study is to investigate the effect of the magnitude and the direction 

of F0 contours on intelligibility of interrupted speech (with silence and noise) and on 

phonemic restoration. We used similar F0 contour manipulations as previous studies 

that consistently showed an effect of modifying F0 contours for speech perception 

(Binns and Culling, 2007; Meister et al., 2011; Miller et al., 2010). In the present study, 
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the modifications of F0 contours consisted of (i) misrepresenting the dynamic F0 

information by inverting the F0 contours within the same magnitude (inverted F0), 

(ii) compressing the magnitude of F0 around its median value, thus removing the 

dynamic information of the F0 contours (flat  F0), (iii) expanding the magnitude of 

F0 by exaggerating the F0 contours with a factor 1.5 (exaggerated 1.5), and (iv) with 

a factor 1.75 (exaggerated 1.75). Compared to the original F0 contours (original F0), 

the inverted F0 condition would allow to investigate the effect of misleading F0 cues 

(e.g. for accentuations and surrounding contour guiding to content words, Binns and 

Culling, 2007) independently of F0 magnitude, that is itself investigated in the other 

conditions.

First, the F0 contour manipulations can affect intelligibility of interrupted speech 

at the speech segment level. Reducing F0 contour’s magnitude (flat F0 contour) and 

changing the direction of F0 contours (inverted F0 contour) are expected to impair 

phoneme identification and coarticulation, because across frequency grouping with 

these manipulated F0 contours might produce more errors. Thus flat and inverted 

F0 contour might have a negative effect on intelligibility at the speech segments 

level. However, with exaggerated F0 contours, phonemes are more contrasted and 

provided they still correspond to proper categories, perception of the independent 

speech segments could be facilitated (such as in infant-directed speech - Kuhl et al., 

1997).

Second, F0 seems to contribute to a robust linking of speech segments, but likely 

not from average F0 (Clarke et al., 2014). Therefore, here, we hypothesize that its 

dynamic fluctuations (F0 contours) are used for linking successive speech segments. 

Specifically, we expect natural F0 contours to better guide the listener to successfully 

link successive segments of interrupted speech. The predictive nature of F0 contours 

supports this hypothesis. A simple example is from interrupted tone glides that are 

perceived continuous behind the masking noise (Dannenbring, 1976). This suggests 

that the dynamic information helps to predict shift in frequency of the tone glide after 

the noise interruption and that it is restored behind the masking noise. Similarly, the 

dynamic fluctuations of F0 in interrupted sentences may play a role in top-down 

repair of speech. We tested different F0 contour patterns (inverted, flat, original, 

and exaggerated contours with two ratios). As already mentioned, F0 contours have 

been shown to be important for stream segregation (e.g. for speech in noise: Meister 
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et al., 2011; Miller et al., 2010; and even more so for competing talkers: Binns and 

Culling, 2007; Wang et al., 2013), with misleading (inverted) contours eliciting worse 

performance than no (flat) or expanded (exaggerated) contours. Thus, we expected 

inverted contours to impair linking successive speech segments the most because 

of the misleading dynamic information it provides, whereas flat contours, without 

dynamic F0 information, would not help nor impair linking successive speech 

segments. For the exaggerated F0 contours, one might hypothesize that larger 

frequency jumps (i.e. greater manipulating ratio) at the interruptions would be more 

difficult to link, but Clarke et al. (2014) showed that interrupted speech intelligibility 

and phonemic restoration were not affected by F0 alternation of octave between 

successive speech segments. Thus we were not expecting exaggerated F0 contour 

to impair linking successive speech segments. However, F0 contours have another 

function at the sentential level besides linking speech segments across time that 

might affect interrupted speech performance and top-down repair mechanisms.

Besides F0 tracking to link speech segments across interruptions, F0 contours, as a 

primary feature contributing to prosody, also gives information on the intonation of 

an utterance. Some linguistic functions that can be associated with F0 contours are 

segmentation (word boundaries) and lexical stress (used for segmentation in English 

and in Dutch), accentuation (focus on important words in a sentence), and types 

of utterance (statement or question), as well as lexical meaning in tonal languages 

(Cutler et al., 1997; Cutler and Donselaar, 2001; Eady and Cooper, 1986; Gussenhoven, 

2004; Liu and Rodriguez, 2012; Quam and Swingley, 2014; Spitzer et al., 2007; Wang et 

al., 2013). All this can contribute to the overall intelligibility of interrupted sentences. 

However, Chatterjee et al. (2010) compared flat with original F0 contour in speech 

interrupted with silence, and showed that there was no effect of the intonation 

contour on intelligibility. They suggested that sentence context could partially 

compensate for the missing dynamic information with flat F0 contour in silence. 

However, it is also possible that without competing signal (as is the case with silent 

interruptions), pitch is not a necessary linking cue, as speech contains redundant 

information (Assmann and Summerfield, 2004). With information transmitted in 

different forms in speech, redundancy facilitates decoding of information especially 

when there are losses in the transmission (e.g. due to noise or interruptions). In our 

study, we expected inverted F0 contour to have a detrimental effect on intelligibility 

at the sentential level because lexical stress and accentuation would be misleading. 
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Instead of highlighting important information, inverted F0 contour would have the 

opposite effect, i.e. the important information that is usually accentuated with 

normal F0 contour would be attenuated by the inversion of F0 contour. Moreover, in 

line with Chatterjee and colleagues (2010), we expected no effect of flat F0 contour 

on intelligibility at the sentential level, as the lack of dynamic information could 

be compensated by linguistic context. Furthermore, it is possible that exaggerated 

F0 contour might strengthen lexical stress and accentuation, with important 

information even more highlighted (proportionally with the expansion ratio). We 

can thus expect a positive effect of exaggerated F0 contour on intelligibility at the 

sentential level. At the sentential level, the range of F0 contour manipulations covers 

different expectations on intelligibility performance.

Overall, taking into account the expectations at the different levels, i.e. individual 

speech segments intelligibility, linking of successive speech segments, and 

intelligibility of the whole sentence, we expected to have better performance for the 

exaggerated contour, the flat contour,  and finally for the inverted contours.

3.2. Methods

Participants

Sixteen native Dutch speakers with normal hearing (20 dB HL or less pure-tone 

thresholds at audiometric frequencies of 250-6000 Hz in both ears), aged between 20 

and 40 years (mean=25.5, s.d.=6.2), and with no hearing or speech-related problems 

(self-reported), participated in this study. The study was approved by the Medisch 

Etische Toetsingscommissie (Medical Ethical Review Committee) of the University 

Medical Center Groningen. All participants were informed about the procedure and 

signed a consent form. Participants were paid for their participation.

Stimuli

The speech stimuli of this study were Dutch sentences with high sentential-context, 

spoken by a male talker and digitized at 44.1 kHz sampling rate (Versfeld et al., 2000). 

Each sentence is grammatically and syntactically correct. The sentences consist of 

four to nine words and each word is maximum three syllables. The corpus is divided 

into 39 homogeneous subsets of 13 sentences. Each sentence in the subsets is equally 
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intelligible. Each subset has the same distribution of phonemes with the average 

frequency of phonemes in Dutch. In this study, twenty subsets of the corpus were 

used (5 for baseline, 5 for familiarization and 10 from set numbers 14 to 23 for data 

collection). 

Signal processing

The fundamental frequency (F0) contours were manipulated offline using TANDEM-

STRAIGHT in MATLAB (Kawahara and Morise, 2011). The sentences used in the 

experiment were processed under 5 F0 contour conditions (see Figure 3.1): inverted 

F0, flat F0, original F0, exaggerated F0 by a factor of 1.5, and exaggerated F0 by a 

factor of 1.75. For all manipulations, only the voiced segments of the sentences 

were manipulated. The F0 contours were manipulated with the following formula, 

similar to the procedure described in Binns and Culling (2007), Miller et al. (2010) and 

Meister et al. (2011):  

        
F 

’
0 = F0med ×

F0

F0med

α
(1)

   

where F0 is the original F0, F0med is the median F0, F0’ is the manipulated F0, and α 

is the modification ratio (α = 0, for flat contours ; α =  –1, for inverted contours ; α > 1, 

for exaggerated contours). Note that equation 1 is valid for linear frequencies.

For the inverted F0 condition, the symmetry about the median F0 value was used in 
the logarithmic scale. For the flat F0 condition, the median F0 replaced the original 
F0. For the exaggerated F0 by a factor 1.5 and 1.75, the F0 contours were expanded 
in the logarithmic scale by factor 1.5 and 1.75. 

The resynthesized sentences were modulated with a square wave to obtain an 

interrupted sentence, with an interruption rate of 2.2 Hz, and a duty cycle of 50%; 

same interruption parameters as Clarke et al. (2014). A raised cosine ramp of 5 ms 

was applied to the onsets and offsets of the square wave to reduce spectral splatter. 

Silent and speech shaped noise (SNR of -5dB) were used for interruption. For each 

condition, a separate filler noise file was generated with white noise modulated by 

the long-term average spectrum of all sentences in the given condition (as done in 

Clarke et al., 2014).
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Figure 3.1. Manipulated F0 contours for the sentence “Buiten is het donker en koud” (Outside it is dark 

and cold). The original F0 contour (α = 1) is in red, the flattened F0 (α = 0) is in black, the inverted F0 

(α = -1) is in blue, the exaggerated F0 by a factor 1.5 (α = 1.5) and 1.75 (α = 1.75) are in green and magenta, 

respectively.

Apparatus

The participants were seated in a sound-attenuated booth during the experiment. 

The stimuli were sent through the S/PDIF output of an AudioFire 4 soundcard (Echo 

Digital Audio Corporation). They were converted to an analog signal via a DA10 

D/A converter (Lavry Engineering Inc.). The participants listened to the sentences 

diotically through HD600 headphones (Sennheiser Electronic Corporation) at an 

RMS level of 65 dB SPL. We used a Palm Track digital voice recorder (ALESIS) and 

microphone (SHURE PG48) to record the responses of the participants for offline 

scoring by native Dutch student assistants.
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Procedure

Participants came for a single session which lasted around an hour and a half and 

which included obtaining written informed consents, conducting the audiometric 

test, the baseline measurement, familiarization and data collection, the debriefing, 

and occasional breaks. To measure the baseline, the first five lists of the sentences 

were used without interruption. Each list was presented with a different F0 contour 

condition, and all lists and conditions were randomized for each participant. 

Participants then familiarized with the procedure listening to five conditions selected 

randomly out of the ten conditions of the experiment. The familiarization phase was 

similar to the experiment expect that written and auditory feedback were provided. 

After responding, the participants could read the complete sentence as they listened 

to the unprocessed version of the sentence followed by the interrupted sentence 

once again. 

The data collection consisted of 10 conditions: 5 F0 contour conditions (inverted 

F0 contour, flat F0 contour, original F0 contour, exaggerated F0 contour by 1.5 and 

1.75) × 2 interruption conditions (silent intervals and filler noise). Both the sentence 

lists and the conditions were presented in random order. At the beginning of each 

set the participants heard the same introduction sentence to prepare them for the 

trial condition. A tone preceded each sentence to alert the participant. After hearing 

the sentence, the participants were asked to repeat what they could understand 

from the sentence stimuli, and were additionally encouraged to guess as much as 

possible. Each word in the sentence was scored according to participants’ correct 

response. Total rationalized arcsine transformed unit (RAU) scores were computed 

for each condition (Studebaker, 1985).
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3.3. Results

The upper panel of Figure 3.2 displays the intelligibility scores in each of the ten 

conditions (5 F0 contours x 2 interruptions). A repeated measure two-way analysis 

of variance (ANOVA) was performed on the RAU scores with F0 contours (5 levels) 

and interruption (2 levels) as the within-subject factors. The effect size is indicated 

by eta square, η2 (Bakeman, 2005). A significant effect of F0 contours [F(4,60) = 4.20, 

p = 0.0046, η2 = 0.063] indicated that F0 contours have an overall effect on intelligibility 

of interrupted speech. A significant effect of interruption [F(1,15) = 71.63, p < 0.001, 

η2 = 0.15] indicated the presence of phonemic restoration effect. However, there was 

no interaction between the two factors [F(4,60)  =  0.16, p  =  0.95, η2 =  0.0036] which 

indicated that the F0 contour manipulations had the same effect on intelligibility 

with silent and noise interruptions, i.e. that the manipulations of the F0 contours did 

not affect phonemic restoration. The results from the phonemic restoration for the 

manipulated F0 contours are displayed in the lower panel of Figure 3.2. Phonemic 

restoration effect was computed by subtracting the scores in the silent condition 

from those in the noise condition for each F0 contour condition.

The overall effect of F0 contours on intelligibility was small, as shown by the small 

effect size (η2 = 0.063) that indicated that only 6 % of the variance of intelligibility was 

explained by the F0 contour manipulations. Differences between only some pairs 

of conditions were observed. Table 3.1 shows the outcome of a post-hoc analysis 

using pair-wised t-tests with FDR control conducted to compare performance of F0 

contours between each other (averaged on noise and silent conditions, because 

of the lack of interaction between the two factors). The results showed that 

intelligibility performance with inverted F0 contour was significantly poorer from 

that of other contours except that of the flat F0 contour. All other comparisons were 

not significantly different. 
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Figure 3.2. Intelligibility results (top panel) for silent interruptions (empty boxes) and noise interruptions 

(filled boxes) and phonemic restoration effect (lower panel) for the manipulated F0 contours, from left 

to right: inverted (α = -1), flat (α = 0), original (α = 1), exaggerated with a factor 1.5 (α = 1.5), and 1.75 

(α = 1.75). The horizontal line indicates the median, the box indicates the 25th and 75th quartiles, and 

the dashed whiskers indicate the 1.5 interquartile range (IRQ). The circles indicate the outliers. The dots 

indicate the mean.
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Table 3.1. Comparisons of overall intelligibility for each F0 contour conditions. Significant p-values 

(adjusted with FDR) are highlighted in grey cells.

α = -1 α = 0 α = 1 α = 1.5

α = 0
t= 2.0075
p = 0.13

α = 1
t= 4.023

p = 0.0034
t= 1.15

p = 0.43

α = 1.5
t= 2.84

p = 0.026
t= 0.85

p = 0.57
t= -0.14
p = 0.93

α = 1.75
t= 3.60

p = 0.0054
t= 1.15

p = 0.43
t= 0.085
p = 0.93

t= 0.18
p = 0.93

There was no effect of F0 contours on the phonemic restoration benefit as indicated 

by the lack of interaction in the ANOVA on the intelligibility scores. However, as an a 

priori variable, we tested whether the phonemic restoration scores were significantly 

different from 0 with a one-sample t-test for each F0 contour condition (displayed 

in Table  3.2 and indicated by a black star on the lower panel of Figure  3.2). A 

significant phonemic restoration benefit was observed in all F0 contour conditions 

except one, the exaggerated F0 contour with ratio 1.5. This indicates that F0 contour 

manipulations did not affect top-down repair mechanisms of interrupted speech.

Table 3.2. Comparisons of PR scores to 0 for each F0 contour condition. Significant p-values are highlighted 

in grey cells.

α = -1 α = 0 α = 1 α = 1.5 α = 1.75

PR ≠ 0
t = 3.87

p = 0.0015
t = 2.90

p = 0.011
t = 2.53

p = 0.023
t = 2.022
p = 0.061

t = 2.88
p = 0.012
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3.4. Discussion

We were interested in investigating the effects of the magnitude and direction of F0 

contours on intelligibility and top-down repair of interrupted speech. We expected 

that both magnitude and direction manipulations of F0 would affect comprehension 

of isolated speech segments as well as linking successive speech segments into 

a coherent speech stream, and thus produce a range of performance of global 

intelligibility of interrupted speech as well as the top-down repair. However, we 

showed that modifying the magnitude of F0 contours (all conditions except the 

inverted contours) did not have any effect on interrupted speech intelligibility (in line 

with Chatterjee et al., 2010 for flat F0 contour). On the other hand, the direction of 

the F0 contours seems to be a cue listeners relied on for intelligibility of interrupted 

speech. Indeed, partially validating our hypothesis, having misleading dynamic 

information of F0 (inverted contours) impaired interrupted speech intelligibility. 

Nevertheless, even the misleading dynamic information of F0 did not impair the top-

down repair of interrupted speech. This result suggests that participants may have 

compensated for the atypical F0 cues with the linguistic context (as suggested by 

Chatterjee et al., 2010). In this study, it seems that top-down repair of speech may 

rely more on linguistic cues than on F0 cues (Clarke et al., 2014).

For the global intelligibility scores, inverted F0 contour, which provides misleading 

intonation cues, were the only manipulated F0 contours to show a decrease of 

performance from the original F0 contour. This confirms that wrong F0 dynamic 

information leads to lower intelligibility of interrupted speech, as was found for 

speech with continuous background interferer (Binns and Culling, 2007; Meister et 

al., 2011; Miller et al., 2010). An explanation can be that original F0 contour help 

to define clause boundaries whereas inverted F0 contour distort those boundaries. 

Indeed, Wingfield et al. (1984) showed that listeners better report a complete 

syntactic unit (such as a sentence) than an incomplete clause. In a sentence, the 

F0 contours have expected patterns, such as falling at the end of a statement or 

rising at the end of a closed question, whereas an incomplete clause can disturb 

the listener’s expectations, impairing sentence intelligibility. However, our other F0 

contour manipulations did not show any difference in performance, contrary to other 

studies with continuous background interferer (Binns and Culling, 2007; Laures and 

Bunton, 2003; Miller et al., 2010; Wang et al., 2013). Nevertheless, as already pointed 
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out for interrupted speech with silence, Chatterjee et al. (2010) did not show reduced 

intelligibility with flat F0 contour. Finding a similar lack of effect of flattening F0, 

even with a different interruption rate (5Hz in Chatterjee et al.’s study against 1.5Hz 

in the present study), seems to confirm that removing F0 dynamic information does 

not hinder intelligibility of interrupted speech segments. This may also suggest that 

lack of intonation patterns can be overcome for interrupted speech perception, 

suggesting again the prevalence of linguistic cues. For the exaggerated F0 contour, 

we used two expansion ratios (i.e., 1.5 and 1.75) to investigate the effect of the F0 

variations magnitude. The two exaggerated F0 contour conditions did not yield any 

performance differences from each other, nor with the other conditions (except the 

inverted F0 contour). These results do not confirm our hypothesis on better phonetic 

categorization improving speech perception with wider F0 variations, and also 

confirm our hypothesis that wider F0 variations do not weaken linking successive 

speech segments (in line with Clarke et al. 2014). Taken all together, these results 

suggest that the F0 variations’ magnitude may not be used as a linking cue for 

interrupted speech perception, but that direction of F0 contours did. Moreover, only 

when all three aspects of interrupted speech perception (individual speech segments 

intelligibility, linking successive speech segments, and sentential intelligibility) were 

affected by the F0 contour manipulation, ie. for the inverted F0 contour, did overall 

intelligibility decrease. This suggests that participants seem to fail to compensate 

for the inverted F0 contour manipulation that impairs more aspects of interrupted 

speech perception than our other F0 contour manipulations.

Second, a significant phonemic restoration benefit was observed for all F0 

contour conditions, indicating that participants performed better when the silent 

interruptions were filled with noise bursts. This result is unexpected for the inverted 

F0 contour, as we predicted that the atypical F0 contours would disturb following 

the speech stream (as well as impair speech perception — confirmed by decreased 

intelligibility scores for interrupted speech). However, it seems that the weaker 

linking of successive speech segments hindered by the misleading F0 dynamic 

information could be compensated for. This suggests that speech redundancy was 

sufficient to still perform top-down repair of speech and that other cues, such as 

the linguistic context, might have helped to overcome the misleading F0 cues for 

building up a coherent speech stream. But as intelligibility was affected by the 

inverted F0 contour, it suggests that misleading F0 dynamic cues impacted some 
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other linguistic information such as accentuation (lexical stress) and access to 

content word (sentence stress). For the flat F0 contour, we expected no effect of the 

lack of F0 variations on linking successive speech segments. Thus, we expected the 

restoration benefit to remain, as observed. As intelligibility was also not affected 

by flattening the F0 contours, this suggests that F0 variations are not necessary 

for both intelligibility and top-down repair of interrupted speech, likely because 

of the prevalence of the linguistic contextual cues in the present task. However, 

F0 variations may be necessary for other tasks, such as recognizing emotions, 

and might thus be more difficult to compensate for in such a case. Exaggerated F0 

contour (with both expansion ratios) had no effect on top-down repair of speech or 

on intelligibility, again showing that sequentially linking successive speech segments 

was not affected by F0 contours magnitude. It suggests that the noise bursts filling 

the silent interruptions still acted as a masker when F0 contours were exaggerated, 

indicating that linking speech segments with wider F0 variations across the noise 

bursts may have been perceptually possible, in line with results from Clarke et al. 

(2014). The present study suggests that the F0 contour manipulations, weakening 

the sequential linking of successive speech segments (for inverted F0 contour), did 

not affect phonemic restoration benefit. Thus, for interrupted speech, it seems that 

speech segments with F0 contour manipulations can still clearly be discriminated 

from the filler noise, a mechanism involved in top-down repair of speech. In contrast, 

in speech on speech scenarios, competing talker discrimination relies on F0 contours 

to help across-frequency grouping of the different sound sources (target and 

maskers). Presumably, this simultaneous grouping is more affected by F0 contour 

manipulations as suggested by the difference of results observed between the 

present study and the studies from Binns and Culling (2007), Meister et al.(2011), 

and Miller et al. (2010).

Even if interrupted speech intelligibility did not significantly differ between F0 

contour manipulations (except for the inverted contours), it is still possible that our 

participants did require more effort to perform the task with the atypical F0 contours. 

Moreover, speech redundancy is present a different layers of speech processing 

(Assmann and Summerfield, 2004), and other cues, instead of F0 contours, might 

be used for prosody processing, such as duration and intensity. Depending on the 

task difficulty (affected by the amount of information in the speech stimuli), listeners 

may rely differently on prosodic information. For example, Cutler and Darwin (1981) 

Livre 1.indb   67 18/12/2016   10:19:38



68

Chapter  3

3

showed that sentence stress (which contributes to better intelligibility via better 

lexical segmentation) can be predicted even without F0 contours for continuous 

speech in silent. Moreover, for connected speech, Wingfield et al. (1984) observed 

an advantage for report of speech read as list of words (without prosody, i.e. same 

stress, and same intensity and pitch variations for every word, same vowel duration, 

same pause between words, but also with better articulation of each word) over 

normal prosody at normal speech rate. However, this advantage disappeared at 

higher speech rate (time-compressed speech). One possible suggestion is that the 

redundancy added to speech from normal prosody is relevant when the task becomes 

harder by reducing the processing time (i.e. increasing the cognitive load), especially 

using duration cues in prosody (a deficit of flat F0 over normal F0 being only observed 

at normal speech rate in Wingfield et al., 1984). This is in line with the fact that other 

cues, instead of F0 contours, might be used for prosody processing. Indeed, intensity 

and duration are good indicators of prosodic information as they covary with F0 

contours and provide redundant information for prosody processing. As a result, 

even when F0 contours are manipulated, intensity and duration can be used for 

stress perception (Mattys, 2000; Vroomen et al., 1998), segmentation (Spritzer 2007), 

and intonation recognition (Chatterjee and Peng, 2008; Morrow and Liu, 2013; Peng 

et al., 2012). For example, Peng et al. (2012) showed that normal-hearing English 

listeners primarily use the F0 contours to judge whether a sentence is a statement 

or a question, whereas when listening to vocoded speech, reliance on intensity and 

duration cues increased because F0 cues were degraded. Peng et al. (2012) also 

showed that actual cochlear implant (CI) users relied primarily on intensity cues, 

combined with the degraded F0 cues transmitted through their implant, to recognize 

intonation patterns. This indicates again that depending on the available information 

in speech (due to signal degradation or hearing impairment), listeners may adapt to 

what cues to rely on for different listening tasks. In the present study, inverted F0 

contour, which provide misleading and distorted cues, did not complement speech 

redundancy which might explain the lower performance in speech intelligibility for 

this condition.

To summarize, the present study shows a relatively small effect of F0 contour 

manipulations on intelligibility of interrupted speech and no effect on phonemic 

restoration. Confirming Clarke et al. (2014) findings, these results indicate that 

top-down repair of speech could be robust to atypical voice cues, suggesting that 
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listeners may partly compensate for the degraded voice cues. It is possible that 

linguistic information, such as the sentential context, which plays an important role 

in the restoration mechanisms, helped overcome the negative effects of manipulated 

F0 contours. Another possibility is that participants relied on other prosodic cues, 

such as intensity and duration, that covary with F0 contours for prosody processing. 

Presumably, a combination of both mechanisms may occur to achieve best possible 

performance. Practically, it seems important for CI users, who show difficulties 

understanding interrupted speech and performing phonemic restoration (Bhargava 

et al., 2014), to have good linguistic skills, to learn to use other available cues, and/

or to have residual hearing preservation to complement speech redundancy of their 

degraded speech cues at the different levels (acoustic, linguistic). This additional 

information would strengthen the primordial interaction between the bottom-up 

cues and top-down mechanisms necessary for perceptual restoration of interrupted 

speech.

3.5. Conclusion

• Only inverted F0 contour, which provide misleading F0 cues, had a negative 

effect on interrupted speech intelligibility, presumably because of the distorted 

clause boundaries, and the impaired accentuation and access to content word.

• Our other F0 contour conditions seemed to still complement speech redundancy 

to overcome the manipulated F0 cues. No effect of F0 contour manipulations 
on phonemic restoration were observed, presumably because of the 
prevalence of the linguistic context and/or the use of other prosodic cues 
such as intensity and duration.
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Abstract

The brain is capable of restoring missing parts of speech, a top-down repair 

mechanism that enhances speech understanding in noisy environments. This 

enhancement can be quantified using the phonemic restoration paradigm, i.e. the 

improvement in intelligibility when silent interruptions of interrupted speech are 

filled with noise. Benefit from top-down repair of speech differs between cochlear 

implant (CI) users and normal-hearing (NH) listeners. This difference could be due 

to poorer spectral resolution and/or weaker pitch cues, inherent to CI transmitted 

speech. In CIs, those two degradations cannot be teased apart because spectral 

degradation leads to weaker pitch representation. We developed a new vocoding 

method to evaluate independently the roles of pitch and spectral resolution for 

restoration in NH individuals. Sentences were resynthesized with different spectral 

resolutions, and with either retaining the original pitch cues, or discarding them all. 

The addition of pitch significantly improved restoration only at 6-bands spectral 

resolution. However, overall intelligibility of interrupted speech was improved 

both with the addition of pitch and with the increase in spectral resolution. This 

improvement may be due to better discrimination of speech segments from the filler 

noise, better grouping of speech segments together, and/or better bottom-up cues 

available in the speech segments. 

Keywords: Phonemic restoration; Cochlear implants simulation; Speech perception.

“Kiss your pitch good-bye” 
(adapted from Aerosmith, 1997)
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4.1. Introduction

In everyday life, speech is often degraded by surrounding masking sounds and 

background noise before reaching the listener’s ears. Yet, normal-hearing (NH) 

listeners are, most of the time, still able to understand the message in such adverse 

listening situations. For that, NH listeners must restore speech segments that have 

been masked by the competing sound. Phonemic restoration (PR) is the ability of the 

brain to repair missing segments of speech (Warren, 1970b) with use of linguistic 

knowledge, context and expectations (Samuel 1981; Verschuure and Brocaar 1983; 

Bashford et al. 1992). The phonemic restoration effect is measured by the increase 

in intelligibility of interrupted sentences when periodic silent interruptions are 

filled with noise bursts (e.g. Bashford et al., 1992b; Başkent, 2012). The silent gaps 

introduced by interruptions may be misinterpreted as lexical cues, e.g. sudden starts 

or stops that can be interpreted as word boundaries, thereby affecting segmentation 

and speech rhythm. For example, if a silent interruption on the word “category” 

would leave only “cat” heard, the listener would be more likely to wrongfully report 

the word “cat” because it was activated in their lexicon. Addition of noise bursts in 

the silent gaps may mask these spurious cues (Warren and Obusek, 1971), provided 

the noise is a potential masker (Bashford et al., 1992b). As a result, filling the gaps 

with noise helps group the speech segments into a more continuous percept, via 

segregation mechanisms (discrimination between speech and noise, and sequential 

grouping of speech segments). Perhaps as a consequence, or in parallel, filling 

the gaps with noise also facilitates the lexical activation of the right words. When 

the silent interruptions are masked by noise, spurious word boundaries are not 

perceived anymore. The addition of the noise introduces an ambiguity that increases 

the number of possible words that can fit the degraded signal. For example, if noise 

would surround “cat” from “category”, the listener would activate “cat” and all 

the words embedding “cat”, such as “category” but also “caterpillar”, “catfish”, 

“scatter”, “concatenate”, “uncategorized”, “meerkat” … Listeners are then given a 

broader choice of activated words in their lexicon, which increases the possibility 

that the correct lexical candidate is activated and restoration is facilitated (Srinivasan 

and Wang, 2005). The aforementioned two aspects of sequential segregation, i.e. 

grouping and discrimination, are worth considering in phonemic restoration. When 

interruptions are left silent, the speech is perceived as a single stream that includes 
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the silent gaps, which are then perceived as spurious cues that hinder intelligibility. 

When interruptions are filled with noise, the speech and the noise can be perceived 

as two distinct streams, and provided the noise is a plausible masker, the spurious 

cues from the silent gaps are masked, thus mitigating the loss of intelligibility. If 

stream segregation did not occur in the noise condition, the noise would also be 

integrated with the speech, also resulting in spurious cues of a different kind, 

potentially impairing intelligibility like in the silent condition. In the noise condition, 

sequential segregation relies on the spectral similarity of the successive speech 

segments (Singh, 1987) but also on the fundamental frequency (for tones, Moore 

and Gockel, 2012), in contrast to the noise segments, which have different spectral 

envelopes and periodicity properties. However, there seems to be a trade-off for the 

perceptual similarity between the speech segments and the noise bursts. For the 

noise to act like the most efficient masker, it has to be perceptually similar to speech 

(Bashford et al., 1992b), whereas stream segregation relies on the fact that speech 

and noise are perceptually different.

Cochlear implant (CI) users, for whom auditory bottom-up cues are degraded, as well 

as NH subjects listening to CI simulated speech, show positive phonemic restoration 

effects in fewer conditions than NH listeners (Başkent, 2012; Bhargava et al., 2014b). 

Başkent (2012) showed that the restoration benefit was only present at high spectral 

resolution conditions of the CI simulations. Bhargava et al. (2014b) showed that for 

actual CI users the restoration benefit was only present at longer duty-cycle speech 

conditions. Hence, change in acoustic bottom-up cues seems to induce changes in 

top-down repair of the speech, and this could be one of the factors contributing to 

speech perception difficulties CI users encounter in background noise (Fu and Nogaki, 

2005; Stickney et al., 2004). Illustrating this, some studies have shown that the 

addition of low-frequency speech information to the spectrally degraded (vocoded) 

speech, to simulate electro-acoustic stimulation (EAS), improved intelligibility of 

speech interrupted with silence and noise (Başkent, 2012; Başkent and Chatterjee, 

2010). These improvements depended on the spectral resolution of the vocoded part. 

The main forms of degradation of the bottom-up cues that occur due to the signal 

processing and signal transmission in CIs are reduced spectral resolution and weak 

pitch percept (for a review see Rubinstein, 2004). In CIs, spectral resolution is limited 

by the number of electrodes and the extent to which current spreads around the 
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stimulating electrode. Reducing the number of electrodes degrades the resolution of 

the spectral envelope as well as the spectral fine structure (i.e. the harmonic structure, 

which carries some pitch information). Pitch is the percept of a talker’s fundamental 

frequency (F0), related to the periodicity of the signal. While in NH listeners pitch is 

encoded both through temporal and spectral mechanisms (Carlyon and Shackleton, 

1994), in CIs, only temporal pitch cues are relatively preserved while spectral – or 

place – pitch cues are severely degraded (Moore and Carlyon, 2005). Despite the 

presence of periodicity information through temporal cues, the degradation of the 

harmonic structure strongly reduces pitch saliency. In CI devices (as well as in CI 

simulations) these two degradations are thus not independent. As both reduced 

resolution of the spectral envelope and degraded pitch happen together, we cannot 

tease apart which of these two factors causes the abnormal restoration performance 

observed in CI users. 

Indeed, the combination of both degradations could interfere with the discrimination 

between the noise interruption and the speech, making the noise as much a source 

of spurious cues as the silence (Bhargava et al., 2014b), which may explain, at least 

partly, the decrease of restoration when NH people listen to CI simulations. Reducing 

spectral resolution, by degrading the spectral envelope and making formant 

information less precise, may degrade phonetic cues to a degree that they become 

too ambiguous for restoration to happen. But pitch itself could also play a direct role 

in restoration. First, F0 cues could improve the intelligibility of the remaining speech 

segments, as supported by studies that showed that whisper (without F0 cues) is less 

intelligible than voiced speech (for japanese words recognition: Irino et al., 2012; 

for consonants: Tartter, 1989, for vowels: 1991; for concurrent syllables recognition: 

Vestergaard and Patterson, 2009). The expected benefit of F0 on intelligibility is also 

supported by the fact that F0 cues give information on voicing, to distinguish voiced 

from unvoiced consonants (although other cues than F0 are also acoustically and 

perceptually correlated with voicing, such as loudness or duration, as shown in Peng 

et al., 2012; and Winn et al., 2012). Second, the addition of low pass filtered speech to 

degraded speech (to simulate EAS) has been shown to improve restoration (Başkent, 

2012). In line with other studies where the EAS benefit has been strongly associated 

with more available pitch cues (e.g. Brown and Bacon, 2009a), Başkent (2012) argued 

that providing pitch information in the low-frequency part could help bind speech 

segments through temporal interruptions (as previously suggested by, for instance 
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Plack and White, 2000). However it was shown more recently that the EAS benefit 

can also be observed with addition of first formant (F1) information (Verschuur et 

al., 2013), suggesting that the EAS benefit observed by Başkent (2012) for top-down 

restoration could not be only dependent on pitch. For Dutch vowels, F1 ranges from 

259 Hz (for /u/) to 717 Hz (for /a/) (Adank et al., 2004). The benefit observed in EAS 

simulation that adds speech low-pass filtered at 500 Hz might thus indeed contain 

some F1 cues along with the F0 information. Moreover, in a recent study, Clarke et 

al. (2014) showed that manipulating the average value of the F0 on speech segments 

across interruptions had no effect on speech intelligibility, nor on phonemic 

restoration, indicating that pitch continuity is not necessary for restoration. The 

roles of pitch and spectral resolution for top-down restoration thus remain unclear.

In the present study, we have developed a new vocoding technique (based on TANDEM-

STRAIGHT, Kawahara and Morise, 2011) to systematically and orthogonally vary the 

resolution of the spectral envelope (further referred to as ‘spectral resolution’) and 

pitch availability (absence/presence), and to investigate which of these bottom-up 

cues accounted for the lesser top-down repair in CI simulated speech, as well as with 

actual CIs. We hypothesized that adding F0 information to degraded speech would 

increase the phonemic restoration, except at full spectral resolution where sufficient 

spectral detail is available to discriminate speech from noise. Moreover, adding F0 

cues would also provide clearer speech features in the remaining degraded speech 

segments, such as strengthening lexical stress and sentence stress, enabling voice 

onset time use and voiced/unvoiced distinctions, at the linguistic level, and speaker 

normalization at the indexical level. Thus, adding F0 cues could also increase the 

intelligibility of interrupted speech.

4.2. Methods

Participants

Nineteen normal-hearing listeners, aged 19 to 36 years (mean=23.3, s.d.=4.6), 

participated in the study. All participants were native speakers of Dutch, reporting 

no history of hearing or speech-related problems. Their pure-tone thresholds were 

20 dB HL or less at audiometric frequencies between 250 and 6000 Hz for both ears. 

Written informed consent was collected from the listeners prior to their participation. 
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Financial compensation was provided to the participants for their time. The study 

protocol was approved by the Medical Ethical Review Committee (Medisch Etische 

Toetsingscommissie) of the University Medical Center Groningen.

Stimuli

The lists of a corpus of 507 Dutch sentences spoken by a male talker were used 

(Versfeld et al., 2000). Each list had 13 sentences, which were grammatically and 

syntactically correct, and which contained between four and nine words. The words 

were no longer than three syllables. The corpus was digitized at a 44.1 kHz sampling 

rate. The same sentence (#164 and #270), although uttered differently, appeared in 

two lists. Therefore, the list #13, containing sentence #164, was discarded.

Signal processing: TANDEM-STRAIGHT based vocoding

As an acoustic simulation of CIs, we used a new vocoding technique based on TANDEM-

STRAIGHT (Kawahara and Morise, 2011), implemented in Matlab. Specifically, this 

resynthesis technique allowed us to manipulate the voice in two independent ways: 

absence/presence of the original F0 (–F0 and +F0 respectively) and the resolution 

of the spectral envelope (simulating the number of bands in the CI simulation). The 

independent manipulation of these two parameters would not have been possible 

with a traditional CI simulation, as the spectral degradation leads to weaker pitch 

representation. This new CI simulation provided a number of differences compared 

to traditional CI simulations. First, TANDEM-STRAIGHT does not implement channel 

interactions. Indeed, we did not apply filters on each band (as commonly done in 

noise-band vocoders, such as by Shannon et al., 1995) but instead we averaged 

the extracted spectral envelope per band (similar to applying a rectangular filter). 

Second, there are still some temporal F0 cues in common vocoders whereas they are 

all removed with TANDEM-STRAIGHT. This latter point was confirmed by inspecting 

both the processed stimuli (Figure 4.2), as well as the auditory excitation patterns 

(Supplementary Figure 4.1), which are the output of the Auditory Image Model (AIM 

- Patterson, 2000). The AIM provides a representation of the sensory response to a 

sound through the peripheral auditory system (for more details, see Appendix 3.1).

Figure 4.1 shows the steps of the offline processing of the voice manipulated in 

TANDEM-STRAIGHT (Kawahara and Morise, 2011), implemented in Matlab. The speech 
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signal was first decomposed into two parts: the spectral fine-structure containing 

the F0 contour (the ‘source’ element) and the spectral envelope (the ‘filter’ element). 

An estimate for each of these elements was obtained every millisecond.

The spectral resolution was full, or reduced to 16, 8, 6, and 4 bands by manipulating 

the extracted spectral envelope. First, for all conditions, the spectral range was 

limited to 150 – 7000 Hz to match the range of most CIs and CI simulations (e.g. 

Başkent and Chatterjee, 2010). Then, the spectral envelope was averaged per bands 

of frequencies. The band boundaries were chosen to have equal distances along the 

basilar membrane (Greenwood, 1990). 

Figure 4.1. Schematic of the offline processing of speech.

TANDEM-STRAIGHT

INPUT: Recorded speech

Source Filter

BP filter 
150 - 7000 HzResynthesized 

with F0?

Degraded spectral 
resolution?

yes
no

yes
noNoise 

excitation

Averaging on bands

Source Filter

Resynthesis

OUTPUT: Resynthesized speech(Fig.2)

(–F0)
(+F0)

(Full)

(16, 8, 6,
 or 4)
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Independently of the manipulation on the spectral envelope, the F0 was kept 

unchanged for the +F0 conditions (with the original voiced and unvoiced parts) or 

set to zero for the –F0 conditions (which causes TANDEM-STRAIGHT to use a noise 

excitation as source). The modified sources and filters were then recombined for 

resynthesis. The various conditions created with these combinations are further 

labeled as the number of bands (i.e. 4, 6, 8, 16, or ‘Full’) followed by + or – F0 to 

indicate absence/presence of pitch. Spectrograms, spectra, and temporal envelope 

patterns are shown in Figure 4.2, in the panel A for the original signal (uninterrupted 

sentence) with only band-pass filtering (condition Full+F0), in the panel B for the 

same signal when the F0 cues have been removed (condition Full–F0). Panels C and D 

show the spectrogram of the same signal, averaged per band for a spectral resolution 

of 4-bands, with and without F0 (conditions 4+F0 and 4–F0, respectively). In these 

panels the periodicity of the F0 carrier can be observed, whereas the carrier is noisy 

when F0 is absent. This is in line with the observation that, when resynthesized 

in TANDEM-STRAIGHT without F0, no temporal pitch cues are left in the stimuli 

(Kawahara and Morise, 2011). 

Note that all stimuli were resynthesized with TANDEM-STRAIGHT, even when no 

CI simulation and no pitch manipulation was applied (Full+F0, i.e. the baseline 

condition), to control for any possible effects of resynthesis. The sentences used in 

the experiment were processed under 10 voice conditions: spectral resolution {Full, 

16, 8, 6, 4} × pitch {+F0,  –F0}. 

Signal processing: interrupting speech

The specific parameters of interruptions were chosen based on a previous study 

(Clarke et al., 2014) in order to avoid ceiling and floor effects in intelligibility, as well 

as to enable a direct comparison of the results. The resynthesized sentences were 

interrupted online during testing by modulating with a periodic square wave of 2.2 Hz 

with a 50% duty cycle, and a 5 ms raised cosine ramp applied on onsets and offsets to 

prevent spectral splatter. In the removed speech segments, interruptions were either 

left silent or filled with speech shaped noise (SNR of -5 dB). Filler noise bursts were 

produced from a single filler noise sample of 5 min duration, which was generated 

with white noise modulated by the long-term average spectrum of all sentences from 

the unprocessed (Full+F0) voice condition. The noise sample was interrupted with 

the inverse of the square wave used to interrupt the sentence. A 5ms raised cosine 
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ramp was also applied to this inverse square, so that speech and noise overlap at 

50% during the transition to prevent apparent dip in the total energy. Calibration of 

speech was done on uninterrupted sentences, so that speech was presented at an 

RMS level of 65 dB SPL. Noise was presented at 70 dB SPL (SNR = -5 dB).

Figure 4.2. Spectrograms of the uninterrupted sentence ‘Buiten is het donker en koud’ A) in the Full+F0 

condition, B) in the Full-F0 condition, C) in the 4+F0 condition, and D) in the 4–F0 condition. Temporal 

envelope patterns (in blue, below each panel) and spectra (in red, on the right of each panels) are show 

for a 10 ms voiced segments.

Apparatus

The online processing (i.e. applying interruptions to resynthesized speech) and 

presentation of the stimuli were done in Matlab on a Macintosh computer, connected 

to an AudioFire 4 soundcard (Echo Digital Audio Corporation). The processed digital 

stimuli were then converted to an analog signal via a DA10 D/A converter (Lavry 

Engineering Inc.), and played diotically through HD600 headphones (Sennheiser 

Electronic Corporation). The calibration of the stimuli was performed with a Sound & 

Vibration Analyser (Svan 979 from Svantek) plugged to a Kemar head (G.R.A.S.). Each 

A B

DC
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participant was seated in a sound-attenuated booth. Participants’ spoken responses 

were recorded on a PalmTrack digital voice recorder (ALESIS) for offline scoring.

Procedure

Participants came for a single session, which lasted around 2 hours, including 

obtaining written informed consents, conducting the audiometric test and 

screening, the experimental procedure, the debriefing, and occasional breaks. The 

experimental procedure consisted of four parts: 1) Measuring baseline intelligibility 

of uninterrupted sentences with no change in spectral resolution, but with or without 

F0 cues, 2) a short training with experimental conditions of the vocoded speech, but 

again with uninterrupted sentences, 3) a short familiarization of actual experimental 

conditions with interrupted sentences, and 4) the actual data collection. In all parts 

of the experiment, participants were presented one sentence stimulus at a time and 

asked to verbally repeat what they could understand from the sentence stimulus. 

They were additionally encouraged to guess as much as possible. A soft, short beep 

preceded the stimulus to alert the listener. 

1) Baseline intelligibility

 Baseline intelligibility for uninterrupted speech with full spectral resolution (Full+F0 

and Full–F0) was measured using the first two lists of sentences (each 13 sentences). 

Figure 4.4, solid lines, show that baseline scores decrease with decreasing spectral 

resolution but are not affected by the presence/absence of F0. 

2) Training with vocoded speech

For familiarization with CI simulated speech, participants were trained on 

uninterrupted sentences, in the order from easier to harder voice conditions (starting 

from highest spectral resolution with then without F0 cues, and progressing to lower 

spectral resolution with then without F0 cues). The eight following lists (lists 3-10) of 

sentences were used for this purpose. Feedback was provided to the participants: the 

sentence in the original voice was played followed by the CI-processed uninterrupted 

sentence and while its text was displayed on the screen (Benard and Başkent, 2013). 

3) Familiarization with interrupted sentences

For familiarization with interrupted sentences, four conditions were randomly 
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chosen from the 20 conditions used in the experiment, and sentence lists 11 to 15 

were used (except list 13 that was previously discarded). Feedback was provided as 

explained above. 

4) Data collection

The experiment consisted of 20 conditions: 10 voice conditions [consisting of five 

spectral resolutions (Full, 16, 8, 6 and 4 bands) × two pitch conditions (with and 

without F0: +F0 and –F0, respectively)] × two interruption conditions (silent intervals 

and with noise filler). Sentence lists 16 to 35 were used in the experiment. The orders 

of the sentence lists and of the conditions were randomized. 

5) Data analysis

A native Dutch speaking student assistant, who was blind to the experiment purposes, 

scored the recorded participant responses offline. The percent-correct scores were 

calculated for each sentence as the ratio of correctly identified words to the total 

number of words in the presented sentence. The study was designed for a repeated 

measures ANOVA analysis of the results, which requires homogeneity of variances. In 

order to correct for the small variances at extremes of the percentage scale, percent-

correct scores were converted into RAU (rationalized arcsine units, Studebaker, 

1985) to help fulfill this assumption for ANOVA. The phonemic restoration scores 

were calculated by subtracting the intelligibility RAU scores when the interruptions 

were left silent from the RAU scores when the interruptions were filled with noise. 

Generalized eta squared (ηG
2) were used to report effect sizes (Bakeman, 2005). 

Statistical analyses were computed in R (R Core Team, 2013).

4.3. Results

First, the results are presented in terms of phonemic restoration effect, shown in 

Figure 4.3. We conducted a repeated measures ANOVA on the PR scores with spectral 

resolution and F0 as within-subject factors. The results, summarized in Table 4.1, 

showed that spectrally degrading speech reduced phonemic restoration. In contrast, 

on average across spectral resolutions, the presence or absence of F0 did not have a 

significant effect on the size of the phonemic restoration effect. However, a significant 

interaction between F0 and spectral resolution was observed showing that the effect 
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of F0 on restoration benefit depended on the spectral resolution. More specifically, 

better restoration benefit was observed with the addition of F0 at a certain spectral 

resolution. The post-hoc tests revealed for which spectral resolution the addition 

of F0 significantly increased the phonemic restoration benefit. Pairwise t-tests with 

False Discovery Rate (FDR) correction were used for the five relevant comparisons 

(at each spectral resolution). They showed that adding the F0 cue improved the 

restoration benefit significantly at 6-bands (see Table 4.2). With the addition of F0, 

the improvement of restoration benefit at 8-bands seemed substantial but was not 

significant (see Table  4.2), although the restoration benefit became significantly 

different from 0 when F0 was added (see Table 4.3). We think this lack of significance 

is due to noisy data that are often observed with phonemic restoration tasks, here 

especially because not all participants showed a consistent PR effect.

Figure 4.3. Phonemic restoration (PR) benefit as a function of spectral resolution (shown in a log scale), 

with (squares) or without (circles) F0. Error bars show one standard error. The star shows the significant 

difference between +F0 and   –F0 conditions at 6-bands spectral resolution.
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Table 4.1. Results of the 2-way RM-ANOVA on PR scores.

Within subject factors Effect size

SpecRes F4,72 = 3.09, p = 0.021 * ηG
2 = 0.055

F0 F1,18 = 2.11, p = 0.16 ηG
2 = 0.022

SpecRes x F0 F4,72 = 2.98, p = 0.025 * ηG
2 = 0.056

* Significant (p< 0.05)

Table 4.2. Results of two-sided paired t-tests with FDR corrected p-values for comparisons of presence or 

absence of pitch (+F0 vs. –F0) on PR benefit at each spectral resolution.

Spectral 
resolution

Full 16 bands 8 bands 6 bands 4 bands

PR benefit
t(18)=1.089
p = 0.48

t(18)=0.34
p = 0.74

t(18)=2.046
p = 0.14

t(18)=3.16
p = 0.027 *

t(18)=0.36
p = 0.74

* Significant (p< 0.05)

Table 4.3. Results of two-sided paired t-tests with FDR corrected p-values for comparisons of each PR 

benefit compared to 0.

Spectral 
resolution Full 16 bands 8 bands 6 bands 4 bands

+F0
t(18)=2.19
p = 0.071

t(18)=5.38
p < 0.001 ***

t(18)=3.28
p = 0.013 *

t(18)=3.11
p = 0.013 *

t(18)=1.47
p = 0.23

–F0 t(18)=3.63
p = 0.0096 **

t(18)=3.093
p = 0.013 *

t(18)=0.037
p = 0.97

t(18)=0.088
p = 0.97

t(18)=0.64
p = 0.66

* Significant (p< 0.05), ** Significant (p< 0.01), *** Significant (p< 0.001).
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Second, we were interested in how the addition of F0 was translated into better 

perception of degraded speech. The results from the 3-way repeated measures 

ANOVA are reported in Table 4.4, which reproduces some results from Table 4.1 on 

PR (our measure of interest). However, it is worth noticing that although the three 

main effects (interruption type, spectral resolution, and presence/absence of F0) are 

significant, the interaction between the spectral resolution and F0 is not. Given the 

interaction of these two parameters for the PR results (seen in Table 4.4 with the 

3-way interaction), this effect might depend on the interruption type (SNR). Thus, we 

considered the intelligibility scores from the interrupted speech condition (i.e. when 

the interruptions are left silent) as the dependent variable, shown in Figure 4.4a (left 

panel). A repeated measures ANOVA was conducted on the RAU scores with F0 and 

spectral resolution as within-subject factors (see Table 4.5, middle column). Both F0 

and spectral resolution showed a significant main effect. First, the effect of F0 showed 

that the addition of F0 (square symbols in Figure  4.4a) enhanced intelligibility, as 

predicted. Second, the effect of spectral resolution showed that global intelligibility 

of interrupted speech decreased with spectral resolution, as expected. However, 

no interaction between F0 and spectral resolution was observed, suggesting that 

there was no combined effect of F0 and spectral resolution on intelligibility of 

interrupted sentences (note that the ANOVA on interrupted speech with noise shows 

similar results, see Table 4.5, right column). Post-hoc tests for multiple comparisons 

corrected with FDR were conducted on the intelligibility scores in the silent condition 

(see Table 4.6). Pairwise t-tests showed that intelligibility for all spectral resolution 

conditions significantly differed from each other, both in +F0 and -F0 conditions. 

Moreover, the benefit from F0 was significant for all spectral resolutions except at 

8-bands.
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Figure  4.4. Mean intelligibility scores (in RAU) with F0 (squares) and without F0 (circles) as a function 

of spectral resolution (in log scale), A) when interruptions are left silent (dotted lines, left panel) and B) 

when interruptions are filled with noise (dashed lines, right panel). Baseline of uninterrupted sentences 

(repeated on both panels) are shown by the cross symbols and the solid lines. Error bars show one 

standard error.
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Table 4.4. Results of the 3-way RM-ANOVA on intelligibility scores.

Within subject factors Effect size 

SNR F1,18 = 45.84, p < 0.001 *** ηG
2 = 0.084

SpecRes F4,72 = 350.1, p < 0.001 *** ηG
2 = 0.79

F0 F1,18 = 80.08, p < 0.001 *** ηG
2 = 0.15

SNR x SpecRes F4,72 = 3.086, p = 0.021 * ηG
2 = 0.019

SNR x F0 F1,18 = 2.11, p = 0.16 ηG
2 = 0.007

SpecRes x F0 F4,72 = 1.90, p = 0.12 ηG
2 = 0.010

SNR x SpecRes x F0 F4,72 = 2.98, p = 0.025 * ηG
2 = 0.019

* Significant (p< 0.05), *** Significant (p< 0.001).

Table 4.5. Results of the 2-way RM-ANOVA on interrupted speech with silent.

Within subject factors Silent interruptions Noise interruptions 

F0
F1,18 = 15.55, p < 0.001 ***
ηG

2 = 0.10
F1,18 = 56.34, p < 0.001 ***
ηG

2 = 0.10

SpecRes
F4,72 = 220.9, p < 0.001 ***
ηG

2 = 0.78
F4,72 = 223, p < 0.001 ***
ηG

2 = 0.78

SpecRes x F0
F4,72 = 1.54, p = 0.020 *
ηG

2 = 0.020
F4,72 = 3.50, p = 0.012 *
ηG

2 = 0.020

* Significant (p< 0.05), *** Significant (p< 0.001).

Table 4.6. Results of post-hoc pairwise t-tests for comparisons of intelligibility of interrupted speech 

(silent condition only) between spectral resolution conditions (with and without F0, first two rows, 

respectively) and between voicing (at each spectral resolution, last row).

Spectral 
resolution

Full 16 bands 8 bands 6 bands 4 bands

+F0
t(18)=-6.30

p < 0.001 ***
t(18)=-6.12

p < 0.001 ***
t(18)=-2.94
p = 0,011 *

t(18)=-4.73
p < 0.001 ***

–F0
t(18)=-6.55

p < 0.001 ***
t(18)=-6.01

p < 0.001 ***
t(18)=-3.46

p = 0.0036 **
t(18)=-3.87

p = 0.0015 **

F0 benefit
t(18)=3.37

p = 0.0043 **
t(18)=2.76
p = 0.014 *

t(18)=1.40
p = 0.18

t(18)=2.15
p = 0.048 *

t(18)=2.80
p = 0.013 *

* Significant (p< 0.05),  ** Significant (p< 0.01), *** Significant (p< 0.001).
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4.4. Discussion

The aim of the present study was to investigate independently which of reduced 

resolution of the spectral envelope or weaker pitch could be responsible for the 

smaller phonemic restoration benefit observed in actual CI users and with CI 

simulated speech. 

Speech segregation

Stream segregation is necessary for speech-in-noise perception. Two different 

mechanisms take place for segregation; the discrimination of speech from noise, 

and the grouping of the successive speech segments together to form a coherent 

stream (Bregman, 1990b). In the particular case of phonemic restoration, those 

two mechanisms are involved also when noise is present. In the silent condition, in 

contrast, no discrimination between two sources is involved, thus the building up 

of the speech stream relies mostly on grouping. But in this case, the speech stream 

seems broken, which might hinder grouping and thus reduce speech intelligibility. 

In the filler noise condition, where both grouping and stream discrimination are 

involved, the filler noise can also be interpreted as masking the missing speech 

segments, an interpretation that the cognitive system tends to make in case of 

ambiguity. As a result, the speech seems more continuous and grouping of the 

speech segments is more efficient, thus favoring speech intelligibility. This masking 

interpretation, which favors grouping, would best happen when noise is similar to 

speech (Bashford and Warren, 1987a). However, speech and noise segments must 

also be discriminated from each other in order to identify speech segments that 

provide the linguistic information. This discrimination would best happen when the 

noise is perceptually different from the speech (Dannenbring and Bregman, 1976; 

Gaudrain and Carlyon, 2013; Moore and Gockel, 2002). Thus, degraded spectral 

resolution or reduced fidelity of F0 cues (which would make the speech more noise-

like) would both play against discrimination of the speech stream from the noise, 

the first mechanism of speech segregation, but would favor grouping more noise-

like speech segments across noise, the second mechanism of speech segregation. 

There seems to be a balance between the two mechanisms to perform stream 

segregation. Given the potentially complex interaction of these parameters, in the 

next two paragraphs, we discuss each parameter, pitch and spectral resolution, and 
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their effect on the discrimination and grouping mechanisms.

Regarding the effect of pitch on segregation, Clarke et al. (2014) showed that changing 

the average value of F0 across speech segments did not influence the restoration 

benefit. We can thereby suggest from this result that changing the average value 

of F0 across speech segments did not seem to influence the grouping of speech 

segments across the noise bursts. This was observed even when the average F0 was 

drastically altered, such that it changed by an octave, from that of a man to that of 

a woman across alternating speech segments, thus similarity of successive speech 

segments was violated. However, the presence of pitch itself (without considering its 

value) is a very strong cue that helps discriminate the noise from the speech stream. 

By testing the effect of presence versus absence of pitch in the present study, we 

expected to see an effect of F0 on segregation and therefore on restoration benefit. 

Consistent with our hypothesis, the phonemic restoration effect did improve with 

the addition of F0 when spectral resolution was degraded. However, this effect was 

significant only at one reduced spectral resolution condition, namely, 6-bands. 

Contrary to our expectation, adding F0 did not improve phonemic restoration at our 

highest (16-bands) and lowest (4-bands) degraded spectral resolution conditions.

Note that as pitch is the percept of the F0 cues in the speech signal, timbre is 

related to the percept of spectral cues that can also be involved in sequential 

grouping, using the harmonic similarity between successive speech segments 

(Cusack and Roberts, 2000; Singh, 1987). Regarding the effect of spectral resolution 

on segregation, the significant interaction between spectral resolution and F0 

found for our phonemic restoration results could be due to the fact that speech 

segregation can still be performed when F0 is missing, which is more likely to be so 

at high spectral resolution. Indeed, supporting this, when there was no degradation 

(i.e. at full spectral resolution), the addition of F0 did not provide an advantage for 

restoration as expected. At full spectral resolution, appropriate segregation was 

likely achieved either with or without F0. From the lack of effect of F0 at full spectral 

resolution, we can speculate that the spectrum of the unvoiced speech (Full –F0 

condition) seems to contrast enough with that of the noise to provide a reliable 

discrimination cue. This is presumably also what could have happened for the high 

spectral resolution (16 bands). However, at poor spectral resolution (4-bands), there 

was no effect of F0 on restoration, which could mean that the spectral envelope itself 

Livre 1.indb   89 18/12/2016   10:19:40



90

4

Chapter 4 

is not sufficient to discriminate the speech and the noise. To further elaborate this 

speculation, we compared the auditory excitation patterns (computed with AIM-mat, 

Bleeck et al. 2004) of the different speech conditions with the auditory excitation 

pattern of the filler noise (details of the methods can be found in appendix 1). We 

especially focused on the difference of the estimated perceptual distance between 

16- and 4-band spectral resolution, with and without F0 (details of the results can 

be found in Appendix 2). This perceptual distance reflects the difference in auditory 

excitation between speech and noise. At 16-band spectral resolution, restoration 

benefit suggests that segregation of speech and noise still happens even when F0 

cues are absent, and even if the perceptual distance between speech and noise is 

significantly lower when F0 cues are absent from speech. Moreover, the perceptual 

distance between speech and noise at 4+F0 is significantly bigger compared to 16-

F0 (where it was argued previously that segregation happens). Thus segregation of 

speech and noise should also be possible at 4+F0 condition. The results from the 

AIM output do not support that the lack of F0 benefit on phonemic restoration at 

4-band spectral resolution is due to the failure of discrimination between speech and 

noise, but rather that the very poor intelligibility of the speech segments might not 

provide enough information to trigger a restoration benefit. This can be investigated 

by looking at intelligibility per se (instead of restoration effect). 

Available speech features in interrupted speech segments

The spectral resolution had a large effect on overall intelligibility (-49 RAU from full to 

4-bands spectral resolution), much stronger than the presence/absence of F0 (-6 RAU 

from +F0 to –F0), as the effect sizes showed (ηG
2  =  0.78 and ηG

2  =  0.10 for spectral 

resolution and F0, respectively). Bhargava et al. (2014b) argued that the ‘right kind’ 

of bottom-up speech features in the remaining segments are needed to trigger the 

use of context-activated knowledge, which would benefit phonemic restoration. It is 

also worth highlighting that the restoration effect is not proportional to the amount 

of available speech information (as measured by baseline uninterrupted speech 

intelligibility, or interrupted speech intelligibility); only that below a certain level of 

intelligibility, phonemic restoration seems to be unlikely to happen (Başkent, 2010), 

probably because the cues that are needed for restoration are missing. A similar 

remark can be made for a maximal level of intelligibility above which restoration 

would not increase further with addition of information such as F0. In this study, 
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intelligibility (either with or without filler noise) was extremely low at 4-bands spectral 

resolution, confirming the idea that very little speech information was available in the 

remaining speech segments. It is possible that with such a small amount of speech 

information, the speech features that would trigger phonemic restoration were not 

present, and even adding F0 did not provide sufficient information for restoration 

to happen. On the other end of the spectral resolution range, from 16 bands to full 

resolution, top-down restoration was already strong, and extra information could 

not provide any further improvement.

Regarding the effect of F0 on intelligibility, it had been shown that the combination 

of electric and acoustic stimulation (EAS) improves speech intelligibility (Kong et 

al., 2005; Luo and Fu, 2006; Rader et al., 2013b; Turner et al., 2004) compared to 

electric stimulation alone (CIs). This improvement was also shown for simulation of 

EAS compared to simulation of CIs, where vocoded speech simulates the latter and 

addition of low-pass filtered speech simulates the former. Başkent (2012) showed 

that the addition of the ‘acoustic’ low-frequency speech to spectrally degraded 

speech improves overall intelligibility of interrupted speech. The non-vocoded low-

frequency signal (or in the case of the implant, the acoustic stimulation) provides a 

number of extra cues, not present in the vocoded (or electric) part, amongst which 

pitch is thought to be particularly important (e.g. Brown and Bacon, 2009a). However, 

low-frequency information in EAS does not only include F0, but can also include F1 

(Verschuur et al., 2013). But as F0 is generally lower than F1 in average speakers, F0 

is more likely than F1 to remain in residual hearing range and contribute to the EAS 

benefit. In this study, we investigated the benefit of F0 and not F1 (as may be the 

case in EAS), as F0 is completely separated from the spectral envelope information. 

Consistent with the importance of pitch, in the present study, the addition of F0 

information improved overall intelligibility of interrupted speech (compare circles 

and squares in Figure 4.4). Even at better spectral resolution, F0 still provided 

an advantage for intelligibility, as confirmed by the post-hoc tests that showed a 

significant difference between +F0 and –F0 conditions at different spectral resolution 

(see “F0 benefit” in Table 4.6). At full spectral resolution, this result is in line with 

whispered speech literature that shows that voiced speech is more intelligible than 

whisper (Irino et al., 2012; Tartter, 1989, 1991; Vestergaard and Patterson, 2009). 

Whispered speech simulation also requires a spectral tilt as well as removing F0 cues 

(Irino et al., 2012; Schwartz, 1970). However, discrimination performance in spectral 
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envelope differences is similar between whispered and unvoiced words (Irino et al. 

2012), suggesting that the remaining cues in whisper (for prosodic cues: Heeren and 

Lorenzi, 2014; Tartter, 1989) are either also available for unvoiced speech recognition 

or do not provide a benefit for whisper recognition compared to unvoiced speech. 

In general, our F0 benefit results show that F0 seemed to provide additional speech 

features that improved intelligibility. These speech features can be voicing and/or 

pitch contours. First, F0 cues can help distinguish voiced from unvoiced consonants 

(even in the presence of co-varying voicing cues, such as loudness or duration - 

Peng et al., 2012; Winn et al., 2012). Second, the F0 variations (pitch contours) can 

give some prosodic cues of linguistic importance, such as indications on word 

segmentation, rhythm, or stressing the keywords in the sentence (although it was 

shown that prosody can be perceived in whisper via high frequency region: Heeren 

and Lorenzi, 2014). As argued before, when the intelligibility of the interrupted 

speech is very low, the speech features used for phonemic restoration are likely to 

be missing. Yet, in that situation, adding the F0 information could bring back some 

of these speech features, which could then trigger restoration. This may be what 

happened at 6-bands, where adding F0 was enough to allow restoration to happen. 

Başkent and Chatterjee (2010) showed that the addition of low-pass filtered speech at 

500 Hz (which include F0) to noise-band vocoded speech induced a bigger increase of 

intelligibility at low spectral resolutions (4- and 8-bands) compared to high spectral 

resolutions (16 and 32 bands). However, in the present study, using sentences from 

the same corpus, we do not observe the same pattern of increase of interrupted 

speech intelligibility when F0 is added to spectrally degraded speech. Indeed, the 

addition of F0 significantly increased intelligibility at full and 4-, 6-, 16-bands spectral 

resolution, but not at 8-bands. This difference in results could be due to the fact that 

the present study added only the F0 and used an interruption rate (IR) of 2.2  Hz, 

whereas Başkent & Chatterjee (2010) added low-pass filtered speech below 500 Hz 

(LP500), and used an interruption rate of 1.5 Hz. On one hand, adding the original F0 

(our +F0 conditions) carries less information than low-pass filtered speech (LP500 

conditions from Başkent and Chatterjee, 2010). On the other hand, our faster IR 

corresponds to interruptions at the average syllabic rate in this corpus, which is a 

more strenuous condition for intelligibility of interrupted speech than a slower rate 

of 1.5 Hz IR (supported by a previous pilot study). Both these differences point to the 

lower overall speech intelligibility in our study. Moreover, at low spectral resolution, 

Livre 1.indb   92 18/12/2016   10:19:40



93

Pitch and spectral resolution

4

the addition of LP500 may include very efficient cues to help speech intelligibility 

(+27 and +16 RAU at 4-bands and 8-bands spectral resolution, respectively, in 

Başkent and Chatterjee, 2010), whereas adding F0 may only give cues just sufficient 

to help intelligibility by a small amount (between +3 and +4  RAU from 4-bands to 

8-bands spectral resolution in the present study). At high spectral resolution, the 

addition of F0 only or LP500 provides the same benefit, probably because speech 

intelligibly is already quite good, or because of redundancy in speech information 

(the information given by F0 might already be available through another cue). 

Also, note that the CI simulations were different. In the present study, stimuli were 

processed so as to completely remove pitch in the “–F0” conditions. In other more 

commonly used vocoders, as well as CI users, temporal F0 cues generally still provide 

a weak pitch percept (Moore and Carlyon, 2005), which is closer to what happens for 

actual CI users. Indeed, Fuller et al. showed that CI users were able to use F0 cues 

for gender categorization (Fuller et al., 2014), which suggests that some F0 cues are 

delivered in CIs. By investigating the total presence (our “+F0” conditions) versus 

total absence of pitch (our “ –F0” conditions), we covered the full range of amount of 

pitch information useable for PR. Results from actual CIs and other vocoders (such as 

in Başkent and Chatterjee, 2010) would be expected to fall within these boundaries.

With actual CI users, Bhargava et al (2014b) observed phonemic restoration only 

for the best performers at 50 % duty cycle (equal duration of ON and OFF speech 

segments, as used in this study). In the present study, we found that the addition of 

F0 played a critical role for phonemic restoration only at 6-bands. This suggests that 

for CI users who do not usually show restoration, improved pitch perception could 

provide the sufficient extra cues to yield restoration, and thus could improve their 

speech intelligibility in noisy environments.
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4.5. Conclusion

• The combination of low spectral resolution and weak pitch representation may 

contribute to the poor top-down restoration of speech observed in CI simulations.

• Interaction between degraded but complementary cues seems to increase 

speech redundancy that helps intelligibility.

• Integrating complementary bottom-up cues (spectral resolution and pitch 

representation), even degraded, can help top-down restoration of speech.
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Appendix 4.1: Method for model

The Auditory Image Model (AIM) is a functional model for human peripheral hearing. 

An auditory image (AI) is the initial mental representation of a sound through 

the peripheral auditory system before top-down processes are involved (such as 

attention, knowledge, and context). With a model of an average “normal-hearing” 

ear, we can argue that the AI represents the “objective perception” of a sound. Then, 

comparing the AIs from different sounds would give information on how different or 

similar the sounds are at an early perceptual stage (see Supplementary figure 4.1 for 

the output of the AIM on our four selected stimuli). 

The model first performs spectral and temporal analyses of incoming sounds, 

mimicking those that take place in the peripheral auditory system. This first stage 

delivers the tonotopic representation of sounds done in the cochlea. Then the 

model performs the channel-by-channel time-interval analyses on the neural 

activity pattern (NAP) that happen in the mid-brain. The last two modules of the 

model integrate periodicity and give a stabilized representation of NAPs (similar to 

autocorrelation model of pitch perception by Meddis and O’Mard, 1997).

AIM-mat (Bleeck et al., 2004) is the implementation of this model in Matlab. In 

this study, it was used with the following modules: ‘gm2002’ for the pre-cochlear 

processing, ‘pzfc’ for the basilar membrane motion filterbank (Lyon, 2011), ‘hcl’ 

for the neural activity pattern, ‘sf2003’ for the strobe-finding, and ’ti2003’ for the 

stabilized auditory image. 
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Supplementary Figure 4.1 (color online). Temporal profiles of the stabilized Auditory Image (similar to 

the summary autocorrelogram functions of Meddis and O’Mard, 1997) for four stimuli: A) Full spectral 

resolution with F0, B) Full spectral resolution without F0, C) 4-band spectral resolution with F0, D) 4-band 

spectral resolution without F0. The vertical dashed line shows the fundamental frequency.
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Appendix 4.2: Results of comparing AIM outputs

To compare how different or similar different sound streams are, we estimated the 

perceptual distance between them, by calculating the Euclidean distance between 

the stabilized auditory images of the compared streams, i.e. the noise masker and 

the speech stimuli for each condition (spectral resolution and pitch). We expect that 

the more similar speech and noise are (i.e. the smaller the Euclidean distance is), the 

more masking power noise has over speech, thus the easier it is to link successive 

speech segments across noise, which would help intelligibility. Inversely, we expect 

that the more different speech and noise are (i.e. the larger the Euclidean distance 

is), the lesser ambiguity between the two signals there is, thus the easier it is to 

separate speech from noise, which would also help intelligibility. 

Results of the RM-ANOVA (displayed in supplementary Table 4.1) show a main effect 

of spectral resolution and of F0, but also an interaction between the two parameters 

(presence/absence of F0 across all spectral resolutions). 

The post-hoc we were most interested in showed that the Euclidean distance between 

the excitation patterns of noise and speech significantly increased by 235  points 

(6.4  %) on average from 4- to 16-bands spectral resolution, t(27)  =  -7.54, p  <  0.001, 

and t(27) = -14.38, p < 0.001, for +F0 and –F0 respectively. This confirms that speech 

at a higher spectral resolution may be coded differently from noise in the auditory 

nervous system. This perceptual distance is bigger than when speech is at a lower 

spectral resolution. Moreover, the Euclidean distance increased by 518 points (15 %) 

with the addition of F0 at 4-bands spectral resolution, t(27)  =  8.31, p  <  0.001. This 

supports the idea that speech with F0 cues may be coded differently from noise in the 

auditory nervous system. And this perceptual distance is bigger than when speech 

is unvoiced (without the F0 cues). In this case, F0 might provide a discrimination 

cue but the remaining segments of speech, although properly grouped in a stream, 

may not have provided enough information to induce phonemic restoration. This is 

further supported by the significantly bigger perceptual distance between speech 

and noise at 4+F0 compared to 16-F0, where segregation is supposed to happen as 

restoration benefit was observed (paired t-test: t(27)  =  2.090, p  =  0.046). This latter 

result argues against the failure of discrimination between speech and noise at 4+F0 
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condition. 

In the interaction between spectral resolution and F0, we are particularly interested 

in the interaction between +F0 and –F0 at 16- and 4-band conditions. The interaction 

between F0 and spectral resolution is confirmed by a significantly bigger distance 

in the excitation patterns with the addition of F0 cues at 4- than at 16-band (paired 

t-test: t(27) = 3.27, p = 0.0029). This indicates that adding F0 cues at 4-band should 

contribute more to the segregation of speech and noise than at 16-band. However, 

we did not observe a bigger restoration benefit when adding the F0 cues at 16- or 

4-band, which suggests that the speech signal is too degraded spectrally at 4-band 

that even the addition of F0 cues do not provide enough bottom-up cues to trigger 

the top-down mechanisms of phonemic restoration.

Supplementary Figure 4.2. Difference (Euclidean distance) between speech and noise auditory images 

of the stimuli for each spectral resolution with F0 (grey line) or without F0 (black line). Points of interests 

are displayed with bigger symbols. Error bars show one standard error.
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Supplementary Table 4.1. Results of the 2-way RM-ANOVA on Euclidean distances between speech and 

noise auditory images.

Within subject factors Effect size 

SpecRes F4,8 = 49.33, p < 0.001 *** ηG
2 = 0.19

F0 F1,2 = 191, p = 0.0052 ** ηG
2 = 0.28

SpecRes x F0 F4,8= 7.33, p = 0.0087 ** ηG
2 = 0.0038

** Significant (p< 0.01), *** Significant (p< 0.001)
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Abstract

Cochlear implant (CI) users benefit differently from top-down repair of interrupted 

speech than normal-hearing (NH) listeners (Bhargava et al. 2014, Hear. Res. 309, 113-

123). The poor pitch perception commonly reported in CI listeners might contribute 

to this difference, because voice pitch (F0) is a primary grouping cue that may be 

involved in repair mechanisms. Pitch cues can be available to bimodal CI users 

with low-frequency (LF) acoustic residual hearing. We thus investigated the effect 

of residual hearing on top-down repair mechanisms for bimodal CI users. Previous 

studies showed that simulating electro-acoustic stimulation (EAS) yielded better 

intelligibility of interrupted speech than simulating electrical stimulation alone. In 

another study we showed that the addition of F0 to CI simulation improved top-

down repair in the spectral resolution range of CI users (Clarke et al., 2016). We thus 

expected to observe similar improvement in benefits with bimodal CI users wearing 

a hearing aid (HA) in the contralateral ear where low frequency information, rich in 

voice pitch cues, can be transmitted.

We tested twelve bimodal users in two hearing modes, CI only, and CI and HA together, 

to measure bimodal benefit. The top-down repair of speech was assessed with the 

phonemic restoration (PR) paradigm. The PR benefit was measured by the increase 

in intelligibility of interrupted sentences when the periodic silent interruptions were 

filled with noise. As CI users show PR benefit for different interruption parameters 

than NH listeners, we used different gap durations for the interruptions.

Group analysis results unexpectedly showed that adding the HA to the CI led to no 

bimodal benefit. Against our expectations again, no PR benefit was observed at the 

group level, even for conditions where it was previously shown that CI users benefited 

from PR. However, subjective reports showed a general preference for wearing the 

HA along the CI, and suggest that the additional HA provides better sound quality. 

Moreover, individual analysis showed that some bimodal users could benefit from 

the addition of the low frequency acoustic residual hearing to trigger top-down 

repair mechanisms. In addition, more participants could benefit from the acoustic 

cues delivered by their HA along their CI for top-down restoration of interrupted 

speech as the gaps were shortened. This suggests that every improvement in quality 

of bottom-up cues (in frequency and in time) may contribute with an additive effect 
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to better top-down restoration, showing a powerful interaction between bottom-up 

cues and top-down repair mechanisms.

Keywords: bimodal benefit, phonemic restoration, electric and acoustic stimulation

“So close, no matter how far
Couldn’t be much more from the ear
Forever trusting what we hear
And nothing else matters”
(adapted from Metallica, 1991)
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5.1. Introduction

When listening to speech in a noisy environment, some speech segments become 

unavailable to the listener because of the presence of competing sound sources. Top-

down restoration is the brain’s capacity to reconstruct speech with missing segments. 

A common way to quantify top-down restoration is via the phonemic restoration 

(PR) paradigm (Bashford and Warren, 1987b; Başkent, 2010; Verschuure and Brocaar, 

1983; Warren, 1970). The PR effect is measured as the difference in intelligibility 

between sentences periodically interrupted with silence intervals, or with the 

intervals filled with noise. When the interruptions are filled with noise (compared 

to silent interruptions), two things can be observed: (i) the speech is perceived as 

continuous behind the noise that acts as a plausible masker of the missing speech 

segments, (ii) intelligibility of interrupted speech increases with top-down repair 

mechanisms, using linguistic knowledge, expectations, and context (Bashford et al., 

1992; Samuel, 1981; Verschuure and Brocaar, 1983; Wang and Humes, 2010; Warren 

and Sherman, 1974). 

It was previously suggested that the continuity illusion perceived when the 

interruptions were filled with noise was a prerequisite for top-down repair of speech 

(Bashford et al., 1992; Başkent et al., 2009; Bregman, 1990). However, more recent 

studies suggested that perceived continuity and top-down repair of speech are two 

separate, but interacting, mechanisms (Bhargava et al., 2014; Clarke et al., 2014; 

Shahin et al., 2009; Shinn-Cunningham and Wang, 2008). For example, Bhargava 

et al. find no correlation between PR scores and perceived continuity. Clarke et 

al. (2014) show, in line with Bhargava et al.’s results, that PR is not impaired when 

voice continuity is disrupted. In this previous study, voice continuity is disrupted 

by manipulating voice characteristics such as the fundamental frequency (F0 — 

whose perceptual correlate is pitch), and the vocal tract length (VTL). Disrupted 

voice continuity lead participants to judge voices with VTL manipulation as from a 

different talker than the original voice. This indicates that perceived continuity of 

sentences built up with two voices from two perceived different talkers may also be 

disrupted. Furthermore, this lack of effect of voice manipulations on PR seems to 

indicate that NH listeners can rely on the linguistic context, to compensate for the 

manipulated voice cues, to still manage restoration of interrupted sentences. What is 

likely to happen in interrupted speech perception is that the silent interruptions may 
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introduce spurious cues, such as sudden starts and stops that might be erroneously 

interpreted as word boundaries and could thus impair word segmentation 

(Huggins, 1964; Repp et al., 1978). As a result, wrong word candidates may be 

activated, disturbing lexical access and thus hindering intelligibility. When the silent 

interruptions are filled with noise, these spurious cues may be hidden by the noise (if 

it is a plausible masker), resulting in the reduction of wrong word candidates being 

activated, and thus improving intelligibility (Bashford et al., 1992; Srinivasan and 

Wang, 2005; Warren and Obusek, 1971). Moreover, speech and noise are perceived 

as two separate streams. Good discrimination between speech and noise, along with 

proper linkage of the successive speech segments across time to form a coherent 

stream, are responsible for successful stream segregation, an underlying mechanism 

of top-down restoration of speech, which also contributes to perceived continuity.

Information on the voice of a talker is involved in general perceptual organization 

from which top-down repair of speech derives. Voice characteristics (F0 and apparent 

VTL) are involved in speech in noise perception notably via stream segregation 

(Gaudrain et al., 2007; Hartmann and Johnson, 1991; Tsuzaki et al., 2007), which is 

also an underlying mechanism of top-down repair of speech and perceived continuity. 

Voice characteristics may thus be helpful to link successive speech segments across 

interruptions. Voice discrimination primarily relies on voice characteristics. High 

pitch voices are categorized as female since women have mean F0 values in average 

twice as high as that of men (Titze, 1989). Besides the mean value of F0 that inform 

about speaker identity – gender and size – (Gaudrain et al., 2009; Ives et al., 2005), 

the F0 contour is the primary cue NH listeners use to recognize intonation that is also 

valuable information for stream segregation (Bregman, 1990), word segmentation 

(Cutler et al., 1997; Spitzer et al., 2007), and speech intonation perception (Peng 

et al., 2012). Clarke and colleagues (2014, 2016) specifically studied the effect of 

voice characteristics on PR with NH listeners. Although results from manipulated F0 

showed no effect on PR (indicating that NH listeners may have relied on others cues, 

such as linguistic context, to perform PR), results from speech degraded by vocoding 

showed the importance of the presence of F0 cues when further spectro-temporal 

degradations were applied to interrupted speech.

Besides linguistic knowledge, expectations and context, top-down restoration of 

speech also seems to be triggered by the “right amount” of bottom-up cues (Bhargava 
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et al., 2014). It has been argued that in the case of inherently degraded sound input 

(spectro-temporal degradations from a Cochlear Implant – CI – or vocoder), further 

degradation from temporal interruptions results in a bigger loss of intelligibility than 

for NH listeners when no such inherent degradations are present (Bhargava et al., 

2016; Lacroix et al., 1979). However, Bhargava et al. (2014) showed that cochlear 

implant (CI) users could also benefit from top-down repair of interrupted speech, just 

differently than normal-hearing (NH) listeners. The poor pitch perception commonly 

reported in CI users might contribute to the difference in performance between CI 

users and NH listeners (Gaudrain et al., 2015; Heeren et al., 2012; Qin and Oxenham, 

2003). Providing additional F0 information to noise-band vocoded speech improved 

top-down repair in the spectral resolution range of CI users (Clarke et al., 2016). 

This result confirms the role of bottom-up cues to trigger PR, and seem to indicate 

that the interaction between bottom-up and top-down mechanisms adapts to the 

difficulty of the listening situation. For example, when bottom-up speech cues are 

rich as is the case for NH listeners, the effect of a disrupted cue can be overcome by 

using other available cues to limit the decrease in intelligibility. However, the same 

disruption can become dramatic when the bottom-up speech cues are degraded 

themselves (such as in CIs), because the additional cues are not available or minimal, 

and intelligibility can break down.

The main goal of the present study was to investigate whether access to pitch 

can improve top-down repair of interrupted speech for actual CI users. We also 

investigated whether perceived continuity of interrupted speech was affected by 

access to pitch cues. This research question can be addressed with bimodal CI users 

monaurally implanted with a CI and wearing a hearing aid (HA) in the contralateral 

ear because they can have access to pitch cues via their low-frequency (LF) acoustic 

residual hearing transmitted by their HA. We expected the acoustic cues transmitted 

via the HA to be fused with the electric cues from the CI, contributing to a better pitch 

representation. The bimodal benefit is the increase in intelligibility achieved when 

speech is presented to both the CI and the HA, compared to the CI alone. However, 

Brown and Bacon (2009b) showed that a tone carrying F0 and amplitude envelope 

cues of the speech presented to the HA could be sufficient to achieve a bimodal 

benefit. 

A previous study with acoustic simulations of CIs showed that simulating electro-
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acoustic stimulation (EAS) yielded better intelligibility of interrupted speech 

than simulating electrical stimulation alone (Başkent, 2012). Similar benefit with 

actual bimodal CI users can be expected, as the LF cues provided by the HA would 

be expected to contribute to a better pitch representation, which would in turn 

facilitate F0 tracking across interruptions. This expectation is based on a long list of 

literature that showed that perception of voice characteristics may differ in hearing 

impairment or CI use compared to NH. First, sensory-neural hearing loss (SNHL) 

reduces auditory sensitivity, but also leads to suprathreshold deficiencies at level 

of moderate to severe hearing loss, that cannot be completely restored through 

amplification, and pitch perception may also be impaired (Glasberg and Moore, 

1989; Moore, 1996; Plomp, 1978). Impaired pitch perception was measured in hearing 

impaired (HI) listeners and CI users (Gfeller et al., 2002; Sucher and McDermott, 2007; 

Summers and Leek, 1998), who typically show larger just noticeable difference (JND) 

for F0, i.e. they need a larger frequency change to perceive different complex tones 

compared to NH listeners. Being able to differentiate frequencies is of great help for 

voice discrimination, as each talker has unique voice characteristics. For example, 

Summers and Leek found that, unlike NH listeners with smaller JND, HI listeners with 

high JND could not take advantage of F0 differences between concurrent vowels to 

identify them. However, CI users can take advantage of their weak pitch percept for 

gender categorization (Fuller et al., 2014; Kovačić and Balaban, 2009). Indeed, CI users 

rely on F0 information (but not apparent VTL information, contrary to NH listeners) 

to predict the gender of a talker. For speech intonation perception task, question/

statement discrimination studies have shown that, with poorer performance, 

cochlear implantees use F0 contours to a lesser extend than NH listeners, but also 

rely on the intensity of the end of the utterance that carries relevant information 

(Chatterjee and Peng, 2008). Chatterjee & Peng (2008) suggest that CI users can use the 

periodicity information in the temporal pattern of F0. Furthermore, when combined 

with residual hearing, CI users perform better in question/statement discrimination 

tasks and also have smaller F0 JND (Marx et al., 2015). This suggests that having 

some LF acoustic cues along the electric information improves F0 tracking needed 

for intonation perception. Improved F0 contours perception has also been observed 

for lexical segmentation in CI users with contralateral LF residual hearing (Spitzer et 

al., 2009). More generally, CI users that can access LF acoustic hearing in the non-

implanted ear may present a bimodal benefit. That is, they perform better with their 

CI and contralateral HA (CI+HA) than with their CI alone (CI only), even if very little or 
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no intelligibility is observed with only the HA (Dorman et al., 2005; Kong et al., 2005). 

However, not all bimodal CI users show a bimodal benefit, and results of different 

studies show discrepancies; Dorman et al. (2015) showed that the bimodal benefit is 

best observed for sentence material (compared to isolated words) in noise (compared 

to quiet), when CI only performance is below 60% (to have room for improvement), 

and for contralateral thresholds corresponding to mild-to-moderate hearing loss 

(compared to severe hearing loss). Moreover, the LF residual hearing does not only 

convey F0 information, and better pitch tracking that facilitates sequential grouping 

might not be the only responsible for the bimodal benefit. Other LF phonetic cues 

can fall in the residual part of hearing, such as the first formant (F1) information, 

coarticulation (formant transitions), and voicing cues (Kong and Carlyon, 2007; Li 

and Loizou, 2008; Verschuur et al., 2013). These cues would favor glimpsing of the 

speech segments, in turn improving speech understanding, contributing to the 

bimodal benefit.

Although bimodal benefit was sometimes observed for speech understanding in 

quiet (Hamzavi et al., 2004; Shallop et al., 1992), greater benefit was usually observed 

for speech in noise (Armstrong et al., 1997; Zhang et al., 2010). It is not yet clear how 

acoustic and electric cues are integrated to improve speech perception, and how 

cognitive mechanisms deal with bimodal cues. The research question of the present 

study is to assess whether the use of a HA (providing additional pitch cues via LF 

residual hearing) contralateral to a CI device affects top-down repair of interrupted 

speech and perceived continuity. In the present study, we propose a recognition task 

of interrupted sentences, both with silent interruptions and when the silent gaps are 

filled with noise, to measure the top-down repair of speech (Experiment  1). Along 

with this task, perceived continuity of the same interrupted sentences (Experiment 2) 

is also conducted. To complement these objective measures, the short ‘Speech, 

Spatial and Quality of Hearing Scale’ (SSQ12) was proposed to assess the subjective 

outcomes of EAS (Noble et al., 2013). The phonemic restoration paradigm, i.e. 

difference in intelligibility between interrupted speech with filler noise and with 

silent, is used in Experiment  1 to measure top-down repair of speech; while the 

perceived continuity of the same interrupted stimuli is measured in Experiment 2. We 

hypothesized that access to LF would induce a bimodal benefit. If the LF information 

mostly contains pitch, access to LF would lead to better F0 tracking which would 

help sequential grouping mechanisms, and in turn lead to better continuity percept 
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when the interruptions are left silent. With the filler noise interruptions, continuity 

percept could go both ways, as there is a trade-off between stream discrimination 

and sequentially linking successive speech segments. Discrimination would work 

better if the interleaved signals differ from each other, whereas sequential linkage 

would work better if the target and the masker were similar. On the other hand, if 

the LF information mostly contains phonetic cues, access to LF would help with 

lexical ambiguity, yielding better intelligibility of the remaining speech segments 

through glimpsing, which would boost top-down repair benefits. However, if the F0 

perception is too degraded by the SNHL of the contralateral ear, addition of the HA 

may not bring useful extra LF information to strongly improve speech intelligibility 

or continuity perception.

5.2. Experiment 1: Top-down restoration of interrupted 
speech

5.2.1. Methods

Participants

Twelve CI users, aged 24 to 68 years (mean=57, s.d.=12) participated in this study. 

Details of the participants are presented in Table 5.1. All participants were bimodal 

CI users, i.e. implanted with a CI in one ear and wearing a HA in the contralateral 

ear. All but one participant were wearing their HA daily in addition to their main5 

CI device. They all had at least one year of CI experience prior to the experiment. 

The use of double array electrodes was an exclusion criterion. The participants were 

either selected from the clinical database or replied to an online advertisement. All 

participants were native Dutch speakers except for one subject (who lived in the 

Netherlands for more than 30 years, and whose data did not deviate from more than 

one standard deviation from the group mean). For participants #1 to #6, we checked 

the patient records to make sure that they did not have deactivated electrodes in the 

mid- or high-frequency range. These data were not available for participants #7 to 

#12, who were recruited outside our clinic. 

5   The CI is the device our participants relied primarily on for speech understanding.
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Table 5.1. Details of CI participants. ‘n.a.’ indicates that the information was not available.

Participant 

num
ber 

Sex 
Age 

(years) 

Duration of CI 

usage (years) 
CI brand 

Strategy - processor 
HA brand/program

 

1 
M

 
54 

8 
Cochlear Inc. 

CI24RE (CA) - Freedom
 

W
idex/n.a. 

2 
F 

58 
13 

Cochlear Inc. 
CI24R (CS) - N

ucleus 
Phonak/N

aida III U
P 

3 
M

 
62 

9 
Cochlear Inc. 

CI24RE (CA) - Freedom
 

n.a./n.a. 

4 
F 

60 
5 

Cochlear Inc. 
CI512 - n.a. 

O
ticon/Sum

o XP 

5 
M

 
66 

4 
Cochlear Inc. 

CI24RE (CA) - Freedom
 

O
ticon/ChiliSP9 

6 
F 

49 
3 

Advanced Bionics 
H

R90K H
iFocus1J 

O
ticon/AgilPro 

7 
F 

60 
10 

Cochlear Inc. 
CI24R (CA) - N

ucleus 
Siem

ens/Intuis SP dir 

8 
F 

60 
1.5 

M
ED-EL 

n.a. - Rondo 
O

ticon/Epoq 

9 
F 

24 
6 

Cochlear Inc. 
n.a. - N

ucleus 6 
Phonak/N

aida S 

10 
F 

68 
7 

M
ED-EL 

n.a.- O
PU

S(2) 
Phonak/N

aida V U
P 

11 
M

 
64 

n.a. 
Cochlear Inc. 

n.a. - n.a. 
O

ticon/Sum
o XP 

12 
M

 
56 

n.a. 
Cochlear Inc. 

n.a. - N
ucleus 

Phonak/N
aida V SP 
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Audiometric tests

First, the battery of the HA was checked. Then the HA specifications were measured 

(ANSI 1987), to ensure proper functionality of the HA before running the audiometric 

tests. The audiometric tests were conducted in a sound attenuated room, with 

warble tones presented at the audiometric frequencies between 125 Hz and 6 kHz. 

Three thresholds were measured: 

i. Unaided for the residual hearing in the contralateral and ipsilateral ear of 

implantation (over TDH-39 headphones, separately in each ear; see Figure 5.1A 

and Figure 5.1B, respectively). Thresholds below 110 dB HL were plotted as not 

detected (N.D.). Low frequency pure tone average (LF PTA) was computed as the 

average of the thresholds measured at 125, 250 and 500 Hz. 

ii. Aided with the CI only (free-field, binaurally; see Figure 5.2A). 

iii. Aided while wearing both devices CI+HA (free-field, binaurally; see Figure 5.2B).

For the unaided thresholds in the implanted ear, measurements were not made for 

the individuals whose thresholds were lower than 100 dB HL in the patient charts.

The study was approved by the ‘Medisch Ethische Toetsingscommissie’ (Medical 

Ethical Review Committee) of the University Medical Center Groningen. The 

participants were informed about the procedure and signed a consent form prior to 

the experiment. Participants were paid for their participation.
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Figure 5.1. Unaided thresholds for the contralateral unimplanted ear (panel A) and ipsilateral implanted 

ear (panel B), showing the residual hearing in each ear (circles for right ear, and crosses for left ear). 

N.D. refers to thresholds not detected. The color gradient indicates the LF PTA, calculated as the average 

thresholds at 125, 250 and 500 Hz.
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Figure 5.2. Aided threshold with only CI (panel A) and with both CI and HA (panel B). Circles show binaural 

thresholds when the CI is on the right ear and crosses when the CI is on the left ear. The color gradient 

indicates the LF PTA of unaided thresholds.
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Stimuli

For intelligibility of interrupted sentences, we have used Dutch speech materials 

spoken by a male talker and digitized at 44.1 kHz sampling rate (Versfeld et al., 

2000). Each sentence, consisting of four to nine words of maximum three syllables, is 

grammatically and syntactically correct. The corpus is divided into 39 homogeneous 

lists of 13 sentences. List 13 was discarded because it contains a sentence that is also 

present in list 21.

List 1 was used to adjust the presentation level of the stimuli. Participants were asked 

if the sentences were presented at a comfortable level. They were instructed not to 

modify their devices’ settings throughout the whole session (after they had adjusted 

it to an everyday life setting). Prior to testing, calibration of speech stimuli was done 

on uninterrupted sentences, to a fixed RMS level of 65 dB SPL. The calibration of the 

stimuli was performed with a Sound & Vibration Analyser (Svan 979 from Svantek) 

connected to a Kemar head (G.R.A.S.). If the presentation level was too soft for the 

participant, it was increased by 1 or 2 dB via the switch of the D/A converter.

For data collection, 24 sentence lists were used in the experiments: lists 7 to 31 

(without list 13 that was discarded). Each of the 6 conditions, 3 duty cycles (DC: 50 %, 

62.5 %, and 75 %) x 2 interruption modes (IM: silent intervals and filler noise), was 

tested on two lists in the two hearing modes. From the remaining lists, two lists were 

used for baseline measurement and four lists for training of interrupted speech for 

the two listening modes (CI only, CI+HA).

At the beginning of each list the participants heard the same introduction sentence 

(“Buiten is het donker en koud” meaning “Outside it is dark and cold”) processed 

similarly to the sentences of the upcoming list to prepare them for the trial condition. 

Hearing a known sentence helped the participant get better prepared for the 

interruption condition of the upcoming list. Moreover, the introduction sentence was 

not included in the performance scores. Thus, always using the same introduction 

sentence allowed us to use all 13 sentences from each list, without discarding one 

for preparation. 

To interrupt the sentences with periodic silent intervals, each sentence was 

modulated with a square wave with an interruption rate (IR) of 1.5 Hz and duty cycles 
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(DC) of 50 %, 62.5 %, and 75 %. These values were selected based on Bhargava et al. 

(2014) who observed a restoration effect with CI users with longer DC of 75 %. The 

speech-shaped noise file was provided with the sentence corpus, and was generated 

with white noise modulated by the long-term average spectrum of all sentences. The 

filler noise was produced by interrupting the speech-shaped noise with the inverse 

of the square wave that was used to interrupt the sentence. The filler noise was 

added at the SNR of 0 dB, with reference to the interrupted speech, for the conditions 

where the silent gaps were filled with noise bursts. A raised cosine ramp of 5 ms was 

applied to the onsets and offsets of the square waves to reduce spectral splatter and 

to prevent apparent dip in the total energy at the transition between speech and 

noise (Başkent et al., 2009). The sentence processing was done online in Matlab on a 

Macintosh computer. 

Experimental setup

The participants were seated in an anechoic chamber during the experiment. Stimuli 

were sent through the S/PDIF output of an AudioFire 4 soundcard (Echo Digital Audio 

Corporation). They were converted to an analog signal via a DA10 D/A converter 

(Lavry Engineering Inc.), and played via a single loudspeaker (Tannoy) situated one 

meter from them. The spoken responses of the participants were recorded on a 

digital voice recorder (TASCAM). The participants then pressed the “Next” button on 

a touch screen (GPEG TFT monitor) in front of them to go to the next sentence.

Procedure

The experimental procedure was tested for the two hearing modes (randomly 

ordered): bimodal (with both devices; CI+HA) or CI only. For the CI only condition, 

if the participant had unaided thresholds better than 90 dB HL at the HA ear, then 

this ear was plugged with an Ohropax Color earplug (with more than 30  dB sound 

attenuation across all frequencies). Experiment 1 consisted of three parts: (1) 

measuring the baseline intelligibility of uninterrupted sentences, (2) a short training 

with interrupted sentences (with conditions not used in the experiment), (3) data 

collection for intelligibility of six conditions for each hearing mode. In all parts of the 

experiment, participants were presented one stimulus at a time, with a short beep 

preceding it to alert them. 
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Every participant was tested on the same number of conditions, but the total testing 

times and the number of testing sessions differed across participants. The first 

four participants came for two two-hour sessions that were scheduled on separate 

days. They completed Experiment 1 followed by Experiment 2 in both sessions with 

different sentence lists and different random order of conditions. As it was more 

practical for participants to come for a single session, the procedure was adapted to 

fit in a single three-hour session for the last eight participants. Each condition in data 

collection was tested twice with two different sentence lists in a pseudo-randomized 

condition order. Testing time was reduced by combining the two sessions into one 

due to no repetition of the training and the instructions. The session included, in 

this order, obtaining written informed consents, conducting the audiometric tests, 

conducting Experiment 1, then Experiment 2, filling-in the SSQ12 questionnaire, the 

debriefing and occasional breaks. 

1) Baseline intelligibility of uninterrupted speech

To measure the baseline speech intelligibility performance, participants listened 

to uninterrupted sentences. One sentence list (of 13 sentences) was used in each 

hearing mode (CI only and CI+HA). The baseline scores did not correlate with the age 

of the participant (r2 = 0.11, p = 0.29) or the duration of CI use (r2 = 0.09, p = 0.40).

2) Training with interrupted sentences

During training, participants listened to interrupted sentences to familiarize with the 

experimental paradigm. The task was to repeat what they could understand from the 

sentence they heard. The difference from data collection was, during training, written 

and auditory feedback was provided. More specifically, after the verbal response, 

the participants could read the complete sentence on the screen as they listened 

to the uninterrupted version of the sentence followed by the interrupted sentence 

once again (Benard and Başkent, 2013). Two sets of sentences were used that were 

processed with parameters that differed from the experimental conditions (i.e., IR = 

1Hz and DC = 40% or IR= 2Hz and DC = 80%). One training condition was interrupted 

with silent intervals, the other combined with filler noise (chosen randomly for the 

first hearing mode, and counterbalanced for the second hearing mode). 
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3) Objective and subjective data collection

For data collection, participants were asked to verbally repeat, after hearing the 

stimulus, what they could understand from the interrupted sentence and were 

additionally encouraged to guess as much as possible. The data collection for the 

intelligibility experiment consisted of 6 conditions: 3 DCs (50 %, 62.5 %, and 75 %) 

x 2 interruption modes (IM – silent intervals and filler noise), each tested twice in 

the two hearing modes (HM – CI  only and CI+HA). Both the sentence lists and the 

conditions were presented pseudo-randomly. Functioning scores from the SSQ12 

questionnaire were also collected. The SSQ12 questionnaire is a shorter version of 

the Speech, Spatial and Qualities of Hearing Scale (Gatehouse and Noble, 2004), in 

which the participants rate their subjective everyday hearing ability on a scale from 

0 (lowest) to 10 (best ability). The full SSQ questionnaire was developed specifically 

for HI individuals and CI users to quantify hearing abilities in three domains (speech 

perception, spatial hearing, and sound quality), to complement objective measures. 

The full SSQ was translated from English to Dutch (available on the website: 

https://www.ihr.mrc.ac.uk/pages/products/ssq). We selected the Dutch translated 

version of the questions present in the English SSQ12 to have a Dutch version of 

the SSQ12. Total performance on the SSQ12 was calculated by averaging the scores 

of all questions. As a last task before debriefing, participants were asked to fill in 

the SSQ12 questionnaire two times, once as if wearing both their devices (CI+HA), 

then as if wearing their CI alone (CI only). Only seven participants fully filled in the 

questionnaire twice (CI+HA and CI only).

4) Data Analysis

Native Dutch speaking student assistants, who were blind to the experiment 

purposes, scored the recorded participant responses offline following well-defined 

guidelines. For each sentence, the percent-correct scores were calculated as the 

ratio of correctly identified words to the total number of words presented. In order to 

correct for the small variances at extremes of the percentage scale, percent-correct 

scores were converted into RAU (rationalized arcsine units, Studebaker, 1985), to help 

fulfill the variance homogeneity assumption for the ANOVA. Each condition being 

tested twice, the two measured RAU scores were averaged to have one intelligibility 

data point per condition. These averaged intelligibility scores were used to compute 

the phonemic restoration scores by subtracting the scores when the interruptions 
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were silent from when the interruptions were filled with noise. Statistical analyses 

were conducted in R (Lawrence, 2015; R Core Team, 2016; Revelle, 2015; Wickham, 

2009). Effect sizes are reported with generalized eta squared (ηG
2 - Bakeman, 2005).

5.2.2. Results

The intelligibility scores are shown in Figure 5.3. Intelligibility scores (for each DC 

and IM) are displayed in the upper panels, while PR benefit is displayed in the lower 

panel for each HM (CI only in the left panel, and CI+HA in the middle panel). Bimodal 

benefit (the difference between CI+HA and CI only) is displayed on the right panel. 

Intelligibility scores increase with increasing DC (from left to right within each panel).  

We conducted a 3-way repeated measures ANOVA, with the DC (50  %, 62.5  %, and 

75 %), the IM (silent or filler noise) and the HM (CI+HA and CI only) as within-subject 

factors (Lawrence, 2015). The results are summarized in Table 5.2. We observed a 

significant main effect only of the duty cycle on intelligibility scores. This confirms 

that the duration of speech segments significantly improved the interrupted speech 

intelligibility on average, from 18.45 RAU at DC = 50 %, to 35.97 RAU at DC = 62.5 %, and 

to 52.17 RAU for DC = 75%. However, the lack of a significant effect for the IM (silent or 

noise) suggests that participants did not show phonemic restoration benefit (lower 

panels of Figure 5.3). Moreover, the lack of effect of HM suggests that the addition 

of the HA did not benefit the participants in interrupted speech understanding nor 

in phonemic restoration (right panels of Figure 5.3). The main research question of 

the present study was if adding a HA to the CI would produce a more robust PR effect 

compared to the hearing mode of CI only. To answer directly our research question, 

i.e. whether the bimodal benefit affects the PR benefit, we computed t-tests at each 

DC. The three t-tests comparing the PR benefit at each HM for the three DCs were 

not significant (t(11)  =  0.69, p  =  0.51, t(11)  =  0.27, p  =  0.79, t(11)  =  -1.85, p  =  0.092, 

respectively for 50%, 62.5%, and 75% DC).
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Table 5.2. Results of the 3-way RM-ANOVA on intelligibility scores.

Within subject factors Effect size 

Duty cycle (DC) F2,22 = 81.45, p < 0.001 *** ηG
2 = 0.40

Interruption mode (IM) F1,11 = 0.44, p = 0.52 ηG
2 = 0.0021

Hearing mode (HM) F1,11 = 3.87, p = 0.075 ηG
2 = 0.016

DC x IM F2,22 = 0.38, p = 0.69 ηG
2 = 0.00034

DC x HM F2,22 = 1.087, p = 0.36 ηG
2 = 0.0019

IM x HM F1,11 = 0.51, p = 0.49 ηG
2 = 0.00040

DC x IM x HM F2,22 = 1.90, p = 0.17 ηG
2 = 0.0037

*** Significant (p< 0.001).

Figure 5.3. Intelligibility (top row) of interrupted speech with silence (empty boxes) and when the 

interruptions are filled with noise (dark filled boxes), and PR (light filled boxes, bottom row) results for the 

CI only condition (left panels), the CI+HA condition (middle panels) and the bimodal benefit (right panels). 

Scores are displayed as boxplot ordered by increasing DC from left to right in each panel. The horizontal 

line indicates the median, the box indicates the 25th and 75th quartiles, and the whiskers indicate the 1.5 

interquartile range (IRQ).
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Individual data analysis

As group analysis only showed an effect of the DC, we looked at the results at the 

individual level. Indeed, results from auditory perception tasks with CI users can be 

subject to large individual variability (for reviews, see Blamey et al., 2013; Faulkner 

and Pisoni, 2013) that might cancel out at the group level. This is the case in the 

study by Bhargava et al. (2014), where the PR benefit (or the lack of) becomes visible 

among CI users only after analyzing individual data. In case individual effects 

cancelled each other out, we would expect participants to be ranked the same 

way given their performance in different listening conditions. For this purpose, as 

a first step, the Spearman’s rank correlation coefficients (rs
2) were computed on 

PR benefits at the different DCs, averaged over hearing modes (see Table 5.3).  The 

results showed strong positive correlations between DC conditions, which indicates 

that participants were ranked in similar order given the DC conditions. This result 

suggests that participants with better PR performance in one DC condition also 

showed better PR in the other DC conditions; and that participants with poor or no 

PR in one DC condition, also showed poor or no PR in other DC conditions (in line 

with Benard and Başkent, 2013, who showed that participants either benefited from 

PR or not, but PR was not affected by training). Thus, it is possible that the lack of 

PR effect at the group level is cancelled out due to the averaging across individuals.

Table 5.3. Results of the Spearman’s rank correlation test on PR benefit scores for each DC, averaged over 

the two hearing modes. The p-values are corrected for multiple comparisons with the ‘fdr’ method.

PR benefit at DCs DC = 62.5 % DC = 75 %

DC = 50 % rs
2 = 0.73, p = 0.0008 *** rs

2 = 0.67, p = 0.002 **

DC = 62.5 % - rs
2 = 0.62, p = 0.004 **

Additionally, we wanted to assess whether individual PR performance correlated to 

baseline scores (see Figure 5.4.A). The upper row of Figure 5.4. displays individual 

PR performance as a function of baseline scores (of uninterrupted speech) for 

each HM (open and filled circles for CI only and CI+HA respectively) and each DC 

(increasing DC across panels from left to right). Although no significant correlation 

was reached (correlation coefficients displayed in each panel), some participants 
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showed consistency in their results, especially when performing at each extreme of 

the present performance range. Participants #5 and #9, with better baseline speech 

intelligibility, showed larger PR benefit, at all DCs. Adversely, participants #2 and 

#7, with lower baseline speech intelligibility, did not show PR benefit. These results 

seem to indicate that different patterns of performance are achieved likely due to 

individual behaviour, and that our participants capture a large range of performance.    

As a next step, and to answer our research question whether the bimodal benefit had 

an effect on PR benefit, we further looked into individual data, because participants 

can show PR benefit at any DC condition. The bimodal benefit on PR, i.e. the difference 

between the CI+HA and CI only hearing mode conditions (displayed by arrows linking 

the open circles to the filled circles in Figure 5.4.A) is represented by arrows in Figure 

5.4.B. We can see that more participants show bimodal benefit (arrows pointing 

upwards) with increasing DC (panels from left to right). To see whether a bimodal 

benefit on PR was present (regardless of the size of such benefit), we computed three 

one-sample t-tests comparing if the direction of the bimodal benefit (arrow going 

up, down, are flat) was greater than zero: t(11) = -1.30, p = 0.89, t(11) = -0.29, p = 0.61, 

t(11) = 1.82, p = 0.048 (for 50 %, 62.5 %, and 75 % DC, respectively). Only at 75 % DC 

is the bimodal benefit on PR significant, suggesting that more participants were able 

to take advantage of the additional cues from their HA to trigger top-down repair 

mechanisms, when they heard longer speech segments. Furthermore, it seems that 

the LF PTA is related to the bimodal benefit on the baseline (of uninterrupted speech). 

A significant positive correlation is found between the two variables (r2  =  0.58, 

p = 0.0041). It indicates that the LF PTA predicted 58 % of the variance of the bimodal 

benefit on the baseline. Participants with lower PTA (i.e. better residual hearing), 

benefited from the addition of their HA along their CI for baseline performance. This 

suggests that the LF residual frequency plays a role in understanding uninterrupted 

sentences in quiet, and might be used as a predictive factor for speech understanding. 

However, LF PTAs were not correlated to the baseline scores, suggesting that the LF 

residual hearing did not predict the absolute baseline performance but the benefit 

gained from the addition of the HA along the CI. Such correlation was not found 

for intelligibility of interrupted speech or restoration mechanisms, suggesting that 

other factors were at play.  
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Further, we looked into individual data to see whether the bimodal benefit had an 

effect on intelligibility of interrupted speech. Figure 5.5. presents intelligibility of 

interrupted speech performance in a similar way as Figure 5.4. The upper row of 

Figure 5.5. shows the bimodal benefit on intelligibility as a function of baseline scores. 

The arrows linking the open circles to the filled circles in Figure 5.5.A represent the 

bimodal benefit, and are displayed in the lower row of Figure 5.5.  It seems that 

more participants show bimodal benefit (arrow pointing upwards) with the lowest 

DC, suggesting that participants may have more room for improvement when 

the task is more difficult (shorter speech segments). One-sample one–tail t-tests 

were performed as previously done for the PR scores to assess whether a bimodal 

benefit on intelligibility was present. However, no significant bimodal benefit on 

intelligibility of interrupted speech (t(11) = 1.60, p = 0.069, t(11) = 1.17, p = 0.13, and 

t(11) = 0, p = 0.50 for 50 %, 62.5 %, and 75 % respectively) was observed.

Subjective data: SSQ12

The subjective results from the SSQ12 questionnaire are displayed in Table 5.4. The 

average self-perceived ratings (on a 0 to 10 scale from least to maximum hearing 

ability) showed a group-level bimodal benefit (t(6)  =  3.04, p  =  0.02).  Indeed, each 

of the seven participant who completed the questionnaires rated their hearing 

abilities in the CI+HA hearing mode higher or equal to that of the CI only hearing 

mode. However, as most participants wore their HA 100% of waking hours, they 

found it difficult to evaluate their performance for the ‘CI only’ condition, thus 

these subjective scores should be interpreted cautiously. The aim of the SSQ12 

questionnaires was to compare subjective and objective outcomes. However, 

the self-perceived benefit from wearing the HA along the CI was not correlated to 

objective measures of intelligibility of interrupted speech (r2  =  0.43, p  =  0.11) nor 

with PR benefit (r2 = 0.15, p = 0.40). Thus it seems that the general preference of the 

bimodal users to also wear their HA along their CI, benefits the sound quality rather 

than their speech in noise performance.
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Figure 5.4. Individual bimodal benefit on PR. A) Individual data are shown as scatterplots of PR benefit 

as a function of VU baseline, for 50 %, 62.5 % and 75 % DC (panels from left to right, respectively). Open 

circles represent the CI only hearing mode condition labeled with the participant’s ID number, while the 

filled circles represent the CI+HA hearing mode condition. Circles are colored depending on the LF PTA 

(green for better and purple for worse LF residual hearing). Arrows are drawn for each participant linking 

data from the CI only condition to the CI+HA condition, representing the bimodal benefit. The regression 

lines for each hearing mode are presented in blue (dashed and solid line for CI only and CI+HA conditions 

respectively). The correlation coefficients of the regression models are given by r² for each panel, along 

with the ‘fdr’ corrected p-value. B) Same arrows representing the bimodal benefit as in panel A, except 

translated to a single ‘CI only’ origin point. The arrows point to the CI+HA condition labeled with the 

participant’s ID number. The bimodal benefit on PR is represented vertically, while the bimodal benefit on 

baseline speech intelligibility is represented horizontally.
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Figure 5.5. Individual bimodal benefit on intelligibility. A) Individual data are shown as scatterplots of 

intelligibility of interrupted speech with silence as a function of VU baseline for 50 %, 62.5 % and 75 % DC 

(panels from left to right, respectively). Open circles represent the CI only hearing mode condition labeled 

with the participant’s ID number, while the filled circles represent the CI+HA hearing mode condition. 

Circles are colored depending on the LF PTA (green for better and purple for worse LF residual hearing). 

Arrows are drawn for each participant linking data from the CI only condition to the CI+HA condition, 

representing the bimodal benefit. B) Same arrows representing the bimodal benefit as in panel A, except 

translated to a single ‘CI only’ origin point. The arrows point to the CI+HA condition labeled with the 

participant’s ID number. The bimodal benefit on intelligibility is represented vertically, while the bimodal 

benefit on baseline speech intelligibility is represented horizontally.
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Table 5.4. Total SSQ12 subjective ratings averaged over the seven participants who completed the 

questionnaires for the two hearing modes (CI only and CI+HA).

CI only CI+HA
Range Mean s.d. Range Mean s.d.

2.42 – 5.25 4.04 1.07 4.00 – 5.83 4.80 0.73

5.3. Experiment 2: Perceived continuity

Our main interest to measure perceived continuity in a bimodal setting was to 

investigate whether perceived continuity increases with the addition of the HA 

compared to the CI alone. This would give information on what LF cues are available 

to the HA, and contribute to the bimodal benefit. Indeed, if LF cues transmitted 

via the HA contain mainly F0 cues, we expected bimodal CI users to show stronger 

perceived continuity with the addition of the HA, as they would better be able to track 

F0 across interruptions. Furthermore, perceived continuity along with phonemic 

restoration measures would allow us to gain more insight on the relation between 

the underlying mechanisms involved in top-down repair of speech, specifically, to 

confirm that continuity illusion is not a prerequisite for restoration mechanisms. 

5.3.1. Methods

Participants and Stimuli

The same participants took part in Experiment 2. Data from participants #1 and #2 

were discarded due to a technical problem. The same sentences were presented in 

the same conditions and in the same order as the participants previously heard in 

Experiment 1. 

Experimental setup

Experiment 2 was run after Experiment 1. Participants were asked to make a 

judgment on perceived continuity of the same sentences used in Experiment 1. For 

each stimulus, they were asked to judge if they heard it as continuous or interrupted 

(i.e. a part of the sentence missing). The participants performed this judgment task 

by clicking on the selected button (‘continu’ or ‘onderbroken’, meaning ‘continuous’ 
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and ‘broken’ respectively) on the graphic interface on the touch-screen in front of 

them. Then, the next sentence was played. No training was provided prior to data 

collection as the task consisted in making a judgment (no right or wrong answer). 

Thus, no further training seemed necessary as participants were already familiar 

with the speech material and the procedure.

Data Analysis

The perceived continuity scores were calculated as the ratio of sentences perceived 

continuous to the total number of sentences presented in the set. Similar to 

Experiment 1, these scores were converted into RAU and averaged to have one 

data point per condition. Higher scores are obtained for sentences perceived as 

continuous, and lower scores for sentences perceived as interrupted.

5.3.2. Results

The perceived continuity (PC) scores are shown in Figure 5.6. PC scores (for each DC 

and IM) are displayed in the upper panels, while continuity benefit are displayed 

in the lower panel for each HM (CI only in the left panel, and CI+HA in the middle 

panel). Bimodal benefit (the difference between CI+HA and CI only) is displayed 

on the right panel. PC scores increase with increasing DC (from left to right within 

the panel), in line with sentences with shorter interruptions being perceived more 

continuous. Moreover, when the interruptions are filled with noise, the continuity 

percept also increased, in line with the filler noise masking the silent interruptions.  

We conducted a 3-way repeated measures ANOVA, with the duty cycle (50 %, 62.5 %, 

and 75  %), the interruption mode (silent or filler noise), and the hearing mode 

(CI+HA and CI only) as within-subject factors. The results are summarized in Table 

5.5. We observed significant main effects of the DC and of the IM on PC scores, as 

well as a significant interaction between these two variables. These results confirm 

that perceived continuity depends on the duration and filler of the interruptions. As 

gaps become shorter, interrupted speech is perceived more continuous. When the 

silent gaps are filled with noise, interrupted speech is perceived more continuous, 

especially for longer gaps. The effect of gap duration on perceived continuity is 

clear for each DC (see Table 5.6), whereas the effect of the filler noise improves the 

continuity percept at the two lower DC (longer gaps). However, the sentences are still 

perceived as interrupted below chance level or at chance level in the two lower duty 
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cycle condition (DC  =  50  % and DC  =  62  %, respectively). Sentences are perceived 

as continuous (above chance level) only at the highest DC (75 %), regardless of the 

interruption filler (silent or noise). However, no significant main effect was found for 

the hearing mode, indicating no bimodal benefit at the group level. But we cannot 

conclude that the addition of the HA did not provide any pitch cues to help F0 tracking 

across the interruptions. Further exploration of the individual data showed that very 

few participants perceived interrupted speech (with silent gaps) more continuous 

with the addition of the HA. This observation goes against the hypothesis that LF 

cues mostly contains pitch cues. Further analysis might be needed at the individual 

level to answer our research question, i.e. what LF cues are available to the HA and 

contribute to the bimodal benefit. However, the perceived continuity scores did 

not correlate with the intelligibility scores or with PR, confirming that perceived 

continuity is not necessary for top-down repair of interrupted speech (in line with 

Clarke et al., 2014).

Table 5.5. Results of the 3-way RM-ANOVA on perceived continuity (PC) scores.

Within subject factors Effect size 

Duty cycle (DC) F2,18 = 30.02, p < 0.001 *** ηG
2 = 0.47

Interruption mode (IM) F1,9 = 10.70, p = 0.0097 ** ηG
2 = 0.14

Hearing mode (HM) F1,9 = 0.051, p = 0.83 ηG
2 = 0.00027

DC x IM F2,18 = 3.77, p = 0.043 * ηG
2 = 0.023

DC x HM F2,18 = 0.47, p = 0.63 ηG
2 = 0.0012

IM x HM F1,9 = 3.67, p = 0.089 ηG
2 = 0.019

DC x IM x HM F2,18 = 0.63, p = 0.55 ηG
2 = 0.0038

* Significant (p< 0.05), ** Significant (p< 0.01), *** Significant (p< 0.001).
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Figure 5.6. Perceived continuity (PC) scores (top row) of interrupted speech with silence (empty boxes) 

and when the interruptions are filled with noise (dark filled boxes), and continuity benefit (light filled 

boxes, bottom row) results for the CI only condition (left panels), the CI+HA condition (middle panels) and 

the bimodal benefit (right panels). Scores are displayed as boxplot ordered by increasing DC form left to 

right in each panel. The horizontal line indicates the median, the box indicates the 25th and 75th quartiles, 

and the whiskers indicate the 1.5 interquartile range (IRQ).
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Table 5.6. Post-hoc analysis on DC and Interruption filler variables for PC scores, pooled across hearing 

modes (i.e. averaged across CI only and CI+HA conditions). Results of the paired t-test ‘fdr’ adjusted 

for multiple comparisons are displayed along their p-values. The gray cells on the diagonal contain 

comparison to chance level (50 RAU).

Interruption Silent Noise

filler DC 50 62.5 75 50 62.5 75

Silent

50

t = -7.99

p < 0.001 

I     ***

t = -4.93

p < 0.001 
***

t = -8.43

p < 0.001 
***

t = -4.54

p < 0.001 
***

- -

62.5 -

t = -5.01

p < 0.001 

I     ***

t = -6.16

p < 0.001 
***

-
t = -4.30 
p < 0.001 

***
-

75 - -

t = 2.82

p = 0.013

C    *

- -
t = -1.26 
p = 0.24 

Noise

50 - - -
t = -3.07 

p = 0.0095 

I     ** 

t = -4.95 
p < 0.001 

***

t = -5.93 
p < 0.001 

***

62.5 - - - -

t = -0.12

p = 0.91 
at chance 

level

t = -5.80

p < 0.001 
***

75 - - - - -

t = 5.38

p < 0.001 

C     ***

* Significant (p < 0.05), ** Significant (p < 0.01), *** Significant (p < 0.001), 

C= perceived continuous (above chance level), I=perceived interrupted (below chance 
level)
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5.4. Discussion

The main goal of the present study was to investigate whether pitch cues provided 

by LF residual hearing (via the HA) helped top-down repair and perceived continuity 

of interrupted speech in bimodal CI users. As CI users show restoration benefit for 

different interruption parameters than NH listeners (Bhargava et al., 2014), we used 

different gap duration (duty cycle) for the interruptions to change the difficulty of 

the task (longer gaps – smaller DC – make the task more difficult). The effect of DC is 

discussed first, then the effect of interruption mode, i.e. the top-down restoration. 

Finally, the effect of the bimodal benefit, i.e. the addition of HA along the CI, on PR 

and on intelligibility of interrupted speech is discussed.

Duration of the gaps: Duty cycle (DC)

Confirming our expectation, for shorter gaps, intelligibility and perceived continuity 

of interrupted speech both were significantly better than for longer gaps. This 

suggests that longer glimpses of speech facilitate intelligibility, and that F0 tracking 

is improved across the shorter gaps. However, DC did not affect the PR benefit. Larger 

DC allows for longer portions of speech to remain intact, resulting in lesser missing 

information. We expected CI users to show PR benefit at various DCs depending on 

their baseline scores, as demonstrated by Bhargava and colleagues (2014). Although 

getting more speech information (through shorter gaps) hinders intelligibility less, 

top-down repair mechanisms are not triggered adequately. This suggests that 

longer duration of bottom-up cues encoded in longer glimpses of speech provides 

better contextual information, that help improving intelligibility with both silent 

and noise interruptions. However, PR was not triggered as the gaps became shorter, 

suggesting that the filler noise could have also been a spurious cue for the bimodal 

CI participants of the present study. 

A possible explanation is that shorter silent gaps have duration of typical closure 

in natural speech, and thus are more likely to be erroneously attributed to speech 

(Pickett and Decker, 1960; Repp, 1983). Similarly, shorter noise bursts, that share 

the characteristics with valid speech sounds (e.g. aperiodic bursts associated 

with voiceless fricatives, affricates and sibilants) and conversational sounds (e.g. 

nonlinguistic vocal sounds such as coughs) may be more likely to be attributed to 

speech, especially when the noise bursts approximate syllable duration (Verhoeven 
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et al., 2004) Furthermore, speech degraded through CI is more noise-like. Indeed, 

with perceptually similar spectral content, degraded speech and noise would be 

more difficult to segregate, and more errors can be made attributing noise bursts 

to be a part of speech. Additionally, perceptual similarity between degraded speech 

and noise might help noise to mask the absence of speech segments leading to 

better continuity illusion. Although in the present study, it seems that the trade-

off between good segregation and masking, necessary for restoration benefit, was 

imbalanced. This explanation is in line with perceived continuity results from the 

present study that showed that bimodal CI users perceived interrupted sentences 

more continuous with shorter interruptions (75 % DC) regardless of the interruption 

mode (gaps left silent or filled with noise).

Filling in the gaps: Interruption mode (IM)

The main goal of the study was to investigate the effect of residual hearing on top-

down repair of interrupted speech in bimodal CI users. Filling in the interruptions 

with noise can hide the spurious cues introduced by the silent gaps, favoring top-

down restoration of speech with the filler noise interruptions. One of our hypotheses 

was that if the participants extract and integrate mainly phonetic cues from their 

LF residual hearing, phoneme identification would be facilitated, thus improving 

intelligibility of the speech segments glimpsed between the interruptions. Thus we 

expected to see an enhanced restoration benefit with the addition of HA. We also 

hypothesized that if participants extract and integrate mainly pitch contours from 

their LF residual acoustic hearing, F0 tracking would be facilitated, thus improving 

perceived continuity, especially when the interruptions are filled with noise.

Unexpectedly, when the gaps were left silent or filled with noise, participants 

performed the same, i.e. no restoration benefit was observed at the group level. 

However, the sentences were perceived more continuous when the gaps were filled 

with noise compared to when they were left silent. Even if the presence of the 

filler noise in the interruptions enhances perceived continuity, it did not enhance 

intelligibility, corroborating the independence of the two processes (Başkent et al., 

2009; Bhargava et al., 2014; Clarke et al., 2014; Shahin et al., 2009).

The lack of PR benefit at the group level is difficult to explain as we used the same 

listening material with similar interruption parameters, almost the same inclusion 
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criteria for the participants (all except the NVA scores that were limited to above 

70 % in Bhargava’s study), and almost similar performance of baseline scores were 

achieved as Bhargava and colleagues (2014). The NVA scores were shown to be not 

correlated to PR benefit (r2 = 0.0051, p = 0.88) in the present study, and thus it does 

not seem that our larger range of inclusion for NVA scores explains the difference 

of results observed between the two studies. Moreover, in the present study, the 

lack of PR does not seem to be due to failure to discriminate the speech from the 

noise at a group level, which could occur with limited number of electrodes in a CI, 

where the transmitted signal would not have enough details to make the difference 

between speech and noise. However, we could not identify specific factors explaining 

the differences in performance of the CI users in the present study from those in 

Bhargava et al (2014). Note that phonemic restoration is a noisy measure and subject 

to large individual differences across and within participants (as observed in the 

present study, and in line with Benard et al., 2014; Benard and Başkent, 2013, 2014; 

Bhargava et al., 2014). This might have affected the group-averaged results in the 

present study. Bhargava (2016) suggested that a large number of conditions should 

be measured with CI users in order to globally capture restoration benefit. In the 

present study, we only tested one SNR (0 dB) for the filler noise, whereas Bhargava 

and colleagues (2014) tested four different SNRs (5 dB, 0 dB, -5 dB, and -10 dB). It is 

possible that our set of conditions did not cover a range of conditions large enough 

to capture PR at the group level. A possible explanation for the participants who did 

not show PR is that the filler noise might have been more of a distractor for these CI 

users, whereas it usually facilitates comprehension – compared to silent gaps – for 

NH listeners.

Furthermore, to account for the lack of restoration benefit at the group level, even 

at the easiest condition of the present study (DC=75%), we analyzed the individual 

data. Some participants showed a restoration benefit, which was correlated to their 

baseline score (VU baseline) for each duty cycle. These results slightly differ from 

those of Bhargava and colleagues (2014). Participants in Bhargava et al. (2014) had 

a greater restoration benefit when they had a better baseline intelligibility for the 

more difficult condition (DC=50%), whereas, they showed a restoration benefit 

regardless of their baseline intelligibility, for the easier condition (DC=75%). Figure 

5.7 shows the PR benefit as a function of VU baseline scores from the conditions 

that were common between Bhargava et al. (2014) (open circles) and the present 
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study (filled dots). That is, for DCs of 50% (on the left panel) and 75% (on the right 

panel), for CI only hearing mode (our CI+HA condition was not included), and for 

SNR of 0  dB (other SNRs from Bhargava et al.’s study were not included). When 

selecting this subset of data, correlations are not significant, as it is with the full set 

of data reported in Bhargava et al. (2014). This corroborates the effect of individual 

variability on PR that can occur for different conditions for CI users. However, the 

results with the subset show the same trends as the full set results. And we can see 

that in the present study, participants’ baseline spread on a wider range, towards 

weaker baseline intelligibility than in the study from Bhargava et al. (2014), where 

participants were selected to be star performers. This may explain why baseline 

intelligibility and restoration benefit are also correlated at our easier condition 

(DC=75%). However, when selecting our participants from the same baseline range 

as Bhargava et al. (2014), we still do not observe similar correlation patterns as in 

their study. The baseline intelligibility predicted 50% of variance of the PR benefit 

(with similar correlation values of about r²=0.50) in the present study as well as in 
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Figure 5.7. Scatter plot of PR benefit shown as a function of baseline scores for 50  % DC (left panel) 

and 75 % DC (right panel). Each individual data is labeled with the participant’s number. The regression 

lines are represented for both data (the dashed line for open circles and the solid line for filled dots). 

The correlation coefficients of each regression model are given by r² for each panel, along with the ‘fdr’ 

corrected p-value.
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Bhargava et al. (2014). This indicates that other parameters might come into play, 

such as inter-personal differences in linguistic knowledge, acceptance of noise, 

selective attention, age-related effects, etc.

Bimodal benefit on PR

In the present study, no PR benefit was observed at the group level with the addition 

of the HA. It was previously shown in HI listeners that the more severe the hearing 

loss, the more impaired PR benefit was (Başkent et al., 2010) and the poorer 

understanding of interrupted speech was (Başkent et al., 2010; Jin and Nelson, 2010). 

Maybe, in the present study, the participants’ hearing loss in the non-implanted ear 

was too severe to observe any performance benefit. However, individual analysis 

(displayed on panel B of Figure 5.4) showed that some participants benefited from 

the addition of the HA for top-down restoration of interrupted speech regardless 

of their residual hearing (i.e. upward arrows in different colors displaying different 

LF PTA). This bimodal benefit on PR was also subject to individual variability. 

First, some participants showed a consistent negative restoration effect, i.e. were 

apparently disturbed from the addition of noise in the silent gaps when listening 

with only their CI. But with the addition of the HA, their intelligibility performance 

with interruptions filled with noise equated that of silent interruptions, suggesting 

that the filler noise was less of a distractor when listening with both their CI and 

HA. It seems that for these participants LF acoustic cues helped better discard the 

noise bursts as a masker. Second, other participants benefited from the additional 

LF acoustic cues to trigger or improve PR. On a positive note, more participants were 

able to take advantage of the additional cues from their HA to trigger top-down repair 

mechanisms, when they heard longer speech segments (i.e. at higher DC). Thus it 

seems that bimodal users benefit best from the additive effect of the better quality 

cues, both in frequency and in time.

Bimodal benefit on intelligibility and perceived continuity of 
interrupted speech

As stated before, the main goal of the study was to investigate the effect of residual 

hearing on top-down restoration and perceived continuity of interrupted speech in 

bimodal CI users. We hypothesized that the LF residual hearing provided by the HA 

would improve pitch perception, allowing a better intelligibility of the successive 
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speech segments. Thus we expected speech perception to improve with the addition 

of the HA. Unexpectedly, we did not observe a bimodal benefit for the interrupted 

speech perception task at the group level. The bimodal benefit was also not observed 

for the perceived continuity task at the group level. The present results do not fully 

support the grouping theory (improved voicing representation to help segmentation 

and improve sentence recognition), as perceived continuity was stronger when the 

silent gaps were filled with noise, but did not improve with the addition of the HA. 

This suggests that the better sequential linking of successive speech segments across 

interruptions may have relied on other cues than tracking of F0 contours.

 The present results show large individual variability, as generally observed for CI 

users (Dunn et al., 2005; Heo et al., 2013; Mok et al., 2006). The factors that contribute 

to such large variability in CI outcome have been identified as duration of deafness, 

duration of CI use, aided/unaided residual thresholds, worse/better ear implanted, 

age-related cognitive factors (Blamey et al., 2013), but it is not clear which of these 

factors are involved in the present study. For example, Heo and colleagues (2013) 

observed large individual variability in bimodal benefits across participants and 

type of speech materials used, but could not identify a single factor to explain these 

differences. However, some individual factors are rejected as influencing bimodal 

benefit, such as the duration of device use (CI and CI+HA) that does not seem to 

affect bimodal benefit (Dunn et al., 2005). Thus, it is difficult to generalize our 

findings to the whole EAS population. Here, the discussion will be based on our small 

sample of participants and speculations will be limited accordingly. Comparison 

with simulation studies are also made with caution, as such studies are capitalizing 

on the potential bimodal benefit, while results from actual bimodal patients could 

differ due to additional factors that can affect performance but not always included 

in acoustic simulations of CIs (Başkent et al., 2016; Bhargava, 2016). Indeed, in 

simulation studies, NH listeners are presented with a fixed degree of spectrotemporal 

degradation, and individual differences inherent to the hearing loss of the CI users 

are not always captured.

In the present study, all participants had severe hearing loss in the contralateral 

ear. Only 5 participants out of 12 had low-frequency pure tone averages (PTA), 

computed as the average unaided thresholds at 125, 250, and 500 Hz, below 62 dB 

HL (represented in green in the color gradient).  Dorman et al. (2015) suggested 
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that low PTAs might explain the lack of bimodal benefit. In the present study, LF 

PTAs were correlated with intelligibility of uninterrupted speech (baseline scores), 

with participants with little residual hearing showing no bimodal benefit for 

uninterrupted speech. However, no such correlation was found for intelligibility of 

interrupted speech or phonemic restoration. Moreover, Dunn and colleagues (2005) 

speculated that the differences in bimodal benefits across participants for speech 

perception may be due to the amount of residual hearing and speech information 

amplified by each participant’s HA (but residual hearing was not assessed). Mok and 

colleagues (2006) showed that the individual differences in bimodal benefit scores 

between participants could be accounted for by differences in aided thresholds in 

the non-implanted ear. This finding was also observed by Jang and colleagues (2014) 

who specified that the aided thresholds are more effective in predicting localization 

ability than speech perception performance. The aided thresholds negatively 

correlated with speech perception in quiet: participants with more favorable aided 

hearing levels (above 50 dB HL) performed better than those with poorer thresholds 

(below 50  dB HL), and no such correlation was found for the unaided thresholds. 

Unfortunately, in the present study, aided thresholds in the non-implanted ear were 

not measured during audiometric tests. But, in line with Jang and colleagues (2014), 

we found no correlation between the unaided thresholds in the non-implanted ear 

and bimodal benefit on intelligibility scores.

Other factors than the residual hearing level may influence the bimodal benefit. 

Rather than audibility in the non-implanted ear (NIE), that has been studied more 

extensively as it was thought to be of main influence on the bimodal benefit, the 

nature and amount of the LF cues present in the residual hearing has been the 

object of a debate in recent studies. On one hand, Zhang and colleagues (2010) 

argue that F0 accounts for the majority of the bimodal benefit, as it is observed 

even when the residual acoustic hearing is simulated by low-passed (LP) filtered 

speech at 125  Hz. The information from F0 improves voicing representation when 

speech is presented in quiet, which reduces the word candidates in the lexicon, 

improving speech perception. When speech is presented in noise, the better voicing 

representation would give access to LF acoustic landmarks that indicate syllable 

structure and word boundaries, which can help segmentation, improving sentence 

recognition (grouping theory). Similarly, LF cues, even when unintelligible when 

presented alone in the contralateral ear with normal hearing, improve speech in 
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noise perception when combined with the CI ear, indicating that additional LF cues 

are used to separate two talkers (Cullington and Zeng, 2010). On the other hand, 

other EAS simulations have shown that other cues than F0 contours are used for the 

bimodal benefit in noise. Kong and Carlyon (2007) contend that LF phonetic cues 

such as F1 (below 500  Hz), coarticulation cues, LF consonant cues, and voicing cues 

(presence/absence of F0), contribute to the advantage of adding LP filtered speech 

to vocoded speech through better glimpsing of the speech cues in the presence of a 

fluctuating masker (glimpsing theory). Indeed, Li and Loizou (2008) showed that the 

large bimodal benefit observed when the masker is a competing talker disappeared 

when the masker is a steady-state noise. In steady-state noise, there is no fluctuation 

in the temporal envelope, which prevents glimpsing of the target as is possible in the 

dips of a competing voice (when there is a drop in energy). Of course, when comparing 

conditions with and without F0 information, both F0 contours and voicing cues are 

usually affected, and have not been investigated independently to our knowledge. 

Furthermore, regarding F0 contours, CI users with weak F0 representation adapt to 

rely on other cues of stress and intonation, such as amplitude and duration (Hegarty 

and Faulkner, 2013). If bimodal participants also primarily rely on those other cues, 

that are transmitted in the CI, addition of the HA along the CI may reduce the bimodal 

benefit. However, in the present study, some participants did not show a bimodal 

benefit. It seems improbable that the additional cues from the LF residual hearing 

(via the HA) became redundant with the amplitude and duration cues transmitted in 

the CI, that the whole bimodal benefit would be counteracted (although it might be 

reduced).

Before the EAS became widespread, it was speculatively assumed that potential 

perceptual incompatibilities between electrical stimulation by CI and acoustic 

stimulation by HA may arise, such as pitch, dynamic range, and loudness differences. 

However, the bimodal benefit is now well established, and pitch differences between 

the two ears were investigated by Green and colleagues (2014) who showed that the 

bimodal benefit is not negatively affected by an overlap of frequencies between the 

CI and the HA ears. If present, a pitch mismatch does not impede bimodal benefit. 

It is unclear though how loudness mismatch between the two device affects the 

bimodal benefit and whether a bimodal fitting for loudness balance is favorable to 

the bimodal benefit (Blamey et al., 2000).
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Despite the lack of bimodal benefit at the group level in the present study, the 

participants anecdotally reported preferring wearing their HA along their CI for 

daily listening situations, as supported by the significant difference in subjective 

functioning scores (SSQ12) between the two hearing modes (CI only and CI+HA). 

This result is in line with Ching and colleagues (Ching et al., 2004) who found that 

almost half their participants reported better functioning in everyday life despite 

no bimodal benefit in objective measures was observed. In more details, subjective 

outcomes of EAS via the full SSQ questionnaire showed that ratings in the sound 

quality domain may be related to the ability to process and integrate the electric and 

acoustic signals, whereas ratings in speech-related domain were not associated with 

objective performance (Heo et al., 2013). The present experiment did not capture a 

bimodal benefit on objective measures from the addition of the HA, nonetheless, 

the lack of improvements in interrupted speech intelligibility does not exclude other 

potential benefits, such as a better sound quality representation and/or reduced 

listening effort when they are wearing their HA. Furthermore, it has been argued 

that the LF information provided by the HA allows better glimpsing and better 

simultaneous integration of the glimpses over frequencies, with the LF coming 

from the HA and the HF from CI (Li and Loizou, 2008). Better ability to glimpse the 

target contributes to EAS benefit for speech in noise, via the LF SNR advantage in 

voiced segments. The case of interrupted speech, where the target and the masker 

periodically alternate, is a particular case of glimpsing where the most favorable 

SNR occur on the ON speech segments and worse SNR on OFF speech segments. Our 

participants reported preferring wearing their HA along their CI compared to only 

their CI, and showed a bimodal benefit on the subjective measure (SSQ12), but did 

not show bimodal benefit on objective measures (intelligibility and restoration of 

interrupted speech) at the group level. This suggests that the HA may provide new 

information (that is glimpsed) that fails to be integrated with CI information to elicit 

the percept of a fused sound from the electric and acoustic information. Although 

this question whether the electric and acoustic signals are fused into a single sound 

was not assessed in the present study, one participant anecdotally reported hearing 

the sounds coming from the implanted ear after the aided ear. Overall, the possible 

fusion failure might explain their better subjective sound quality but absence of 

intelligibility improvement with the addition of the HA.

Another factor affecting the bimodal benefit is the type of listening material used and 
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the experimental task. A greater bimodal benefit was found for sentence recognition 

with a competing talker (of opposite sex) than other maskers or in quiet (e.g. Heo 

et al., 2013; Li and Loizou, 2008). There are only few studies, to our knowledge, on 

bimodal benefit with interrupted speech. First, the work of Başkent and colleagues 

(2010, 2012) showed a small bimodal benefit when LP filtered speech (<500  Hz) 

was added to high spectral resolution CI simulation (16 and 32 channels), whereas 

the bimodal benefit was larger for lower spectral resolution (4 and 8 channels). 

These results suggest that additional LF bottom-up cues are of greater help to link 

successive speech segments when spectral degradations are more severe. Second, 

very recent studies with simulated bimodal hearing showed that bimodal benefit 

reduces when speech is interrupted with silent gaps compared to uninterrupted 

speech (Kong et al., 2015; Oh et al., 2016), suggesting that additional LF bottom-

up cues are of lesser help for temporal interruptions than for more severe spectral 

resolution degradations. Oh and colleagues further suggest that the bimodal benefit 

rely on interactions between bottom-up cues and top-down repair mechanisms, in 

line with results from actual CI users from Bhargava et al. (2014).

Binaural hearing advantage for bilateral CIs over unilateral CI has been found for 

spatial hearing, segregation, naturalness, and listening effort subjective ratings 

(Noble et al., 2008). When contralateral residual hearing is available, then bimodal 

hearing is recommended and encouraged before mentioning a second CI. Stimulation 

of the NIE via sound amplification (with a HA) would avoid further deterioration due 

to auditory deprivation. The addition of an HA along a CI showed better sound quality 

and better quality of life ratings compared to unilateral CI use (Farinetti et al., 2014), 

as well as improved speech intelligibility in noise (Armstrong et al., 1997; Zhang et 

al., 2010). However, large individual differences were observed across participants 

(Dunn et al., 2005; Heo et al., 2013; Mok et al., 2006), and Dunn and colleagues 

suggested that a bimodal fitting of the CI and the HA could benefit bimodal users 

instead of independently fitting each device. To try to improve the bimodal benefit, 

new strategies and fitting methods are developed (Francart et al., 2015; Morera et 

al., 2012; Perreau et al., 2013; Ullauri et al., 2007; Veugen et al., 2016). In conclusion, 

some of the participants who did not show bimodal benefit for interrupted speech 

in the present study might benefit from an optimal fitting and synchronization of the 

two devices (CI and HA) together.
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Preface

The main goal of this dissertation was to investigate the interaction between indexical 

(related to the voice characteristics of the speaker) and linguistic cues in top-down 

repair mechanisms of speech. I focused on voice pitch, as it is a predominant indexical 

cue for simultaneous grouping and sequential stream segregation processes. These 

processes are also involved in top-down repair of speech. First, I propose a model 

of top-down repair of interrupted speech. Then, the discussion is organized in two 

sections, the first section focuses on voice characteristics (fundamental frequency—

F0, and apparent vocal tract length—VTL) manipulations with full spectral resolution 

speech in normal-hearing (NH) listeners (chapters 2, 3, and corresponding condition 

of Chapter 4), while the second section concentrates on access to voice pitch in 

vocoded speech (Chapter 4) and actual CI users (Chapter 5). Each study focuses on 

one “aspect” of F0 and/or VTL for top-down restoration, namely: (i) the mean F0 value 

and the apparent VTL (Chapter 2), (ii) the F0 contours (Chapter 3), (iii) the presence/

absence of F0 in spectrotemporally degraded speech (Chapter 4), and (iv) supportive 

F0 cues from low-frequency residual hearing for restoration of spectrotemporally 

degraded speech in bimodal cochlear implant (CI) users (Chapter  5). The main 

results are that NH listeners seem to compensate for disrupted (Chapter  2) or 

misleading (Chapter  3) voice cues using linguistic knowledge and context to still 

perform phonemic restoration (PR), even when overall intelligibility was impaired. 

But when spectrotemporal degradations via vocoding are added to the temporal 

interruptions, access to pitch can be crucial for triggering the top-down mechanisms 

for speech restoration (Chapter 4). Although these results with acoustic simulations 

of CIs were somewhat promising for the CI population, they were not confirmed at 

the group level with actual bimodal CI users with low-frequency (LF) residual hearing 

in the contralateral ear that could provide access to voice pitch (Chapter 5).

In this last chapter of the dissertation, I will discuss the interaction between bottom-

up speech cues and top-down mechanisms separately for the two parts of this 

dissertation, that is the role of voice characteristics in full spectral resolution speech 

and access to pitch with spectrally degraded speech. Then, I will project my findings 

to perception of speech in noise in general. Lastly, I will share my personal ideas to 

overcome the limitations observed from my studies and broaden the scope for future 

investigations, and conclude with an overview of this dissertation.
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6.1. Model for top-down repair of interrupted speech

The model of interrupted speech perception and phonemic restoration proposed 

here (see Figure 6.1) is based on the data presented in this dissertation and other 

data from our lab (such as Bhargava, 2016).

The model reads from the bottom, where the acoustic input is, to the top, where 

the output performance is. This way, bottom-up and top-down mechanisms are 

represented in this reading direction. In between, each process is represented by a 

box and linked with arrows to other processes. Perceptual organization processes 

are represented by grey boxes, while linguistic processes are represented by white 

boxes. The red lightning arrows point to a process affected by disruptions on the 

input sentence. Top-down repair mechanisms are represented in green, and 

continuity illusion in blue. If a process fails, the effect on the output performance is 

presented in Table 6.1. The errors generated by a process failure are transmitted to 

the following higher-level processes of the model.

The first step of the model, in accordance with the paradigm of periodically 

interrupted speech used in the aforementioned studies, is an interrupted sentence. 

To explain each process step by step, I will use the following sentence as example: 

“The manager isn’t an ostrich”. The interruption parameters of the acoustic input, 

i.e. the duty cycle (DC) and interruption rate (IR), are represented with the input, as 

well as the filler noise that fills in the silent gaps. The input can be either a sentence 

interrupted with silence, or when the interruptions are filled with noise bursts. When 

interrupted with silent gaps, the example sentence becomes: “The man__isn’t__

rich”, whereas when the interruptions are filled with noise, the example sentence 

becomes: “The man󠄀󠄀isn’t󠄀󠄀rich”. I will first describe the model when the input is an 

interrupted sentence with silence, and then explain the differences in the processes 

when the silent gaps are filled with noise. The benefit in intelligibility performance 

when the interruptions are filled with noise compared to silent interruptions is the 

phonemic restoration (PR) benefit.

The first process the acoustic input goes through is the segregation of speech from 

noise. In this low-level perceptual organization process, the speech is discriminated 

from noise when noise is present. With silent interruptions, the interrupted sentence 
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always goes through this process successfully on to the next process, i.e. phoneme 

extraction. Phonemes are described by voicing, place and manner of articulation. 

Different frequencies are amplified for different phonemes. Simultaneous grouping 

across-frequency allows phoneme identification. If this linguistic process fails, wrong 

phonemes may be identified, and errors might pass on to the next processes and thus 

very low intelligibility performance may be achieved. More phoneme identification 

errors are expected if the speech is spectro-temporally degraded, such as vocoded 

speech (Chapter 4) or speech transmitted through a CI (Chapter 5), because reduced 

spectral resolution and weak pitch representation might impair across-frequency 

grouping. Next, because time is not represented in this model, the three following 

processes have been grouped together inside an ellipse to show that they interact 

together at the same level. As phonemes begin to be extracted, word candidates 

are activated in the lexicon (lexical activation). With the example sentence, when 

‘man’ is extracted, different word candidates containing ‘man’ are activated, such 

as ‘manual’, ‘manage’, ‘maniac’, ‘manor’, ‘manner’, ‘almanac’, and ‘human’. At the 

same time, segmentation and grouping successive speech segments take place. 

The process labeled ‘segmentation’ refers to word boundaries detection, as well 

as suprasegmental cues (word accents...), that both influence lexical selection. 

With the example sentence, the listener hears a word boundary between ‘the’ and 

‘man__’, thus only nouns beginning with ‘man’ are still activated in their lexicon. In 

parallel, grouping the successive speech segments from an interrupted sentence to 

build up a single coherent speech stream is facilitated by the indexical cues from the 

speaker. This grouping also contributes to the continuity percept, although the silent 

interruptions break the continuity percept. Moreover, in the case of interrupted 

speech, the silent gaps might introduce spurious cues (such as stop consonants, 

word boundaries, artificial silences...), affecting phoneme extraction, segmentation, 

and even lexical activation, resulting in a decrease in intelligibility performance. 

In my example, the sudden stop after ‘man__’ may be misinterpreted as a word 

ending, thus influencing the listener to wrongfully select ‘man’ from the activated 

word candidates. Finally, the last process is the building up of the sentence with 

help of linguistic context at the sentential level. In the example, the interruptions 

are placed on purpose to elicit another sentence (‘The man is rich’) with silent gaps. 

Although the interrupted sentence the listener might report is grammatically and 

semantically correct, it does not correspond to the initial sentence. However, in this 

case, the listener might be convinced to have understood properly, and thus not 
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fill in the silent gaps. The message is not transmitted, thus communication failed. 

Nevertheless, interruptions in everyday listening situations do not usually elicit 

another sentence, and listeners generally notice that something is missing in the 

silent gaps, as measured with perceived continuity. However, listeners intuitively 

pay attention to the meaning of speech and perceived continuity judgment is a 

subjective task. Thus, perceived continuity scores also depend on the ability of the 

listeners to ignore the meaning of the sentence and to solely focus on whether some 

part of speech is missing on the basis of the physical attributes of the signal. If the 

interrupted sentence elicits a new sentence, listeners will understand the shorter 

sentence and intuitively report that the sentence was not interrupted.

The other input of the model is when the silent gaps of the interrupted sentence 

are filled with noise. In this case, the first step is to segregate the speech from 

the noise. With the filler noise, alternating speech segments and noise bursts are 

discriminated from each other if the noise is perceptually different from the speech. 

In case of spectro-temporally degraded speech, this segregation process might fail 

due to poor pitch representation and reduced spectral resolution of speech that 

makes speech more perceptually similar to noise, thus less easily discriminable. If 

segregation fails, the filler noise might not mask the spurious cues introduced by 

the silent gaps (Warren and Obusek, 1971), becoming a spurious cue itself, thus 

hindering intelligibility performance as much as with silent interruptions. If this 

perceptual organization process fails, then no benefit from adding the noise in the 

silent gap, i.e. no phonemic restoration, can be observed. The following linguistic 

process of phoneme extraction is influenced at the transition between speech and 

noise by the filler noise that may mask the spurious cues introduced by the silent 

gaps. Thus, coarticulation at the interruptions is less impaired with the presence of 

filler noise. Next, for the three interacting processes, the addition of filler noise in the 

silent gaps facilitates the lexical activation of the right words because spurious word 

boundaries may not be perceived anymore. The filler noise introduces an ambiguity 

that increases the number of word candidates that can fit the interrupted signal. Thus 

the possibility to select the correct lexical candidate is increased. From the example 

sentence, the filler noise after ‘man’ may indicate to the listener that something is 

missing, and the listener might not be convinced to report the correct answer when 

reporting only ‘man’. This uncertainty triggers or reinforces top-down restoration. 

Additionally, with the filler noise masking the sudden stops introduced by silent gaps, 
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segmentation is less impaired and helps lexical selection. Moreover, the filler noise 

also helps grouping the speech segments into a more continuous percept, probably 

via sequential grouping of successive speech segments (similar to the picket fence 

effect observed by Miller and Licklider, 1950). If this perceptual organization process 

fails, the continuity illusion will also fail. Furthermore, if the noise acts as a potential 

masker of the removed speech segments, the listener is more likely to try to extract 

speech cues from “behind the noise”, which is facilitated by sentential context. As 

a result, intelligibility performance with filler noise improves compared to silent 

interruptions, i.e. a phonemic restoration benefit is observed.

Table 6.1. Effects on output performance for each process in case of failure. Processes are presented 

in the same order as in the model displayed in Figure 6.1, that is low-level processes at the bottom and 

higher-level processes on top.

Process E�ect on output performance 
if the process fails

 

sentential context intelligibility errors and uncertainty 

grouping successive speech segments intelligibility errors and no continuity 

segmentation intelligibility errors and uncertainty 

lexical activation intelligibility errors 

phoneme extraction very low intelligibility 

segregation of speech and noise no PR 
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Figure 6.1. Model of top-down repair of interrupted speech. Linguistic (white) and perceptual organization 

(grey) processes are represented in boxes from the acoustic input of interrupted sentence (bottom) to the 

output intelligibility performance (top). Top-down restoration is represented with green arrows, while 

perceived continuity is represented in blue. Disruption of the speech input are represented by a red 

lightning arrow pointing to the process affected.
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6.2. Role of voice characteristics in normal hearing for top-
down repair of interrupted speech

The first part of the present dissertation (Chapters 2 and 3, and the full spectral 

resolution condition of Chapter  4) involved acoustic modifications of the speech 

signal, specifically to alter the vocal characteristics of the speaker. In these chapters, 

I showed that modifications of the two main vocal characteristics, i.e. F0 and/or 

VTL, did not affect top-down repair of speech, although the underlying mechanisms 

involved (simultaneous grouping and sequential stream segregation) depend on 

pitch and timbre perception (Bregman, 1990). The acoustic modifications of voice 

pitch are presented from the most to the less drastic: first, the total removal of F0 

cues (Chapter 4), then the F0 alternations (Chapter 2), and then the manipulated 

F0 contours (Chapter 3). Finally, the acoustic manipulations of apparent VTL are 

presented (VTL alternations, Chapter 2). These modifications are represented in 

Figure 6.1 by the red lightning arrow labelled ‘indexical cues’, and are discussed in 

the framework of the model presented previously in section 6.1. The limitations of 

these studies are also discussed.

The more drastic pitch manipulation of the three was to completely remove F0 (Chapter 

4 full spectral resolution condition). To account for the effect of the presence or 

absence of F0 on intelligibility and top-down repair of interrupted speech, voiced and 

unvoiced speech were compared. At full spectral resolution, a significant phonemic 

restoration benefit was observed for both voiced and unvoiced speech. This suggests 

that segregating speech from noise was successful even with unvoiced speech. This 

indicates that speech without any F0 cues was perceptually different from noise. 

In this case, segregation was probably based on the spectral details of speech at 

full resolution. Moreover, a decrease of interrupted speech intelligibility with silent 

gaps and with filler noise was observed when F0 was completely removed (unvoiced 

speech). A possible explanation for this decrease is that phoneme extraction may be 

impaired due to errors in simultaneous grouping across-frequency, as suggested by 

the fact that pitch is a primary grouping cue (Bregman 1990). However, sequentially 

grouping speech segments over interruptions might not be affected by the lack of F0 

cues, as suggested by the top-down restoration benefit not hindered by the absence 

of F0. It is possible that instead of tracking F0 to group successive speech segments 

together, listeners took advantage of speech redundancy and used the available 
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spectral cues (in the full resolution condition).

The second modification, that was less drastic, was introducing fundamental 

frequency shifts (of one octave) at the interruptions. In Chapter 2, the alternation 

of mean F0 value across successive speech segments were still judged to plausibly 

be from the same talker. Indeed, it is physiologically relatively easy for a speaker to 

change their F0 (even by one octave), which may explain why the F0 changes on their 

own are not sufficient to lead listeners to attribute the two F0s to different talkers. 

This result is in line with gender categorization data from Fuller et al. (2014) that 

showed that such pitch change did not shift the percept all the way to the opposite 

gender. In Fuller and colleagues’ study, a female voice was resynthesized into a 

male voice by intermediate steps for F0 and apparent VTL. For the one octave F0 

shift downward (from female to male) less than 10 % of the trials were categorized 

as male voices, thus of a different talker. Moreover, in Chapter  2, participants 

achieved similar level of intelligibility whether the mean F0 was manipulated or not, 

indicating that attributing the alternating voices to the same talker did not imply a 

reset of talker normalization for each successive speech segment, thus not affecting 

phoneme identification. Furthermore, we expected the alternation of mean F0 

value across successive speech segments to impair grouping the successive speech 

segments together, and thus fail to build up speech into a single stream properly. 

But, overcoming the fundamental frequency shifts at the interruptions, participants 

still manage to perform top-down repair of speech. The unexpected lack of effect of 

manipulating this bottom-up cue, i.e. mean F0, on the top-down repair of interrupted 

speech suggests that linguistic knowledge and context may compensate for the 

manipulated indexical cues. This compensation, reinforced by the highly predictable 

(high context) sentences, casts a shadow on how much hindrance is introduced by 

the indexical manipulations. To disentangle the effects of linguistic context and 

indexical manipulations on top-down repair of speech, varying degrees of linguistic 

context could be used. Thus, the effect of manipulated indexical cues on restoration 

mechanisms could be further investigated using other stimuli such as low context 

sentences (not predictable but with correct syntax) or lists of words (not predictable 

and without correct syntax) as done in (Bashford and Warren, 1987b; Kidd et al., 

2014, 2008; Kidd and Humes, 2012). 

The third modification on voice pitch was on the pitch dynamic pattern, i.e. F0 contours. 
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The effect of the magnitude (flat, normal, and exaggerated contours) and the direction 

(inverted contours) of F0 on intelligibility and top-down repair of interrupted speech 

were investigated (Chapter 3). First, overall intelligibility suffered only from inverting 

the F0 contours, suggesting that simultaneous grouping across-frequency might 

have been affected. With inverted contours, the smooth F0 transitions remained but 

did not go in the same direction as the frequency peaks (i.e. formants for vowels), 

impairing phoneme identification (as suggested by Darwin and Bethell-Fox, 1977). 

Moreover, F0 contours can affect other processes, i.e. segmentation and grouping 

successive speech segments. First, in interrupted speech, word segmentation is 

impaired by the sudden silent gaps that introduce wrong speech cues and thus 

reduce intelligibility. Combining periodic silent interruptions with manipulations of 

F0 contours, that also affect segmentation (Spitzer et al., 2007), would further hinder 

interrupted speech intelligibility. However, when the interruptions are filled with 

noise, word segmentation is less affected, thus F0 contour manipulations should 

not hinder intelligibility as much in this case. One could thus expect that it would 

result in bigger PR effect for atypical F0 contours (flat and even more so inverted 

F0 contours). Adversely, atypical F0 fluctuations (inverted F0 contours) may play 

against sequential stream segregation to build up a coherent speech stream, as this 

dynamic information might be used to guide the listener across time (and across 

interruptions) to group successive segments of speech. However, no effect of F0 

contour manipulation on PR was observed. It is possible that both segmentation and 

grouping were affected and that both effect compensated for each other. Another 

possibility is that linguistic knowledge and sentence context may compensate for 

the manipulated bottom-up cues.

The other important vocal characteristic, namely the apparent VTL, was manipulated 

in Chapter 2. The apparent VTL alternating between values typical of male and female 

voices across successive speech segments were attributed to different talkers. In 

contrast to F0, it is physiologically harder for a speaker to change their apparent 

VTL, thus perceived VTL changes, out of the range talkers can do themselves, 

were considered from different talkers. Moreover, overall speech intelligibility 

decreased when apparent VTL was manipulated alone and along F0 (contrary to F0 

manipulation alone). A possible explanation for the overall decrease in intelligibility 

is that intelligibility of individual successive speech segments is hindered by 

apparent VTL manipulations. This might happen if the alternating speech segments 
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are attributed to different talkers and that talker normalization is reset at each 

speech segment. Adapting to the alternating voices at each speech segment might 

increase the listeners’ cognitive load. On the other hand, in case of normalization 

failure, it is possible that the speaker’s model does not fit the manipulated voice, 

supposedly resulting in simultaneous grouping across-frequency impairment by the 

VTL manipulations, thus failing proper phonetic processing. Indeed, to manipulate 

the apparent VTL from a male voice to a female voice, the spectral envelope was 

expanded toward the high frequencies, resulting in an upward shift of the frequency 

peaks. Furthermore, we expected the alternation of apparent VTL across successive 

speech segments to impair grouping successive speech segments together, and 

thus fail to build up speech into a single stream properly. However, top-down repair 

mechanisms were not impaired (or were, again, compensated for), as was the case 

for mean F0 manipulations. This suggests that voice continuity (i.e. voice attributed 

to the same talker) is not a prerequisite to perform PR. Successive segments of 

voices from different talkers can still be linked together to serve intelligibility, and 

thus, it seems to be what is said that is important, and not how it has been said. 

This dominance of linguistic content over indexical cues can serve intelligibility for 

speech in the presence of background noise. However, it is difficult to predict how 

these results generalize. It could be that the relative weight of indexical vs. linguistic 

cues for top-down restoration varies depending on the exact task and material. For 

instance, it might not be the case for speech with background talkers, as the use 

of the indexical cues might become primordial to isolate one target talker. In the 

case of speech on speech, the segregation process between one target talker and 

the other masking talkers might rely more on the indexical cues of the target talker. 

Thus manipulations of the voice characteristics of the target talker might have bigger 

effects on the output performance.

Overall, these results are in line with the literature that showed the strong interaction 

between bottom-up speech cues and top-down processes for interrupted speech 

perception (Başkent, 2012; Saija et al., 2014). However, we showed the unexpectedly 

little effect of F0 manipulations. This result is not limited to the language investigated 

here, Dutch. Manipulations on F0 contours did not have more detrimental effect on 

speech intelligibility even for tonal languages where F0 variations also have lexical 

content (Wang et al., 2013). Contextual information helps the restoration of the 

proper F0 variations to select the accurate lexical candidate. The stronger effect of 
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VTL suggests that it is an important vocal characteristic, although, further research 

would contribute to better understand its potential role in speech in noise perception 

(further discussed in section 6.5). Lastly, I also confirmed that PR does not depend 

on the level of intelligibility of the interrupted speech, since PR was still observed in 

conditions where overall intelligibility decreased (although this does not hold when 

intelligibility is at floor and ceiling, as shown in section 6.3).

6.3. Access to pitch with degraded speech

The second part of the present dissertation dealt with access to pitch cues with 

spectrotemporally degraded speech, with vocoded speech at different spectral 

resolution (Chapter 4), and with actual CI users (Chapter 5). Pitch, a primary cue for 

perceptual organization, is degraded when speech is transmitted through a CI device 

or processed by a vocoder that acoustically simulates CIs (Qin and Oxenham, 2006; 

Zeng et al., 2014, and see section 1.6 of the introduction for more details). This might 

negatively affect CI users’ speech in noise perception and partly explain why CI users 

benefit differently from top-down repair of speech than NH listeners (Bhargava et 

al., 2014; Fu and Nogaki, 2005; Nelson et al., 2003). Spectral degradation in electric 

hearing also leads to weaker pitch percept. This combination of degraded cues 

cannot be teased apart in CIs. However, the vocoding proposed in Chapter 4 allows 

systematic comparison of the effects of spectral resolution and access to pitch on 

intelligibility and top-down repair of interrupted speech. Investigating access to 

pitch with degraded speech was then translated to actual CI users with contralateral 

residual hearing, i.e. bimodal users (CI+HA) wearing a CI and a hearing aid (HA) on 

the opposite ear. The effects of degraded speech and access to pitch are discussed in 

the framework of the model proposed in section 6.1. Limitations from these studies 

are also discussed.

For vocoded speech without F0, the lower the spectral resolution, the less detailed 

speech information is carried and the more perceptually similar speech and noise 

are. Thus, segregating speech from noise is expected to becomes more difficult 

as the spectral resolution decreased. Moreover, the degraded spectral details due 

to reduced resolution deprives simultaneous grouping across-frequency, thus 

impairing phoneme identification. This largely affects intelligibility of interrupted 

speech that considerably decreased with reduced spectral resolution (Chapter 4). 
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Moreover, simultaneous grouping across-frequency is also deprived by the lack of 

F0. For other processes, segmentation and grouping of successive speech segments 

cannot rely on temporally tracking F0 when F0 is completely removed. However, 

top-down restoration benefits were observed for high spectral resolution, indicating 

that the bottom-up speech features available with high spectral resolution could 

trigger top-down repair mechanisms. Furthermore, the addition of pitch to vocoded 

speech at low spectral resolution is expected to improve segregation of speech 

and noise, as the discrimination between degraded speech and noise is based on 

dissimilarity of spectral information. Moreover, the addition of F0 delivers better 

speech features to improve phoneme identification, as shown by the improvement 

in overall intelligibility of interrupted speech (in line with Başkent and Chatterjee, 

2010). Furthermore, the addition of F0 to degraded speech is expected to improve 

grouping of successive speech segments. This was the case at the spectral resolution 

corresponding to actual CI users, as the top-down repair mechanisms were triggered 

with the addition of F0, emphasizing the interaction between the bottom-up and 

top-down processes involved in interrupted speech perception. This indicates that 

fusing complementary bottom-up cues (degraded spectral envelope and pitch) 

can help top-down restoration of speech for NH individuals listening to vocoded 

speech (Chapter 4). Finally, it seems that this fusion happens before the process of 

segregation between speech and noise takes place, as additional pitch cues seem to 

help segregation. 

Contrary to vocoded speech (Chapter 4), improving degraded bottom-up quality by 

adding F0 cue did not trigger PR with bimodal CI users, where pitch can be conveyed 

via their contralateral HA (Chapter 5). The lack of PR effect on the group-averaged 

results could be due to large differences across participants possibly introduced 

by many individual factors (duration of deafness, amount of residual hearing, age-

related factors, etc.) that could not be overcome with the relatively small sample of 

12 participants. It is possible that some bimodal users were more distracted by the 

noise bursts that were as much a spurious cue as silent gaps. However, the addition 

of the HA seemed to help these bimodal users to better discard the noise as a masker 

and be less distracted by the noise bursts and thus perform better. Nevertheless, 

other participants benefited from the addition of their HA to trigger or improve PR. 

Moreover, the lack of bimodal benefit at the group level might be due to problems to 

access pitch for some bimodal CI users. It is possible that the participants showing 
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no bimodal benefit either had too little residual hearing and did not get enough 

pitch information to trigger restoration benefit, or fusion of the complementary 

information failed (this particular point is further discussed in section 6.5). It would 

be expected that this fusion happens before the process of segregation between 

speech and noise. However, temporal asynchrony between the two devices (CI and 

HA) could prevent proper fusion. The addition of the HA presumably delivers pitch 

cues to support the different processes involved in top-down repair of interrupted 

speech, such as segregation of speech from noise, phoneme identification, and 

grouping of successive speech segments. Furthermore, the quality of bottom-up 

cues was also improved by reducing the duration of the gaps. It was shown that 

giving more bottom-up cues in time (with a greater duty cycle, i.e. ON/OFF ratio 

of speech duration) could trigger PR in CI users (Bhargava et al., 2014). However, 

although no restoration benefit was observed at the group level even with greater 

DC, more bimodal users benefited from the addition of the HA for PR as the gaps 

became shorter (i.e. longer speech segments), regardless of their residual hearing. 

This suggests that the “right amount” (in time and in quality) of bottom-up cues 

provides better contextual information, that help improving intelligibility of 

interrupted speech and might trigger top-down repair mechanisms.

The discrepancies in results between vocoded speech and data from actual CI users 

must be taken with caution as NH individuals listening to CI simulation is not an 

exact replicate of actual CI users. Indeed, vocoded speech has a fixed degree of 

spectrotemporal degradation, and individual differences inherent to the hearing loss 

of the CI users are not captured. Moreover, Bhargava and colleagues (2016) showed 

that, besides age-matching the actual CI users and the NH individuals listening to 

vocoded speech, data from CI simulations better correspond to that of actual CI users 

if baseline performance  are matched. This matching prevents underestimating CI 

performance of interrupted speech. In the present dissertation, no such matching 

was done across the studies in chapters 4 and 5, as the vocoder developed in Chapter 

4 was initially intended as a tool to manipulate systematically pitch and spectral 

resolution but was not really intended as a CI simulation per se. For example, our 

vocoder did not simulate channel interactions that are present in actual CIs and 

usually implemented in common noise-band vocoders (Shannon et al., 1995). 

However, by testing total removal of F0 and original F0 with degraded speech, we 

cover the whole range of available pitch cues at different spectral resolution. With 
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results from these extreme conditions, we know that actual CI users’ results lie in 

between. 

Baseline performance (of uninterrupted speech in quiet) plays a role in PR benefit 

of the CI users (Bhargava et al., 2014, and Chapter 5). However, piloting data from 

Bhargava and colleagues showed that most CI users with poor baseline scores 

performed at floor, and only star performers seem to manage the experiment with 

our specific parameters. Thus, careful piloting was done to select parameters for 

the PR paradigm, as the restoration effect cannot be accurately measured if overall 

intelligibility is at floor or at ceiling (Chapter 4 and 5). However, no correlation 

was observed between NVA scores (i.e. monosyllabic word recognition in quiet, 

one of the inclusion criteria) and PR benefit for the participants tested in Chapter 

5. This clinical score of isolated word recognition in quiet might not reflect how a 

patient understands speech or how well difficult tasks, such as speech in noise, 

can be managed. Indeed, isolated monosyllabic words do not carry any linguistic 

and semantic contextual information. Thus, NVA scores mostly reflect the listener’s 

ability to process bottom-up cues (i.e. recognizing a syllable). The only “higher-level” 

linguistic knowledge required is phonotactics (syllable structure) as coarticulation 

is involved in monosyllabic words. Hence, NVA scores are not good predictors for 

top-down restoration, and thus I would recommend to use sentence recognition 

performance in quiet as a more relevant inclusion criterion rather than this clinical 

score.    

6.4. Global discussion

This section brings the results from all four present studies together for a discussion 

on different points of interest, such as the importance of pitch in speech in noise 

perception in general, and the practical implications for CI users and bimodal users.

Is pitch important for speech in noise perception in general?

This is the theoretical main question behind this dissertation. All four studies were 

designed to answer a specific question, as discussed above with each study focusing 

on one aspect of pitch, but taken together, all studies point toward a single take 

home message. That is, redundancy in speech signals makes them robust to pitch 

manipulations (as done in Chapters 2, 3, and the full spectral resolution condition 
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in Chapter 4). Indeed, these manipulations did not affect top-down restoration and 

moderately affected intelligibility of interrupted speech. However, with vocoded 

speech (degraded spectral resolution conditions in Chapter 4), the importance 

of pitch arises because redundancy is already reduced by the spectro-temporal 

degradations introduced by the vocoding. Additional access to pitch then improves 

global intelligibility and can even trigger top-down repair mechanisms (at 8-band 

spectral resolution). In this case, additional pitch cues help segregate the target 

speech from the noise masker. Furthermore, as explained in the introduction of the 

present dissertation, redundancy happens between different levels (lexical, discourse, 

semantic, syntactic, morphological, phonological, phonotactical, acoustical). This 

redundancy of speech covering several levels feeds top-down repair mechanisms, 

as illustrated by the reduction of the redundancy at the acoustic level (when the 

bottom-up speech cues are spectro-temporally degraded) that is compensated 

for by redundancy at higher levels (lexical and semantic). The fact that linguistic 

knowledge prevails against the degraded bottom-up cues is good news for CI users, 

as lexical knowledge may not be degraded by acquired hearing loss. The linguistic 

knowledge can even improve with age to compensate for the top-down processes 

that are hindered by cognitive slow-down (Pichora-Fuller, 2008; Saija et al., 2014). 

This strong interaction between bottom-up and top-down mechanisms is in line 

with the feedback processes thought to be involved in speech perception (Sohoglu 

et al., 2012). Indeed, our results suggest that NH listeners could “re-evaluate” the 

manipulated acoustic bottom-up cues to match the best word candidate activated 

in their lexicon, as shown by the good intelligibility performance and restoration 

benefit when bottom-up cues were manipulated. However, without opposition to 

feedback processes, our results are also in line with a predictive coding model, 

where top-down predictions are compared with sensory input (see Figure 6.1). The 

lexical activation of the different word candidates is initiated by the integration 

of the accumulated bottom-up cues, but the selection of the best word candidate 

is determined with the help of higher-level linguistic knowledge. For CI users, the 

interaction between bottom-up and top-down mechanisms might be affected by the 

inherently degraded bottom-up cues. The nerve-electrode interface of the implant 

reduces redundancy in the bottom-up cues, which might result in too few or wrong 

word candidates activated from which to select. And thus, it is possible that the 

help of linguistic knowledge is not sufficient to select the best word candidate, 

resulting in failure of top-down restoration. Furthermore, with actual bimodal CI 
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users, additional bottom-up cues could trigger top-down restoration. However, no 

benefit of adding the HA was observed at the group level (Chapter 5) although some 

participants individually showed some benefit. For the participants not benefiting 

from the addition of their HA and failing top-down restoration, the most plausible 

reason is that their poor residual threshold did not provide access to pitch sufficient 

to trigger PR or show a bimodal benefit.

Is PR ecologically valid? And, can we use PR as a clinical tool? 

First, I argue that the PR paradigm is ecologically valid. Indeed, speech interrupted 

by noise occurs quite often in natural listening situations (e.g. speech masked by 

background noise). Speech interrupted by silence, although less common in natural 

situations, occurs more often in situations involving modern communication 

technology. For instance, silent interruptions present themselves when signal drops 

intermittently while using mobile phones in areas with weak signal reception (e.g. 

“I can’t hear you, I’m under a tunnel”) or when a curse word is blanked out (or 

muted) due to censorship in videos or music. This blanking-out is actually making 

the process of restoration more difficult than bleeping out of the words with 1000 

Hz tone as was popularly done previously. In the PR paradigm, the interruptions are 

periodic. Although not often naturally occurring, the periodic interruptions allow for 

parametric testing of interrupted speech. For example, with periodic interruptions, 

the length (in time) of the segments of speech replaced and the location of these 

segments are controlled by the duration and/or the rate of the interruptions. In 

contrast with single interruptions that are fixed at a predefined location, what will 

be replaced with periodic interruptions is not chosen beforehand, but depends on 

the interruption parameters. This kind of parametric testing is very important in 

the laboratory setting as different conditions can be used to investigate different 

aspects of PR. Thus, in my opinion, generalizing results from PR benefit to speech in 

noise perception is reasonable.

Second, about the efficacy and usability of PR as a diagnostic and training tool, I 

argue that it would be difficult to use PR cannot be used for these purposes in its 

present form. Speech perception requires the recruitment of top-down mechanisms 

to process the bottom-up cues. However, the interaction of bottom-up and top-down 

mechanisms involved in speech in noise perception is not assessed in traditional 

audiological testing (as shown by the lack of correlation between single-word 
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NVA clinical scores and PR). The PR paradigm would assess such interaction, but 

the restoration benefit being subject to variability within subjects, the test-retest 

reliability required for a rapid diagnostic tool in a clinical setting is not met. 

However, the PR benefit partly depends on baseline performance of uninterrupted 

speech in quiet (Bhargava et al., 2014, and Chapter 5).  Thus, for now, sentences 

in quiet could be used as a clinical tool to capture a better picture of real-life 

communication abilities of the patients as it requires context-activated knowledge. 

Moreover, PR results indicate the need to adapt the test for each group (star and 

non-star subjects). However, PR is not predicted by the overall intelligibility scores of 

interrupted speech (Başkent, 2010, and Chapter 2), that is if intelligibility scores are 

not at floor or at ceiling (Chapter 4 and 5). This was also shown with clinical training, 

where PR was not affected by the amount of training, although overall intelligibly of 

interrupted speech improved with the training sessions (Benard and Başkent, 2013). 

Thus it seems that PR, in its present form, is not adapted for clinical training. On the 

other hand, the robustness of phonemic restoration at the group level might qualify 

the paradigm for CI device development. However, small improvements in the device 

are done for development and they might go unnoticed as top-down repair benefit is 

a noisy measure. Thus, a meticulous parametric testing and standardization should 

be the next step in the evolution of this technique as a research and clinical tool.

Bhargava (2016) argued that interrupted speech perception is a tool that is sensitive 

enough to top-down and bottom-up cues and can be used to test speech perception 

with CI users by providing a comprehensive picture of their abilities and failures for 

speech perception. One implication of this is that interrupted-speech perception 

has the potential to expand the utility of currently used clinical tests. However, 

interrupted speech intelligibility, unlike PR, has been shown to be sensitive to age 

differences (e.g. Saija et al., 2014). Thus, more research is needed to standardize 

interrupted-speech perception test before it can be translated into a clinical setting. 

Testing interrupted speech perception instead of PR would cut the testing time in 

two. Having such a technique would improve patients’ speech perception evaluation. 

What do the present results mean for the general population of CI 
and bimodal users? 

With vocoded speech we can control what information is sent to the healthy cochlea 

of NH listeners whereas actual implantees may have other effects of hearing loss, 
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such as cochlear damage for example, that are not simulated in the vocoded 

speech. That, and maybe other implantation factors, could explain the differences in 

performances between actual and simulated CIs. It also shows the limitations of CI 

simulations in that results should be interpreted with care, especially for generalizing 

to the CI population. Indeed, I showed in Chapters 4 and 5 that translating results 

from vocoded speech to general CI users is not direct. Supporting this, it was 

suggested that CI users rely on different bottom-up cues and/or weight bottom-

up cues differently than NH listening to vocoded speech (Bhargava, 2016; Peng et 

al., 2012; Winn et al., 2012). Even if achieving good speech in quiet performance, 

CI users may encounter difficulties with speech in noise. This might be due to their 

inability to adapt to difficult listening situations because of the lack of redundancy 

in CIs. Indeed, CI users have access to degraded bottom-up speech cues that might 

not be sufficient to activate higher level processes involved in lexical activation and 

selection. CI users do not have the luxury NH listeners have to pick different cues to 

overcome disruptions in speech such as background noise.

6.5. Looking forward

In this section, I provide a list of ideas for future research in different directions.

As VTL seems an important indexical cue (Chapter 2), more research is being done in 

the lab presently to try to understand how it influences speech perception in adverse 

listening situations and how CI users perceive and use it (as it is not yet clear: Başkent 

and Gaudrain, 2016; Fuller et al., 2014; Gaudrain and Başkent, 2015).

In several manipulated speech conditions, I observed no intelligibility loss and 

speculated that listening effort to reach similar level of performance might be more 

important for the manipulated conditions. Estimation of the cognitive load in parallel 

with intelligibility tasks could corroborate (or invalidate) this speculation. Pals and 

colleagues (2013) used a dual task paradigm to measure intelligibility and listening 

effort in CI simulations with different spectral resolution and showed a decrease 

of listening effort at similar intelligibility performance for increasing number of 

channels (from 6 to 8). An assessment of listening effort combined with a measure of 

top-down repair of speech would provide further insight on the interaction between 

auditory and cognitive processing. 
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One conclusion of this dissertation is that perceived continuity is not a prerequisite for 

PR, a result found both for NH listeners and CI users (chapters 2 and 5, and Bhargava 

et al., 2014). This finding is in line with the possibility of independence of the two 

mechanisms suggested by Shahin et al. (2009). However, it is not yet fully understood 

how top-down restoration and continuity illusion interact with each other, and further 

research should be undertaken for this purpose. Regarding this, I recommend due 

discretion in choosing the continuity task, as the success of the perceived continuity 

task is highly dependent on the participant ignoring the meaning of the sentence 

and judging the continuity only on the basis of the physical attributes of the signal. 

Because of human’s intuitive attention to the meaning in spoken sentences and 

because of the subjective nature of this task, results from perceived continuity tasks 

with meaningful sentences should be interpreted cautiously. Thus I would strongly 

advice future research on this subject to use other speech material and/or task. For 

instance, different speech material could be nonsense speech, a different language 

(unknown to the participant), or few closed-set meaningful sentences (so that 

the participants know the sentences and thus pay less attention to the meaning). 

A different task could be locating the missing speech sound in a known sentence 

(Warren and Obusek, 1971).

As previously suggested as a conclusion of Chapter 5, the lack of bimodal benefit 

might come from failure to fuse electric and acoustic information coming from the 

CI and the HA respectively. I will examine this particular point in my post-doctoral 

research. Especially, the contributions of pitch cues on fusion in bimodal patients 

will be investigated. For this purpose, intelligibility scores of CI users with residual 

hearing will be measured with and without their hearing aid, in quiet or with a noise 

background. In order to eliminate the effect of processing time differences between 

the hearing aid and the implant device, the electric information will be presented 

via direct stimulation of the electrode array. Such an experiment will allow us to 

gain more insight on bimodal fusion (between electric and acoustic information) 

and its potential effect on the underlying mechanisms involved in speech in noise 

perception, such as simultaneous grouping across frequencies. If the different input 

stimuli are perceived as a new sound, we can conclude that fusion between electric 

and acoustic information occurs. Moreover, these results could enrich the model 

proposed in section 6.1 with bimodal fusion and expand it to speech in noise in 

general. To investigate the effect of pitch cues on fusion, CI users with residual hearing 
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will also perform a dichotic listening task. That is, the acoustic information received 

via their residual hearing will be different from the electric information transmitted 

via their implant. The stimuli will differ in F0. Sentences will be resynthesized with F0 

cues either within or well above the residual hearing range. We expect to observe a 

benefit due to access to pitch (when F0 cues fall within the residual hearing range) for 

all bimodal patients. Moreover, we expect the residual hearing benefit to be better in 

noise than in quiet, also due to access to pitch. However, in the dichotic presentation, 

if we observe a decrease of intelligibility, it could be interpreted as reduced fusion 

because of mismatching bimodal cues. Inversely, if we do not observe a decrease of 

intelligibility, it could suggest that even mismatched bimodal cues improve speech 

intelligibility. This later possibility would support the efforts in shifting the F0 cues 

downward within the residual hearing range of the contralateral aided ear (Brown et 

al., 2010; Brown and Bacon, 2010). The broad aim of this project is to better ascertain 

the role of pitch for the benefit from residual hearing with a view to improving speech 

perception and quality of life of bimodal CI users.

The present dissertation focused on auditory speech cues, but face-to-face 

communication also involves visual cues, such as lip movements, facial expressions, 

and gestures. A strong visual cue that normal hearing — but even more so hearing 

impaired listeners — rely on is lip-reading. Benard and Başkent (2015) showed that 

additional visual cues (video of the talker) improved intelligibility of interrupted 

speech but not top-down restoration for NH listeners listening to normal speech, to CI 

simulations and to EAS simulations. However, with the degraded speech simulations, 

the increase in intelligibility was greater than with normal speech, suggesting that 

additional visual cues compensated more for the degraded auditory cues. It is thus 

possible that actual CI users would show greater benefit from visual cues as they have 

more lip-reading experience than NH listeners. It may be interesting to replicate such 

experiment with actual CI users, which could also contribute to the model proposed 

in section 6.1 with the inclusion visual cues input and its effect on the processes 

involved in top-down repair of interrupted speech.

Better fundamental knowledge on voice characteristic perception (F0 and apparent 

VTL) can also benefit research on automatic speaker recognition, that can find 

applications in security or forensic sciences for example.
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6.6. Conclusion 

The long-term goal of the present dissertation is to contribute to current research 

dedicated to improve speech perception in CI users, specifically via better pitch 

representation to help speech in noise perception. The experiments I conducted 

focused on identifying the speech cues that are significantly important for speech 

in noise perception for CI users, with special focus on pitch. I have shown that NH 

listeners manage top-down repair of interrupted speech regardless of manipulations 

of the pitch cues, but that absence of pitch impedes global intelligibility of interrupted 

speech. Addition of pitch to vocoded speech at different spectral resolutions is a 

technique developed in this dissertation as a new tool to systematically study the 

contributing cues to top-down repair of speech. Findings confirm the importance 

of pitch in top-down repair of degraded speech for spectral resolution in the range 

of actual CI users. However, translating these promising results from CI simulations 

to actual CI users unexpectedly failed to capture such improvement at the group 

level. Indeed, some bimodal CI users did not benefit from access to pitch cues via 

residual hearing for interrupted speech perception. This might be due to insufficient 

pitch cues provided by the residual hearing, or to the inability to fuse the acoustic 

pitch cues together with electric cues from the CI. Fortunately, important research 

is being undertaken in this direction to eventually solve these problems. Identifying 

speech cues contributing to speech in noise perception by triggering top-down 

repair of speech would be helpful in developing CI technology geared towards 

preserving these cues and improve speech perception in CI users. Such progress in 

CI technology is an important next step to better the quality of life of CI users that 

strive to communicate more easily within our oral society.
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SUMMARY

Summary

Understanding a single person talking is effortless in quiet surrounding. However, 

the task becomes much more challenging when the talker is surrounded by a loud 

crowd. The listener has to focus on the voice of the talker (target) to follow what they 

say, and not pay attention to the surrounding background (masker). For individuals 

with hearing impairment, who might already experience problems in understanding 

speech in quiet, the challenge of speech in noise becomes even more difficult. In the 

present dissertation, I investigated how characteristics from the voice of a talker – 

with focus on the pitch and the timbre – contribute to understand speech in difficult 

listening situations, such as noisy environments. Pitch is the height of the voice of 

a talker (low-pitched, high-pitched voices), whereas timbre is its character or color 

(clear, brassy, strident, warm voices). The overarching goal of this dissertation being to 

identify the voice characteristics necessary for better speech-in-noise understanding 

for hearing impaired (HI) listeners, especially users of cochlear implants (CIs). A CI 

is provided to individuals with severe or profound sensorineural hearing loss, when 

a hearing aid does not produce satisfying outcomes. However, percept of speech is 

degraded through a CI, and the conveyed pitch cues are weak.

How did I conduct my research?

I conducted behavioral experiments first on normal-hearing (NH) listeners to examine 

how they performed listening to voices with different characteristics (Chapters 2 and 

3). Combined with these voice manipulations, in order to make speech perception 

more challenging, I presented sentences interrupted with silent gaps, or with noise 

filling in the gaps. The participants had to repeat what they could understand, by 

perceptually restoring the parts of the sentences replaced with silence or noise. 

This ability of the brain to reconstruct an incomplete sentence is called top-down 

restoration of speech. NH listeners usually show a restoration benefit, that is, as 

silent gaps are filled with noise, their intelligibility of the sentences increases. This 

method of measuring intelligibility of the interrupted sentences and the restoration 

benefit allowed me to test the importance of some voice characteristics at the level 

of the ear (the bottom-up cues) and at the level of the brain (the top-down cues). 

NH participants also listened to simulations of CI (Chapter 4), before actual CI users 

were tested (Chapter 5). In the latter two cases, speech (i.e. the bottom-up cues) 
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is degraded and is potentially more difficult to understand. The assumption is that 

the degradation of the bottom-up cues makes the brain (i.e. top-down restoration 

mechanisms) act differently than for NH listeners listening to speech that is not 

degraded. I intended to investigate whether voice pitch helped to better understand 

and restore degraded speech.

The role of voice characteristics for NH listeners

A man’s voice was manipulated (via its pitch and timbre) to make it sound like a 

woman’s voice (Chapter 2). Then, the man’s and the woman’s voices were made to 

alternate around the gaps (silent or filled with noise), disrupting the continuity of 

the voice within a sentence. Participants had to link the speech segments from the 

man’s voice with those from the woman’s voice in order to reconstruct the complete 

sentence. In this case, their speech perception decreased. I also showed that this 

perception decreased when only the timbre cues were manipulated but not when 

only the pitch cues were manipulated. These results suggest that the continuity 

of the timbre cues was more important for the intelligibility of interrupted speech 

than that of pitch cues, at least for the voice manipulations reported in the present 

dissertation. However, as far as restoration of interrupted speech is concerned, none 

of the disruptions in voice continuity had an effect on the restoration benefit, even 

when the two alternating voices were consistently reported to be from different 

talkers. Thus, voice continuity does not seem to be a prerequisite for top-down 

restoration of interrupted speech.

Next, I focused on the intonation of the sentence, as it is thought to help assembling 

successive speech segments into a coherent sentence. I manipulated the pitch 

contours to modify the sentence intonation (Chapter  3). Only the most atypical 

contours (inverted intonation) hindered interrupted speech intelligibility. No effect 

of the pitch contour manipulations was observed on top-down restoration.

Taken together, the results from these studies (Chapter 2 and 3) suggest 

that interrupted-speech perception and restoration are robust to most voice 

manipulations. This may be because the linguistic context of the sentence helps to 

understand the sentence despite the voice manipulations.
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The role of access to pitch: from NH listeners to CI users

CIs convey weak pitch cues. I investigated if the poor performance of speech in noise 

by CI users could be due to this weak pitch percept. For this I tested how speech 

perception was affected in sentences with pitch as compared to sentences without 

or at best, weak pitch. I started with NH listeners listening to CI simulations either 

with original pitch cues or without any pitch cue (Chapter 4). To serve this purpose, 

I developed a new method to simulate CI with the possibility to add pitch cues. This 

CI simulation shows that the addition of pitch cues improves speech understanding 

at different degrees of speech degradation (N.B.: the lower the spectral resolution, 

the more degraded speech is). The results also confirm the importance of pitch in 

top-down repair of degraded speech for spectral resolutions in the range of actual CI 

users. This suggests that the combination of low spectral resolution and weak pitch 

representation may contribute to the poor top-down restoration of speech observed 

in CIs.

Translating the results from NH listeners to actual CI users was done by testing CI 

users with residual hearing in their non-implanted ear (bimodal CI users). Bimodal 

CI users wear a CI in one ear and a hearing aid (HA) in the other ear. It is possible for 

them to have access to pitch cues via the low-frequency residual hearing in their HA. I 

thus tested them twice, with and without their HA along their CI, to investigate if they 

benefited from the pitch cues from the HA (Chapter 5). However, at the group level 

no benefit from the HA was observed for top-down restoration of speech, although 

individual analysis showed that some bimodal users could benefit from adding the 

low-frequency acoustic residual hearing to trigger top-down repair mechanisms. 

Moreover, a larger number of participants could benefit from the acoustic cues 

delivered by their HA along their CI for top-down restoration of interrupted speech as 

the gaps were shortened. This suggests that every improvement in quality of bottom-

up cues (in frequency and in time) may contribute with an additive effect to better 

top-down restoration, showing a powerful interaction between bottom-up cues and 

top-down repair mechanisms. However, for individuals showing no bimodal benefit, 

it is possible that access to pitch via the low frequency residual hearing was either 

not a sufficient cue or was not combined properly with cues from the CI. 
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Conclusion

In summary, this dissertation shows that speech perception can be robust to 

voice manipulations when linguistic context can prevail over these manipulations. 

Moreover, it also shows the importance of pitch for interrupted-speech perception 

as well as for triggering the top-down restoration mechanisms, especially when 

bottom-up cues are degraded. However, the promising results from CI simulations 

were not replicated with actual CI users at the group level. That is, speech perception 

improvement expected with access to pitch cues was not captured. Nevertheless, on 

a more positive note, individual analysis suggests that the additional HA can provide 

better sound quality. Further research is thus needed to supplement the contribution 

of these findings in improving speech perception in noise for CI users.
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Samenvatting

Het kost geen moeite om te begrijpen wat een spreker zegt als het stil is in de omgeving. 

Het wordt echter veel lastiger zodra de spreker zich bevindt in een lawaaiige groep 

mensen. De luisteraar moet zich concentreren op de stem van de spreker (target) om 

goed te kunnen volgen wat er gezegd wordt, terwijl het achtergrondgeluid (masker) 

zoveel mogelijk genegeerd moet worden. Voor mensen met slechthorendheid, die 

vaak al problemen hebben bij het verstaan van spraak in stille omgevingen, wordt deze 

uitdaging nog moeilijker. In dit proefschrift heb ik onderzocht hoe de eigenschappen 

van de stem van een spreker, met nadruk op toonhoogte en timbre, invloed hebben 

op het verstaan van spraak in lastige luistersituaties. Met de toonhoogte wordt de 

hoogte van de stem bedoeld (lage stem, hoge stem) en de timbre is zijn karakter 

(heldere, schelle, brassige of warme stem). Het hoofddoel van dit proefschrift is 

om aan te tonen welke verschillende karakteristieke eigenschappen van de stem 

nodig zijn voor een beter begrip van spraak in achtergrondgeluid bij slechthorende 

luisteraars, met name gebruikers van het cochleaire implantaat (CI). Een CI wordt 

voorzien aan mensen met ernstige of volledige slechthorendheid, wanneer een 

gehoorapparaat niet voldoende helpt. Het spraakbegrip wordt echter gedegradeerd 

als gevolg van het CI en toonhoogte cues worden zwak overgedragen.

Hoe heb ik mijn onderzoek uitgevoerd?

Eerst heb ik gedragsexperimenten gedaan bij normaal horende (NH) luisteraars om 

te onderzoeken hoe ze presteerden bij het luisteren naar stemmen met verschillende 

karakteristieke eigenschappen (hoofdstuk 2 en 3). Ik heb hen laten luisteren naar 

zinnen die onderbroken worden door delen weg te laten en ze te vervangen met 

stille periodes of periodes van achtergrondgeluid, om hun spraakperceptie te testen. 

De deelnemers moesten vervolgens herhalen wat ze konden begrijpen van de zin 

door goed te luisteren en de delen van de zin op te vullen die ik vervangen had met 

stilte of achtergrondgeluid. Het vermogen van de hersenen om een incomplete 

zin zoals deze te herstellen noemt men ook wel top-down restauratie van spraak. 

NH luisteraars ondervinden hier vaak voordelen van. Ze begrijpen namelijk de 

zinnen beter naarmate de stille periodes worden opgevuld met achtergrondgeluid. 

Dankzij deze methode, waarbij het begrip van de onderbroken zinnen en de mate 

van restauratie wordt gemeten, kon ik het belang van zintuiglijke waarneming 
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(d.w.z. wat het oor verwerkt, bottom-up cues) en cognitieve waarneming (d.w.z. wat 

het brein verwerkt, top-down cues) van sommige karakteristieke eigenschappen van 

een stem bepalen. NH luisteraars luisterden tevens naar simulaties van CI (hoofdstuk 

4), voordat werkelijke CI gebruikers werden getest (hoofdstuk 5). In de laatste twee 

gevallen wordt spraak (bottom-up cues) gedegradeerd en is het daardoor potentieel 

lastiger om te begrijpen. De aanname is dat bij de degradatie van de bottom-

up cues het brein (top-down restauratie mechanismen) anders functioneert dan 

wanneer NH luisteraars luisteren naar niet gedegradeerde spraak. Mijn doel was 

om te onderzoeken of de toonhoogte helpt bij het spraakbegrip en het herstel van 

gedegradeerde spraak.

De rol van de karakteristieke eigenschappen van een stem bij NH 
luisteraars

De stem van een man werd bewerkt (met behulp van toonhoogte en timbre) om 

het meer op een vrouwenstem te laten lijken (hoofdstuk  2). Vervolgens werd de 

mannenstem en de verkregen vrouwenstem zo aangepast dat de onderbrekingen 

(stilte of achtergrondgeluid) afgewisseld werden tussen de twee verschillende 

stemmen, met als doel de continuïteit van de zin te verstoren. Deelnemers moesten 

vervolgens de spraaksegmenten van de mannen- en vrouwenstem onderling verbinden 

om de volledige zin te kunnen reconstrueren. In dit geval nam hun spraakperceptie 

af. Ik heb tevens aangetoond dat de perceptie afneemt wanneer alleen de timbre 

veranderd werd, maar niet wanneer alleen de toonhoogte veranderd werd. Deze 

resultaten doen suggereren dat de continuïteit van timbre cues belangrijker is voor 

onderbroken spraakbegrip dan dat van toonhoogte cues, althans voor de stem die 

gebruikt werd in dit proefschrift. Echter, als men kijkt naar herstel van onderbroken 

spraak, had geen van de onderbrekingen in de continuïteit van de stem een effect 

op het voordeel van spraakherstel, zelfs niet wanneer consistent werd aangegeven 

dat de twee afwisselende stemmen van verschillende sprekers waren. Zodoende lijkt 

dus de continuïteit van de stem niet van invloed te zijn op top-down herstel van 

onderbroken spraak.

Vervolgens heb ik me gericht op de timbre van de zin, aangezien die helpt bij het 

opbouwen van een coherente zin uit spraaksegmenten. Ik heb de contouren van de 

toonhoogte gemanipuleerd om de timbre van de zin aan te passen (hoofdstuk 3). Alleen 

de meest atypische contouren (geïnverteerde timbre) belemmerden onderbroken 
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spraakbegrip. Er is dus geen invloed van toonhoogte contour manipulaties op top-

down spraakherstel gevonden.

Als de resultaten van deze studies samen worden genomen, doet dat suggereren dat 

onderbroken spraakperceptie en onderbroken spraakherstel niet beïnvloed worden 

door manipulaties van de stem. Dit kan wellicht komen doordat de taalkundige 

context helpt bij het begrijpen van de zin, ondanks de stemmanipulaties.

De rol van toegang tot toonhoogte: van NH luisteraars naar CI 
gebruikers

CIs dragen slecht toonhoogte over. Ik heb onderzocht of het slechte begrip van spraak 

in achtergrondgeluid bij CI gebruikers komt door slechte overdracht van toonhoogte. 

Hiervoor heb ik getest hoe spraakperceptie beïnvloed werd in zinnen met aanwezige 

toonhoogte ten opzichte van zinnen zonder toonhoogte of, op zijn minst, een zwakke 

toonhoogte. Ik ben begonnen met NH luisteraars die luisterden naar simulaties van 

CI-spraak met de originele toonhoogte of CI-spraak zonder toonhoogte (hoofdstuk 

4). Om dit doel te behalen heb ik een nieuwe methode ontwikkeld om CI te simuleren, 

waarbij het mogelijk is om toonhoogte cues in te voegen. Deze CI simulatie 

demonstreert dat de toevoeging van toonhoogte cues spraakbegrip bevordert op 

verschillende niveaus van spraakdegradatie. (N.B.: hoe lager de spectrale resolutie, 

hoe verder gedegradeerd de spraak is). De resultaten bevestigen tevens het belang 

van toonhoogte in top-down herstel van gedegradeerde spraak voor spectrale 

resoluties die men bij werkelijke CI gebruikers kan verwachten. Dit doet suggereren 

dat de combinatie van lage spectrale resolutie met zwakke toonhoogte representatie 

bij kan dragen aan slechte top-down spraakherstel, zoals dat waargenomen wordt 

bij CI gebruikers.

Het omzetten van de resultaten van NH luisteraars naar werkelijke CI gebruikers 

werd gedaan door CI gebruikers met restgehoor in hun niet-geïmplanteerde oor 

te testen (bimodale CI gebruikers). Bimodale CI gebruikers dragen hun CI in een 

oor en het gehoorapparaat in het andere. Het is voor hen alsnog mogelijk om 

toegang te hebben tot toonhoogte cues via het lage frequentie restgehoor via hun 

gehoorapparaat. Hierom heb ik ze tweemaal getest. Eenmaal met en eenmaal zonder 

hun gehoorapparaat, maar beide samen met hun CI. Zo heb ik onderzocht of ze 

voordeel hadden dankzij de toonhoogte cues in hun gehoorapparaat (hoofdstuk 5). 
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Gemiddeld genomen over de hele groep was er echter geen voordeel aangetoond 

van het gehoorapparaat in het geval van top-down herstel van spraak. Individuele 

analyse liet echter toch zien dat sommige bimodale gebruikers wel degelijk voordeel 

konden hebben door de toevoeging van lage frequentie restgehoor om top-down 

restauratiemechanismen te activeren. Bovendien kon een grotere hoeveelheid 

deelnemers voordeel hebben dankzij de akoestische cues van hun gehoorapparaat 

in combinatie met hun CI voor top-down herstel van onderbroken spraak wanneer 

de pauzes in de zinnen verkort werden. Dit doet suggereren dat elke verbetering in 

kwaliteit van bottom-up cues (zowel in frequentie als in tijd) bij zou kunnen dragen 

om nog betere top-down spraakherstel te verkrijgen. Dit demonstreert een sterke 

wisselwerking tussen bottom-up cues en top-down restauratiemechanismen. 

Echter, voor individuen die geen bimodaal voordeel lieten zien, is het mogelijk dat 

de toegang tot toonhoogte cues via het lage frequentie restgehoor niet voldoende 

was of dat de signalen van de CI er niet adequaat mee werden gecombineerd.

Conclusie

Samengevat laat dit proefschrift zien dat spraakperceptie robuust kan zijn tegen 

stemmanipulaties wanneer taalkundige context van meer belang is dan deze 

manipulaties. Bovendien is ook het belang van de aanwezigheid van toonhoogte 

gedemonstreerd voor zowel onderbroken spraakperceptie als top-down 

herstelmechanismen, met name wanneer bottom-up cues werden gedegradeerd. 

De veelbelovende resultaten van de CI simulaties konden echter niet gerepliceerd 

worden bij de werkelijke CI gebruikers op het niveau van de hele groep. Ofwel, de 

verbeteringen in spraakperceptie die men verwacht bij toegang tot toonhoogte 

cues konden niet aangetoond worden. Anderzijds is het wel positief dat individuele 

analyse toch laat zien dat een toegevoegd gehoorapparaat kan resulteren in 

betere geluidskwaliteit bij de gebruiker. Meer onderzoek is dus nodig om de 

werkelijke toegevoegde waarde aan te tonen bij verbeterde spraakperceptie in 

achtergrondgeluid voor CI gebruikers.
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