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Abstract 

While cochlear implants (CI) have been successful in restoring a sense of hearing to people 

with severe to profound sensorineural hearing loss, there is still a wide variance in speech outcomes 

for CI users. Psychophysical experiments have shown that some of the variance can be explained by 

sensitivity to temporal modulations. If poor outcomes are partly caused by limited access to temporal 

speech cues, then improved transmission of those cues may provide perceptual benefits to CI users. 

The broad aim of the research presented in this thesis was to improve speech outcomes for CI users 

through better transmission of temporal speech information.  

The first study investigated the effect of stimulation rate and presentation level on speech 

perception and temporal modulation detection for CI users, in order to identify stimulation rates that 

provide a perceptual advantage in certain listening conditions. Speech perception (in quiet and in 

noise) and amplitude modulation detection thresholds (AMDTs) were measured at different 

presentation levels and stimulation rates. The reduction in speech perception due to added noise was 

significantly greater at higher rates. Speech perception was also significantly affected by presentation 

level, with scores increasing as the level increased. In contrast, AMDTs, as measured via acoustic 

input to the speech processor, exhibited no effect of rate or level. Correlations were found between 

AMDTs and speech perception for both the low-rate and high-rate processors. Therefore, while 

AMDTs explained inter-subject variability in speech perception, they did not explain within subject 

variability across stimulation rates and presentation levels. 

The second study evaluated the perception of amplitude modulation (AM) and rate 

modulation (RM), providing fundamental information about the temporal processing abilities of CI 

users and the perceptual mechanism underlying those abilities. The study was the first psychophysical 

evaluation of AM and RM detection in the same CI users.  AM and RM detection thresholds were 

correlated and exhibited similar effects of modulation frequency and presentation level, indicating that 

AM and RM may be perceived by a common perceptual mechanism that involves central temporal 

integration. 

In the final study, a novel speech processing strategy called ARTmod (Amplitude and Rate 

Temporal modulation) was developed and tested. The ARTmod strategy encoded speech with 

simultaneous AM and RM, in order to observe whether RM can be used to enhance the perception of 

temporal envelopes of speech signals. In the experiment, the amount of AM was fixed and the amount 

of RM was varied, and speech perception was measured for the different RM amounts. A significant 

effect of RM amount was found, with speech scores improving as the RM amount was increased. The 

results indicated that RM can constructively combine with AM to enhance the perception of temporal 

speech envelopes and improve speech perception for CI users. 
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1. Introduction 

1.1 Background 

Six percent of the global population are affected by disabling hearing loss, and this 

number is expected to rise to ten percent by 2050 (World Health Organization, 2018). Many 

people with hearing loss experience difficulty communicating and socializing, leading to 

feelings of isolation, anxiety, and loneliness. For children, hearing impairment can hinder the 

development of language and social skills, especially when an education system that 

accommodates their hearing loss is inaccessible or unavailable.  

Cochlear implants (CIs) provide a sense of hearing for people with severe to profound 

sensorineural hearing loss. By activating electrodes implanted within the cochlea, CIs bypass 

damaged sensory receptors and directly stimulate auditory nerve fibres, eliciting a sensation 

of sound. CI sound processors convert acoustic sounds to electrical pulse sequences, which 

are sent to the implant in order to generate neural excitation patterns that meaningfully 

represent the acoustic sounds.  

Since the development of the single-channel CI in the early 1970s, many improvements 

have been made to the device including the use of better hardware, multiple processing 

channels, multiple stimulation sites, high rates of stimulation, and other signal processing 

techniques. Over 324,000 people worldwide have received a CI, and many of them are able to 

understand speech in quiet conditions. 

However, CI users still have difficulty understanding speech in noisy conditions and 

listening to music, due to a variety of limitations of the implant. Furthermore, individual 

performance varies widely among CI users, with some achieving very good speech 

understanding, and others receiving little benefit from their implant.  



19 
 

As a result of the limited spectral resolution of the implant, CI users rely heavily upon 

temporal information in the speech signal. Psychophysical experiments have shown that 

sensitivity to temporal modulations can explain some of the variance in CI speech outcomes. 

If poor outcomes are partly caused by limited access to temporal speech cues, then improved 

transmission of those cues may provide perceptual benefits to CI users. The broad objective 

of our study is to improve speech outcomes for CI users through better transmission of 

temporal speech information. 

1.2 Aims 

This thesis will address the broad objective of improving the transmission of temporal 

speech information for cochlear implant users by focusing on the following aims: 

1.  Assess the effect of presentation level and stimulation rate on speech perception 

and modulation detection for cochlear implant users (Chapter 3). 

The research presented in Chapter 3 identified stimulation rates that provide 

perceptual advantages in certain listening conditions, and assessed whether the effects 

of stimulation rate were due to improved temporal information transfer.   

2. Investigate the detection of rate modulation (RM), and how it is affected by 

modulation rate and presentation level (Chapter 4).   

The research presented in Chapter 4 provided essential information about RM 

perception that could be applied in RM-based speech processing strategies. The study 

was the first psychophysical evaluation of amplitude modulation (AM) and RM 

detection in the same CI users, and identified whether perceptual advantages exist for 

either modulation method. Further, the results of the study provided information about 

the perceptual mechanism underlying RM detection. 
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3. Encode speech temporal envelopes in cochlear implants using rate modulation 

(Chapter 5). 

The research presented in Chapter 5 introduced a novel speech processing strategy 

that encoded speech envelopes using simultaneous AM and RM. The study directly 

addressed the main objective of the thesis by enhancing temporal envelopes cues 

using RM to improve speech perception in CI users.  

1.3 Structure 

The thesis is presented in the “thesis by publication” format. Chapter 2 comprises a 

literature review, which focuses on cochlear implants, speech perception with cochlear 

implants, and temporal information transfer with cochlear implants. Chapters 3, 4, and 5 are 

published journal articles that address the aims outlined above. Finally, the general discussion 

in Chapter 6 provides an overview of the results, and future directions for research. 
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2. Literature Review 

2.1 Hearing and Hearing Loss 

The human auditory system transduces acoustic pressure waves into neural impulses, 

enabling us to perceive sounds and communicate through speech and music. We can express 

ideas, emotions, thoughts, and feelings, all by manipulating pressure fluctuations of the 

atmosphere around us. The physiological processes underlying the sense of hearing are 

fascinating and complex. This section will provide a brief overview of the structure and 

function of the auditory system, and describe how damage to the structure leads to hearing 

loss. 

Acoustic sound pressure waves travel through the ear canal, causing the tympanic 

membrane to vibrate. These vibrations are transmitted through the middle ear to the cochlea, 

a spiral-shaped bone cavity in the inner ear that is separated along its length by the basilar 

membrane (Figure 2.1).  

 

Figure 2.1 Cross-section of the cochlea [Image from Encyclopædia Britannica (2018)] 
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As waves propagate through fluid in the cochlea, waves also travel along the basilar 

membrane. The basilar membrane resonates differently depending on the frequency content 

of the vibrations. Higher frequencies cause more movement towards the narrow and stiff 

basal end of the membrane, while lower frequencies cause more movement towards the wide 

and floppy apical end of the membrane. Upon the basilar membrane lies the organ of Corti, 

which contains thousands of hair cells, the key sensory receptors of the auditory system. As 

the basilar membrane resonates according to incoming sound pressure waves, the hair cells 

respond by triggering action potentials in auditory nerve fibres, thereby generating neural 

excitation patterns that the brain can process as sound. 

The majority of causes for sensorineural hearing loss – including genetic inheritance, 

complications at birth, infectious diseases, chronic ear infections, certain drugs and 

medications, exposure to noise, and aging – can be attributed to damaged or missing hair 

cells (World Health Organization, 2018). There is a wide variation in the severity and the 

pattern of hearing loss across frequencies, depending upon the amount of damaged hair cells 

and the location of the damaged hair cells along the cochlea.  

Mild to moderate hearing loss is characterized by damage to specific regions of the 

cochlea, or by a low overall density of hair cells, inhibiting speech understanding in noisy 

situations. It is commonly treated with hearing aids, which amplify sounds to increase 

activation of the remaining healthy hair cells. In cases of severe or profound hearing loss, 

however, hearing aids may be ineffective, because there are very few remaining hair cells to 

activate, and cochlear implants may provide an alternative solution. 

 



24 
 

2.2 Cochlear Implants 

Cochlear implants (CI) can restore a sense of hearing to people with severe to profound 

hearing loss. By activating implanted electrodes within the cochlea, cochlear implants bypass 

the damaged hair cells and directly stimulate the auditory nerve, generating neural activation 

patterns that meaningfully represent the acoustic sound. In order to provide context for the CI 

signal processing involved in the thesis, this chapter will discuss basic CI speech processing 

and commonly-used speech processing strategies in CI systems.  

2.2.1 Basic Cochlear Implant Speech Processing  

The primary components of a CI system are the microphone, the processor, the 

transmitter, the implanted receiver/stimulator, and the electrode array (Figure 2.2): 

 

Figure 2.2 Diagram of a cochlear implant system: 1) Microphone and Processor, 2) 

Transmitter, 3) Internal Receiver/Stimulator, 4) Intracochlear Electrode Array [Image 

adapted from National Institute of Health (2018)] 
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Acoustic sound pressure waves are detected by the microphone and converted to an 

electrical signal, which the processor uses to determine stimulation sequences that represent 

the acoustic sound. Nearly all cochlear implant processors share a common signal flow, 

shown in Figure 2.3. First, the processor digitizes and conditions the microphone signal by 

applying pre-emphasis filtering, noise removal, and automatic gain control. The conditioned 

signal is split into several frequency bands corresponding to each electrode in the array (i.e. 

for a 22-electrode array, there will be 22 frequency bands). This frequency allocation is 

commonly implemented using a Fast Fourier Transform (FFT) or a bandpass filterbank, 

spanning a range of frequencies from approximately 100 Hz to 8000 Hz. The temporal 

envelope in each electrode’s filter band is extracted using either the time-varying magnitude 

of the FFT bin(s), or a Hilbert Transform followed by a low pass filter with a cutoff 

frequency between 125 Hz and 300 Hz. 

 

Figure 2.3 Signal flow diagram of the basic functionality of a cochlear implant processor. In 

this example, only 4 channels are shown to improve readability. Typically, CI speech 

processors have 12-22 active electrodes. 

Typically, CI speech processors encode temporal envelopes by activating each 

implanted electrode with a fixed rate biphasic pulse train whose current level or pulse 

duration is modulated by the temporal envelope of the assigned acoustic frequency band. The 

conversion from acoustic level to current level or pulse duration is implemented using an 

amplitude mapping function. The amplitude mapping is nonlinear and unique to each implant 
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recipient because different recipients have different minimum and maximum electrical levels 

of stimulation at each electrode, generally known as Threshold (T) and Comfort (C) levels. In 

Nucleus systems (manufactured by Cochlear Ltd), the minimum acoustic level (“T-SPL”, 

approximately 25 dB SPL) in each channel is mapped to the electrical T-level in that channel, 

and the upper acoustic threshold (“C-SPL”, approximately 65 dB SPL) is mapped to the 

electrical C-level in that channel. All envelope levels below T-SPL are not encoded, and 

envelope levels above C-SPL are limited, and mapped to the electrical C-level for that 

channel. Amplitude mapping functions are usually logarithmic or power functions, with a 

variable exponent that can be used to control the way that the levels are mapped. 

Once the temporal envelope in each frequency band is extracted and converted to 

electrical current levels and/or pulse duration, the stimulation sequence is determined by the 

processor based upon the specific speech processing strategy (to be discussed in the next 

section). The transmitter encodes stimulation instructions from the processor and sends them 

via radio frequencies to the implanted receiver, where electrical pulses are generated and sent 

to the electrode array through a multi-wire cable. Modern electrode arrays use 12-22 active 

electrodes, surgically implanted into the scala tympani of the cochlea. The array utilizes the 

tonotopic arrangement of the cochlea, with low frequency bands from the sound processor 

activating the apical end of the array and high frequency bands activating the basal end of the 

array. 
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2.2.2 Speech Processing Strategies 

The success of a cochlear implantation relies to a large extent upon the processing 

strategy that converts the microphone signal into electrical pulse trains to stimulate the 

auditory nerve. Since the 1970s, the speech processor has evolved from an analog single-

channel device that mostly served as a lip-reading aid, to a multichannel digital signal 

processor capable of providing open-set speech recognition to its users. In a review of open-

set speech recognition results over the past several decades, Dowell (2012) found that the 

average sentence scores have increased from less than 40% recognition with processors from 

the 1990s to 80% recognition with modern processors. Blamey et al. (1996) and Blamey et 

al. (2013) showed similar improvement in retrospective multicentre studies of 800 CI users in 

1996, and 2251 CI users in 2013. One major difference noted between recipients in the 1996 

group and the 2013 group was a faster and greater rise in speech perception ability after 

surgery. The authors attribute this progress to improved sound processing strategies and 

surgical techniques, along with a recipient population with a lower median duration of 

deafness (4 years in 2013 versus 8 years in 1996) and therefore more potential for a 

successful CI outcome.   

The four main CI manufacturers are Cochlear (based in Australia), Advanced Bionics 

(based in the United States of America), Med-El (based in Austria), and Oticon Medical 

(based in Denmark), and each uses slightly different strategies. This section will provide an 

overview these strategies. 

2.2.2.1 Continuous Interleaved Sampling (CIS)   

CIS is a relatively simple strategy that is commonly used in modern CIs. Temporal 

envelope information up to approximately 300 Hz is extracted and used to modulate fixed-

rate biphasic pulse trains. Every channel’s pulse train is sent to its corresponding electrode in 
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an interleaved fashion, meaning that only one electrode conducts a current pulse at any given 

time. The number of active channels for a modern CIS system varies between 12 and 22, and 

the stimulation rate at each electrode is typically fixed between 500 and 2000 pps. The 

overall rate is the number of active channels multiplied by the rate per electrode (so if there 

are 12 active channels with a pulse rate of 1000 pps, the overall pulse rate is 12,000 pps).  

Non-simultaneous stimulation is important because it reduces channel interaction that can 

lead to spectral smearing and poorly controlled loudness cues.  

2.2.2.2 Advanced Combination Encoder (ACE) 

The ACE strategy (Wouters et al., 2015) is the most recent iteration of Cochlear’s 

default processing strategy, following in the footsteps of the spectral peak (SPEAK) and 

spectral maxima sound processor (SMSP) (Dillier et al., 1995; Kiefer et al., 2001; 

McDermott et al., 1992; Skinner et al., 1994). The functionality of ACE is similar to CIS, 

with the exception that only the filter outputs with the highest intensities are chosen to 

activate electrodes in each stimulation cycle (as opposed to every electrode for each 

stimulation cycle with CIS). This is often referred to as an n-of-m strategy, where the n 

highest-intensity filter outputs of m filter outputs are selected on each stimulation cycle. For 

example, in many CI systems, 6-10 electrodes from 22 active electrodes are selected for 

activation in each cycle. ACE improves the saliency of spectral and temporal cues in speech, 

such as formant peaks and formant trajectories, compared to CIS (Wouters et al., 2015). 

Studies have shown that speech performance is significantly improved using the ACE 

strategy compared to the CIS strategy (Kiefer et al., 2001; Psarros et al., 2002; Skinner et al., 

2002). ACE is often advantageous in the presence of background noise, because distracting 

noise that would be encoded in CIS is ignored in favour of channels containing the speech 

signal. However, this advantage depends on the signal to noise ratio; if the noise is higher in 

intensity than the speech signal, then noise may be encoded rather than the speech signal. 
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2.2.2.3 HiRes and HiRes120 

The HiRes and HiRes120 strategies are currently in use for Advanced Bionics 

devices. The HiRes strategy is similar to the CIS strategy, with the distinction that it utilizes 

higher cutoff frequencies in the envelope extraction stage (2800 Hz cutoff frequency vs 125-

300 Hz for CIS), and higher rates in the stimulation phase (2900 - 5100 pps vs 500-2000 pps 

per electrode maximum for CIS). The higher cutoff frequencies in the envelope extraction 

phase aimed to help with the preservation of temporal information in each frequency band. 

Buechner et al. (2006) reported a study that compared HiRes with CIS, where control for 

long term learning was incorporated. Participants were fit with the HiRes strategy after an 

average of 10 months with the CIS strategy. They were then tested after an average of 2 

months with the HiRes strategy with both CIS and the HiRes strategy. There were small but 

significant improvements with the HiRes strategy in monosyllables, sentences in quiet, and 

sentences in noise. This study does not necessarily show that this improvement is due to 

better transmission of temporal information; several parameters were changed in between the 

CIS and HiRes strategies. One parameter that may have been responsible for much of the 

improvement was that for many of the participants, the number of channels increased from 8 

to 16 when switching from CIS to HiRes. It should also be noted that this experiment did not 

use any blinding, so labelling effects may have also influenced the results (Bentler et al., 

2003). 

The HiRes120 strategy makes use of virtual channels to increase the number of 

stimulation sites within the cochlea. When two adjacent electrodes conduct current 

simultaneously, their electric fields sum together, creating an electric field peak between the 

two electrodes. By adjusting the ratio of the current in adjacent electrodes, one can shift the 

peak in a process known as “current steering”. In the HiRes120 strategy, there are 16 

intracochlear electrodes (15 pairs) and 8 different current ratios, resulting in 120 “channels”. 
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With virtual channels, the HiRes120 strategy aims to improve the transmission of spectral 

information. However, studies that compare speech perception between the HiRes120 

strategy and the HiRes strategy have shown highly subject dependent results (Brendel et al., 

2008; Donaldson et al., 2011; Firszt et al., 2009), with some subjects benefiting from 

HiRes120, some subjects showing no significant difference between HiRes and HiRes120, 

and some subjects performing worse with HiRes120. While psychophysical studies have 

shown that many CI users are able to discriminate between virtual pitches between adjacent 

electrodes (Donaldson et al., 2005; Firszt et al., 2007), it has not been shown that virtual 

channels provide improved speech perception.  

2.2.2.4 Fine Structure Processing (FSP) 

The FSP strategy is used in Med-El devices, and aims to improve the transmission of 

temporal periodicity information in the lowest frequency channels (the most apical 1-3 

electrodes).  In addition to encoding the amplitude envelope, FSP also encodes temporal 

periodicity information by delivering a short, high-rate burst of pulses at each positive zero-

crossing of the bandpass filter output of the three low-frequency channels. The temporal 

periodicity information of those low-frequency channels is represented by the pattern of these 

high-rate bursts.  

A number of studies have compared speech performance with the FSP strategy and 

Med-El’s CIS strategy. In one study, significant improvements were reported for speech 

perception for the FSP strategy versus the CIS strategy (Arnoldner et al., 2007). However, all 

of the improvement cannot be attributed to the use of temporal periodicity cues. The CIS 

strategy was only tested once, at the beginning of the study, while the FSP strategy was tested 

4 times at 4-week intervals, so learning effects almost certainly influenced the results. In 

addition, the lower frequency cutoff (from the pre-emphasis filtering stage) and the processor 

hardware differed between the two strategies; the FSP strategy used a 100 Hz low frequency 
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cutoff on the OPUS processor, while the CIS strategy used a 250 Hz low frequency cutoff on 

the older Tempo+ processor. When the same researchers performed speech perception tests 

with equal frequency ranges for FSP and CIS, they reported no significant differences 

between the strategies (Riss et al., 2011). Similarly, a 2-year clinical trial of 20 CI users 

reported no significant differences in speech perception between the FSP and CIS strategies 

on the OPUS processor (Magnusson, 2011). Müller et al. (2012) also reported no significant 

differences in speech perception between FSP and CIS on the OPUS processor for 46 CI 

users, although there tended to be a subjective preference for the FSP strategy. 

2.2.3 Limitations of CI Speech Processing 

There are several limitations inherent to CIs that reduce the effectiveness of speech 

processing strategies, and might impose a ceiling on CI speech outcomes. While speech 

processing strategies such as HiRes/HiRes120 and FSP might encode additional information 

compared to CIS and ACE, there is little evidence to suggest that CI users are able to make 

consistent use of the additional information. The limited number of electrodes, the distance 

between the electrodes and the target neurons, and the interaction between electrodes all 

severely degrade the spectral resolution of the CI. Furthermore, the neurophysiological 

effects of prolonged deafness degrade the electrode-neural interface at the level of the 

peripheral auditory system, and disrupt cortical processing at the level of the central auditory 

system. Together, these factors critically affect the perception of speech in the presence of 

background noise, musical pitch, musical timbre, and speech in tonal languages (Arnoldner et 

al., 2007; Berenstein et al., 2008; Brendel et al., 2008; Heng et al., 2011; Hochmair et al., 

2006; Nie et al., 2005; Smith et al., 2002; Wilson et al., 2005; Zeng et al., 2005). 

Additionally, the variance in speech recognition outcomes remains extremely high and a 

significant portion of CI users still receive little benefit from their implant (Peterson et al., 
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2010). This discrepancy is particularly evident in difficult listening tasks, such as speech 

perception in noise. Primary, subject-dependent factors including neural survival, 

physiological changes to the cochlea (Linthicum Jr et al., 1991), and physiological changes to 

the central auditory system (Sharma and Cardon, 2014) are thought to influence speech 

perception outcomes. Secondary, preoperative factors are easier to measure, and are used as 

predictors for the primary factors. For example, the population of neurons in the cochlear 

nerve (primary factor) decreases over the duration of deafness (secondary factor) (Niparko 

and Finger, 1997). The main preoperative factors influencing speech recognition outcomes 

are duration of severe to profound hearing loss, age at implantation, aetiology, and duration 

of implant experience. However, these factors only account for 10.5% of the total variance 

(Blamey et al., 2013), suggesting the presence of unidentified factors, or that the secondary 

factors are not accurately representing the primary factors. 

2.3 Temporal Information Transfer in Cochlear Implants 

Given the limitations discussed at the end of the previous section, it might come as a 

surprise that CIs work in the first place. Indeed, early CI research in the late 1960s and early 

1970s was met with scepticism; how could a few electrodes implanted in the cochlea possibly 

replace the function of 20,000 hair cells? The success of the CI can be attributed to the 

remarkable ability of the human brain to make use of low frequency temporal information 

from a very limited number of spectral channels to understand speech. This chapter will 

begin by discussing the importance of temporal information for speech perception and the 

effect of stimulation rate on speech perception. Then, an overview will be presented of 

psychophysical methods for evaluating the transmission of temporal information, and how 

those psychophysical measures are affected by stimulation parameters. Finally, the gap in the 

literature will be identified that led to the first study in this thesis, “The effect of presentation 

level and stimulation rate on speech perception and modulation detection for CI users.” 
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2.3.1 Definition of Temporal Information 

It is easiest to visualize temporal information in speech using a spectrogram, which 

shows how spectral information (on the y-axis) changes over time (on the x-axis). Figure 2.4 

shows a spectrogram of the word “Might.” If we look at any particular bandwidth of the 

signal (in this example, 1 – 2 kHz) we can see that the spectral magnitude fluctuates over 

time. These fluctuations provide temporal information that is useful for speech recognition. 

 

Figure 2.4 Diagram representing the temporal and spectral information in the word “Might.” 

 

 Rosen (1992) separates temporal information into three categories, based upon the 

frequency of the magnitude fluctuations. Envelope cues are defined as fluctuations in overall 

amplitude at rates between 2 Hz and 50 Hz, and convey phrasing and loudness variation, as 

well as segmental cues associated with voicing, manner of articulation, and vowel duration. 

Periodicity cues consist of temporal envelope modulation frequencies between 50 Hz and 500 
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Hz, and are associated with the fundamental frequency of the speaker’s voice, which provides 

information about intonation, pitch, and stressed syllables. These periodicity cues are 

particularly important for listening tasks such as speech perception in noise (Carlyon, 2004), 

gender identification (Fu et al., 2004), pitch perception (Galvin III et al., 2007; Kong et al., 

2005; Laneau et al., 2006), and speech recognition for tonal languages (Fu et al., 2004; Kuo 

et al., 2008; Peng et al., 2004; Wei et al., 2004). Temporal fine structure (TFS) can be 

thought of as rapid fluctuations within the temporal envelope and periodicity cues. In signal 

processing terms, TFS is the carrier signal and the temporal envelope is the amplitude 

modulator. The rate of TFS ranges from around 500 Hz to 15 kHz, and contains information 

related to pitch, spectrum, timbre, and sound source localization (Drennan et al., 2007; 

Rosen, 1992). 

2.3.2 The Importance of Temporal Information 

Low frequency temporal envelope cues from a limited number of spectral channels are 

sufficient for speech understanding for both normal hearing (NH) and CI listeners. In a 

normal hearing study, Van Tasell et al. (1987) measured speech perception with only 

temporal cues. Consonant recognition was evaluated with wide band noise modulated by the 

extracted temporal speech information with low-pass filter cutoff frequencies of 20, 200, and 

2000 Hz. Performance significantly improved when the cutoff frequency was increased from 

20 to 200 Hz, but remained the same between the 200 Hz and 2000 Hz conditions. The 

average percent of information transmitted was 22% at 20 Hz and 29% at 200 Hz. Shannon et 

al. (1995) also investigated the importance of temporal envelope cues for perception of 

vowels and consonants by removing spectral detail from the speech signal and measuring 

speech recognition for normal hearing listeners. In their experiment, they split acoustic 

speech signals into several broad frequency bands and extracted the temporal envelope of 

each band. They then replaced those bands of the speech with bandlimited noise modulated 
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by the corresponding envelope. Recognition scores for vowels, consonants, and sentences 

were above 80% with only three bands of modulated noise, showing that even with severely 

degraded spectral cues, temporal cues can provide sufficient information for speech 

recognition. 

In CIs, Fu and Shannon (2000) investigated the importance of the cutoff frequency of 

temporal envelope information for speech perception, finding no significant difference in 

vowel or consonant identification when the cutoff frequency was dropped from 200 Hz to 20 

Hz. Mean vowel and consonant recognition scores were 49% and 56%, respectively, with a 

cutoff frequency of 20 Hz. Azadpour and McKay (2014) measured speech perception in CI 

users using only temporal cues on a single electrode. The temporal envelope of the speech 

signal was extracted and delivered to a single electrode, either at the base, apex, or middle of 

the electrode array. No significant difference was found between electrode locations. Vowel 

and consonant recognition scores were 18% and 20%, respectively. Azadpour and McKay 

(2014) also measured vowel and consonant recognition in CI users with 4-electrode 

processors. Vowel and consonant recognition were 33% and 62%, respectively, with the 4-

electrode processor (compared to >80% for normal hearing listeners with 4-band modulated 

noise vocoders (Shannon et al., 1995)).  

Overall, these studies show the relative importance of low frequency temporal envelope 

information from a limited number of channels. Of the temporal speech cues encoded by 

typical CI processing strategies (temporal envelope information up to approximately 300 Hz), 

CI users primarily rely upon temporal envelope cues below 20 Hz to understand speech. In 

order to improve speech perception for CI users, it is important to improve the transmission 

of this low frequency temporal envelope information, and this is the aim of the research 

described in this thesis.  
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2.3.3 Can High Stimulation Rates Improve Temporal Information 

Transmission? 

One way researchers have attempted to improve the transmission of temporal modulation 

information is through the implementation of higher stimulation rates. There is a wide range 

of available stimulation rates in current processors, from rates as low as 200 pps per 

electrode, to rates as high as 5000 pps per electrode. Assuming equal sampling rates of the 

microphone signal (usually 16 kHz) and similar envelope extraction methods, high 

stimulation rates provide more detailed sampling of the temporal envelope than low 

stimulation rates (Figure 2.5). High rates also promote stochastic responses in auditory 

neurons (Rubinstein et al., 1999), reducing unnatural phase locking observed in rates below 

800 pps (Dynes and Delgutte, 1992). However, the supposed advantages of high stimulation 

rates may be offset by increased channel interaction (Middlebrooks, 2004), spectral smearing 

(McKay et al., 2005), or higher variation or uncertainty in perceived intensity cues (Azadpour 

et al., 2015). 

 

Figure 2.5 Diagram representing sampling of the temporal envelope at high and low rates 

[Image from Loizou et al. (2000)] 
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Many studies have examined the effect of stimulation rate on speech perception for 

cochlear implant users, with conflicting results. Using the CIS stimulation strategy, both 

Kiefer et al. (2000) and Loizou et al. (2000) observed improved word and consonant 

recognition as pulse rates increased from 250 – 2000 pps. However, using the same strategy, 

Lawson et al. (1996) showed no effect of pulse rate for rates from 250 – 2525 pps, and Fu 

and Shannon (2000) only showed improved speech performance up to 150 pps, with 

insignificant differences for pulse rates from 150 - 500 pps.  

 Vandali et al. (2000) investigated the Nucleus 24 implant system and found that while 

there was little difference between the pules rates of 250 and 807 pps, subjects had more 

difficulty understanding CUNY sentences in noise with the higher pulse rate of 1615 pps. 

Holden et al. (2002) tested rates between 720 and 1800 pps at presentation levels of 50, 60, 

and 70 dB SPL. While better group mean scores were measured for sentence recognition at 

50 dB SPL using the high rate of 1800 pps compared to the low rate of 720 pps, all other 

presentation levels and speech tests (phonemes and words) showed no significant rate effects. 

Friesen et al. (2005) compared phoneme, word, and sentence recognition with the Clarion, 

Clarion II, and Nucleus 24, with rates from 200 – 5000 pps, and found no significant 

difference between rates. Similarly, Weber et al. (2007) found that rates between 500 and 

2500 had no influence on speech recognition scores for monosyllables or sentences.  

In a longitudinal study, Plant et al. (2007) found that rate preference was highly 

subject dependent. They had subjects choose a medium stimulation rate between 1200 and 

1400 pps, and a high stimulation rate between 2400 and 3200 pps. Of 15 subjects, 5 preferred 

the low rate, 8 preferred the high rate, and 2 were undecided. Only 2 subjects performed 

better in tests of both CNC words and CUNY sentences with the higher rate. Arora et al. 

(2009) also found results were subject dependent. Group mean scores were significantly 

better for medium rates of 500 pps and 900 pps than the low rate of 275 pps. Of 8 subjects, 3 
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were best at 500 pps, 3 at 900 pps, and 2 showed no significant difference between 500 and 

900 pps. Shannon et al. (2011) came to similar conclusions, showing that for pulse rates from 

600 – 5000 pps, CNC words and IEEE sentences in quiet and in noise had similar results 

across rates. Park et al. (2012) showed significant rate effects with Korean sentences, with 

subjects performing better at the low-mid rate of 900 pps than the high rate of 2400 pps.   

While the above studies vary in the range of rates used and the length of time allowed for 

recipients to adapt to new rates, it is clear that high stimulation rates do not provide a 

consistent advantage. Underlying subject-specific factors such as properties of the electrode-

neural interface, neural survival, and central auditory system function are likely to influence 

the optimal stimulation rate for each subject. It is of scientific and clinical interest to discover 

ways to optimize stimulation rates for individual subjects, and even to adjust stimulation rates 

based on the listening condition.          

2.3.4 Modulation Detection Thresholds and Temporal Modulation 

Transfer Functions 

Psychophysical tests are used to precisely evaluate the effects of rate and level on 

temporal modulation detection. Findings from these tests help identify parameters that can be 

used to improve speech perception for CI users. One common psychophysical measurement 

is the modulation detection threshold (MDT), the lowest modulation depth at which a subject 

can identify an amplitude-modulated stimulus among unmodulated stimuli. By finding the 

MDT for a range of modulation frequencies, researchers determine the Temporal Modulation 

Transfer Function (TMTF) of a person. This section will describe how the MDT has been 

shown to correlate with CI speech perception, and then give an overview of the effect of 

stimulation parameters on modulation detection.  
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2.3.4.1 Correlation with Speech Recognition 

Fu (2002) measured vowel and consonant recognition, along with MDTs at nine 

levels spanning the dynamic range for CI users. He found that MDTs improved as level 

increased for each subject. Mean MDTs across levels for each subject were very highly 

correlated with speech recognition scores, with an r-squared of 0.97 for consonants and 0.72 

for vowels. Luo et al. (2008) measured Mandarin tone, vowel, consonant, and sentence 

recognition along with MDTs at five levels spanning the dynamic range. They found 

significant correlations between MDTs and tone, consonant, and sentence recognition scores, 

with r-squared values of 0.628, 0.506, and 0.571 respectively. However, they did not find a 

correlation between MDTs and vowel recognition scores (r-squared = 0.332, p = 0.081). This 

minor discrepancy between the results of Fu (2002) and Luo et al. (2008) may be due to the 

different languages used in their studies. 

Recent studies have examined the correlation between acoustic MDTs and speech 

recognition scores (De Ruiter et al., 2015; Gnansia et al., 2014; Won et al., 2011). Acoustic 

MDTs are measured similarly to MDTs with direct electric stimulation, but the stimuli are 

presented in the sound field as wideband noise, and are processed by the sound processor of 

the CI users, rather than directly to a single electrode as a pulse train. Compared to MDTs 

measured with direct electrical stimulation, acoustic MDTs provide insight into the 

detectability of modulations that are actually delivered through the processor. Won et al. 

(2011) found that MDTs averaged across modulation frequencies (10, 50, 75, 100, 150, 200, 

and 300 Hz) were significantly correlated with word identification (r = 0.65) and speech 

recognition thresholds in noise (r=0.57). Gnansia et al. (2014) also showed significant results, 

correlating acoustic MDTs at a slow modulation rate (8 Hz) with vowel and consonant scores 

in quiet and in noise (r = 0.4 – 0.5). De Ruiter et al. (2015) measured MDTs at 5, 10, 50, 75, 

100, 150, and 200 Hz and reported significant correlations between MDTs and word 
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recognition scores, phoneme scores, and speech in noise scores across modulation 

frequencies. The measurement of acoustic MDTs may introduce subject-specific factors such 

as residual hearing, and other factors caused by CI processing of acoustic signals, including 

compression, equalization, and channel selection. The presence of these factors make it 

difficult to interpret the exact decision variable that subjects were using to determine which 

stimulus was modulated and which was unmodulated. When designing experiments involving 

acoustic MDTs, it is important to control for these factors.  

While modulation sensitivity is certainly important for speech recognition, it is not the 

sole psychophysical predictor of speech outcomes for CI users. Additional behavioural 

factors, such as electrode discrimination (Henry et al., 2000), spectral ripple discrimination 

(Won et al., 2007), and intensity discrimination (McKay et al.), all have been shown to 

correlate with speech perception. It could be that these psychophysical tasks all are indicators 

of an underlying, common factor, such as quality of the electrode-neural interface or the 

neurophysiological effects of prolonged deafness. Assuming that these common underlying 

factors cannot be changed, it would make sense to optimize recipients’ performance by 

developing signal processing strategies that make the best use of the remaining nerves. 

Observing the effects of different stimulation parameters on the outcome of psychophysical 

tasks can help to identify optimal stimulation parameters for different listening conditions. 

Taken as a whole, the body of research examining the correlation between speech perception 

and MDTs suggests that there is a significant, moderate correlation between the two. 

Therefore, if this correlation represents a causal relation, signal processing strategies that aim 

to optimize modulation sensitivity could result in better speech perception for CI users. In 

this thesis, a signal processing strategy was developed to optimize modulation sensitivity, and 

the experiment used to evaluate the strategy is presented in Chapter 5. 
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2.3.4.2 Effect of Stimulation Parameters on MDTs 

2.3.4.2.1 Effect of Modulation Frequency 

TMTFs have a low-pass characteristic, with CI users being most sensitive to modulations 

up to approximately 80-100 Hz, and then losing sensitivity as the modulation frequency is 

increased above 100 Hz (Busby et al., 1993; Cazals et al., 1994; Shannon, 1992).  TMTFs for 

CI users are similar to those of listeners with normal hearing (Bacon and Viemeister, 1985; 

Viemeister, 1979), indicating that envelope cues are sufficiently represented by CIs, at least 

when using single-electrode stimulation. TMTFs formed from acoustic MDTs, measured with 

modulated noise stimuli that have been processed by the CI sound processor, have a similar 

low-pass characteristic to TMTFs obtained by direct electrical stimulation of single 

electrodes (Won et al., 2011). 

2.3.4.2.2 Effect of Presentation Level 

Several studies have shown that, for MDTs of single-electrode pulse trains, MDTs are 

better at high levels than at low levels (Cazals et al., 1994; Donaldson and Viemeister, 2000; 

Fraser and McKay, 2012; Galvin III and Fu, 2005; Galvin III et al., 2014; Galvin and Fu, 

2009; Pfingst et al., 2007; Pfingst et al., 2008; Shannon, 1992). The effect of presentation 

level is strong and consistent across studies, with average MDTs degrading by approximately 

8 – 18 dB (relative to 100% modulation) when the level is reduced from the upper third of the 

electrical dynamic range to the lower third of the electrical dynamic range. For acoustic 

MDTs, where modulated noise is processed through the sound processor, no significant effect 

of presentation level has been demonstrated (Won et al., 2011), perhaps due to the effects of 

processing the signal through the sound processor.  
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2.3.4.2.3 Effect of Stimulation Rate 

Generally, studies have shown that MDTs are better at lower rates than higher rates, 

particularly at low levels (Fraser and McKay, 2012; Galvin III and Fu, 2005; Galvin and Fu, 

2009; Pfingst et al., 2007). Only Busby et al. (1993) has shown no significant effect of 

stimulation rate, and their study did not loudness balance between stimulation rates. In 

studies that have loudness balanced between stimulation rates, low rates (between 250 and 

600 pps) outperform high rates (between 2000 and 4000 pps) by approximately 10 dB at low 

levels and 5-10 dB at high levels (Fraser and McKay, 2012; Galvin III and Fu, 2005; Galvin 

and Fu, 2009; Pfingst et al., 2007). Among these studies, only Fraser and McKay (2012) 

controlled for loudness differences between modulated and unmodulated stimuli (McKay and 

Henshall, 2010). Also, in addition to reporting MDTs in dB (as in the previous studies), they 

expressed MDTs as a proportion of the DR, to account for higher electrical DRs at high 

stimulation rates compared to low stimulation rates. When MDTs were expressed in dB, their 

results were consistent with other studies, with better MDTs at the low rate of 600 pps 

compared to the high rate of 2400 pps, and the effect size increasing at the lower level. When 

MDTs were expressed as a proportion of DR, the effect of stimulation rate was only 

significant at the low level.  

2.3.4.2.4 Effect of Stimulation Site  

 Pfingst et al. (2007) and Pfingst et al. (2008) examined across-site patterns in MDTs, 

measuring MDTs at each of the 22 available electrodes at 30% and 70% of the dynamic 

range. There was high variation across sites for many subjects, especially at the lower level. 

Pfingst et al. (2007) suggested that the variability is caused by site-specific neural survival or 

electrode placement differences. The T level, C level, and dynamic range of each site were 

not correlated with the MDT, indicating that there is a separate underlying factor from 

dynamic range for modulation detection. Pfingst, Xu et al. (2007) recommend that 
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researchers take at least three MDTs at basal, mid, and apical electrode groups to get more 

accurate representations of each CI user’s MDT. The high variance means that measurements 

at single electrodes could be significantly different from the mean MDT of the CI user. 

Researchers have investigated whether subject-specific MAPs based on site-specific 

MDTs can improve speech perception (Garadat et al., 2012; 2013; Zhou and Pfingst, 2014). 

Garadat et al. (2012) measured MDTs in the presence of a masker on the adjacent electrode 

for each stimulation site for 12 subjects. They divided the 22-electrode array into 5 segments, 

and created two 10-channel MAPs for each subject. One contained only the channels with the 

best (lowest) MDTs in each segment, and the other contained only the channels with the 

worst (highest) MDTs in each segment. They found that speech perception scores were 

significantly higher with the MAP containing the best MDTs, indicating that channel 

selection based on MDTs could be a promising technique. In a follow-up study, Garadat et al. 

(2013) created experimental MAPs that disabled one stimulation site in each segment with 

the poorest MDT, and reallocated frequencies corresponding to those sites to adjacent 

electrodes. Using the experimental MAPs, subjects performed significantly better for 

consonant recognition and sentence recognition in noise, but performed worse in vowel 

recognition compared to the clinical MAP. The authors attributed the poor performance on 

vowel recognition to reduced spectral resolution with the experimental MAP. In addition, the 

acute nature of this study did not give subjects time to adapt fully to the changed frequency 

allocation, which would affect vowel perception most because of the importance of formant 

locations in vowel identification.  

In an alternative to site-selection strategies, Zhou and Pfingst (2014) created 

experimental MAPs by raising T-levels in the 5 sites with the poorest MDTs by 5% and 10% 

of the DR. The motivation behind this strategy was that MDTs are known to improve with 

increased level, so by artificially increasing the level of those “poor” channels, they could 



44 
 

increase the average MDT. They compared these MAPs to 1) the clinical MAP, 2) one where 

the T level of every channel was raised by 5% of that channel’s DR, and 3) one where the 5 

sites with the poorest MDTs were removed. On average, speech recognition thresholds in 

noise were significantly improved with the MAPs that raised T-levels in specific sites, 

compared to the clinical MAP and the other MAPs that raised all of the T-levels and removed 

specific sites. These results again indicate that site-specific processing strategies can improve 

speech perception for CI users. One drawback to this method is that it distorts the spectral 

representation of the acoustic signal, which could have deleterious effects for speech 

perception depending how much level adjustment is applied. For example, some of the 

subjects in their experiment performed worse with the MAP that applied a 10% DR increase 

in T-levels than they did with the clinical MAP. 

2.3.5 The Gap that leads to the Chapter 3 study 

The experiments described in the above section 2.3.4 showed that the effect of 

stimulation rate on MDTs is level-dependent, with better MDTs at low rates for low levels, 

but no consistent rate effect at high levels. The experiments described in section 2.3.3 showed 

that the effect of stimulation rate on speech perception was inconsistent and highly subject-

dependent. However, nearly all of those speech perception experiments were done at high 

levels, where less effect of stimulation rate has been found for MDTs. Therefore, our study in 

Chapter 3 hypothesized that low rates would lead to better speech perception at low levels, 

due to improved transmission of temporal modulations.  
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Table 2.1 The gap in the literature that leads to the study in Chapter 3. 

 Modulation Detection Thresholds Speech Perception 

High Levels No consistent effect of rate No consistent effect of rate 

Low Levels Low rates are better ? ? ? 

 

2.4 Temporal Integration Model 

An electrical hearing model has been developed to explain how central temporal 

integration can account for many temporal processing phenomena. Versions of the model 

have been used to explain psychophysical results related to the effect of interpulse intervals 

on loudness (McKay and McDermott, 1998), loudness of modulated stimuli (Francart et al., 

2014; McKay and Henshall, 2010), and AMDTs (McKay et al., 2013). In the model, the 

neural excitation elicited by each pulse is summed in a sliding integration window that 

weights the activity occurring at different times. The output of the integrator is used to 

determine decisions about perception based on set criteria. The temporal integration model 

motivated the experiments presented in Chapters 4 and 5, so the model is essential 

background information for this thesis. This chapter will discuss the development of the 

temporal integration model, and then go into a detailed description of the steps in the model.  

2.4.1 Development of the Temporal Integration Model  

  McKay and McDermott (1998) measured and modelled the effect of interpulse 

intervals on perceived loudness for CI users. By having subjects balance the loudness of 

single-channel pulse trains with differing interpulse intervals, they were able to develop a 

loudness model that uses the temporal characteristics of the stimulation pattern to predict 

loudness. The method modelled neural excitation evoked by each stimulus pulse as a function 

of current level, and the effects of the neural refractory recovery period. The values 
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representing neural excitation were then summed over a 7 ms sliding temporal integration 

window, consistent with models of loudness for acoustic hearing (Moore and Glasberg, 1996; 

Moore et al., 1997; Oxenham and Moore, 1994). McKay et al. (2001) extended this model to 

include loudness summation effects across channels. Psychophysical tests were performed to 

identify the effects of stimulation rate, electrode separation, current level, and mode of 

stimulation, which were incorporated into the model. In the new model, after excitation is 

integrated over a 7 ms window, the specific loudness in each channel is calculated by a 

subject-specific loudness growth function, and the specific loudness can be summed across 

channels. Due to the time-consuming process of measuring subject-specific parameters, 

McKay et al. (2003) developed a more practical model that assumes that the average effect of 

electrode separation is negligible, as found in McKay et al. (2001). In this model, the 

loudness contribution of each pulse is calculated as a function of the measured loudness 

growth function for that particular electrode and the current level. The loudness of each pulse 

is then summed across electrodes over the integration window. McKay et al. (2013) showed 

that the TI model parameters could be adjusted to model MDTs and TMTFs of CI users.    

 Francart et al. (2014) also extended the practical loudness method to time-varying 

stimuli, by combining McKay’s (2003) practical loudness model with Glasberg and Moore’s 

(2002) time-varying loudness model for acoustic hearing. Loudness balancing tests were 

performed for time-varying stimuli in order to identify the optimal temporal integration 

window duration for both models. They found that the best results were obtained when 

estimating short-term loudness with McKay’s model  (2 ms temporal window, attack time of 

2 ms, and release time of 40 ms) and long-term loudness according to Glasberg and Moore 

(2002). 
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2.4.2 Temporal Integration Model Steps 

The model takes any stimulation pulse train as an input. First, each pulse in the pulse 

train is converted from current level steps to electrical current in microamps. Next, the neural 

excitation elicited by each pulse is predicted using a power function with exponent S. Over 

small changes in electrical level, it has been shown that current is related to loudness by a 

power function, whose exponent increases with increasing level (McKay et al., 2003). The 

parameter for predicting neural excitation from electrical level, the S-value, is subject-

specific and level-dependent.  The effects of neural refractoriness and adaptation in pulse 

train stimuli of different rates should also be taken into account (McKay et al., 2013). 

Once the neural excitation is predicted for every pulse, the final step in the model is to 

apply a temporal integration window. The characteristics of the integration window are 

similar to those in normal acoustic hearing models (Moore and Glasberg, 2004; Oxenham and 

Moore, 1994; Oxenham, 2001; Plack et al., 2002), with an equivalent rectangular duration of 

7 ms, and exponential functions accounting for forward masking and backward masking: 

W(t) = (1 – w)*exp(t/Tb1) + w*exp(t/Tb2) , t<0 

W(t) = exp(-t/Ta), t>=0 

W(t) is the weight applied at time t relative to the peak of the function, Ta and Tb1 are short 

time constants related to temporal resolution of the auditory system, Tb2 is a longer time 

constant that accounts for forward masking and stimulus duration effects, and w is the 

relative weighting of the short and long time constants. Consistent with McKay et al. (2003), 

and with TI window parameters from acoustic hearing TI models (Oxenham, 2001; Plack et 

al., 2002), generalized values of Ta=3.5 ms, Tb1=4.6ms, Tb2=16.6 ms, and w=0.17 were used 

in our studies (Appendix B, and experimental design of Chapter 5). 
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 An example of the temporal integration model applied to an amplitude modulated 

stimulus is shown in Figure 2.6.  

 

Figure 2.6 Temporal integration window applied to an amplitude modulated stimulus. 

 

The time varying current levels are converted to time-varying neural excitation values, 

which are summed by a temporal integration window, resulting in a model output that 

represents the perceived temporal envelope.   

2.4.3 Rate Modulation 

Rate modulation has most commonly been used to encode fundamental frequency 

information, taking advantage of the temporal aspects of pitch. CI users perceive an 

increasing pitch as pulse rates are increased up to 300 pps (Eddington et al., 1978; Simmons, 

1966; Tong and Clark, 1985; Townshend et al., 1987; Zeng, 2002). Beyond this upper 

boundary, increases in pulse rate normally do not lead to corresponding increases in pitch, 

although in rare cases individuals can perceive pitch changes up to 1000 pps (Landsberger 

and McKay, 2005; Townshend et al., 1987).  

Increases in rate above 300 pps do, however, result in an increasing perception of 

loudness. A wide body of research shows that for static signals, increased stimulation rates 

increase the loudness of a signal (Arora et al., 2009; Battmer et al., 2010; Buechner et al., 

2010; Di Lella et al., 2010; Friesen et al., 2005; Holden et al., 2002; Holmes et al., 2012; 

Kreft et al., 2004; Loizou et al., 2000; McKay and McDermott, 1998; McKay et al., 2001; 
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McKay et al., 2003; Park et al., 2012; Plant et al., 2007; Shannon, 1985; 1989; Shannon et 

al., 2011; Simmons, 1966; Vandali et al., 2000; Weber et al., 2007). However, no studies 

have explored whether this relationship between rate and loudness can be used to encode the 

time-varying intensity of signals. 

An implication of the temporal integration model discussed in the last section is that 

temporal characteristics, such as stimulation rate, could potentially be used to encode 

temporal envelopes. As the rate increases, the number of pulses in the temporal integration 

window increases, causing an increase in the model output. Since both rate modulation (RM) 

and AM result in modulation at the output of the temporal integration window, both may 

produce similar auditory sensations for CI users if a decision metric for detection of 

modulation is based on the integration output (Figure 2.7). 

 

Figure 2.7 Temporal integration model applied to both an AM and an RM stimulus. 

 

A study by Luo and Fu (2007) supported the idea that a common temporal integration 

mechanism underlies RM and AM detection. Their experiment showed that applying AM at 

the same time as RM, but with different modulation frequencies, interfered with the RM 

detection. They suggested that RM and AM at least partly share a common coding 

mechanism in the central auditory system that involves temporal integration. 

Other studies suggest the presence of an additional perceptual mechanism that is 

sensitive to interpulse interval information. A study by Fielden et al. (2014) found that the 

discrimination of interpulse intervals did not worsen at low levels compared to high levels. 
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Interpulse interval discrimination refers to a CI user’s ability to detect differences in temporal 

pulse patterns. In the reference stimulus, the interpulse intervals alternated between 1 ms and 

9 ms. In the test stimulus, the interpulse intervals alternated between 1 + Δt ms and 9 – Δt ms. 

Subjects in the study of Fielden et al. (2014) were able to differentiate between loudness-

balanced pulse trains containing different interpulse intervals equally well at a high 

presentation level (70% of the dynamic range) and a low presentation level (30% of the 

dynamic range). The mean noticeable difference for Δt at all levels was around 3 ms, 

corresponding to a pulse train whose interpulse intervals constantly alternated between 4 ms 

and 6 ms. 

RM detection can theoretically be achieved via a central temporal integration 

mechanism as described above or via a mechanism sensitive to neural spike intervals. 

Sinusoidal RM detection was measured by Chen and Zeng (2004) in 3 CI users. RM 

detection thresholds (RMDTs), which were measured as the difference between the peak rate 

and the central rate, were proportional to the central rate. They increased from 10 Hz at a 

central rate of 75 pps to 100 Hz at a central rate of 1000 Hz. No effect of level on RMDTs 

was observed between levels of 70% of the DR and 30% of the DR. Since AM detection 

greatly deteriorates at lower levels, these results suggest that the central auditory processing 

involved in the tasks in the Fielden et al. (2014) and the Chen and Zeng (2004) studies may 

not be the same as that involved in an AM detection task. Using RM rather than, or as well 

as, AM to encode temporal envelopes could be advantageous, because RM may be detectable 

by an additional or alternative mechanism that encodes neural spike intervals. This additional 

mechanism may provide a perceptual advantage, if it limits the deterioration of modulation 

detection with decreasing level. 

Alternatively, central temporal integration may be the underlying mechanism behind 

the results of the Fielden et al. (2014) and the Chen and Zeng (2004) studies, and the 
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perception of AM and RM may be solely dependent upon the time-varying integrated charge 

delivery, and not the precise timing of when that charge is delivered. Figure 2.8 illustrates 

two competing hypotheses behind AM and RM perception: 

 

Figure 2.8 Diagrams describing two separate hypotheses for mechanisms underlying AM and 

RM perception. The first hypothesis is that the temporal integration mechanism and pulse 

timing mechanism are separate. Alternatively, the temporal integration mechanism underlie 

both modulation types. 

 

In the first hypothesis, the temporal integration and pulse timing mechanisms are 

separate perceptual mechanisms. Fixed-rate AM signals would not provide any information 

relating to the pulse timing mechanism, and would only be perceivable by the temporal 

integration mechanism. RM signals would be perceived by both the temporal integration 

mechanism, and the pulse timing mechanism. Therefore, the use of RM to encode temporal 

envelopes could potentially provide an additional perceptual dimension to pulse trains in CI 
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speech processors. The second hypothesis is that the temporal integration mechanism is the 

primary perceptual mechanism, and that the perception of pulse timing information depends 

upon the output of the temporal integration window, and would therefore only be possible for 

very low rates. In this scenario, perception of temporal modulations would be independent of 

the modulation method used. 

2.4.4 The Gaps that lead to the Chapter 4 and Chapter 5 studies       

The study presented in Chapter 4 measured modulation detection thresholds in the same 

subjects using AM and RM, which allowed us to compare the psychophysical limits of rate 

modulation detection to amplitude modulation detection for the first time. RMDTs and 

AMDTs have been measured in separate studies before, but they have not been measured in 

the same subjects, making it difficult to compare the two modulation methods. By observing 

the effects of modulation frequency and presentation level on the AM and RM detection 

thresholds, we were able to learn more about the perceptual mechanisms that were discussed 

in the previous section. We were also able to investigate whether there are perceptual 

advantages to either modulation type. It was predicted that RMDTs would show the same 

pattern of level and modulation frequency effects as AMDTs, if they share the same 

mechanisms. Alternatively, if the mechanism which detects RM utilizes an additional 

interpulse interval cue, it was hypothesized that RMDTs would not show the same level 

effects as AMDTs. 

The study presented in Chapter 5 utilized simultaneous AM and RM to encode the 

temporal envelopes in speech. We extended the RM coding of single-electrode, sinusoidal 

envelopes in Chapter 4 to multiple-electrode speech envelopes in Chapter 5. Furthermore, we 

used a novel speech processing strategy to keep the amount of AM fixed while varying the 

amount of RM, in order to investigate whether AM and RM could constructively combine to 
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encode speech envelopes. It was hypothesized that increased amounts of RM would enhance 

the perception of temporal envelopes, leading to better speech perception.   

2.5 Objectives for Experiments 

Experiment 1: The Effect of Presentation Level and Stimulation Rate on Speech Perception 

and Modulation Detection for Cochlear Implant Users 

Experiment 1 addressed the first aim of this thesis, to assess the effect of presentation 

level and stimulation rate on speech perception and modulation detection for cochlear implant 

users. The research applied to the broad aim of improving CI speech perception by 

identifying stimulation rates which provide perceptual advantages in certain listening 

conditions. Many studies have examined the effect of stimulation rate on speech perception, 

generally finding that rate effects are minimal and highly subject-dependent. Nearly all of 

those studies were performed at comfortably loud presentation levels. Psychophysical speech 

correlates, such as modulation detection thresholds, have been shown to significantly 

improve at low rates compared to high rates, particularly for low level stimuli. We 

hypothesized that, if speech perception was highly causally dependent on modulation 

detection thresholds, then speech perception would be significantly better for low rates at low 

presentation levels compared to high rates at low presentation levels. The novel aspects of 

this study were to measure the effect of stimulation rate on speech perception across several 

presentation levels, and to measure modulation detection thresholds in the same subjects to 

observe whether stimulation rate effects on speech perception were associated with improved 

temporal information transmission.    

Experiment 2: Rate Modulation Detection Thresholds for Cochlear Implant Users 

Experiment 2 addressed the second aim of this thesis, to investigate the detection of 

rate modulation, and to learn more about the potential perceptual mechanism(s) underlying 
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rate modulation detection. Amplitude modulation and rate modulation detection thresholds 

were measured and compared for different modulation frequencies and presentation levels. It 

was hypothesized that if AM and RM were detected by a common perceptual mechanism, 

that they would exhibit similar effects of modulation frequency and presentation level on 

detection thresholds. Alternatively, if RM detection utilized a separate perceptual mechanism 

that was sensitive to interpulse timing cues, it was hypothesized that the patterns of results 

would be different between AM and RM detection. With respect to the broad aim of 

improving CI speech perception, this research was important because it provided essential 

information about RM perception that could be applied in RM-based speech processing 

strategies. The study represented the first psychophysical evaluation of AM and RM 

detection in the same CI users.  

Experiment 3: Encoding Speech in Cochlear Implants Using Rate Modulation 

Experiment 3 addressed the final aim of the thesis, to encode temporal envelopes of speech in 

cochlear implants using rate modulation. The experiment evaluated speech perception using a 

novel processing method that encoded amplitude envelopes in speech using simultaneous 

AM and RM. The amount of AM was held constant, while the amount of RM was varied, to 

evaluate whether AM and RM could constructively combine to enhance the perception of 

temporal envelopes in the speech signal and improve speech perception. It was hypothesized 

that speech perception would improve with increased RM amounts, due to a better 

representation of the temporal information in speech. While experiment 2 identified RM as a 

tool that could be used to encode temporal speech envelopes, this experiment actually utilized 

that tool and showed that RM and AM could constructively combine in a CI speech 

processing strategy. The experiment directly addressed the primary objective of the thesis, to 

improve CI speech perception through better transmission of temporal speech information. 
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3.1 Abstract 

In order to improve speech understanding for cochlear implant (CI) users, it is important 

to maximize the transmission of temporal information. The combined effects of stimulation 

rate and presentation level on temporal information transfer and speech understanding remain 

unclear. The present study systematically varied presentation level (60, 50, and 40 dBA) and 

stimulation rate (500 and 2400 pulses per second per electrode (pps)) in order to observe how 

the effect of rate on speech understanding changes for different presentation levels. Speech 

recognition in quiet and noise, and acoustic amplitude modulation detection thresholds 

(AMDTs) were measured with acoustic stimuli presented to speech processors via direct 

audio input (DAI). With the 500 pps processor, results showed significantly better 

performance for CNC words in quiet, and a reduced effect of noise on sentence recognition. 

However, no rate or level effect was found for AMDTs, perhaps partly because of amplitude 

compression in the sound processor. AMDTs were found to be strongly correlated with the 

effect of noise on sentence perception at low levels. These results indicate that AMDTs, at 

least when measured with the CP910 Freedom speech processor via DAI, explain between-

subject variance of speech understanding, but do not explain within-subject variance for 

different rates and levels.  
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3.2 Introduction 

The perception of temporal amplitude modulations is critical for speech understanding. 

Cochlear implant (CI) users are especially reliant upon temporal information in speech, due 

to the limited spectral resolution of the CI. In order to transmit temporal information, CI 

processors separate the incoming acoustic signal into several frequency bands, each allocated 

to a specific electrode in the implanted array. In the most common signal processing 

strategies, the electrodes are activated with fixed-rate biphasic pulse trains, which are 

amplitude-modulated by the temporal envelope of their respective frequency band. The aim 

of the present study was to examine the effect of stimulation rate on speech perception for CI 

users, and to determine how the effect of rate on speech understanding changes for different 

presentation levels.         

In the following, the stimulation rate is stated as the rate programmed in the sound 

processor, corresponding to the maximum rate on each active electrode, with units of pulses 

per second (pps).There is a wide range of available stimulation rates in current processors, 

from rates as low as 200 pps, to rates as high as 5000 pps. Assuming equal sampling rates of 

the microphone signal (typically around 16 kHz) and similar envelope extraction methods, 

high stimulation rates provide more detailed sampling of the temporal envelope than low 

stimulation rates. High rates also promote stochastic responses in auditory neurons 

(Rubinstein et al., 1999), reducing unnatural phase locking observed in rates below 800 pps 

(Dynes and Delgutte, 1992). However, the presumed advantages of high stimulation rates 

may be offset by increased channel interaction (McKay et al., 2005; Middlebrooks, 2004) or 

higher variation in perceived loudness cues (Azadpour et al., 2015).  

Many studies have examined the effect of stimulation rate on speech perception for CI 

users, with variable results. Using the CIS stimulation strategy, both Kiefer et al. (2000) and 
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Loizou et al. (2000) observed improved word and consonant recognition as pulse rates 

increased from 250 – 2000 pps. However, using the same strategy, Lawson et al. (1996) 

showed no effect of pulse rate for rates from 250 – 2525 pps, and Fu and Shannon (2000) 

only showed improved speech performance up to 150 pps, with insignificant differences for 

pulse rates from 150 - 500 pps.  

Using the ACE stimulation strategy, Holden et al. (2002) tested rates between 720 and 

1800 pps at presentation levels of 50, 60, and 70 dB SPL. While better group mean scores 

were measured for sentence recognition at 50 dB SPL using the high rate of 1800 pps 

compared to the low rate of 720 pps, all other presentation levels and speech tests (phonemes, 

words) showed no significant rate effects. Friesen et al. (2005) measured phoneme, word, and 

sentence recognition with the Clarion, Clarion II, and Nucleus 24, all using the CIS strategy. 

Rates from 200 – 5000 pps were compared and no significant differences were found 

between rates. Similarly, Weber et al. (2007) found that rates between 500 and 2500 pps had 

no influence on speech recognition scores for monosyllables or sentences, when using the 

ACE strategy on the Nucleus Freedom processor.  

In a longitudinal study, Plant et al. (2007) tested the Nucleus 24 processor with the ACE 

strategy, and found that rate preference was highly subject dependent. Subjects chose a 

medium stimulation rate between 1200 and 1400 pps, and a high stimulation rate between 

2400 and 3200 pps, and then completed speech perception tests and reported their 

preferences. Of 15 subjects, 5 preferred the medium rate, 8 preferred the high rate, and 2 were 

undecided. Only 2 subjects performed better in tests of both CNC words and CUNY 

sentences with the higher rate. Arora et al. (2009) tested the CI24 Contour implant with the 

ESPirit 3G Processor, and also found results were subject dependent. Group mean scores 

were significantly better for medium rates of 500 pps and 900 pps than for the low rate of 275 

pps. Of 8 subjects, 3 were best at 500 pps, 3 at 900 pps, and 2 showed no significant 
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difference between 500 and 900 pps. Shannon et al. (2011) came to similar conclusions, 

showing that for pulse rates from 600 – 5000 pps, CNC words and IEEE sentences in quiet 

and in noise had similar results across rates. They used the Advanced Bionics CII Processor 

with the CIS strategy. Park et al. (2012) showed significant rate effects with Korean 

sentences, with subjects performing better at the low-mid rate of 900 pps than the high rate of 

2400 pps using the Nucleus 24 processor and the ACE strategy.   

Nearly all of the above studies used presentation levels between 60 dB SPL and 70 dB 

SPL, which output currents in the upper half of the electrical dynamic range. At these high 

levels, there has been little rate effect shown in either speech, or in psychophysical correlates 

of speech, such as modulation detection thresholds and temporal modulation transfer 

functions. However, at lower levels (below 50% of the dynamic range), in studies using 

direct electrical stimulation, low rates consistently lead to better modulation detection 

thresholds than high rates (Fraser and McKay, 2012; Galvin III and Fu, 2005; Galvin and Fu, 

2009; Green et al., 2012; Pfingst et al., 2007). Since modulation detection thresholds have 

been shown to correlate with speech perception ability (De Ruiter et al., 2015; Fu, 2002; 

Gnansia et al., 2014; Luo et al., 2008; Won et al., 2011), similar rate effects for speech at low 

levels could be hypothesized. That is, since modulation detection improves with low rates 

compared to high rates at low levels, it is of interest whether speech perception also improves 

for low rates compared to high rates at low levels.  

Park (2012) and Holden (2002) are the only researchers to perform speech recognition 

tests at levels below 60 dB SPL, and have obtained conflicting results. Holden did not 

observe consistent differences in speech understanding between the high rate of 1800 pps and 

the low rate of 720 pps, but some subjects had better speech perception in noise at the higher 

rate for the 50 dB SPL stimulus. Park (2012), however, used presentation levels of 45 dB 
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SPL, and found that subjects consistently performed better on Korean sentences and 

phonemes with the lower rate of 900 pps compared to the higher rate of 2400 pps. 

The present study systematically varied presentation level and stimulation rate in order to 

observe how the effect of rate on speech understanding changes for different presentation 

levels. Word recognition in quiet, the effect of noise on sentence perception, and acoustic 

amplitude modulation detection thresholds (AMDTs) were measured. All measurements were 

performed using novel speech processor MAPs with rates of 500 pps and 2400 pps, at 

presentation levels of 40 dBA, 50 dBA, and 60 dBA. A two-way repeated measures analysis 

of variance (ANOVA) was used to test whether there was an interaction effect between 

stimulation rate and presentation level. It was hypothesized that speech understanding would 

be poor at the high rate compared to the low rate, only for stimuli at the lower level.   

3.3 Methods 

3.3.1 Participants 

Nine postlingually deafened adult CI users completed the study. Participants were 

recruited from the clinical population of the Royal Victorian Eye and Ear Hospital. 

Permission to conduct the studies was obtained from the Human Research and Ethics 

Committee of the Royal Victorian Eye and Ear Hospital, and each participant provided 

written informed consent. Participants were tested over the course of four to five sessions of 

1-2 hours. Details about the participants are described in Table 3.1. 
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Table 3.1 Relevant information about the cochlear implant users who participated in the study. 

 Gender Age 

(years) 

Duration of 

hearing loss 

before 

implantation 

(years) 

Duration 

of implant 

use 

(years) 

Etiology Usual 

Stimulation 

Rate 

(pps/electrode) 

P1  Male 44 5 5  Unknown, 

Genetic 

900 

P2  Male 57 23  7 Unknown, 

Genetic 

900 

P3  Male 70 13 7 Unknown, 

Genetic 

900 

P4  Female 64 10  6  Unknown 900 

P5  Male 78 23  15  Genetic 250  

P6  Male  73 14  1.5  Chronic ear 

infections 

900 

P7  Female 65 16  5 Unknown, 

progressive 

hearing loss  

900 

 

 

P8  Male  73 1 5  Partially 

due to noise 

exposure, 

the rest 

unknown 

900 

P9 Female 66 20  12  Genetic 900 

 

3.3.2 Equipment 

Participants were fit with the same CP910 Freedom Speech Processor. Two MAPs were 

created: Experimental MAP 1 with a rate of 500 pps, and Experimental MAP 2 with a rate of 

2400 pps. The experimental MAPs used the ACE strategy with 6 maxima, pulse width of 25 
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μs, and interphase gap of 8.4 μs. The number of maxima was reduced from the clinical 

standard of 8 in order to keep the pulse width and interphase gap constant between the 

experimental MAPs (a pulse width of 25 μs with 8 maxima is unavailable for the rate of 2400 

pps in the CI fitting software).    

The standard clinical procedure at the Royal Victorian Eye and Ear Hospital was used to 

create the experimental MAPs. Threshold (T) and Comfort (C) levels were measured for each 

electrode at both the 500 pps and 2400 pps rate. Loudness balancing was performed both at C 

levels and at 70% of the dynamic range (DR), using three-electrode sweeps across the array. 

Participants were asked whether the loudness of the stimulation at each electrode was the 

same, and T and C levels were adjusted accordingly. More specifically, C-levels were 

adjusted during loudness balancing at C-level, and T-levels were adjusted during loudness 

balancing at 70% of the DR. Finally, to ensure that both experimental MAPs were balanced 

in loudness, 50 dB SPL Bamford-Kowal-Bench (BKB) sentences (Bench et al., 1979) were 

presented for both stimulation rates. C-levels were further adjusted to ensure that both 

experimental programs were loudness balanced. In order to have more control over the 

presentation level and processing of the stimuli, Adaptive Dynamic Range Optimization 

(ADRO), Autosensitivity Control (ASC), SmartSound iQ, Background Noise Reduction, 

Wind Noise Reduction, and Beamforming were all disabled.  

The sensitivity was fixed at the default value of 12 for both experimental programs. The 

sensitivity control determines the minimum acoustic level in each channel that is mapped to 

the electrical T-level in that channel. The minimum acoustic level is both frequency-

dependent and signal-dependent.  At a sensitivity of 12, the minimum acoustic level for pure 

sine tones is 13 dB SPL for channels 1 through 8 (center frequencies 7438 down to 2875 Hz), 

and rises to 30 dB SPL at a slope of approximately 6 dB/octave for channels 9 through 22 

(center frequencies 2300 down to 250 Hz). At the 40 dBA presentation level, some low level 
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envelope cues were below the level that results in perceptible stimulation, which likely 

reduced the listeners’ ability to understand speech in this condition. The sensitivity control 

also determines an upper acoustic threshold, above which all envelope levels are mapped to 

electrical C-level. This upper threshold is 40 dB above the minimum acoustic level in each 

channel. At the 60 dBA presentation level, the upper acoustic threshold would cause some 

high level envelope cues to be compressed, possibly affecting speech perception and 

modulation detection at this level.    

The volume was fixed at 6 for the fitting and testing of both experimental MAPs. The 

volume control raises or lowers the electric C-levels by a certain percentage of the DR. 

Fixing the volume at 6 for both fitting and testing ensured that the fitted C-levels for each 

experimental MAP remained unaltered through the duration of the experiment.   

The participants’ clinical MAP was not tested, because there would be a clear preference 

for the stimulation rate with which they are accustomed. The intent of this acute study was to 

observe immediate effects of altering the stimulation rate. The high rate of 2400 pps and low 

rate of 500 pps were chosen because they are above and below the usual rate of 900 pps for 

all participants, with the exception of P5, who uses a 250 pps clinical MAP. Thus both 

experimental MAPs were novel for all the participants.    

3.3.3 Stimuli and Procedure 

All speech and psychophysical stimuli were presented using the direct audio input of the 

CP910 Freedom processor in order to prevent the use of residual hearing. The presentation 

level to the direct audio input was calibrated to ensure that the output of the processor was 

equivalent for the same acoustic stimulus through the microphone input and direct audio 

input.   



66 
 

3.3.3.1 Speech Perception 

Speech intelligibility was evaluated using Consonant-vowel Nucleus-Consonant 

(CNC) words in quiet and BKB sentences in quiet and in competing multi-talker babble 

noise. The CNC material comprised two lists, each containing 150 words recorded by a male 

Australian speaker. Each of the two 150-word lists comprised 50 different words at 3 

presentation levels: 40 dBA (low), 50 dBA (mid-low), and 60 dBA (mid-high). The order of 

the words and levels in each list was randomized. For each test, the word list was selected at 

random, and no list was repeated for any subject. The participants were given one short 

practice list (16 words) with their clinical MAP before testing began. The participants were 

asked to repeat each word immediately after it was presented, and they were scored on 

correct phonemes identified out of a total of 150 phonemes at each level. They were tested 

with the two experimental MAPs (500 pps and 2400 pps).   

The BKB sentences comprised one list of 640 sentences, each sentence containing 

three key words, recorded by an Australian male speaker. The participants were given one 

practice trial of 16 sentences with each experimental MAP before testing began. Aside from 

the practice lists, no other training was provided to participants for the novel MAPs. In order 

to minimize learning effects, the comparisons made in this study only were between equally 

novel MAPs, and the order of the testing was methodically varied among participants. Half of 

the participants began the study with the 500 pps MAP, and the other half began the study 

with the 2400 pps MAP. The MAPs were then alternated after every trial. Sentences were 

selected at random, and no sentence was repeated during any test for any subject.  

Participants were first presented with 32 sentences in quiet at each presentation level 

and each rate, in order to establish a baseline score in each condition. The participants were 

asked to repeat as many words as they could in each sentence. An adaptive procedure was 

used to assess the effect of competing noise on each listener’s ability to understand the 
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sentences. The target SNR was the SNR at which the participant correctly identified 70% of 

the words that they recognized in the corresponding quiet conditions. SNR70% was measured 

(as in McKay and Henshall (2002) and McDermott et al. (2005)), as opposed to speech 

reception threshold (SNR for 50% correct), so that the measure reflected the effect of noise 

on speech perception rather than the perception of speech in noise.  If the same target percent 

correct were used for every participant, then the results would be highly influenced by each 

participant’s speech score in quiet. Initially the SNR was set to +15 dB. The speech was fixed 

at the level used in the quiet condition, and the noise level was adapted to change the SNR. In 

each trial, the subject was given three sentences, with a total of 9 key words. After each 

sentence, the subject repeated as many words as they could, and were scored on correct 

keywords out of three. After three sentences, a score out of nine keywords was calculated. If 

they received a score higher than 70% of their quiet condition score, the SNR was lowered; 

conversely, if they received a score lower than 70% of their quiet condition score, the SNR 

was raised. The SNR was changed in steps of 5 dB until two reversals were obtained, then 

steps of 3 dB until six more reversals were obtained. The final SNR to achieve 70% of the 

words in quiet condition (SNR70%) was the average of these last 6 reversals. SNR70% was 

evaluated for 3 presentation levels (40, 50, and 60 dBA) and 2 rates (500 pps and 2400 pps). 

3.3.3.2 Acoustic Modulation Detection Threshold Estimation 

AMDTs were measured at presentation levels of 60 dBA and 40 dBA using the 500 

pps and the 2400 pps MAP. Stimuli were presented through the direct audio input of the 

CP910. Sinusoidal modulation was applied using Equation 3.1: 

𝑁𝑀𝑜𝑑 = 𝑁𝑃𝑖𝑛𝑘(1 + 𝑀𝐷𝑒𝑝𝑡ℎ cos  (2𝜋 𝑡 𝑓𝑚𝑜𝑑))      (3.1) 

NMod represents the modulated pink noise, and NPink represents the unmodulated pink noise. 

The MDepth variable represents the modulation index, which was varied between 0.001 
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(essentially no modulation, -60 dB relative to 100% modulation) and 1 (full modulation, 0 dB 

relative to 100% modulation). The fmod variable represents the modulation frequency and t 

represents time. The MAPs used for measuring AMDTs were the same as the 500 pps and 

2400 pps experimental MAPs explained before, but with only the six lowest frequency 

channels activated (electrodes 17-22). The CP910 requires at least 12 channels out of 22 to be 

enabled when programming a MAP, so the 6-channel MAPs were created by disabling 

channels 7-16, and setting the T and C levels of channels 1-6 to zero. This process resulted in 

an automatic reassignment of the frequency allocation in the processor. The bin widths for 

channels 17-21 were expanded from 125 Hz to 250 Hz, while the bin width for channel 22 

remained 125 Hz. The range of center frequencies for channels 17-22 was expanded from 

150-875 Hz to 150-1500 Hz.  The pink noise stimuli were lowpass filtered with a 4
th

 order 

Butterworth filter at 1500 Hz so that channels 1-6 were never selected as maxima in the ACE 

processing scheme. Recordings of the pulse parameters at the output of the speech processor 

verified that the stimulation rates for the 12-channel MAPs remained 500 pps and 2400 pps 

on electrodes 17-22. In this way, only channels 17-22 were activated by the noise stimuli. 

Using the 6-channel MAPs removed the effect of modulation on electrode selection, isolating 

modulation sensitivity as the factor influencing the AMDT measurement.  

Once the 6-channel MAPs were created, loudness balancing was performed to ensure 

that the unmodulated stimuli were the same loudness as the modulated stimuli for each 

presentation level and stimulation rate. McKay and Henshall (2010) showed that modulated 

stimuli are perceived as louder by CI users than unmodulated stimuli with the same average 

current level. Therefore loudness cues can be used when identifying the modulated stimulus 

among unmodulated stimuli, rather than actual modulation detection. In the loudness 

balancing procedure, we presented a reference (unmodulated) and a test (modulated) stimulus 
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to the participant, with controls to turn the level of the test stimulus up or down, in large steps 

of ±2 dB and small steps of ±0.5 dB.  

Two trials of loudness balancing were performed at each of the presentation levels of 

60 dBA and 40 dBA, stimulation rates of 500 pps and 2400 pps, and modulation depths of 

0.05, 0.1, 0.2, and 0.4 (-26, -20, -14, and -8 dB relative to 100% modulation, respectively). 

The level of the test stimulus started at a random value 3-7 dB below the reference for trial 1, 

and 3-7 dB above the reference for trial 2. For trial 1, participants were asked to raise the 

level of the test stimulus in 2 dB steps until it was louder than the reference stimulus, and 

then to lower the level in 0.5 dB steps to make the stimuli match in loudness. For trial 2, 

participants were asked to lower the level of the test stimulus in 2 dB steps until it was quieter 

than the reference stimulus, and then to raise the level in 0.5 dB steps to make the stimuli 

match in loudness. The average of the final levels in the two trials was used to determine the 

level at which the stimuli were balanced. Interpolation was used in the adaptive AMDT 

procedure to determine the amount of stimulus level adjustment required as a function of 

modulation depth, similar to Galvin et al. (2014), to keep the modulated and unmodulated 

stimuli equal in loudness. 

For the AMDT measurement, a three interval forced choice, adaptive two-down one-

up procedure was used. Using this method, the modulation depth at which the participant 

correctly identified the modulated stimulus 71% of the time (Levitt, 1971) was found. Stimuli 

were all 500 ms bursts of modulated or unmodulated noise. The modulation frequency was 

10 Hz, which is representative of temporal envelope cues in speech (Rosen, 1992). The 10 Hz 

modulated stimulus went through exactly 5 cycles between highest and lowest levels over the 

course of a 500 ms stimulus. During each trial, participants were presented with two 

unmodulated stimuli and one modulated stimulus in a randomized order, separated by 500 ms 

silence, with the task of identifying the modulated stimulus. If the subject correctly identified 
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two modulated stimuli in a row, the modulation depth was reduced. If the subject incorrectly 

identified a modulated stimulus once, the modulation depth increased. For the first two 

reversals, a step size of ±6 dB re 100% modulation was used. For the next six reversals, a 

step size of ±2 dB re 100% modulation was used. The AMDT was determined by averaging 

the last six reversals.  

In addition to applying the interpolated loudness balance to the modulated stimulus in 

each trial, level jitter in each interval was applied to remove the influence of any remaining 

loudness cues. The amount of jitter was determined for each subject using the variance in 

loudness balancing trials, and by the method explained in Dai and Micheyl (2010) when 

using a three-interval oddity forced choice task. The maximum 95% confidence interval of 

the standard error between the two loudness balancing trials across the different conditions 

was used to determine jitter range. Across all subjects and conditions, the minimum jitter 

range used was ±0.25 dB and the maximum jitter range used was ±2.2 dB. 

3.4 Results 

Figure 3.1 shows CNC phoneme scores for different stimulation rates and presentation 

levels. A two-way repeated measures analysis of variance (ANOVA) was performed to assess 

the effect of stimulation rate and presentation level on speech perception. The ANOVA 

revealed a significant effect of level (F(2,16)=59.86, p < 0.001), with participants achieving 

better scores at louder levels. There was also a small but significant effect of rate 

(F(1,16)=5.94, p = 0.019), with speech understanding better at low rates. The rate effect was 

particularly evident at the lower level, where 7 out of 9 participants achieved a higher score 

with the low rate than with the high rate. However, no interaction effect between rate and 

level was found (F(2,16)=1.43, p=0.251).  While the low rate advantage is statistically 

significant, it is not likely to be clinically significant. The maximal mean difference (across 
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subjects) between CNC phoneme scores for the high rate and low rate occured at a 

presentation level of 40 dBA, and was only 6 percentage points. In addition, one participant 

(P6) used a very low clinical stimulation rate of 250 pps in his usual processor, as opposed to 

the middle stimulation rate of 900 pps for the other participants, and their results may have 

been better for 500 pps simply because it was closer to what they were accustomed to. When 

the results from this participant were removed, the repeated measures ANOVA revealed no 

significant difference between rates (F(1,14)=3.15, p = 0.085).  

 

Figure 3.1 Mean CNC phoneme scores compared to stimulation rate and presentation level 

for 9 participants. The error bars represent ±1 standard error of the mean. 

Table 3.2 shows the sentence in quiet scores for each participant in each condition. 

For the clean sentences, a significant effect of rate (F(1,16)=4.36, p=0.043) and level 

(F(2,16)=3.89, p=0.029) was found, with a slight advantage for the lower rate especially at 

low levels. Figure 3.2 shows the SNR70% for different stimulation rates and presentation 

levels. The repeated measures ANOVA revealed a significant effect of rate for SNR70% 

(F(1,16)=11.56, p=0.002), with the lower rate of 500 pps consistently leading to better 

SNR70% than the higher rate of 2400 pps. The effect remained significant (F(1,14)=7.51, p = 
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0.007) when the participant who uses a 250 pps clinical pulse rate was removed. This rate 

effect became more pronounced as the level was lowered from 60 dBA to 40 dBA, with the 

mean difference between SNR70% for the different rates increasing from 0.8 dB to 2.5 dB.  

However, the ANOVA showed no interaction effect between rate and level (F(2,16)=0.99, 

p=0.380). No significant effect of level was found (F(2,16)=1.51,  p=0.233), which was 

expected; sentences in quiet scores were worse at low levels compared to high levels, so the 

70% target was lower for the low levels than for the high levels.  

Table 3.2 Sentences in quiet score for each participant and each condition. Scores are the number of 

words correct out of 100.  

 60 dBA, 

500 pps 

60 dBA, 

2400 pps 

50 dBA, 

500 pps 

50 dBA, 

2400 pps 

40 dBA, 

500 pps 

40 dBA, 

2400 pps 

P1 100 100 100 100 100 98 

P2 100 99 100 99 97 98 

P3 91 89 98 93 97 74 

P4 80 78 81 79 63 76 

P5 98 94 99 91 78 81 

P6 100 98 98 96 95 91 

P7 100 99 100 97 100 99 

P8 84 86 93 87 88 67 

P9 46 53 48 36 64 47 
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Figure 3.2 Mean Signal to noise ratio (SNR) required to achieve 70% of the sentences in 

quiet score, versus stimulation rate and presentation level for 9 participants. The error bars 

represent ±1 standard error of the mean. 
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Figure 3.3 shows AMDTs for different stimulation rates and presentation levels, with 

error bars representing ±1 standard error of the mean for each condition. Again, a two-way 

repeated measures ANOVA was used to assess the effect of stimulation rate and presentation 

level on AMDT. For this task, no significant effect of rate (F(1,8)=0.12, p=0.729), level 

(F(1,8)=0.68, p=0.417), or interaction between rate and level (F(1,8)=1.16, p=0.293) was 

found.  

 

Figure 3.3 Mean acoustic modulation detection thresholds, versus stimulation rate and 

presentation level for 9 participants. The error bars represent ±1 standard error of the mean. 
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Figure 3.4 shows the Pearson correlation analyses of AMDTs with CNC phoneme 

scores  . Only one significant correlation was found between AMDT and CNC phoneme 

score, at a presentation level of 60 dBA and a pulse rate of 2400 pps (R = -0.761, p = 0.018). 

However, this correlation is mainly driven by an outlier who found the modulation detection 

task particularly difficult. When this outlier is removed, the correlation becomes insignificant 

for all conditions. 

 

Figure 3.4 Pearson correlation analyses between CNC phoneme scores and AMDTs for 9 

participants, at different stimulation rates and presentation levels. 
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Figure 3.5 shows the Pearson correlation analyses of AMDTs with SNR70%. 

Significant correlations were found between AMDT and SNR70% for all conditions. At the 

high levels, the correlations were mainly driven by the same outlier mentioned above. When 

the outlier was removed, the correlations at the high levels became insignificant. However, at 

the low level, correlations remained significant for both the 500 pps and 2400 pps stimulation 

rate (R=0.86 and P=0.006 for both rates), indicating a strong relationship between SNR70% 

and AMDTs. 

 

Figure 3.5 Pearson correlation analyses between SNR70% and AMDTs for 9 participants, at 

different stimulation rates and presentation levels. 
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3.5 Discussion 

The results suggest that there was some advantage for low rates compared to high rates, 

particularly in noisy conditions. There was a consistent and significant effect of rate for 

SNR70%, in favor of the 500 pps rate. While there was a trend for the low-rate advantage to 

increase at low levels, as we hypothesized, no significant interaction between rate and level 

was found for any stimulus.  

However, the low rate advantage of SNR70% cannot be attributed to better detection of 

modulations in the acoustic stimulus at low rates compared to high rates. Despite the 

correlation between AMDTs and SNR70% scores, there was no significant difference between 

AMDTs at high and low rates at either level. The lack of degradation in AMDTs with 

stimulus level (in contrast to MDTs measured with direct stimulation) was consistent with 

Won et al. (2011), who found no significant difference between AMDTs at 75 dBA, 65 dBA, 

and 50 dBA using acoustic stimulation through the processor. In contrast, when using direct 

electrical stimulation for MDT measurement, lower levels have consistently led to worse 

MDTs, with the low rate generally outperforming the high rate at low levels (Chatterjee and 

Oba, 2005; Fraser and McKay, 2012; Fu, 2002; Galvin III and Fu, 2005; Galvin and Fu, 

2009; Pfingst et al., 2007; Pfingst et al., 2008; Zhou and Pfingst, 2014). 

One reason for AMDTs not getting worse at low levels was that there were two stages of 

compression in the CI signal processor that potentially influenced temporal modulations at 

high input levels. Each of these compression stages was analyzed to assess their influence on 

the results. In the Freedom speech processor, the first stage of compression was an automatic 

gain control (AGC) which operated across all channels. In order to test whether or not the 

AGC was active during our experiment, a test MAP was created that was similar to the MAPs 

used for the AMDT measurement. Electrodes 17-22 were active and set with T-levels at 150 
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and C-levels at 200. Electrodes 7-16 were inactive. Electrodes 2-6 were active, but with T 

and C levels set to zero. Electrode 1 was active, with a T-level of 150 and a C-level of 200. A 

test stimulus was created by adding a constant low-level 7063 Hz sinusoid (center frequency 

of channel 1) to a modulated noise stimulus with a depth of -6 dB re 100% modulation. The 

noise was lowpass filtered with a 4
th

 order Butterworth filter at 1500 Hz so that channels 2-6 

were never selected as maxima in the ACE processing scheme. The 7063 Hz probe sine tone 

caused an approximately constant level pulse train at channel 1 of the processor output when 

the AGC was not active. When the AGC was active, the gain control reduced the level of the 

probe sine tone during peaks in the modulation cycle. The upper panel of figure 3.6 shows the 

output of channel 19, which was activated by the modulated noise stimulus (at a modulation 

depth of -6 dB re 100% modulation), for different presentation levels. The lower panel of the 

same figure shows the output of channel 1, which was activated by the low-level 7063 Hz 

probe sine tone. Even at a modulation depth of -6 dB re 100% modulation, which was well 

above the modulation detection threshold for 8 of the 9 participants, the AGC only began to 

activate when the noise was centered at 68 dBA. Therefore, for our high level stimuli 

centered at 60 dBA, the AGC did not influence the results.  
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Figure 3.6 Speech processor outputs at channel 19 (625 Hz center frequency, upper panel) 

and channel 1 (7063 Hz center frequency, lower panel), for a 500 ms test signal of 10 Hz 

modulated noise, lowpass filtered at 1500 Hz, plus a constant 7063 Hz sine tone. The 

modulation depth of the noise was -6 dB re 100% modulation. 

 

The next compression stage was the nonlinear mapping from acoustic level to 

electrical level in each individual channel in the speech processor. The mapping was 

influential at high levels, where all acoustic envelope levels above a certain upper threshold 

were mapped to C-level. In order to measure the mapping from acoustic level to electrical 

level, a 625 Hz sine tone (center frequency of channel 19) was delivered through the direct 

audio input at a range of presentation levels from 20  - 75 dB SPL in steps of 2 dB. For each 

625 Hz sine acoustic input level, the electrical output of electrode 19 was recorded (figure 

3.7).  
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Figure 3.7 Electrical output level at electrode 19 (625 Hz center frequency) for different 

acoustic input levels of a 625 Hz sine tone. 

 

The nonlinearity in the mapping meant that for the same modulation depth of an 

acoustic modulated noise stimulus, the resulting electrical stimulation had different electrical 

modulation depths at different levels. In order to quantify this effect, pulse trains at a 

modulation depth of 0.2 (-14 dB re 100% modulation) were measured from the output of the 

processor at presentation levels of 60 dBA and 40 dBA. This modulation depth was chosen 

because it was around the average AMDT measured across conditions. The processor was 

programmed with a test MAP with a stimulation rate of 500 pps and with all T-levels set to 

150 CL steps and C-levels set to 200 CL steps.  The average peak to valley difference in 

current level steps was approximated by taking the difference between the 95
th

 percentile and 

the 5
th

 percentile of current level step values during the stimulus. Values were expressed as 

percentage of the DR (%DR) in Table 3.3. For acoustic stimuli of equal modulation depth, 
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the electrical modulation depths were greater at 40 dBA than at 60 dBA. The increase in 

modulation depth at the output of the processor for low compared to high input levels may 

have been offset by the decreased modulation sensitivity at low levels, leading to no effect of 

level for equal modulation depth at the acoustic input.  

Table 3.3 Average peak to valley current level step differences, measured as the difference 

between the 95
th

 percentile and 5
th

 percentile of current level steps in the modulated noise 

pulse train. Values are expressed as a percentage of the dynamic range, and in current level 

steps for a test MAP with all T-levels set to 150 CL steps and all C-levels set to 200 CL steps. 

Stimulus Electrode 17 Electrode 19 Electrode 21 

60 dBA, mod depth 0.2 24.0% DR  

12.0 CL steps 

28.0% DR 

14.0 CL steps 

35.2% DR 

17.6 CL steps 

40 dBA, mod depth 0.2 37.2% DR 

18.6 CL steps 

35.6% DR  

17.8 CL steps 

38.0% DR 

19.0 CL steps 

 

The compression associated with CI signal processing explained the lack of level 

effect for AMDTs, but did not explain the lack of effect of rate on AMDTs. One reason no 

effect of rate was found may be that at higher rates, the electrical DR was larger. 

Consequently, an acoustic input with a particular modulation depth was mapped to a larger 

electrical modulation depth for the high rate of 2400 pps than for the low rate of 500 pps. 

This effect would counteract the increased modulation sensitivity at low rates compared to 

high rates reported in direct electrical MDTs (Galvin III and Fu 2005, Pfingst, Xu et al. 2007, 

Galvin and Fu 2009, Fraser and McKay 2012, Green, Faulkner et al. 2012)). Fraser and 

McKay (2012) expressed direct electrical MDTs as a proportion of the DR, showing that the 

effect of stimulation rate was reduced, and that the higher rate of 2400 pps only led to 

file://///prometheus/user$/brochiet/Thesis%20Rough%20Draft%202.docx%23_ENREF_12
file://///prometheus/user$/brochiet/Thesis%20Rough%20Draft%202.docx%23_ENREF_28
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significantly poorer MDTs at the low level of 40% of the DR and high modulation frequency 

of 150 Hz.  

Another key difference between AMDTs and direct electrical MDTs is the number of 

active channels, which could also explain the lack of effect of rate on AMDTs measured 

through the CI processor.  Usually, measurements of direct electrical MDTs have only 

activated one electrode at a time, while measurements of AMDTs in the present study 

activated six adjacent channels at a time. The adjacent channels stimulated partly overlapping 

nerve fibre populations. Since the electrodes were activated in an interleaved fashion, the 

overall pulse rate on the overlapping nerve fibre population was higher than the low rate of 

500 pps, and even higher for the high rate of 2400 pps. In studies that compared direct 

electrical MDTs with different stimulation rates, significant differences were only observed 

between low rates (<800 pps) and high rates (>1000 pps), while there was generally no 

significant difference in MDTs between high rates above 1000 pps (Galvin and Fu, 2009; 

Green et al., 2012). The increased number of active channels for AMDT measurement 

through the speech processor could have reduced the advantage for low rates compared to 

high rates using direct electrical, single-channel MDT measurement, because the stimulation 

of overlapping nerve fibre populations by six adjacent channels effectively raised the 

stimulation rates being compared in this study by up to six-fold. 

Another noteworthy finding from the present study was the strong correlation between 

low level AMDTs and SNR70%. A reason for the strong correlation may have been the 

similarity between identifying modulations in noise and perceiving speech in noise. When 

unmodulated noise was passed through the speech processor, modulations inherent in the 

noise were encoded. These inherent modulations made the modulation detection task more 

difficult. In order to identify modulation in a noise stimulus, the listener needed to be able to 

distinguish a specific sinusoidal modulation among many random modulations on each active 
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electrode. Similarly, in order to perceive speech in noise, the listener needed to be able to 

differentiate modulations in the target speech from modulations in the background noise. 

These temporal abilities could have been particularly important at low levels, where the 

spectral representation of speech was worse because low-amplitude speech cues were not 

encoded. 

3.6 Conclusion 

The effect of noise on speech understanding was greater at high rates compared to low 

rates. Despite the correlation between AMDTs and SNR70%, better SNR70% with the lower 

rate cannot be attributed to better detection of modulations in the acoustic stimulus at the 

lower rate. This result would indicate that while detection of modulations in the acoustic 

stimulus can be used to explain differences between subjects, it cannot be used to explain 

differences within the same subject for different rate and level conditions. If the correlation 

between AMDTs and speech perception represents a causal relationship, speech processing 

strategies aimed toward improving the detection of temporal modulations could improve 

speech perception for CI users. However, this study suggests that the adjustment of 

stimulation rate, regardless of level, does not improve the detection of modulations in the 

acoustic stimulus presented through the speech processor.  
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4.1 Abstract 

The perception of temporal amplitude modulations is critical for speech understanding by cochlear 

implant (CI) users. The present study compared the ability of CI users to detect sinusoidal modulations of 

the electrical stimulation rate and current level, at different presentation levels (80% and 40% of the 

dynamic range) and modulation frequencies (10 Hz and 100 Hz). Rate modulation detection thresholds 

(RMDTs) and amplitude modulation detection thresholds (AMDTs) were measured and compared to assess 

whether there was a perceptual advantage to either modulation method. Both RMDTs and AMDTs 

improved with increasing presentation level and decreasing modulation frequency. RMDTs and AMDTs 

were correlated, indicating that a common processing mechanism may underlie the perception of rate 

modulation and amplitude modulation, or that some subject-dependent factors affect both types of 

modulation detection.  
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4.2 Introduction 

It is important to maximize the transmission of temporal information to improve speech outcomes for 

cochlear implant (CI) users. In most CI speech processors, the implanted electrodes are activated with a 

fixed-rate biphasic pulse train whose current level is modulated by the temporal envelope of the assigned 

acoustic frequency band. In this study, we examined the potential for using rate modulation (RM) to transmit 

temporal envelope information. The primary aim of the study was to measure how well RM is perceived by 

CI users, and how the perception of RM changes with presentation level and modulation frequency. Further, 

we compared the patterns of results between amplitude modulation (AM) detection and RM detection.  

A number of studies have shown that the ability to detect amplitude modulations in temporal 

envelopes is correlated with speech recognition among CI users (Brochier et al., 2017; De Ruiter et al., 

2015; Fu, 2002; Gnansia et al., 2014; Luo et al., 2008; Won et al., 2011). Researchers have investigated the 

effects of many stimulation parameters on AM detection threshold (AMDT) performance, including current 

level, stimulation rate, and modulation frequency. All studies agree that AMDTs are best at high current 

levels and low modulation frequencies (Busby et al., 1993; Chatterjee and Oba, 2005; Chatterjee and 

Oberzut, 2011; Fraser and McKay, 2012; Fu, 2002; Galvin III and Fu, 2005; Galvin III et al., 2014; Galvin 

and Fu, 2009; Galvin et al., 2014; Pfingst et al., 2007; Pfingst et al., 2008; Shannon, 1992; Shannon et al., 

1995; Zhou and Pfingst, 2014).  

Typically, a CI encodes temporal amplitude modulations in each frequency band by varying the 

current level of a fixed-rate pulse train at the electrode assigned to that frequency band. An electrical hearing 

model has been developed to explain how central temporal integration can account for many temporal 

processing phenomena, including AM detection (McDermott et al., 2003; McKay and McDermott, 1998; 

McKay et al., 2001; McKay et al., 2013) . In the model, the neural excitation elicited by each pulse is 

summed in a sliding integration window that weights the activity occurring at different times. The 

characteristics of the integration window are similar to those in normal acoustic hearing models (Oxenham 

and Moore, 1994; Oxenham, 2001; Plack et al., 2002), with an equivalent rectangular duration of 7 ms, and 

exponential functions accounting for forward masking and backward masking.  
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An implication of this electrical hearing model is that temporal characteristics, such as variations in 

stimulation rate, could potentially be used to encode acoustic temporal envelopes. Since both RM and AM 

result in modulation at the output of the temporal integration window, both may produce similar auditory 

sensations for CI users. A study by Luo and Fu (2007) supported the idea that a temporal integration 

mechanism underlies RM and AM detection. Their experiment showed that applying AM at the same time 

as RM, but with different modulation frequencies, interfered with the RM detection. They suggested that 

RM and AM at least partly share a common coding mechanism in the central auditory system that involves 

temporal integration. 

Other studies suggest the presence of an additional mechanism that is sensitive to interpulse interval 

information. A study by Fielden et al. (2014) found that the discrimination of interpulse intervals did not 

worsen at low levels compared to high levels. Interpulse interval discrimination refers to a CI user’s ability 

to detect differences in temporal pulse patterns, and requires precise coding of neural spike intervals. In the 

reference stimulus, the interpulse intervals alternated between 1 ms and 9 ms. In the test stimulus, the 

interpulse intervals alternated between 1 + Δt ms and 9 – Δt ms. Subjects in the study of Fielden et al. 

(2014) were able to differentiate between loudness-balanced pulse trains containing different interpulse 

intervals equally well at a high presentation level (70% of the dynamic range) and a low presentation level 

(30% of the dynamic range). The mean noticeable difference for Δt at all levels was around 3 ms, 

corresponding to a pulse train whose interpulse intervals constantly alternated between 4 ms and 6 ms. 

RM detection can theoretically be achieved via a central temporal integration mechanism as 

described above or via a mechanism sensitive to neural spike intervals. Sinusoidal RM detection was 

measured by Chen and Zeng (2004) in 3 CI users. RMDTs, which were measured as the difference between 

the peak rate and the central rate, were proportional to the central rate. They increased from 10 Hz at a 

central rate of 75 pps to 100 Hz at a central rate of 1000 Hz. No effect of level on RMDTs was observed 

between levels of 70% of the DR and 30% of the DR. Since AM detection greatly deteriorates at lower 

levels, these results suggest that the central auditory processing involved in the tasks in the Fielden et al. 

(2014) and the Chen and Zeng (2004) studies may not be the same as that involved in an AM detection task. 
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Using RM rather than, or as well as, AM to encode temporal envelopes could be advantageous, because RM 

may be detectable by an additional or alternative mechanism that encodes neural spike intervals. This 

additional mechanism may provide a perceptual advantage, if it limits the deterioration of modulation 

detection with decreasing level. 

In this study, RMDTs and AMDTs were measured for presentation levels of 80% DR and 40% DR 

and modulation frequencies of 10 Hz and 100 Hz. A two-way repeated measures analysis of variance 

(ANOVA) was used to test the effect of level and modulation frequency on RMDTs and AMDTs. A strong 

effect of level and modulation frequency was expected for AMDTs, based on results from past literature. It 

was hypothesized that RMDTs would show the same pattern of level and modulation frequency effects as 

AMDTs, if they share the same mechanisms. Alternatively, if the mechanism which detects RM utilizes an 

additional interpulse interval cue, it was hypothesized that RMDTs would not show the same level effects as 

AMDTs.  

4.3 Methods 

4.3.1 Participants 

Seven postlingually deafened adult CI users completed the study. Participants were recruited from 

the clinical population of the Royal Victorian Eye and Ear Hospital. Permission to conduct the studies was 

obtained from the Human Research and Ethics Committee of the Royal Victorian Eye and Ear Hospital, and 

each participant provided written informed consent. Participants were tested over the course of three to four 

sessions of 2 hours. Details about the participants are described in Table 4.1. 
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Table 4.1 Relevant information about the cochlear implant users who participated in the study. 

 Gender Age 

(years) 

Duration of hearing 

loss before 

implantation (years) 

Duration of 

implant use 

(years) 

Implant Type Etiology  

P1  Male 78 23  15  CI24M Genetic 

P2  Male  75 42 7  CI24RE Unknown, 

progressive 

hearing loss 

P3   Male 57 23  7 CI24RE Unknown, 

Genetic 

P4  Female 65 16  5 CI24RE Unknown, 

progressive 

hearing loss  

P5  Male 44 5 5  CI512 Unknown, 

Genetic 

P6 Male 70 13 7 CI24RE Unknown, 

Genetic 

P7 Female 70 60 3 CI24RE Measles 

4.3.2 Equipment 

Psychophysical procedures were performed and behavioural responses were recorded using ImpResS 

software. The software interfaced with the implant using a SPEAR research processor (Azadpour and 

McKay, 2012; Fraser and McKay, 2012). Pulse parameters were defined in the software and sent directly to 

the implant using a radio frequency link. The responses of each participant were collected using a response 

box.  

4.3.3 Stimuli and Procedure 

The stimuli consisted of biphasic pulse trains, each 500-ms in duration. Each biphasic pulse had a 

phase duration of 26 μs and an interphase gap of 8.4 μs. The mode of stimulation was monopolar (MP1 + 2), 

and the active electrode was electrode 14. A reference stimulation rate of 1200 pps was used for all stimuli. 

The electrical current values are reported in clinical current-level units (CL steps). For the CI24M implants 
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each CL step represents a 0.176 dB change in current, and for the CI24RE and CI512 implant each CL step 

represents a 0.157 dB change in current.     

The maximum comfortable loudness (MCL) for the 1200 pps unmodulated stimulus was found by 

presenting the stimulus with an ascending sequence of single CL steps. The subject was instructed to 

indicate on a loudness category scale the point at which the stimulus was ‘too loud.’ The MCL was set as the 

level one CL step below the ‘too loud’ point. The threshold level (T-level) for the same stimulus was 

measured using an adaptive two-interval forced choice, two-down one-up procedure. In each trial, the 

participant was presented with two 500-ms intervals: one of silence, and one containing a 1200-pps pulse 

train. One of two buttons on the response box was lit during each time interval. The participant was asked to 

identify the interval that contained the sound by pressing the associated button, and to guess when they were 

unsure. This procedure was carried out until 8 CL reversals were obtained. Until the first two reversals, a 

step size of 4 CL steps was used, and for the last six reversals, a step size of 2 CL steps was used. The 

threshold was calculated as the mean of the last six reversals.  

4.3.3.1 Reference Stimulus 

The level for the unmodulated, 1200 pps reference stimulus was set using the measurements of MCL 

and T-level. Dynamic range (DR) was calculated as the difference between MCL and T-level in CL units. 

For the ‘high level’ stimuli, the reference stimulus was set at a current level of 80% of the DR. For the ‘low 

level’ stimuli, the reference stimulus was set at a current level of 40% of the DR.  

4.3.3.2 Rate Modulated Stimuli 

For the rate modulated stimuli (example shown in Figure 4.1), the stimulation rate was modulated 

sinusoidally on a ratio scale around the central stimulation rate of 1200 pps. At maximum modulation depth 

used in this experiment the rate varied between 2400 pps (double the central rate) and 600 pps (half the 

central rate). At zero modulation depth, the rate stayed fixed at 1200 pps.  

Modulation frequencies of 10 Hz and 100 Hz were used. These modulation frequencies were chosen 

because they represent temporal envelope cues at 10 Hz, and periodicity cues at 100 Hz (Rosen, 1992).  
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Since the stimulus duration was 500 ms, the 10 Hz modulated stimuli went through exactly 5 cycles between 

highest and lowest rate, and the 100 Hz modulated stimuli went through exactly 50 cycles between highest 

and lowest rate. RM was applied using Equation 4.1: 

𝑅𝑎𝑡𝑒 = 𝐶𝑒𝑛𝑡𝑟𝑎𝑙 𝑅𝑎𝑡𝑒 ×  2𝑀𝑜𝑑𝐷𝑒𝑝𝑡ℎ cos (2 𝜋 𝑡 𝑓𝑀𝑜𝑑)            (4.1) 

The ModDepth variable represents the modulation depth and the fMod variable represents modulation 

frequency. At each time instant in the stimulus, the calculated rate was inverted to find the period. The 

biphasic pulse duration (2*pulse width + interphase gap) was subtracted from the period, giving a calculated 

interpulse delay (silent delay between pulse offset and next pulse onset). ImpResS software built the pulse 

trains pulse-by-pulse, so the same biphasic pulses were used throughout the stimulus while varying the 

interpulse interval to control the rate. A set of stimuli that differed in values of the ModDepth variable 

between 1 (leading to rate variation between double and half the reference rate) and 0 (no modulation) were 

used to obtain psychometric functions for RMDTs for each participant and each condition. 

 

Figure 4.1 Sinusoidal temporal envelopes were encoded using amplitude modulated pulse trains (left) and 

rate modulated pulse trains (right). 

4.3.3.3 Amplitude Modulated Stimuli 

 For amplitude modulated stimuli (example shown in Figure 4.1) a fixed stimulation rate of 1200 pps 

was used. The electrical current (in µA) was modulated sinusoidally. Again, modulation frequencies of 10 

Hz and 100 Hz were used. Sinusoidal AM was applied using the Equation 4.2: 

𝐶𝑢𝑟𝑟𝑒𝑛𝑡 = 𝑀𝑎𝑥 𝐶𝑢𝑟𝑟𝑒𝑛𝑡 − 𝑀𝑜𝑑𝐷𝑒𝑝𝑡ℎ (1 − cos(2 𝜋 𝑡 𝑓𝑀𝑜𝑑))             (4.2) 
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As with the rate modulated stimuli, the ModDepth variable represents the modulation depth and the fMod 

variable represents modulation frequency. The peak-to-peak modulation depth was first set in current level 

(CL) steps to avoid quantization of ModDepth, and then peak and valley CLs were converted to electrical 

current (in µA) to calculate currents for all pulses. The peak-to-peak modulation depth was varied between 1 

and 60 CL steps to obtain psychometric functions for AMDTs for each subject and each condition. 
 

4.3.3.4 Loudness Balancing 

Modulated stimuli are perceived as louder by CI users than unmodulated stimuli with the same 

average current (Chatterjee and Oberzut, 2011; Galvin III et al., 2014; McKay and Henshall, 2010). 

Therefore, it was necessary to loudness balance each modulated stimulus to the unmodulated reference 

stimulus for each condition. Each modulated stimulus of differing modulation depth was loudness balanced 

to the unmodulated reference stimulus. During the experiments, the reference stimulus was set to the level 

corresponding to either 80% or 40% of the DR, and the loudness-balanced level was applied to the 

modulated stimuli.  

Each loudness-balanced level was measured using an adaptive two-interval forced choice, one-up 

one-down procedure. In each trial, the participant was presented with two 500-ms intervals: one containing 

the modulated stimulus, and one containing the unmodulated reference stimulus. One of two buttons on the 

response box was lit during each time interval. The participant was asked to identify the interval that 

sounded louder by pressing the associated button, and to guess when they were unsure. Two rounds of 

loudness balancing were measured for each modulated stimulus. In the first round, the level of the reference 

stimulus was fixed at 80% or 40% DR. If the modulated stimulus was chosen as the louder sound, its level 

was reduced, and if it was not chosen as the louder sound, its level was increased. This process was 

continued until 8 reversals were obtained. The step size was 4 CL steps until the first two reversals, and 2 

CL steps for the last six reversals. In the second round, the modulated stimulus was fixed at the measured 

loudness-balanced level from the first round, and the process was repeated with the reference stimulus being 

adjusted in each trial until 8 reversals were obtained.  In each round, the difference between the reference 
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level and modulated level was calculated. The final loudness-balanced level for the modulated stimulus was 

calculated from the average difference between modulated and unmodulated stimuli in the two rounds.  

4.3.3.5 Applying Level Jitter 

In addition to loudness balancing, level jitter was applied to remove the influence of any remaining 

loudness cues. The necessary current level jitter was calculated according to the standard error between the 

two rounds in the loudness balancing procedure, according to a method explained in Dai and Micheyl (2010) 

when using a three-interval oddity forced choice task. Separate jitter values were calculated for each 

presentation level, modulation frequency, modulation depth, and modulation method. The maximum jitter 

value across all modulation depths in each level/modulation frequency condition was used when obtaining 

the psychometric function. Across all subjects and conditions, the minimum jitter value used was ±1 CL 

step, and the maximum jitter value used was ±4 CL steps.  

4.3.3.6 Determining Detection Thresholds 

The method of constant stimuli was used to obtain psychometric functions for each carrier level, 

modulation frequency, and modulation method condition. Initially, the largest modulation depth to be tested 

in each condition was determined by playing the reference and modulated stimuli continuously in 

alternation, and incrementally raising the modulation depth until the participant could easily hear the 

difference between the two sounds. Then three additional smaller modulation depths were chosen between 

that modulation depth and zero modulation (for a total of four modulation depths), and each of the four 

modulated stimuli were then loudness balanced to the reference.  

For each condition, two rounds of testing were completed. In each round, 10 trials at each of the four 

loudness-balanced modulation depths were completed, for a total of 40 trials. These 40 trials were 

randomized in order. Overall, 80 trials were completed for each condition (two rounds of 40 trials). 

A three-interval forced choice task was used to assess modulation detection at the different 

modulation depths. Three stimuli in each trial were separated by 500-ms silent periods. One interval, 

randomly selected, contained the loudness-balanced modulated stimulus, while the other two intervals 
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contained unmodulated reference stimuli. The participant was instructed to choose the interval which 

contained the different stimulus, and to guess if they could not easily differentiate between the three stimuli. 

For each modulation depth and each condition, a score of percent correct out of 20 trials was obtained. The 

modulation detection threshold was defined as the modulation depth that led to 70% correct discrimination, 

estimated by linear interpolation. 

If the four chosen modulation depths did not complete the psychometric function after round 1 (i.e. 

there were not two modulation depths that led to 70% correct discrimination or greater, and two modulation 

depths that led to worse than 70% correct discrimination), a smaller (more difficult) or larger (less difficult) 

modulation depth was loudness balanced and added to round 2, as necessary. In that case, in the second 

round, 20 trials were completed for the new modulation depth, rather than 10 for the other modulation 

depths that had already been tested in the first round. When scores exceeded 70% correct at 1 CL 

modulation depth, the theoretical chance score of 33% at a modulation depth of 0 was used to interpolate a 

fraction of a CL for the 70% correct point.  

4.4 Results  

Psychometric functions for AM and RM detection for each participant in each condition are provided in the 

supplementary materials. 

4.4.1 Rate Modulation Detection Thresholds 

Figure 4.2 shows RMDTs for different presentation levels and modulation frequencies. The units 

refer to the ratio between the highest rate and lowest rate at the RMDT. At maximum modulation depth, the 

ratio was 4 (2400 pps/600 pps), and at the minimum modulation depth, the ratio was 1 (1200 pps/1200 pps). 

P1 found the task too difficult to complete for either modulation frequency or modulation method at 40% 

DR. These data were denoted as ‘missing values’ in the statistical analysis. At 40% DR for the 100 Hz 

modulation frequency, P4 achieved a score of 70% and P7 got a score of 65% at the highest modulation 

depth (ratio of 4). For the subsequent analysis, both were assigned an RMDT at the ratio of 4. A two-way 

repeated measures ANOVA, using a general linear model with subject as a random factor, was used to 
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assess the effect of presentation level and modulation frequency on RMDTs. A significant effect of level 

(F(1,6) = 10.03, p = 0.006) was found, with higher levels leading to better RMDTs. The effect of modulation 

frequency was also significant (F(1,6)=9.00, p = 0.008), with better RMDTs at the lower modulation 

frequency of 10 Hz.  

The ANOVA revealed a significant interaction effect between presentation level and modulation 

frequency (F(1,6) = 5.38, p = 0.034). The interaction was further analyzed by investigating the effect of 

modulation frequency separately for levels of 80% and 40% DR, using a post-hoc paired t-test. At 80% DR, 

there was no significant effect of modulation frequency on RMDTs (t = 1.10, p = 0.314), and at 40% DR, 

the effect of modulation frequency was modestly significant (t = 2.55, p = 0.051). The effect of level was 

also analyzed separately for each modulation frequency using a post-hoc paired t-test. A significant effect of 

level was found at both modulation frequencies of 10 Hz (t = 2.61, p = 0.048) and 100 Hz (t = 3.15, p = 

0.025). Overall, the interaction was due to the effect of level being greater at the higher modulation 

frequency and the effect of frequency being greater at the lower level. 

 

Figure 4.2 Rate modulation detection thresholds for different modulation frequencies and presentation 

levels. Individual subject data is shown along with the means in each condition (including P1 at 80% DR). 

Error bars represent ±1 standard error of the mean for each condition. 
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4.4.2 Amplitude Modulation Detection Thresholds 

Figure 4.3 shows AMDTs for different presentation levels and modulation frequencies. Each 

participant’s AMDT was calculated as the modulation depth at the detection threshold (in peak-to-peak 

current level steps), divided by their dynamic range, giving units in percentage of the dynamic range (%DR). 

A two-way repeated measures ANOVA, using a general linear model with subject as a random factor, was 

used to analyze the effect of presentation level and modulation frequency on AMDTs. Significant effects of 

presentation level (F(1,6) = 18.31, p = 0.001) and modulation frequency (F(1,6) = 7.68), p = 0.014) were 

found, with better AMDTs at the higher presentation level and lower modulation frequency.  

Ceiling effects were encountered for AMDTs at the high presentation level of 80% DR, due to the 

quantization of CL steps. The majority of subjects obtained a score greater than 70% discrimination at the 

lowest modulation depth (1 CL step) for modulation frequencies of 10 Hz (5 out of 7 subjects) and 100 Hz 

(4 out of 7 subjects) at 80% DR, and thus were assigned MDTs of less than 1 CL step. Therefore, the effect 

of modulation frequency at the higher level could not be assessed separately from the effect of modulation 

frequency at the lower level, making interaction effects difficult to assess. 

 

Figure 4.3 Amplitude modulation detection thresholds for different modulation frequencies and presentation 

levels. Individual subject data is shown along with the means in each condition (including P1 at 80% DR). 

Error bars represent ±1 standard error of the mean for each condition. 
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4.4.3 Correlation between RMDTs and AMDTs 

Figure 4.4 shows the Pearson correlation analysis of RMDTs and AMDTs. Significant correlations 

were found between RMDTs and AMDTs at 40% DR and modulation frequencies of 10 Hz (R = 0.915, P = 

0.010) and 100 Hz (R = 0.856, P = 0.030). For the data at 80% DR, no correlations were found, possibly due 

to ceiling effects for the AM stimuli. The strong relationship between RMDTs and AMDTs suggests that a 

common mechanism might be used to perceive RM and AM, or alternatively, that other subject-dependent 

factors influence both types of MDT. 

 

Figure 4.4 Pearson correlation analysis between RMDTs and AMDTs at 40% DR and modulation 

frequencies of 10 Hz (left panel) and 100 Hz (right panel). 

4.4.4 Correlation between Dynamic Range and MDTs 

Significant correlations were found between the electrical dynamic range and the RMDT at 40% DR 

with a modulation frequency of 10 Hz (R = 0.900, P = 0.014) and 100 Hz (R = 0.944, P = 0.005). The 

Pearson correlation analysis is shown in Figure 4.5. Participants with a higher dynamic range had better RM 

sensitivity at low levels. However, no significant correlations were found between RMDTs and DR at higher 

levels for modulation frequencies of 10 Hz (p = 0.471) or 100 Hz (p = 0.291). 
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Figure 4.5 Pearson correlation analysis between electrical dynamic range and RMDTs at 40% DR and 

modulation frequencies of 10 Hz (left panel) and 100 Hz (right panel). 

 

 Similarly, a strong correlation was found between the electrical dynamic range and the AMDT at 

40% DR with a modulation frequency of 10 Hz (R = 0.988, P < 0.001). At a modulation frequency of 100 

Hz, there was a trend towards a correlation, but it did not reach significance (R = 0.709, P = 0.114). The 

Pearson correlation analysis is shown in Figure 4.6. Due to ceiling effects, the correlations were not 

analyzed at 80% DR.   
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Figure 4.6 Pearson correlation analysis between electrical dynamic range and AMDTs at 40% DR and 

modulation frequencies of 10 Hz (left panel) and 100 Hz (right panel). 

 When Bonferonni corrections were applied to account for six multiple comparisons, only the 

correlation between DR and RMDT at 40% DR and 10 Hz became non-significant.  

4.5 Discussion 

The results showed that temporal envelopes can be transmitted through RM. Participants were able 

to differentiate between loudness-balanced fixed-rate pulse trains and rate modulated pulse trains. RMDTs 

exhibit similar rate and level effects to AMDTs, with modulation sensitivity increasing significantly at high 

presentation levels and low modulation rates.  

It was not possible to directly compare RMDTs and AMDTs in absolute terms, due to the 

fundamental differences between the units in which the two measures were defined. However, the similar 

effects of level and modulation frequency between the two modulation methods suggests that a common 

mechanism might be used by the central auditory system to perceive AM and RM, consistent with the 

conclusions of Luo and Fu (2007). Furthermore, RMDTs were strongly correlated with AMDTs, 

demonstrating that participants who were most sensitive to RM were also most sensitive to AM.  
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There was not a clear advantage for either modulation method over the other for any specific 

conditions, as MDTs for both methods were similarly affected by level and modulation frequency.  The 

similarities between AM and RM detection indicate that the main factor when perceiving temporal 

envelopes with CIs is the time-varying charge being delivered by the electrode, more so than the method by 

which the charge delivery is temporally modulated (by varying the current amplitude or the pulse rate). If 

the mechanism that detects RM utilizes an additional interpulse interval cue, it was hypothesized that the 

effect of level on RMDTs and AMDTs would be different. However, both RM and AM were affected 

similarly by presentation level. This result is consistent with a common mechanism that involves central 

temporal integration.  

 Fielden et al. (2014) showed that the perception of interpulse intervals did not worsen at low levels 

compared to high levels. However, the data from the present study show that RMDTs do worsen with lower 

levels. One main factor that may explain this discrepancy was the difference in methodology between the 

two experiments. As mentioned in the introduction, Fielden et al. (2014) found that subjects could 

distinguish between pulse trains which alternated interpulse intervals between 1 ms and 9 ms from pulse 

trains which alternated interpulse intervals between 4 ms and 6 ms. This task is roughly similar to 

distinguishing a pulse train of 100 pps (constant interpulse interval of 10 ms) from a pulse train of 200 pps 

(constant interpulse interval of 5 ms). Therefore, the results of Fielden et al. (2014) may be due to the 

relatively good rate discrimination at low rates. Since the present study uses a much higher central 

stimulation rate of 1200 pps, with rates never dropping below 600 pps, it is less likely that subjects could 

utilize the changing interpulse intervals. 

 Chen and Zeng (2004) observed a significant effect of modulation frequency on RMDTs at central 

rates of 500 pps and 1000 pps, consistent with the results of this study at a central rate of 1200 pps. 

However, they found no significant effect of level on RMDTs, in contrast to the results of the present study. 

A potential explanation for this difference could be that Chen and Zeng (2004) used mostly much lower 

central stimulation rates (75, 125, 250, 500, and 1000 pps) than the present study. Therefore, if subjects were 

able to utilize cues from the longer interpulse intervals (consistent with the use of the cues in the Fielden et 
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al. (2014) study) and those cues did not deteriorate with level, as proposed by Fielden et al. (2014), then an 

overall lack of effect of level may have been found in that study because of the low rates used. 

 Considering that the results of Chen and Zeng (2004) and Fielden et al. (2014) may have been due to 

low central stimulation rates, the present study provides evidence that RM and AM utilize a common 

temporal integration mechanism at higher central rates (>1000 pps), and that the additional interpulse 

interval cue in RM stimuli may only be useful at lower central rates.  

 The electrical dynamic range was correlated with both RMDTs and AMDTs at low levels, 

demonstrating another similarity between RM and AM. When AMDTs were expressed in CL steps, without 

normalizing with respect to DR, they were not correlated with DR. This non-correlation suggests that 

loudness growth slope is not an important determinant of AMDTs (in CL) at the low modulation frequencies 

that were tested in this study, a result analogous to the non-correlation of intensity difference limens with 

DR (Kreft et al., 2004). The significant correlation of AMDTs (in %DR) found in this study could therefore 

be due to the normalization to the %DR itself. The correlation of RMDTs with DR is of greater interest since 

there was no normalization with respect to DR. The fact that both RMDTs and AMDTs (in %DR) are 

correlated with DR may explain why the two detection thresholds are highly correlated with each other.  

Several factors could influence the relationship between RM sensitivity and DR, including spiral 

ganglion nerve (SGN) density, the temporal properties of the surviving SGNs, or the quality of the 

electrode-neuron interface. Previous research has suggested that higher DRs are associated with higher SGN 

cell counts. In two experiments relating psychophysical data to histopathology in monkeys implanted with 

CIs, it was shown that DR and SGN count were correlated (Pfingst et al., 1981; Pfingst and Sutton, 1983). In 

post-mortem histopathological examinations of five implanted human cochleas, Kawano et al. (1998) found 

that subjects with higher DRs also had higher SGN survival. However, Khan et al. (2005), also using post-

mortem histopathological examinations, found a negative correlation between SGN counts and DR in two of 

five subjects, and no relation between SGN and DR in the other three. It is likely that the relation between 

SGN survival and psychophysical measures, such as DR and RMDT, extends beyond the number of SGNs, 

and also relies upon the temporal and intensity coding properties of those neurons (Pfingst et al., 2015). 
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Kawano et al. (1998) also showed that the quality of the electrode-neural interface influenced DR, observing 

higher dynamic ranges as the distance to the modiolus was reduced. These results are consistent with those 

of (Cohen et al. (2001)), who used plain film radiographs to estimate the electrode positions in three CI 

recipients, and then performed psychophysical measurements on those electrodes. It was found that 

electrodes closer to the modiolus had higher DRs, and that people had better current level discrimination at 

these electrodes. If these relations between DR, SGN survival, and electrode-neural interface apply for the 

subjects in our experiment, then a combination of these factors could contribute to better RMDTs and 

AMDTs for subjects with higher DRs. For example, a higher density of SGNs with good temporal coding 

properties could lead to better RMDTs because there would be more neurons available to respond to each 

individual pulse in the RM stimulus. Therefore, the modulations would be more accurately represented by 

the auditory system.    

4.6 Conclusions 

RM was used to encode sinusoidal temporal envelopes on single-electrode pulse trains. CI users 

were able to perceive RM at modulation frequencies of 10 Hz and 100 Hz at presentation levels of 80% and 

40% DR. Both RMDTs and AMDTs improved with increasing presentation level and decreasing modulation 

frequency. The similar pattern of results, along with the strong correlation between RMDTs and AMDTs, 

indicates that a common temporal integration mechanism underlies the perception of RM and AM. RMDTs 

and AMDTs were both correlated with DR, suggesting that some subject-dependent factors, related to DR, 

might influence the correlation between RMDTs and AMDTs.  
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4.8 Supplementary Material 

 

Figure 4.7 Rate modulation detection psychometric functions for all subjects at 80% and 40% DR 

presentation levels and 10 Hz and 100 Hz modulation frequencies. The dashed line represents the 70% 

correct detection point, and the dotted line represents the upper limit of the chance score at 43%. 
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Figure 4.8 Amplitude modulation detection psychometric functions for all subjects at 80% and 40% DR 

presentation levels and 10 Hz and 100 Hz modulation frequencies. The dashed line represents the 70% 

correct detection point, and the dotted line represents the upper limit of the chance score at 43%. 
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5.1 Abstract 

To improve speech perception for cochlear implant (CI) users, it is essential to improve the transmission of 

temporal envelopes. The most common speech processors deliver temporal envelopes via the CI using fixed-

rate amplitude modulated (AM) pulse trains. Psychophysical studies suggest that rate modulation (RM) and 

AM are perceived by a shared temporal integration mechanism, but the potential for them to constructively 

combine to encode temporal envelopes has yet to be explored. In this experiment, a speech processing 

strategy called ARTmod (Amplitude and Rate Temporal modulation) was developed to encode speech 

temporal envelopes with simultaneous AM and RM. The strategy was tested for perception of clean speech 

at 60 dBA and 40 dBA, and 60 dBA speech in noise (+10 dB SNR). The amount of RM was varied and the 

amount of AM was held constant to determine whether the addition of RM could enhance the perception of 

temporal envelopes and improve speech understanding. At the lowest RM amount, speech scores were 

poorest for all speech conditions. For 60 dBA clean speech and speech in noise, speech scores were 

significantly better at the highest RM amounts, suggesting that RM combined with AM can be used to 

enhance perception of temporal envelopes.  
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5.2 Introduction 

Cochlear implants are a treatment option for people with severe to profound sensorineural hearing 

loss. Due to the low spectral resolution of the implant, CI users are especially reliant on temporal 

information to comprehend speech. Typically, CI speech processors encode temporal information by 

activating each implanted electrode with a fixed rate biphasic pulse train whose current level is modulated 

by the temporal envelope of the assigned acoustic frequency band. In this study, we evaluated a speech 

processing strategy that utilized simultaneous amplitude modulation (AM) and rate modulation (RM) to 

encode temporal envelopes of speech in quiet and in noise. The amount of RM was varied to determine 

whether the addition of RM can enhance the temporal speech cues and improve speech perception.  

Low frequency temporal envelope cues from a limited number of spectral channels are sufficient for 

speech understanding (Azadpour and McKay, 2014; Fishman et al., 1997; Friesen et al., 2001; Nie et al., 

2006), with the most important temporal cues occurring at frequencies below 20 Hz (Arai and Greenberg, 

1998; Fu and Shannon, 2000; Fu and Galvin III, 2001; Saberi and Perrott, 1999; Shannon et al., 1995; 

Shannon, 2002; Vandali et al., 2000). Several psychophysical studies have shown that the ability of a CI 

user to detect low frequency amplitude modulations is correlated with their speech perception ability 

(Brochier et al., 2017; De Ruiter et al., 2015; Fu, 2002; Garadat et al., 2012; 2013; Gnansia et al., 2014; Luo 

and Fu, 2007; Won et al., 2011). Limited access to low frequency temporal amplitude modulation cues may 

be one reason for poor speech outcomes for some CI users.   

Speech processing strategies that enhance low frequency amplitude modulations have led to 

improved speech perception for CI users (Azadpour and Smith, 2016; Geurts and Wouters, 1999; Holden et 

al., 2005; Koning and Wouters, 2016; Vandali, 2001). In general, these strategies detect onsets or peaks in 

the temporal envelope of each acoustic frequency band, and amplify those segments by increasing the 

current level.  

An electrical hearing model has been developed to explain the temporal processing capabilities of CI 

users (McKay and McDermott, 1998; McKay et al., 2001; McKay et al., 2003; McKay et al., 2013).  A key 

component of this model is central temporal integration, where the neural activity elicited by each pulse is 
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summed over time by a sliding temporal integration window with an equivalent rectangular duration of 7 

ms. The weighting of the window is determined by asymmetrical exponential functions that account for 

forward and backward masking, similar to acoustic hearing models (Oxenham and Moore, 1994; Oxenham, 

2001; Plack et al., 2002). Assuming that the output of the temporal integration window is used to encode 

envelope information, and because both RM and AM result in modulations at the output of the temporal 

integration window, both RM and AM could be used to enhance perception of low frequency temporal 

envelope information. 

Experiments investigating RM and AM on single electrodes support the idea that both modulation 

types may be detected by a common temporal integration mechanism, and that RM could be used to elicit 

similar percepts to AM. Luo and Fu (2007) measured rate modulation detection thresholds (RMDTs) at a 

modulation frequency of 10 Hz with and without simultaneous AM interference at a different modulation 

frequency.  RMDTs were significantly worse with simultaneous noisy AM, and with simultaneous 

sinusoidal AM at a modulation frequency of 20 Hz. These results showed that RM and AM interact with 

each other, suggesting that a common temporal integration mechanism may underlie RM and AM detection. 

Brochier et al. (2018) measured RMDTs and AMDTs in CI users. RMDTs and AMDTs were correlated, and 

both were best at low modulation frequencies and high presentation levels, providing further evidence that 

RM and AM may be perceived by a common temporal integration mechanism. 

The signal processing strategy presented in this paper, ARTmod (Amplitude and Rate Temporal 

modulation), encoded low frequency temporal envelopes with simultaneous AM and RM. The strategy 

encoded an additional temporal cue in the pulse trains on each electrode, with both AM and RM encoding 

the acoustic low-frequency envelope in each channel. This implementation of RM was not intended to 

encode temporal pitch information, as has been investigated in other studies (Arnoldner et al., 2007; 

Magnusson, 2011; Nie et al., 2005). Instead, ARTmod used RM and AM to encode the magnitude of the 

low frequency temporal envelope in each channel, where most of the useful speech information is encoded 

in temporal modulations below 20 Hz.  It was hypothesized that the additional RM encoding would enhance 

the perception of these low frequency envelopes in the speech signal, and hence improve speech perception.  
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The purpose of this experiment was to extend the investigation of RM perception from single-

electrode sinusoidal envelopes (Brochier et al., 2018) to multiple-electrode speech envelopes. The effect of 

RM was evaluated by measuring speech perception with an implementation of the ARTmod processing 

strategy that encoded speech envelopes using various amounts of RM in addition to a fixed amount of AM. 

Speech scores were measured in quiet at presentation levels of 60 dBA and 40 dBA, and in multi-talker 

babble noise at 60 dBA. It was hypothesized that speech scores would improve as the amount of RM was 

increased. 

5.3 Methods 

5.3.1 Participants 

Eight postlingually deafened adult CI users completed the study. Participants were recruited from the 

clinical population of the Royal Victorian Eye and Ear Hospital in Melbourne. Approval to conduct the 

studies was obtained from the Human Research and Ethics Committee of the Royal Victorian Eye and Ear 

Hospital, and each participant provided written informed consent. Participants were tested over the course of 

three to four sessions of 2 hours. Details about the participants are described in Table I. 

Table 5.1 Relevant information about the CI users who participated in the study. 

 Gender Age 

(years) 

Duration of  

hearing loss before 

implantation (years) 

Duration of 

implant use 

(years) 

Implant 

Type and 

Stimulation 

rate 

Etiology  

P1  Male 74 1 6 CI422 

900 pps 

Noise Exposure 

P2 

 

Male  75 42 7  CI24RE 

500 pps 

Unknown, progressive 

HL 

P3 

 

Male 44 5 5  CI512 

900 pps 

Genetic 

P4 

 

Female 39 15 4 CI24RE 

900 pps 

Genetic 

P5 

 

Female 66 20  12  CI24M 

900 pps 

Cerebral Palsy 

P6 

 

Male 57 23  7 CI24RE 

900 pps 

Unknown, Genetic 

P7 

 

Female 65 16  5 CI24RE 

900 pps 

Unknown, progressive 

HL 

P8 

 

Female 86 15 7 CI512 

900 pps 

Antibiotics for 

pneumonia 
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5.3.2 Equipment 

All speech stimuli were pre-processed offline in MATLAB. The Nucleus MATLAB Toolbox, 

provided by Cochlear Ltd., was used to implement signal processing procedures similar to the Cochlear 

Freedom CP900 series processor. The Nucleus Implant Communicator (NIC) streaming research platform, 

also provided by Cochlear Corporation, was used in conjunction with a Cochlear L34 Research Processor to 

deliver the processed stimuli to the participants. 

5.3.3 Processing Strategy 

Similar to most CI speech processing strategies, the ARTmod strategy converted a sampled audio 

signal to an electrical pulse sequence. A block diagram of the signal path is shown in Figure 1.  

 

Figure 5.1 Block diagram for the ARTmod speech processing strategy. 

The signal processing consisted of the following stages: front end processing, envelope extraction, pulse 

amplitude calculation, interpulse interval calculation, and pulse train collation. The front end processing, 

envelope extraction, and pulse amplitude calculation stages were the same as in the Advanced Combination 

Encoder (ACE) strategy (Wouters et al., 2015). The unique feature of the ARTmod processing strategy was 

the interpulse interval calculation stage. Unlike fixed-rate speech processing strategies, where the 

stimulation rate is kept constant, the ARTmod strategy applied RM by varying the time interval following 

each pulse along with the pulse amplitude according to the magnitude of the temporal envelope in each 

frequency band. The following sections describe each stage in detail. 
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5.3.3.1 Front End Processing 

The front end processing consisted of a gain stage, a microphone filter, and an automatic gain control 

(AGC). The gain stage was calibrated to ensure that the ARTmod strategy was operating on the same 

envelope magnitudes as the ACE strategy at presentations levels of 60 dBA and 40 dBA. The calibrated gain 

value was determined using test tones at the center frequency of each electrode in the array, and verified 

using a recorded spoken sentence. The microphone filter function emulated the frequency response of the 

Cochlear Freedom microphone, and the AGC function was identical to the AGC of the CP910 processor. 

Both functions were provided by the Nucleus MATLAB Toolbox.      

5.3.3.2 Envelope Extraction 

The envelope extraction phase was the same as that used in the ACE scheme. For the incoming audio 

signal sampled at 30kHz, the FFT was calculated at a rate of 15 kHz using a 128-point Hann window. The 

FFT magnitudes were summed in bins corresponding to center frequencies of 250, 375, 500, 625, 750, 875, 

1000, 1125, 1250, 1438, 1688, 1938, 2188, 2500, 2875, 3313, 3813, 4375, 5000, 5688, 6500, 7438 Hz. Each 

of the 22 bins represented an electrode in the implanted array. Once the FFT magnitudes were summed in 

bins, an exponential function known as the loudness growth function (LGF) was applied to convert the 

calculated magnitude to a transformed envelope magnitude value between 0 and 1. The LGF was 

characterized by three clinical parameters: base level, saturation level, and Q. The values of these parameters 

were kept at the default values used in the ACE processing strategy, which were 4/256 for the base level, 

150/256 for the saturation level, and 20 for the Q value. The base level and saturation level refer to the 

minimum and maximum acoustic levels in each frequency band that are encoded. Both are frequency-

dependent and signal-dependent. Due to the frequency response of the front-end processing, the base level 

for sine tones was 13 dB SPL for channels 1 through 8 (center frequencies 7438 down to 2875 Hz), and rose 

to 30 dB SPL at a slope of approximately 6 dB/octave for channels 9 through 22 (center frequencies 2300 

down to 250 Hz). The saturation level was 40 dB above the base level in each frequency band.  

FFT bin magnitudes equal to the base level were assigned a transformed envelope magnitude of 0, 

and FFT bin magnitudes equal to or greater than the saturation level were assigned a transformed envelope 
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magnitude of 1. The Q value determined the amount of curvature in the LGF, and FFT bin magnitudes 

between the base level and the saturation level were assigned a value between 0 and 1 accordingly.  If the 

FFT bin magnitude at a particular sample was less than the base level, that sample was assigned a small 

negative value, as a flag to mark samples where no pulses should be assigned.  

5.3.3.3 Interpulse Interval Calculation 

RM was applied on each electrode separately by adjusting the interpulse interval following each 

pulse, which was calculated from the transformed envelope magnitude. In each frequency band, the first 

transformed envelope sample with a magnitude greater than or equal to 0 was assigned a pulse and an 

interpulse interval following that pulse. If the transformed envelope sample following that assigned 

interpulse interval was greater than or equal to 0, a pulse was assigned to that sample and another interpulse 

interval was calculated. If the transformed envelope sample following the assigned interpulse interval was 

less than 0 (marked by the small negative value), a pulse was assigned to the next transformed envelope 

sample with a magnitude greater than or equal to 0, and another interpulse interval was calculated. This 

process was repeated through the duration of the stimulus.  

For the calculation of interpulse intervals (the non-stimulating period between a pulse’s offset and 

the following pulse’s onset), a minimum and a maximum rate were chosen. The minimum rate (largest 

interpulse interval) was used for the lowest transformed envelope magnitude of 0, and the maximum rate 

(smallest interpulse interval) was used for the highest transformed envelope magnitude of 1. For envelope 

values between 0 and 1, the interpulse interval following each pulse was calculated according to Equations 1 

and 2: 

𝑅𝑎𝑡𝑒 = 𝑀𝑖𝑛𝑅𝑎𝑡𝑒 ∗ (
𝑀𝑎𝑥𝑅𝑎𝑡𝑒

𝑀𝑖𝑛𝑅𝑎𝑡𝑒
)

𝑇𝑟𝑎𝑛𝑠𝑓𝑜𝑟𝑚𝑒𝑑 𝐸𝑛𝑣 𝑀𝑎𝑔

          (5.1) 

𝐼𝑛𝑡𝑒𝑟𝑝𝑢𝑙𝑠𝑒 𝐼𝑛𝑡𝑒𝑟𝑣𝑎𝑙 =
1

𝑅𝑎𝑡𝑒
− 𝐵𝑃𝐷                                         (5.2)  

BPD represents the biphasic pulse duration, the sum of the duration of the positive and negative 

phases of the biphasic pulse (both 20 µs) and the interphase gap (8.4 µs). The amount of RM was adjusted 
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by changing the MinRate and MaxRate variables in Equation 1. The RM ratio was calculated as the ratio 

between MaxRate and MinRate. RM ratios of 1, 2, 4, and 10 were used. Table 2 shows the minimum and 

maximum rates used for the different RM ratios in this experiment. At an RM ratio of 1, the rates varied 

between 1176 pps and 1248 pps. This small amount of rate modulation was used for the ratio of 1 (rather 

than a fixed rate of 1200 pps) because there were too many concurrent pulses across channels when there 

was zero rate variation. At RM ratios of 2, 4, and 10 the rates varied between 900 and 1800 pps, 600 and 

2400 pps, and 300 and 3000 pps, respectively. These RM ranges were chosen so that the pulse width could 

be held constant at 20 µs across RM ratios, while not introducing a rate pitch for the low rates.   

Table 5.2 Minimum and maximum rates and interpulse intervals used in the different conditions for the 

ARTmod strategy. 

RM Ratio Min Rate (Max Interpulse Interval) Max Rate (Min Interpulse Interval) 

1 1176 pps (792 µs) 1248 pps (743 µs) 

2 900 pps  (1053 µs) 1800 pps (497 µs) 

4 600 pps (1608 µs) 2400 pps (358 µs) 

10 300 pps (3275 µs) 3000 pps (275 µs) 

 

5.3.3.4 Pulse Amplitude Calculation 

The electrical amplitude of each pulse, reported in clinical current-level units (CL steps), was 

calculated based on the transformed envelope magnitude. For the CI24M implant each CL step represents a 

0.176 dB change in current, and for the CI24RE and CI512 implants each CL step represents a 0.157 dB 

change in current.  

Amplitude values were mapped linearly in CL steps between the threshold level, measured with a 

fixed-amplitude pulse train at a rate of 500 pps (T500 pps), and the comfort level measured with a fixed-

amplitude pulse train at a rate of 2400 pps (C2400 pps). T500 pps and C2400 pps levels were chosen to ensure that, 

when RM was included, the resulting stimuli were not too loud for intense stimuli, or inaudible for soft 

stimuli. Thus, the dynamic range in CLs was smaller than that present in a fixed-rate strategy at a 

stimulation rate of 1200 pps, resulting in an intentionally compressed AM representation of the temporal 

envelope (in current amplitude modulations) across RM conditions. The mapping equation, shown in 
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Equation 3, is identical to that used in ACE, but with threshold and comfort levels derived from the two 

different rates: 

𝑃𝑢𝑙𝑠𝑒 𝐴𝑚𝑝𝑙𝑖𝑡𝑢𝑑𝑒 = 𝑇500 𝑝𝑝𝑠 + (𝐶2400 𝑝𝑝𝑠 − 𝑇500 𝑝𝑝𝑠 ) × 𝑇𝑟𝑎𝑛𝑠𝑓𝑜𝑟𝑚𝑒𝑑 𝐸𝑛𝑣 𝑀𝑎𝑔          (5.3) 

It is important to note that for every RM ratio used (every combination of MinRate and MaxRate), the same 

T500 pps and C2400 pps levels were used. In this way, the amount of RM was varied, while the amount of AM 

(current modulation) remained the same in each experimental condition. When there was no RM (RM ratio 

= 1), the centrally perceived envelope would be compressed relative to the case where T and C are both 

measured at 1200 pps. As the RM ratio was increased, it was hypothesized that the centrally-perceived 

modulation would be enhanced if AM and RM can constructively combine in the central neural pathways to 

encode temporal envelopes. In this way, it was proposed that the RM ratio of 4 (600 pps to 2400 pps) would 

centrally recover the perceived temporal envelope to be similar to a fixed-rate strategy, and the RM ratio of 

10 (300 pps to 3000 pps) would enhance the envelope to a degree more than in a normal fixed-rate strategy. 

Figure 2 illustrates this concept with a 500 Hz sine wave that has been ramped up in level. The upper panel 

shows the original waveform, and the lower panel shows the output of the ARTmod strategy at electrode 20 

(500 Hz center frequency) for two different RM ratios. Note that the amount of AM is equal while the 

amount of RM is varied for the different RM ratios. 
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Figure 5.2 ARTmod outputs at different RM ratios for a 500 Hz ramped sinusoid. The upper panel shows 

the original waveform, and the lower panels show the ARTmod output at electrode 20 (center frequency 500 

Hz). At the RM ratio of 1, there is no change in stimulation rate as the pulse amplitude increases, while at an 

RM ratio of 10, the stimulation rate rises as the pulse amplitude increases. 

5.3.3.5 Pulse Train Collation 

In the collation stage, the pulse trains in each frequency band were collated using the calculated 

pulse amplitudes and interpulse intervals. If there were any concurrent pulses (overlapping in time) on 

different electrodes, the pulse with the highest envelope magnitude value was chosen, and the lower 

magnitude temporally overlapping pulses were removed. Unlike ACE, no n-of-m maxima selection scheme 

was implemented before this pulse collation stage. N-of-m maxima selection was left out of the ARTmod 

processing to minimize additional modulations in the temporal envelopes based on whether a channel was 

one of the maxima or not. Figure 3 shows electrodograms displaying the sequence of pulse amplitudes over 

time at each active electrode for the ACE processing strategy and the ARTmod strategy at RM ratios of 1, 2, 

4 and 10.  
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Figure 5.3 Electrodograms displaying the sequence of pulse amplitudes over time at each active electrode. 

Each stimulation sequence represents the word ‘STRONGLY’ spoken at a presentation level of 60 dBA. The 

first panel was encoded using the ACE strategy, and panels 2 through 5 were encoded using the ARTmod 

strategy with an RM ratio of 1, 2, 4, and 10, respectively. 

Electrodograms of each RM ratio for 40 dBA clean speech and 60 dBA speech in babble noise at 10 dB 

SNR are provided in the supplementary materials.  
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5.3.4 Stimuli and Procedures 

5.3.4.1 Mapping 

The standard clinical adjustment procedure at the Royal Victorian Eye and Ear Hospital was used to 

find T-levels for the 500 pps rate and C-levels for the 2400 pps rate. The balance across electrode positions 

was checked by comparing loudness in groups of three electrodes, using the Custom Sound fitting software.   

5.3.4.2 Conditions 

The ARTmod strategy was tested in 12 different conditions. Speech scores were obtained for 60 dBA 

and 40 dBA clean speech, and 60 dBA speech in +10 dB SNR multi-talker babble noise. In each of the three 

speech conditions, four RM ratios were used. The RM ratios tested were 1, 2, 4, and 10. The order of the 

testing of the four RM ratios was varied using a 4 by 4 Latin Square design. In addition, to provide 

information for the reader about each participant’s clinical performance, their speech scores were obtained 

using the same speech material and their existing clinical MAP. 

5.3.4.3 Loudness Balancing 

Stimuli with RM ratios of 1, 2, and 10 were all loudness-balanced to speech stimuli with an RM ratio 

of 4, so that each of the stimuli for the ARTmod strategy was approximately the same overall loudness in 

each RM condition. The stimuli used to balance loudness were BKB sentences. A method of adjustment was 

used in which participants were asked to raise and lower the level of a test stimulus until it matched the 

loudness of the reference stimulus. The loudness balancing software raised and lowered the level by adding 

or subtracting equal CL steps to all pulses in the pre-processed test stimulus. Two rounds of loudness 

balancing were performed for each combination at 60 dBA and 40 dBA. In the first round, the reference 

MAP used an RM ratio of 4, and the other conditions were adjusted in level. In the second round, the other 

conditions were used as the reference MAPs and the stimuli with an RM ratio of 4 were adjusted in level. 

The loudness balance adjustment was determined by averaging the balanced levels from the two rounds. It 

was found that the average loudness balance adjustment was less than one CL step for every RM ratio, 

indicating that the overall loudness difference between RM conditions was minimal.   



121 
 

 The RM ratio of 4 was loudness balanced to the reference ACE MAP at 60 dBA and 40 dBA using 

the same procedure. Every participant needed their ARTmod stimuli reduced in level compared to ACE. At 

60 dBA, the mean loudness balance adjustment was -6.250 ± 3.012 CL steps. At 40 dBA, the mean loudness 

balance adjustment was -8.125 ± 2.588 CL steps. The adjustments were most likely necessary due to the 

high overall maximum implant stimulation rate of 15000 pps, compared to that of ACE with 8 maxima, 

which is 7200 pps (at 900 pps per channel) or 4000 pps (at 500 pps per channel). Because there were only 

small loudness differences measured between RM ratios (less than one CL on average), these adjustments 

were applied to all ARTmod stimuli at all RM ratios. 

5.3.4.4 Speech Perception 

Speech perception was evaluated using BKB sentences, recorded by an Australian female speaker. 

They comprised 30 lists of 16 sentences, each sentence containing 3 or 4 keywords, for a total of 50 

keywords per list. All stimuli were processed offline, converted to electrical pulses, and streamed to the 

implant using the NIC. Each of the 15 conditions was tested with two lists, and the scores were recorded as 

number of keywords correct out of 100.   

 

 

5.4  Results 

5.4.1 Effect of Rate Modulation Amount 

Sentence scores for each subject with each RM ratio are shown for 60 dBA clean speech, 40 dBA 

clean speech, and 60 dBA speech in speech babble noise (Figure 4). The speech score data were negatively 

skewed, with many subjects scoring above 90% correct. Because the data were not normally distributed, an 

arcsine square root transformation was applied to all of the data before a statistical analysis was carried out.  

Separate one-way repeated measures ANOVAs were used to assess the effects of RM amount for 

each speech condition. The ANOVA revealed a significant effect of RM amount for 60 dBA clean speech 

(F(1,7) = 4.24, p = 0.017) and 60 dBA speech in multi-talker babble noise (F(1,7) = 9.79, p < 0.001). A 
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Tukey pairwise comparison was used to assess the specific effects of different RM ratios, finding that 

speech scores generally increased as the RM ratio increased in these speech conditions. For 60 dBA clean 

speech, speech scores with an RM ratio of 10 were significantly better than speech scores with an RM ratio 

of 1 (p = 0.009). Scores for 60 dBA speech in multi-talker babble noise with RM ratios of 10 and 4 were 

significantly better than scores with an RM ratio of 1 (p = 0.001 for both). Scores with an RM ratio of 4 

were not significantly better than with an RM ratio of 2 (p = 0.053). For 60 dBA clean speech, participants 

with the lowest average scores (S1, S4, and S5) showed the most benefit of increased RM amount, and each 

of them had their highest score at an RM ratio of 10. For the other subjects, speech scores were very high for 

60 dBA clean speech (>95% across RM ratios), so differences related to RM ratios were minimal. All of the 

participants obtained their highest ARTmod strategy scores at RM ratios of either 4 or 10 for 60 dBA speech 

in noise. At 40 dBA the effect of RM amount was not significant (F(1,7) = 1.29, p = 0.305). 
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Figure 5.4 Speech scores for 60 dBA clean speech (upper panel), 40 dBA clean speech (middle panel), and 

60 dBA speech in speech babble noise (lower panel) for each participant in each condition. For the mean 

scores, the error bars represent one standard error of the mean. 

Figure 5 shows how the different ARTmod conditions, which were tested acutely, compared with the 

ACE processing scheme, which was used by the participants on an everyday basis. ARTmod enabled speech 

perception in the same range as ACE for speech in quiet conditions, but not for speech in noise.   
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Figure 5.5 Boxplot of speech scores across participants for the ARTmod strategy with RM ratios of 1, 2, 4, 

and 10, and their normal ACE MAP. The left panel represents the scores for 40 dBA clean speech, the 

middle panel represents the scores for 60 dBA clean speech, and the right panel represents scores for 60 

dBA speech in speech babble noise (+10 dB SNR). Boxes represent the interquartile ranges, crossed open 

circles represent the means, filled black circles represent the medians, and asterisks represent outliers. 

5.5 Discussion 

5.5.1 Effect of Rate Modulation Amount  

A speech processing strategy that used AM and RM to encode temporal speech envelopes, ARTmod, 

was devised and assessed. As hypothesized, a significant effect of RM amount was found for 60 dBA speech 

in quiet and in speech-babble noise, with speech scores improving as the RM ratio increased. For 60 dBA 

speech in noise, average speech scores across subjects were significantly better at RM ratios of 4 and 10 

than they were at the RM ratio of 1. For 60 dBA speech in quiet, average speech scores across subjects were 

significantly better at the RM ratio of 10 than they were at the RM ratio of 1. For all conditions, speech 

scores were lowest at the RM ratio of 1. The improvement with increased RM ratios indicates that RM was 

effective in enhancing the participants’ perception of temporal envelope cues.  

The perceptual mechanism underlying the beneficial effect of RM most likely involved central 

temporal integration, whereby RM and AM could combine to expand the temporal envelopes at a perceptual 

level. Luo and Fu (2007) demonstrated that AM interfered with RM detection when different modulation 
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frequencies were used in the two modulations, inferring that both were perceived via the same central 

mechanism. Brochier et al. (2018) showed that AM and RM were correlated and were affected similarly by 

modulation frequency and presentation level, supporting the idea of a shared mechanism for AM and RM 

detection. The present study also supports this conclusion by showing that AM and RM can be combined to 

improve the perception of temporal envelopes in speech. For speech at 40 dBA, no significant effect of RM 

amount was found. The degradation of scores at RM ratio 10 for the low level of 40 dBA may be due to the 

use of 300 pps as the minimum rate, below the 500 pps rate at which the T-level was measured. 

Consequently, some low-level envelope cues may have been inaudible for some participants. 

While this study demonstrated that AM and RM cues can constructively combine, it did not 

empirically prove that CI users were able to make use of the additional interpulse interval cues provided by 

RM. The implementation of ARTmod in the present study allowed the amount of RM to be varied while 

keeping the amount of AM fixed. This methodology necessitated compression of the AM representation of 

the temporal envelopes. It is plausible that expanding the AM representation using additional AM (rather 

than RM) would lead to similar benefits as observed in this experiment with AM + RM. Nevertheless, the 

results supported our hypothesis that AM and RM constructively combine to encode temporal envelopes, 

which may inform future CI speech processing strategies that utilize RM.  

5.5.2 Effect of Concurrent Pulse Removal Stage 

 An analysis of the concurrent pulse removal stage was used to assess whether systematic differences 

in pulse removal across RM ratios affected the results. In order to better characterize the influence of the 

concurrent pulse removal stage on the results, the percentage of pulses removed and effect of pulse removal 

on the spectral envelope were examined for each RM ratio. Table III displays the percentage of pulses 

removed for all stimuli at each RM ratio after the concurrent pulse removal stage.  
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Table 5.3 Percentage of pulses removed after concurrent pulse removal stage.  

 60 dBA Clean 40 dBA Clean 60 dBA + 10 dB SNR  

RM 1 48.97%  34.15%  53.13%  

RM 2 51.86%  33.05%  56.06%  

RM 4 53.69%  30.76%  56.24%  

RM 10 51.89%  24.70%   52.60%  

 

For speech at 60 dBA in quiet and in noise (where the effect of RM amount was significant), the percentages 

of pulses removed were similar across RM ratios, and there was not a monotonic pattern relating RM ratio to 

the percentage of pulses removed. The analysis suggests that the observed effects of RM amount were not 

influenced by the percentage of removed pulses during the concurrent pulse removal stage. For the 40 dBA 

condition, the amount of removed pulses decreased as the RM ratio increased. This result is intuitive, 

because at low levels and high RM ratios the overall rate dropped below the central rate of 1200 pps, so the 

probability of pulses overlapping was reduced. Despite having a smaller percentage of pulses removed, there 

was no effect of RM amount on speech perception in the 40 dBA condition.  

In addition, the distribution of stimulation activity across the electrode array was evaluated for 

different RM ratios and speech stimuli. The distribution of stimulation activity was calculated from the 

transformed envelope magnitude (values between 0 and 1) of the pulses in the stimulation sequence (see 

section II C). Transformed envelope magnitude values were used, rather than the pulse amplitudes (in CL 

steps), to normalize for the various T and C levels of the individual subjects. The transformed envelope 

magnitude values of each pulse were summed across 16 sentence stimuli for each of the 22 individual 

channels. Those 22 values were divided by the sum across channels, resulting in a stimulation activity 

histogram that showed the average proportion of the total stimulation activity on each channel.  

The stimulation activity histogram for 60 dBA clean speech is shown in Figure 6. Only this condition 

is shown because the pattern was similar across speech conditions. Stimulation activity histograms were 

similar for the different RM ratios. The primary difference was that as the RM ratio increased, more 

emphasis was placed on the most apical channels (particularly electrodes 19, 20, and 21). For example, with 
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the RM ratio of 10, high-magnitude envelope samples on apical channels were represented by high pulse 

rates (up to 3000 pps), which increased the probability of pulses on those channels temporally overlapping 

with pulses on other channels. In the pulse train collation stage, pulses with relatively high magnitude were 

selected for delivery to the electrodes in preference to those representing lower magnitudes, resulting in an 

increased proportion of the total stimulation activity occurring on apical channels. 

 

Figure 5.6 Stimulation activity histogram for 60 dBA speech, displaying the average proportion of 

stimulation represented by each electrode for the different RM ratios and ACE. Transformed envelope 

magnitude values were summed across 16 sentence stimuli for each individual electrode, and then those 22 

values were divided by the sum across channels. 

Further analysis was completed to assess whether this apical emphasis for the higher RM ratios was 

likely to have influenced the speech recognition scores. Weatherby et al. (2003) evaluated the effect of 

spectral pre-emphasis on speech understanding. They compared sentence scores in noise for high frequency 

(HF) emphasis, low frequency (LF) emphasis, and default sound-processing conditions. These emphasis 

filters were applied before the filterbank, so they resulted in a comparable effect to the present study, where 

the processing affected the selection of electrodes for stimulation. In order to compare their results with the 

present study, a stimulation activity histogram was created using the three pre-emphasis settings from 

Weatherby et al. (2003) for the same 16 sentences as in the above analysis (see supplementary materials). 

The differences in the distribution of stimulation activity between the default, HF pre-emphasis, and LF pre-

emphasis applied by Weatherby et al (2003) were greater than they were in this study between different RM 

ratios. Weatherby et al (2003) found that perception of sentences in noise was significantly worse with the 

LF pre-emphasis than it was with the HF pre-emphasis, and that neither the HF nor LF pre-emphasis 
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conditions produced significantly different speech recognition scores than the clinical MAP with default pre-

emphasis. Furthermore, the distribution of stimulation activity was similar between the LF pre-emphasis 

condition in the Weatherby et al (2003) study and the RM10 condition in the present study. Therefore, it is 

unlikely that the benefit observed with increased RM ratios in the present experiment was related to the 

relatively small increase in stimulation activity on apical channels that occurred with the higher RM ratios.  

5.5.3 Comparison to other Envelope Enhancement Studies 

The ARTmod strategy with an RM ratio of 10 theoretically expanded the temporal envelopes at the 

perceptual level compared to participants’ normal MAPs. Other envelope enhancement strategies (Azadpour 

and Smith, 2016; Geurts and Wouters, 1999; Holden et al., 2005; Koning and Wouters, 2016; Vandali, 

2001) have shown benefit by increasing the current level at onsets or during transients of the envelope. The 

latter technique differs from the current implementation of the ARTmod strategy, which applied envelope 

enhancement to the entire envelope rather than a specific portion of it. A potential variation of the ARTmod 

strategy would be to derive the RM signal from portions of the amplitude envelope, or from other features of 

the amplitude envelope. 

 Another noteworthy difference between this study and other envelope-enhancement studies was the 

high level of speech perception of participants in this study (mean > 95% correct for 60 dBA speech in 

quiet). For example, the average speech score with ACE in the study of Azadpour and Smith (2016) was 

only 40%, and a significant benefit was shown with envelope-enhancement. Looking at the individual 

results for speech in noise in this study, subjects with the lowest average scores (S1, S4, S5, and S7) also 

showed the most benefit with increased RM ratios. Subjects with lower speech understanding may benefit 

more from enhanced representations of the temporal envelope, while subjects with good speech 

understanding might not require such high modulation depths to understand speech. 
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5.6 Conclusions 

 A speech processing strategy that encoded temporal envelopes using simultaneous AM and RM, 

ARTmod, was tested using 60 dBA clean speech, 60 dBA speech in babble noise (+10 dB SNR), and 40 

dBA clean speech. The amount of RM was varied to determine whether RM could constructively combine 

with AM to enhance the perception of temporal envelopes, and therefore improve speech perception. Speech 

scores in quiet and in noise at 60 dBA significantly improved with increased RM ratios, with the highest 

average scores at RM ratios of 4 and 10. At the lowest RM ratio, average speech scores were poorest for all 

speech conditions, compared to stimuli with higher RM ratios. These results indicate that the addition of RM 

effectively enhanced the perception of temporal speech envelopes.  
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5.8 Supplementary Material 

 

Figure 5.7 Electrodograms displaying the sequence of pulse amplitudes over time at each active electrode. 

Each stimulation sequence represents the word ‘VERY’ spoken at a presentation level of 40 dBA. The first 

panel was encoded using the ACE strategy, and panels 2 through 5 were encoded using theARTmod strategy 

with an RM ratio of 1, 2, 4, and 10 respectively. 
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Figure 5.8 Electrodograms displaying the sequence of pulse amplitudes over time at each active electrode. 

Each stimulation sequence represents the word ‘WORDS’ spoken at a presentation level of 60 dBA in +10 

dB SNR speech babble noise. The first panel was encoded using the ACE strategy, and panels 2 through 5 

were encoded using the ARTmod strategy with an RM ratio of 1, 2, 4, and 10 respectively. 
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Figure 5.9 Envelope magnitude histogram for 60 dBA speech, displaying the average proportion of speech stimuli 

represented by each electrode for the different emphasis filters in Weatherby et al. (2003). Transformed envelope 

magnitude values were summed across 16 sentence stimuli for each individual electrode, and then those 22 

values were divided by the total sum across channels.  
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6. General Discussion 

 

The broad aim of the research presented in this thesis was to improve speech outcomes for cochlear 

implant (CI) users through better transmission of temporal speech information. Three experiments were 

carried out to achieve this aim. In the first, speech perception and modulation detection were evaluated using 

fixed-rate processors with different overall stimulation rates, finding perceptual advantages for low rates 

over high rates (Chapter 3).  Next, psychophysical experiments evaluated the perception of amplitude 

modulation (AM) and rate modulation (RM), providing fundamental information about the temporal 

processing abilities of CI users and the perceptual mechanism underlying those abilities (Chapter 4).  

Finally, a novel speech processing strategy that used AM and RM to encode temporal speech envelopes was 

developed and tested (Chapter 5). The experiments revealed fundamental information about RM perception, 

providing a foundation for practical implementations of RM in CI speech processing strategies. The 

remaining discussion will provide an overview of the key results and clinical implications of the 

experiments, and how they contributed to the primary aims of the thesis. Then, the future considerations of 

the research will be discussed.    
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6.1 Overview of Results 

6.1.1 Aim 1: Assess the effect of presentation level and stimulation rate on speech 

perception and modulation detection for cochlear implant users. 

The study presented in Chapter 3 investigated the effect of stimulation rate and presentation level on 

speech perception and amplitude modulation detection thresholds (AMDTs). The research addressed the 

broad aim of improving CI speech perception by identifying stimulation rates which provide perceptual 

advantages in certain listening conditions. Furthermore, it assessed whether the effects of stimulation rate 

were due to improved temporal information transfer.   

For speech perception in noise, a significant advantage for the low stimulation rate (500 pps per 

electrode) compared to the high rate (2400 pps per electrode) was found. Speech perception was also 

significantly affected by presentation level, with scores improving as the level increased. In contrast, 

AMDTs exhibited no significant effect of stimulation rate or presentation level. The data showed 

correlations between AMDTs and speech perception for both the high-rate and low-rate processors. 

Therefore, while AMDTs may have explained inter-subject variability in speech performance, they did not 

explain within-subject variability across stimulation rates and presentation levels. Since the measurement of 

AMDTs isolates the temporal processing abilities of the CI user from the spectral processing abilities, a 

conclusion from these results is that the low-rate advantage was not related to improved temporal 

information transfer. The difference between stimulation rates may have been due to spectral factors, such as 

increased channel interaction at the higher rates (Middlebrooks, 2004).     

The data from Chapter 2 supported the use of low-rate processors, a result that stands in contrast to 

the trend of high rates used in clinical CI speech processors.  It is generally accepted that rates above 200 

pps outperform rates below 200 pps, likely due to a more detailed sampling of the temporal envelope, and an 

avoidance of aliasing envelope modulations (Friesen et al., 2005; Fu and Shannon, 2000). However, 

experiments evaluating the effect of stimulation rates above 200 pps on speech perception have led to mixed 

results, with some finding high rates advantageous (Buechner et al., 2010; Di Lella et al., 2010; Loizou et 

al., 2000), some finding low rates advantageous (Park et al., 2012; Vandali et al., 2000), and many finding 
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no significant difference between rates (Arora et al., 2009; Battmer et al., 2010; Friesen et al., 2005; Fu and 

Shannon, 2000; Holden et al., 2002; Holmes et al., 2012; Lawson et al., 1996; Plant et al., 2007; Shannon et 

al., 2011; Weber et al., 2007). The supposed benefits of high stimulation rates, such as finer sampling 

resolution of the temporal envelope, may be counteracted by increased channel interaction (McKay et al., 

2005; Middlebrooks, 2004) or higher variation in perceived loudness cues (Azadpour et al., 2015). The 

study presented in Chapter 2 contributes to these results by showing that low rates can provide an advantage, 

particularly in noisy conditions.  

The clinical implication of this result is that the use of high rates in CI processors is unnecessary, and 

that lower rates should be considered for widespread use in clinical speech processors. A further study 

would be necessary to evaluate whether there is any advantage for a 500 pps MAP compared to a 900 pps 

MAP. For example, speech perception in noise could be compared between long-term users of 500 pps 

MAPs and 900 pps MAPs. Lower stimulation rates are simple to implement, as they are already available in 

most CI fitting software, such as Custom Sound (Cochlear Corporation). For example, at the Royal 

Victorian Eye and Ear Hospital in Melbourne, CI users are typically fit with a 900 pps or 1200 pps MAP. 

Audiologists could fit CI users with an additional low-rate 500 pps MAP, for use in noisy conditions.   

There is a tendency for some CI companies to market “the fastest stimulation rate for the most 

natural hearing possible” (quote from a CI company website). It is understandable that companies desire to 

gain a competitive advantage through product differentiation, but considering that very little research 

demonstrates better speech understanding with higher stimulation rates, claims like these may be 

misleading.  

6.1.2 Aim 2: Investigate the perceptual limits of rate modulation, and identify the 

perceptual mechanism(s) underlying rate modulation detection.   

Chapter 4 reported a study that measured AMDTs and rate modulation detection thresholds 

(RMDTs) of CI users, and how those thresholds changed with presentation level and modulation frequency. 

With respect to the broad aim of improving CI speech perception, this research was important because it 

provided essential information about RM perception that could be applied in RM-based speech processing 
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strategies. The study represented the first psychophysical evaluation of AM and RM detection in the same 

CI users. A key result of the study was that AM and RM detection thresholds were correlated, and exhibited 

similar effects of modulation frequency and presentation level. This result indicated that AM and RM are 

perceived by a common temporal integration mechanism, rather than two separate perceptual mechanisms. 

Previous experimental results that have suggested the presence of an independent perceptual 

mechanism sensitive to interpulse timing (Chen and Zeng, 2004; Fielden et al., 2014) were contingent upon 

the use of low central stimulation rates. Psychophysical studies on single electrodes have shown that at low 

rates (up to 300-500 pps), CI users have reliable rate discrimination, and many experience a rising pitch 

sensation with a rising rate up to 300 pps (Baumann and Nobbe, 2004; Gaudrain et al., 2017; Kong et al., 

2009; Kong and Carlyon, 2010; Shannon, 1983; Townshend et al., 1987; Venter and Hanekom, 2014). 

Therefore, the results of Fielden et al. (2014) and Chen and Zeng (2004) may have been due to the relatively 

good rate discrimination at low rates.  

Central temporal integration can account for the results of Fielden et al. (2014), and for the rate 

discrimination results previously mentioned. Up to approximately 300 pps, different stimulation rates cause 

different fluctuations at the output of the temporal integration window. These fluctuations are independent 

of any AM or RM; they occur in fixed-rate, fixed-level pulse trains. They are evidently discernible by CI 

users, regardless of level, because the long duration of the interpulse interval increases the modulation depth 

at the output of the temporal integration window. Above 300 pps, the output of the temporal integration 

window is relatively flat, so any modulations at the output are completely dependent upon AM or RM. The 

detection threshold of these modulations is affected by presentation level and modulation frequency, 

whether AM or RM is used.  

Temporal integration provides a framework for thinking about CI speech processing strategies. 

Psychophysical results related to interpulse interval discrimination (Fielden et al., 2014; McKay and 

McDermott, 1998), loudness summation (Francart et al., 2014; McKay and Henshall, 2010), and now  RM 

detection thresholds (Chapter 3) can all at least partly be explained within the context of a temporal 

integration mechanism. When considering whether a particular speech processing strategy will be effective, 
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observing how the strategy affects the output of a temporal integration model could provide guidance. For 

example, when developing the ARTmod processing strategy (Chapter 5), the fluctuations at the output of the 

TI model were enhanced by increasing amounts of RM. Consequently, it was hypothesized that increased 

RM amounts would lead to better speech perception for the ARTmod strategy.  

6.1.3 Aim 3: Encode speech in cochlear implants using rate modulation.  

Once it was shown that RM could encode simple sinusoidal envelopes on single electrodes, it was of 

interest whether RM could be used in combination with AM to encode temporal speech envelopes on 

multiple electrodes. Chapter 5 discussed the development of a novel speech processing strategy, ARTmod 

(Amplitude and Rate Temporal modulation), which utilized simultaneous AM and RM to encode temporal 

envelopes. The experiment presented in Chapter 4 evaluated the ARTmod processing strategy, using a fixed 

amount of AM and a varying amount of RM, to observe how AM and RM would interact. A significant 

effect of RM amount was found, with speech scores increasing as the amount of RM was increased. The 

results indicated that RM can constructively combine with AM via a central temporal integration mechanism 

to enhance the perception of temporal speech envelopes and improve speech perception for cochlear implant 

users.  

When comparing sound quality between the lowest amount of RM (RM index 1) and the highest 

amounts of RM (RM index 4 and 10), all of the participants reported that speech was clearer as the amount 

of RM increased. For example, when shifting from the lowest amount of RM to the highest amount of RM, 

one participant said “Well, that seemed easier. The sounds are giving me more clues about what the word 

is.” Another one said, “The first one [RM index 1] sounded mechanical, the second sounded more natural 

[RM index 4].” In a similar review, another participant said that the higher RM amounts sounded “less 

robotic” than the lowest RM amount. At the highest RM amount, one participant said “this is not a voice I’m 

familiar with, but she speaks clear” and another said “this is more clear and more sharp [than the lowest RM 

amount].” With the lowest RM amount, the temporal speech envelopes were intentionally compressed 

compared to the participants’ normal ACE MAPs. As the RM index increased, the temporal speech 

envelopes were (theoretically) recovered through temporal integration of the additional RM. Therefore, the 
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subjective reports matched both the statistical analysis and the hypothesis that increased RM would lead to 

better speech perception with the ARTmod strategy.  

There were limitations to the comparison between ARTmod and ACE, because many factors differed 

between the two strategies, including the duration of the listeners’ experience with the ACE strategy, the 

overall implant stimulation rate, and the maxima selection in ACE (these factors are discussed individually 

in sections 6.2.1.1, 6.2.1.2, and 6.2.1.4, respectively). Despite these differences, speech perception scores 

with ARTmod at the highest amounts of RM were not significantly different from ACE scores, with many 

participants achieving scores of over 90% for clean speech at 60 dBA and 40 dBA. This result is 

encouraging, because it showed that the ARTmod strategy can facilitate speech perception in roughly the 

same range as ACE. 

6.2 Future Considerations 

6.2.1 Improving the ARTmod Strategy 

6.2.1.1 Longitudinal Study 

Subjective reports comparing ARTmod to ACE emphasize the importance of training with speech 

processing strategies. Though scores were not significantly different between the two strategies, participants 

reported a strong familiarity and ease of hearing with their clinical ACE MAP, as expected. Over the course 

of several years of experience with a CI processing strategy, neural plasticity enables the brain to become 

accustomed to specific patterns of electrical stimulation representing speech. These patterns are further 

reinforced by visual and contextual cues, so that over time a CI user associates different stimulation patterns 

with different words.     

The ARTmod strategy is unique in that it explicitly provides an interpulse interval cue that 

corresponds to the temporal envelope in each frequency band. Without experience with the strategy, the 

central auditory system might be unfamiliar with this cue, and perception would be dominated by the 

temporal integration mechanism. With practice, neural plasticity might enable participants to make better 

use of the additional temporal cue. Longitudinal studies where subjects’ clinical speech processing strategies 

are changed often result in an initial decrement in speech understanding, followed by improved speech 
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scores with the new strategy over time.  For example, in a study by Psarros et al. (2002), children were 

switched from the SPEAK processing strategy to the ACE processing strategy. The ACE strategy was 

evaluated after 2 weeks, 4 weeks, and 6 weeks of take-home experience. At 2 weeks, there was an overall 

decrement in speech understanding compared to SPEAK. However, by the end of 4 weeks, most participants 

had better speech understanding with ACE. It is likely that speech understanding with ARTmod would be 

similarly affected by duration of experience. 

A longitudinal study would involve speech testing before, during, and after several weeks of take-

home practice with the ARTmod strategy, until speech scores reached asymptotic performance. Then, the 

participants’ clinical MAP could be retested after going back to it for a period of several weeks. Then scores 

with ARTmod could be compared to scores with the participants’ clinical MAP.  

6.2.1.2 Optimizing Range of Rates 

Another improvement could be made by optimizing the range of rates used. For example, using a 

lower central rate (such as 500 pps per electrode) could be beneficial, because it might bring the interpulse 

interval cues to a more accessible range. However, a balance would need to be found between useful 

interpulse interval cues and distracting or interfering temporal pitch cues.  

One experiment that could help to optimize the central stimulation rate of the ARTmod strategy 

would be to use two versions of the strategy with different central stimulation rates and the same RM index. 

For example, with an RM index of 4, the higher rate version of ARTmod could have a central rate of 1200 

pps, a maximum rate of 2400 pps, and a minimum rate of 600 pps. The lower rate version could have a 

central rate of 600 pps, a maximum rate of 1200 pps, and a minimum rate of 300 pps. If a lower central 

stimulation rate made interpulse interval cues more salient, then speech scores might improve with the low 

rate version of ARTmod compared to the high rate version. However, if the lower stimulation rates caused 

interfering temporal rate pitch cues, scores might be better with the high rate version. If scores were not 

significantly different between the two versions that would suggest that either 1) the interpulse interval cue 

is not useful, and perception is entirely based upon the temporal integration output, or 2) the benefit of more 
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accessible interpulse interval cues with the low rate version is offset by the interference of temporal pitch 

cues.  

6.2.1.3 Derive the RM signal from other features 

The identification of RM as a tool that can be used in conjunction with AM opens the door to several 

possibilities for implementations. The ARTmod strategy provided an example of using RM to enhance the 

envelope in each frequency band. The RM signal could be derived from other features besides the speech 

envelope.  

For example, the envelope magnitude in each frequency band could be differentiated, and RM could 

be applied based on the first order derivative of the envelope. This technique could effectively emphasize 

points of highest magnitude change with rapid onsets of pulses, thereby amplifying those sections. Speech 

onset enhancement techniques by Koning and Wouters (2016) and Azadpour and Smith (2016) have shown 

small but significant improvements through a similar method, and neural recordings have shown that spikes 

frequent these upward slopes.  

As another example, RM could be used to encode F0 or F1 information. RM has been used to 

directly encode fundamental frequencies using temporal rate pitch in strategies such as FSP (Arnoldner et 

al., 2007; Dowell et al., 1987). Alternatively, the rate could be modulated around the central stimulation rate 

at a modulation frequency corresponding to the F0 or F1 information. For example, if the central stimulation 

rate were 1200 pps per electrode, a global rate adjustment could vary the rate on every electrode (or a subset 

of electrodes) between 900 and 1800 pps at the F0 or F1 frequency. This would be similar to the F0mod 

(Laneau et al., 2006) strategy or the F0sync (Vandali and van Hoesel, 2011) strategy, except the 

modulations would be added via RM rather than additional AM. RM derived from F0 or F1 may provide a 

pitch cue, because it causes fluctuations at a frequency of F0 at the output of the temporal integration model. 
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6.2.1.4 Maxima Selection Scheme 

 The maxima selection process in the ACE strategy helps to remove noise, particularly in listening 

conditions with positive SNRs. As an initial pilot trial, a maxima selection strategy was added to the 

ARTmod strategy. The maxima selection procedure was similar to ACE with 12 maxima at a rate of 1200 

pps. Only the 12 electrodes with the highest envelope magnitude were active for each “frame” with a 

duration of 0.8 ms (1/1200 pps). Since the overall sampling rate of the ARTmod strategy was 15000 pps, 

this meant that the maxima were updated every 13th sample (15000/1200 = 12.5). When the maxima 

selection procedure was added to the ARTmod strategy, mean speech scores in noise across participants at 

the highest RM amount improved by 6 percentage points, from 72% to 78%. Importantly, participants felt 

that the hearing was much easier and familiar with the max select enabled than without max select. Some 

participants were not able to tell the difference between ARTmod with max select enabled and ACE. This 

initial trial indicated that a maxima selection scheme should be added to ARTmod in a new version of the 

processing strategy. 

6.2.2 Temporal Integration Model Update 

The temporal integration model could be updated so that it accounts for RMDT results. The temporal 

integration model developed by McKay and McDermott (1998) predicts an effect of level on AMDTs 

because the S-value, an exponent greater than 1, is applied to the current level of each pulse in the stimulus 

to calculate the neural excitation. Consequently, at low levels the difference between the neural excitation at 

the peak and the valley of a modulation cycle is less than it is at high levels. For low levels, a larger 

modulation depth is needed at the input to produce the same modulation depth at the output of the temporal 

integration model.   

The current level is the same throughout the stimulus for RMDTs, and so there is no effect of level 

on the TI window output depth. However, if some exponent greater than 1 were applied after the TI window, 

the model would predict an effect of level. These parameters would need to be fit in a similar way to McKay 

et al (2003) and McKay et al (2013). The current TI model includes a stimulation rate-dependent refractory 
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effect. A model that combined the effects of AM and RM would likely need to involve some control for a 

varying refractory effect, as the stimulation rate for RM signals is constantly changing.  

6.2.3 Further explore the relation between AM and RM 

 The different characteristics of AM and RM detection could be explored further. Several 

psychophysical aspects of RM detection remain to be tested and compared to AM detection. The effect of 

electrode position on RMDTs and AMDTs could establish whether the RM and AM sensitivity differs 

between apical and basal regions of the cochlea. If, for example, the apical region of the cochlea were 

naturally more sensitive to RM than AM, and the basal region of the cochlea were more sensitive to AM 

than RM, an ARTmod strategy that varied the RM amount based on electrode position could be beneficial. 

The interaction of AM and RM could be characterized more specifically with an experiment similar 

to Chapter 3, but including a third condition that combined AM and RM (to find the A+RMDT). If AM and 

RM detection were only dependent upon the output of the temporal integration mechanism, then the 

A+RMDT could be predicted from the AMDTs and the RMDTs. However, if there were some extra 

interaction between them, the A+RMDT might be better (smaller) than predicted.    

6.2.4 Estimating neural health from RMDTs 

Chapter 3 showed that RMDTs were highly correlated with DR, which has been shown to positively 

correlate with SGN survival (Kawano et al., 1998; Pfingst et al., 1981; Pfingst and Sutton, 1983). Therefore, 

if the correlation represents a causal relationship, RMDTs may be a good measure of neural health in the 

region of a particular electrode. A study by Goldwyn et al. (2010) has suggested that large differences in T-

levels measured with monopolar stimulation (broad excitation pattern) and tripolar stimulation (narrow 

excitation pattern) could signify regions of poor neural survival in the cochlea. One experiment to further 

assess the relationship between RMDTs and neural survival would be to identify regions of poor neural 

survival using the T-level difference between monopolar and tripolar stimulation, and then compare RMDTs 

in healthy regions and unhealthy regions.  
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6.3 General Conclusions 

The following broad conclusions can be drawn from the research presented in this thesis: 

1. Low rates of stimulation lead to better speech perception in noise than high rates, but the low rate 

advantage is not due to improved temporal information transfer. 

2. AMDTs and RMDTs are correlated, and exhibit similar effects of modulation frequency and 

presentation level. This result is consistent with a common temporal integration mechanism 

underlying the perception of AM and RM. 

3. AM and RM can constructively combine to enhance the perception of temporal speech envelopes 

and improve speech perception for CI users. 

The experiments provided fundamental knowledge about RM perception, and demonstrated the 

combined use of RM and AM to encode temporal speech envelopes in a novel speech processing strategy. 

The results have contributed to the overall aim of the thesis, to improve speech perception for CI users 

through improved temporal information transfer.    

6.4 Final Thoughts 

Many challenges remain for the further development of CI speech processing strategies. The limited 

spectral resolution of the implant and the neurophysiological effects of prolonged deafness are limiting 

factors that continue to affect the perception of music and speech in noisy conditions. Addressing these 

factors will require a combination of several diverse areas of research, such as engineering, genetics, and 

material science. Improved spectral resolution may be achieved by more focused stimulation modes (George 

et al., 2014; Litvak et al., 2007), optogenetic CIs (Goßler et al., 2014; Jeschke and Moser, 2015), or 

improved electrode-neural interfaces. The effects of prolonged deafness are being addressed through the use 

of neurotrophins to regenerate cochlear neurons (Richardson et al., 2009; Wise et al., 2005), and even 

through the growth of new inner hair cells (Bermingham et al., 1999; Forge et al., 1993).       

Despite its limitations, the CI in its current state has been life-changing for many individuals. As 

important as improving the technology is, perhaps more important is improving the availability of the 
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technology. Most of the individuals that are able to benefit from CIs and other hearing devices live in high-

income regions such as North America, Australia, and Europe. However, the majority of people affected by 

hearing loss live in low-income areas such as South Asia, Asia Pacific and Africa (World Health 

Organization, 2018). Efforts are now being made to make this technology more available throughout the 

world, by reducing costs, automating fitting procedures, and providing accessible follow-up services.  

Another reason for the continued research of cochlear implant processing strategies is pure 

admiration for one of our greatest gifts, the sense of hearing. Our understanding of the physical world 

surrounding us, our entire experience of life and of each other, depends upon the input of our senses. And 

isn’t the input of the sense of hearing extraordinary? Not only does it allow us to communicate through 

words and music, but it gives us the opportunity to deeply listen to the vibrations of the Earth. It allows us to 

become conscience of the sublime subtleties of the sound of a loved one’s voice, a favourite song, or a 

breaking wave.  

To think that this beautiful sense evolved from a bundle of nerves on the jawbone of some slithering 

Jurassic reptile so that they could sense the hungry footsteps of an approaching velociraptor; that a more 

frequency-selective inner ear developed so that small mammals could tell, from a distance, the difference 

between the call of a beautiful lady wombat (something to mate with) and the roar of a terrifying sabre-tooth 

tiger (something to hide from); that our earliest ancestors could use their frequency-selective hearing to 

create primitive forms of language and share important stories about poison berries, navigation, and how to 

rub two sticks together to make a fire. Now, thanks to our sense of hearing, humans have developed a 

flourishing diversity of languages to communicate our thoughts, feelings, and ideas. Moreover, the spread of 

ideas through language has led to worldwide collaborations and rapid advancements in every field 

imaginable, from science and technology to art and philosophy.    

We express our admiration for the sense of hearing by attempting to recreate it. A painter chooses 

where to pitch their easel and canvas when they are overwhelmed by the beauty of the landscape in front of 

them. A musician pulls out their instrument and tunes the strings when they are inspired by the birds’ 

morning melodies. A scientist seeks to understand the fundamental processes underlying natural 
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phenomenon that they find miraculous. Each of these artists expresses their wonder of the natural world 

through imitation. And behind every form of imitation, there is admiration; behind admiration, there is 

gratitude; and behind gratitude, there is love.    
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7. Appendix A: CP900 Calibration Procedure 

The objective of the experiment presented in Chapter 3 was to investigate the effect of stimulation rate 

on speech perception for cochlear implant users, and to observe how that effect changed for different 

presentation levels.  

Since we were interested in the effect of presentation level and stimulation rate on speech perception, it 

was important that the presentation level was precise and reproducible. It was also important that the 

participants only listened with their cochlear implants; we needed to eliminate the use of residual acoustic 

hearing in order to isolate the effect of stimulation rate on speech perception. For these reasons, the direct 

audio input was the most suitable input method. It provided us with reproducible input levels, regardless of 

the acoustics of the testing room. It also completely eliminated the use of residual acoustic hearing, while 

using earplugs in the acoustic free-field would only reduce residual acoustic hearing.     

This appendix describes in detail how we calibrated the direct audio input of the CP900 speech 

processor, so that the stimulation parameters were equivalent to an acoustic microphone input at 

presentation levels of 60 dBA, 50 dBA, and 40 dBA.  
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7.1 Recording from the Earphone Monitor Output 

In order to ensure that the presentation levels are equal for the acoustic microphone input and the direct 

audio input, we need to be able to measure the electrical level within the speech processor. Conveniently, the 

CP900 speech processor comes equipped with an earphone monitoring output. The location of the 

monitoring point in the signal processing path is directly after the microphone input and direct audio input 

have been transformed to FFT bins and mixed together. This location is convenient because we can be 

certain that any processing that occurs after the monitoring point is equivalent, whether we are using the 

microphone input or the direct audio input. 

By disabling the fixed beamformer, adaptive beamformer, and wind noise suppression when 

programming the implant, we can make the input processing of the microphone signal very similar to the 

input processing of the direct audio input. The only difference is the frequency response of the room and 

microphone combined with the calibration filter, compared to the frequency response of the direct audio 

input cable combined with the pre-emphasis filter. We will go into more detail about these frequency 

response differences in a later section of this document. We can use the mixing logic as a switch by setting 

the levels to 100% from the microphone input (direct audio input is unplugged) or 100% from the direct 

audio input (microphone is disabled).  
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Now that we have established a reliable recording point, we must modify the monitoring 

earphones so that they can be used to record. Figure 7.2 describes the procedure visually. 

 

 

Figure 7.1 Procedure for modifying the monitoring earphones for recording. 

After cutting the earbuds off, we remove some of the insulation to reveal the shield and 

signal wires for the left and right channels. We solder the left signal wire to the tip of our 

auxiliary plug, the right signal wire to the sleeve of our auxiliary plug (effectively grounding 

the duplicate mono channel), and then solder the shields from both channels together. Finally, 

we connect a 20 Ohm resistor between the tip and sleeve of the auxiliary plug. This 

impedance allows the CP900 to recognize the device and provide an output. We then wrap 

our modifications in insulating material, and we have the ability to record from our monitor 

output.  
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7.2 Calibration Procedure 

In order to calibrate the CP900, we record signals through the microphone input 

processing path and the direct audio input processing path. We do this for two types of input 

signals: 1) Speech at 60 dBA, 50 dBA, and 40 dBA, and 2) Pink noise at 60 dBA, 50 dBA, 

and 40 dBA. We verify the acoustic level of the input signals at the microphone of the CP900 

using a sound level meter at a distance of one meter from the loudspeaker in an acoustically 

treated listening booth. After recording these signals through both processing paths, we find 

the calibration gain required to match the RMS level of the recording from the direct audio 

input to the recording from microphone.  

A diagram of the two processing paths and a table of the resulting calibration gains are 

shown on the next page. 
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Figure 7.2 Recording from the microphone processing path and the direct audio input processing path in the CP900. 

Table 7.1 Calibration gains for the speakers and direct audio input processing paths. 

Desired Acoustic Level Calibration Gain for Speakers Calibration Gain for Direct Audio Input 

60 dBA -8.3 dB -24 dB 

50 dBA -18.3 dB -34 dB 

40 dBA -28.3 dB -44 dB 
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7.3 Accounting for the Earphone Limiter 

Interestingly, calibration gains of -27 dB and up for the direct audio input led to similar 

RMS values, implying that around that input level, our output levels are being affected by the 

earphone limiter (which we cannot disable). We performed two level tests to find out where the 

earphone limiter is activated. In the first test, we played 70 dBA pink noise for 5 seconds 

followed by 5 seconds of silence and incrementally stepped down to 40 dBA in steps of -10 dB, 

to find the general area of the limiter activation. 

 

Figure 7.3 Limiter test one. Five seconds of pink noise followed by 5 seconds of silence at 70 

dBA, 60 dBA, 50 dBA, and 40 dBA. 

This initial limiter test tells us that the earphone limiter threshold is somewhere between 

60 dBA and 70 dBA, because the output level at 70 dBA is nearly equal to the output level at 60 

dBA, while the output at 60 dBA is approximately 10 dB above the output at 50 dBA (implying  

linear input/output behaviour). We perform a finer-resolution limiter test to find the exact 

threshold of the limiter. This test incrementally raises the level of one-second duration pink noise 

pulses from 50 dBA to 70 dBA in +1 dB steps. We performed this test for both input paths, 
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finding that the threshold lies around 60 dBA, where an increased input no longer leads to an 

increased output.  

 

Figure 7.4 Limiter test two. One second pulses of pink noise followed by one second of silence, 

with levels increasing from 50 dBA to 70 dBA in +1 dB steps. 

Our speech input signal was calibrated to 60 dBA using the sound level meter, but it has a 

dynamic range of around 30 dB, reaching levels 18 dB below its central value (42 dBA) and 12 

dB above its central value (72 dBA). A large portion of our 60 dBA speech is being limited, 

which explains why direct audio calibration gains above a certain level lead to similar rms 

values. Our method of matching rms levels still works well for levels that do not activate the 

limiter (50 and 40 dBA). Since we are accurately calibrated for 40 and 50 dBA, we can infer that 

the calibration gain for 60 dBA should be 10 dB above the calibration gain for 50 dBA. With this 

calibration, the limiter will apply similar compression between the direct audio and microphone 

inputs.  

7.4 Confirming Calibration Accuracy 

We would like to ensure that the current level at the electrodes is equal for the same input 

through both signal paths, in order to confirm that the signal processing after the earphone 
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monitoring point is equivalent. We use input signals of narrowband white noise at centre 

frequencies of 250, 625, 1000, 1438, and 2188 Hz (the respective centre frequencies of channels 

22, 19, 16, 13, and 10 of the CP900 processor). This frequency region is representative of the 

majority of the energy in speech. For each input signal, we capture 1000 frames with the 

Decoder Implant Emulator Tool, and average the current level at the corresponding channel at 

each frame (For this CI Processing MAP, T-level = 110 and C-level = 182 across electrodes).  

The current levels are nearly equivalent, indicating that our calibration gains are correct.  

Table 7.2 Average current levels at certain channels for certain level conditions. 

  Ch 22 Ch 19 Ch 16 Ch 13 Ch 10  

  250 Hz 625 Hz 1000 Hz 1438 Hz 2188 Hz Mean 

60 dBA 

(-24 dB slider) 

DAI  170.4 171.5 169.6 171.0 169.2 170.3 

60 dBA 

(-8.3 dB slider) 

Mic 168.8 171.2 171.1 169.7 170.4 170.2 

50 dBA 

(-34 dB slider) 

DAI 157.3 161.3 161.6 165.3 168.3 162.8 

50 dBA 

(-18.3 dB slider) 

Mic 155.5 159.2 161.9 165.7 170.1 162.5 

40 dBA 

(-44 dB slider) 

DAI 145.2 147.2 147.5 152.0 154.7 149.3 

40 dBA 

(-28.3 dB slider) 

Mic 144.5 147.9 150.0 152.8 157.7 150.6 

Note: the 60, 50, and 40 dBA levels were the levels used for the speech sentence. Depending 

upon the frequency, narrowband white noise at these levels tends to be louder by up to +10 dB , 

hence the high current levels at “40” and “50” dBA. 
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7.5 Measuring the Frequency Response 

It is important that there are no drastic differences between the frequency responses of the 

two signal paths. Of course, there will be subtle differences due to the room acoustics in the 

microphone path, but we want to avoid introducing an artificial-sounding frequency response by 

using the direct audio input. In order to measure the frequency response, we do a loopback 

measurement of a sinusoidal frequency sweep from 20 Hz to 20 kHz through both signal paths. 

The measurement software, Room EQ Wizard, is an industry standard for finding the frequency 

response of home theatre systems. An advantage of this software is that it applies a tracking 

filter, whose centre frequency moves upward along with the sinusoid sweep, which filters out 

other sounds such as preamp hiss and loudspeaker distortion. Figures 5 and 6 show the procedure 

and results of the frequency response measurements. 

 

Figure 7.5 Loopback measurement to find the frequency response of the two signal paths. 
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Figure 7.6 Measured frequency response of the direct audio input and microphone input signal 

paths. 

 

The frequency response shows us a couple of differences between the direct audio input 

and the microphone input signal paths. First, there is more ripple in the microphone response, 

due to the acoustics of the room we are measuring in. There are particularly noticeable notches in 

the frequency response at around 600 Hz and 130 Hz. Second, there is a +10 dB high frequency 

peak between 4 kHz and 7 kHz in the direct audio input. According to the manufacturer, the 

direct audio input has a pre-emphasis filter that approximates the microphone pre-emphasis 

shape. It could be that there is a mismatch in the high frequencies due to the filter order, which 

does not provide an exact match over the entire frequency range. The responses are both 

relatively flat from 200 Hz to 4 kHz, which is the frequency region we are primarily interested 

because the majority of the energy of speech lies in this region. The two signal paths also have a 

similar low frequency roll off at around 200 Hz.   

We can also check the frequency response at the level of the electrodes by measuring the 

total charge delivered across electrodes during the white noise stimulus, and then measuring the 

proportion of the charge at each electrode. The following histogram shows the charge 
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distribution across electrodes, with the lowest frequencies activating electrode 22 and the highest 

frequencies activating electrode 1:  

 

Figure 7.7 Charge distribution histogram of white noise through the CP900 processor. 

Both inputs show an expected high-frequency emphasis. The histogram shows that the 

direct audio input signal path places more emphasis on the high frequencies from electrode 4 (5 

kHz centre frequency) to electrode 1 (7.5 kHz centre frequency) than the microphone input 

signal path, consistent with the frequency response from the earphone monitoring point.  

Before we apply any compensation filtering, we want to check whether the frequency response 

differences will affect the frequency response of speech stimuli. We expect that since the 

majority of speech energy lies between 100 Hz and 4 kHz, where the responses are similarly flat 

between the two signal paths, that compensation filtering will not be necessary.    

The following page shows the spectrum of the same speech stimulus recorded from the 

earphone monitor point through the direct audio and microphone input processing path. 
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Speech Spectrum through Direct Audio and Microphone Inputs 

     Direct Audio Input            Microphone Input 

60 dBA 

Peak: 197 Hz, -25.9 dB       Peak: 202 Hz, -26.6 dB 

    

50 dBA 

Peak: 203 Hz, -32.5 dB        Peak: 205 Hz, -29.9 dB 

    

40 dBA 

Peak: 203 Hz, -42.5 dB        Peak: 192 Hz, -40.1 dB 

   

Figure 7.8 Speech spectrum through the direct audio input signal path and the microphone input 

signal path. 
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The frequency responses are similar, with respect to the locations and magnitudes of the 

peaks in the response. The microphone signal path has more energy in the lower frequencies, as 

can be observed by the shallow roll-off at 200 Hz compared to the steep roll-off at 200 Hz in the 

Direct Audio Input. We would expect this difference in the responses, as room acoustics tend to 

emphasize the low frequencies. Another difference we can observe between the direct audio 

input response and the microphone response is the peak at 2 kHz is 6-8 dB larger in the 

microphone signal path than the direct audio input path. We can also check the frequency 

response at the level of the electrodes by measuring the total charge delivered across electrodes 

during the speech stimulus, and then measuring the proportion of the charge at each electrode.  
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Figure 7.9 Charge distribution histogram for speech through both signal paths. 
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The frequency responses measured at the electrode output tell a similar story to the 

frequency responses at the earphone monitoring point. We see more energy in the low 

frequencies for the microphone input than for the direct audio input. The direct audio input 

shows a slightly larger peak between electrodes 13 – 15, which correspond to frequencies 1100 – 

1500 Hz. We do not observe an effect of the peak between 4 kHz and 7 kHz in the direct audio 

input signal path. Overall, the differences between the frequency responses in the two signal 

paths do not seem drastic enough to necessitate compensation filters. 

7.6 Conclusions 

Following this calibration procedure ensures that the levels between the direct audio input 

and microphone input signal paths can be matched. It also shows that the frequency response 

differences between the two signal processing paths do not dramatically alter the stimulation 

parameters for speech stimuli or low frequency stimuli. If we use stimuli with high frequency 

content, such as white noise, calibration filters such as a low pass filter with a roll-off at 4 kHz 

could be necessary for the direct audio input signal path.  
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8. Appendix B: Analysis using Temporal 

Integration Model 

In the conclusion of Chapter 4, a potential explanation for the results was that AM and 

RM are both perceived by a central temporal integration (TI) mechanism. An analysis using 

current TI models for perception was beyond the scope of that published article. The aim of this 

appendix is to provide further analysis of the AMDTs and RMDTs that were measured in the 

experiment described in Chapter 4. 

The chapter begins with a detailed explanation of the TI model that was used for the 

analysis. Then, an analysis of the results of Chapter 4 will be carried out. For the analysis, it was 

assumed that the magnitude of the fluctuation at the output of the TI model determines the 

detection threshold for both AMDTs and RMDTs. That is, unless the output modulation depth of 

the TI model is above a certain threshold, the modulated stimulus will be indistinguishable from 

an unmodulated stimulus. Using model parameters based on the average CI user, the input 

modulation depth of a hypothetical stimulus (using AM or RM) was adjusted so that the output 

modulation depth of the TI model reached that threshold, giving detection threshold predictions 

for the average CI user. These predicted thresholds were compared to the measured thresholds 

from CI users in Chapter 4.  
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8.1 Temporal Integration Model Predictions of RMDTs and 

AMDTs  

A phenomenological TI model (Francart et al., 2014; McKay et al., 2003) was used to 

model RM detection and AM detection for a hypothetical CI user. The patterns of these 

hypothetical results were then compared to the psychophysical results, to investigate whether a 

TI mechanism can explain the measured RMDTs and AMDTs.  

8.1.1 The Temporal Integration Model 

In the TI model, neural activity elicited by consecutive electrical pulses was summed in a 

sliding TI window that weighted the activity occurring at different times in the pulse train. 

Versions of this model have been used to explain psychophysical results related to interpulse 

intervals (McKay and McDermott, 1998), loudness (Francart et al., 2014; McKay and Henshall, 

2010), and AMDTs (McKay et al., 2013).  

 

Figure 8.1 Block diagram of the temporal integration model. 

The model (Figure 8.1) took any stimulation pulse train as an input. First, each pulse in 

the pulse train was converted from current level steps to electrical current in microamps. Next, 

the neural excitation elicited by each pulse was predicted using a power function with exponent 

S. Over small changes in electrical level, it has been shown that current is related to loudness by 

a power function, whose exponent increases with increasing level (McKay et al., 2003). 
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Therefore, if loudness can be seen as a function of neural activity, neural excitation is likely 

related to electrical current by a power function. 

The parameter for predicting neural excitation from electrical level, the S-value, is 

subject-specific and level-dependent. For the hypothetical CI user in this analysis, model 

parameters were determined by average values from McKay and McDermott(1998), 

corresponding to an S-value of 3.30 at a presentation level of 80% DR, and 2.15 at a presentation 

level of 40% DR.  

Once the neural excitation was predicted for every pulse, the final step in the model was 

to apply the following TI window to each neural excitation value in the stimulus pulse train: 

W(t) = (1 – w)*exp(t/Tb1) + w*exp(t/Tb2) , t<0 

W(t) = exp(-t/Ta), t>=0 

W(t) was the weight applied at time t relative to the peak of the function, Ta and Tb1 were short 

time constants related to temporal resolution of the auditory system, Tb2 was a longer time 

constant that accounted for forward masking and stimulus duration, and w was the relative 

weighting of the short and long time constants. Consistent with McKay et al. (2003), and with TI 

window parameters from acoustic hearing TI models (Oxenham, 2001; Plack et al., 2002), 

generalized values of Ta=3.5 ms, Tb1=4.6ms, Tb2=16.6 ms, and w=0.17 were used. 

8.1.2 Predicting AMDTs and RMDTs with the TI Model 

It was assumed that modulation detection would only occur if the modulation depth at the output 

of TI window was above a particular, subject-specific threshold. This criterion output modulation 

depth (OMD) would be the same for all experimental conditions.  The OMD was expressed as 
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the dB ratio between the maximum and minimum TI window outputs. A threshold of 1 dB was 

chosen because it corresponded to the model output at the mean AMDT across participants for 

the 80% DR, 10 Hz modulation frequency condition. When predicting AMDTs and RMDTs at 

each level and modulation frequency, the amplitude or rate modulation depth was adjusted until 

the OMD was 1 dB. Figure 8.2 shows the predicted AMDTs, along with the measured AMDT 

data for comparison. 

 

Figure 8.2 Measured and predicted AMDTs for different presentation levels and modulation 

frequencies. The predicted values are based on a hypothetical CI user, with TI model parameters 

corresponding to averages from McKay and McDermott (1998). Error bars represent ±1 standard 

error of the mean for each condition. 

The TI model correctly predicted an effect of level and modulation frequency on AMDTs. It also 

accurately predicted the interaction effect between level and modulation frequency, with the 

effect of modulation frequency increasing at lower levels. However, for the AMDTs measured in 
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this experiment, there was a larger effect of level than predicted by the TI model. Additionally, 

there was a smaller effect of modulation frequency at 80% DR for the measured AMDTs 

compared to the predicted AMDTs.  

 

Figure 8.3 Measured and predicted RMDTs for different presentation levels and modulation 

frequencies. The predicted values are based on a hypothetical CI user, with TI model parameters 

corresponding to averages from McKay and McDermott (1998). Error bars represent ±1 standard 

error of the mean for each condition. 

Figure 8.3 shows the predicted RMDTs, along with measured RMDTs for comparison. 

While the TI model predicted that there would be no level effect for RMDTs, there was a clear 

effect of level in the measured results for both modulation frequencies, with RMDTs worsening 

at lower levels. The TI model underestimated CI users’ ability to detect high frequency rate 

modulation, especially at 80% DR, where participants had much better RMDTs than predicted 

by the model. 
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One limitation of the TI model used in this study was the use of average S-value 

parameters from (McKay and McDermott (1998)). Since averages were used across participants 

in the analysis, it was expected that the TI model would describe the average, but not necessarily 

the individual subject data. In order to test the validity of using those averages in the present 

study, S-values based on the data from the present study were calculated, and compared to the 

distribution of S-values from McKay and McDermott (1998). Assuming that RMDTs and 

AMDTs were determined by the amplitude of the output of the TI model, S-values were fit to the 

present data by finding the S-value for which the amplitude of the model output was equal for 

RMDT and AMDT pulse trains for each subject. Figure 8.4 shows the comparison of S-value 

distributions at 40% DR between McKay and McDermott (1998) and the present study, 

confirming the similarity of the distributions.  

 

Figure 8.4 Comparison of S-value distributions at 40% DR between McKay and McDermott 

(1998) and the current study. Error bars represent the 95% confidence interval. 
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