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 16 

To improve speech perception for cochlear implant (CI) users, it is essential to improve the 17 

transmission of temporal envelopes. The most common speech processors deliver temporal 18 

envelopes via the CI using fixed-rate amplitude modulated (AM) pulse trains. Psychophysical 19 

studies suggest that rate modulation (RM) and AM are perceived by a shared temporal 20 

integration mechanism, but the potential for them to constructively combine to encode temporal 21 

envelopes has yet to be explored. In this experiment, a speech processing strategy called 22 

ARTmod (Amplitude and Rate Temporal modulation) was developed to encode speech temporal 23 

envelopes with simultaneous AM and RM. The strategy was tested for perception of clean 24 

speech at 60 dBA and 40 dBA, and 60 dBA speech in noise (+10 dB SNR). The amount of RM 25 

was varied and the amount of AM was held constant to determine whether the addition of RM 26 

could enhance the perception of temporal envelopes and improve speech understanding. At the 27 

lowest RM amount, speech scores were poorest for all speech conditions. For 60 dBA clean 28 

speech and speech in noise, speech scores were significantly better at the highest RM amounts, 29 

suggesting that RM combined with AM can be used to enhance perception of temporal 30 

envelopes.  31 

 32 

 33 

 34 

 35 
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I. INTRODUCTION 36 

Cochlear implants are a treatment option for people with severe to profound sensorineural 37 

hearing loss. Due to the low spectral resolution of the implant, CI users are especially reliant on 38 

temporal information to comprehend speech. Typically, CI speech processors encode temporal 39 

information by activating each implanted electrode with a fixed rate biphasic pulse train whose 40 

current level is modulated by the temporal envelope of the assigned acoustic frequency band. In 41 

this study, we evaluated a speech processing strategy that utilized simultaneous amplitude 42 

modulation (AM) and rate modulation (RM) to encode temporal envelopes of speech in quiet and 43 

in noise. The amount of RM was varied to determine whether the addition of RM can enhance 44 

the temporal speech cues and improve speech perception.  45 

Low frequency temporal envelope cues from a limited number of spectral channels are 46 

sufficient for speech understanding (Azadpour and McKay, 2014; Fishman et al., 1997; Friesen 47 

et al., 2001; Nie et al., 2006), with the most important temporal cues occurring at frequencies 48 

below 20 Hz (Arai and Greenberg, 1998; Fu and Shannon, 2000; Fu and Galvin III, 2001; Saberi 49 

and Perrott, 1999; Shannon et al., 1995; Shannon, 2002; Vandali et al., 2000). Several 50 

psychophysical studies have shown that the ability of a CI user to detect low frequency 51 

amplitude modulations is correlated with their speech perception ability (Brochier et al., 2017; 52 

De Ruiter et al., 2015; Fu, 2002; Garadat et al., 2012; 2013; Gnansia et al., 2014; Luo and Fu, 53 

2007; Won et al., 2011). Limited access to low frequency temporal amplitude modulation cues 54 

may be one reason for poor speech outcomes for some CI users.   55 

Speech processing strategies that enhance low frequency amplitude modulations have led 56 

to improved speech perception for CI users (Azadpour and Smith, 2016; Geurts and Wouters, 57 
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1999; Holden et al., 2005; Koning and Wouters, 2016; Vandali, 2001). In general, these 58 

strategies detect onsets or peaks in the temporal envelope of each acoustic frequency band, and 59 

amplify those segments by increasing the current level.  60 

An electrical hearing model has been developed to explain the temporal processing 61 

capabilities of CI users (McKay and McDermott, 1998; McKay et al., 2001; McKay et al., 2003; 62 

McKay et al., 2013).  A key component of this model is central temporal integration, where the 63 

neural activity elicited by each pulse is summed over time by a sliding temporal integration 64 

window with an equivalent rectangular duration of 7 ms. The weighting of the window is 65 

determined by asymmetrical exponential functions that account for forward and backward 66 

masking, similar to acoustic hearing models (Oxenham and Moore, 1994; Oxenham, 2001; Plack 67 

et al., 2002). Assuming that the output of the temporal integration window is used to encode 68 

envelope information, and because both RM and AM result in modulations at the output of the 69 

temporal integration window, both RM and AM could be used to enhance perception of low 70 

frequency temporal envelope information. 71 

Experiments investigating RM and AM on single electrodes support the idea that both 72 

modulation types may be detected by a common temporal integration mechanism, and that RM 73 

could be used to elicit similar percepts to AM. Luo and Fu (2007) measured rate modulation 74 

detection thresholds (RMDTs) at a modulation frequency of 10 Hz with and without 75 

simultaneous AM interference at a different modulation frequency.  RMDTs were significantly 76 

worse with simultaneous noisy AM, and with simultaneous sinusoidal AM at a modulation 77 

frequency of 20 Hz. These results showed that RM and AM interact with each other, suggesting 78 

that a common temporal integration mechanism may underlie RM and AM detection. Brochier et 79 

al. (2018) measured RMDTs and AMDTs in CI users. RMDTs and AMDTs were correlated, and 80 
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both were best at low modulation frequencies and high presentation levels, providing further 81 

evidence that RM and AM may be perceived by a common temporal integration mechanism. 82 

The signal processing strategy presented in this paper, ARTmod (Amplitude and Rate 83 

Temporal modulation), encoded low frequency temporal envelopes with simultaneous AM and 84 

RM. The strategy encoded an additional temporal cue in the pulse trains on each electrode, with 85 

both AM and RM encoding the acoustic low-frequency envelope in each channel. This 86 

implementation of RM was not intended to encode temporal pitch information, as has been 87 

investigated in other studies (Arnoldner et al., 2007; Magnusson, 2011; Nie et al., 2005). Instead, 88 

ARTmod used RM and AM to encode the magnitude of the low frequency temporal envelope in 89 

each channel, where most of the useful speech information is encoded in temporal modulations 90 

below 20 Hz.  It was hypothesized that the additional RM encoding would enhance the 91 

perception of these low frequency envelopes in the speech signal, and hence improve speech 92 

perception.  93 

The purpose of this experiment was to extend the investigation of RM perception from 94 

single-electrode sinusoidal envelopes (Brochier et al., 2018) to multiple-electrode speech 95 

envelopes. The effect of RM was evaluated by measuring speech perception with an 96 

implementation of the ARTmod processing strategy that encoded speech envelopes using various 97 

amounts of RM in addition to a fixed amount of AM. Speech scores were measured in quiet at 98 

presentation levels of 60 dBA and 40 dBA, and in multi-talker babble noise at 60 dBA. It was 99 

hypothesized that speech scores would improve as the amount of RM was increased. 100 

II. METHODS 101 

A. Participants 102 



6 
 

Eight postlingually deafened adult CI users completed the study. Participants were 103 

recruited from the clinical population of the Royal Victorian Eye and Ear Hospital in Melbourne. 104 

Approval to conduct the studies was obtained from the Human Research and Ethics Committee 105 

of the Royal Victorian Eye and Ear Hospital, and each participant provided written informed 106 

consent. Participants were tested over the course of three to four sessions of 2 hours. Details 107 

about the participants are described in Table I. 108 

Table I. Relevant information about the CI users who participated in the study. 109 

 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 

hearing loss 

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 

hearing loss  

P8 

 

Female 86 15 7 CI512 

900 pps 

Antibiotics for 

pneumonia 

 110 

B. Equipment 111 

All speech stimuli were pre-processed offline in MATLAB. The Nucleus MATLAB 112 

Toolbox, provided by Cochlear Corporation, was used to implement signal processing 113 
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procedures similar to the Cochlear Freedom CP900 series processor. The Nucleus Implant 114 

Communicator (NIC) streaming research platform, also provided by Cochlear Corporation, was 115 

used in conjunction with a Cochlear L34 Research Processor to deliver the processed stimuli to 116 

the participants. 117 

C. Processing Strategy 118 

Similar to most CI speech processing strategies, the ARTmod strategy converted a 119 

sampled audio signal to an electrical pulse sequence. A block diagram of the signal path is 120 

shown in Figure 1.  121 

 122 

Figure 1. Block diagram for the ARTmod speech processing strategy. 123 

The signal processing consisted of the following stages: front end processing, envelope 124 

extraction, pulse amplitude calculation, interpulse interval calculation, and pulse train collation. 125 

The front end processing, envelope extraction, and pulse amplitude calculation stages were the 126 

same as in the Advanced Combination Encoder (ACE) strategy (Wouters et al., 2015). The 127 

unique feature of the ARTmod processing strategy was the interpulse interval calculation stage. 128 

Unlike fixed-rate speech processing strategies, where the stimulation rate is kept constant, the 129 

ARTmod strategy applied RM by varying the time interval following each pulse along with the 130 
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pulse amplitude according to the magnitude of the temporal envelope in each frequency band. 131 

The following sections describe each stage in detail. 132 

Front End Processing 133 

The front end processing consisted of a gain stage, a microphone filter, and an automatic 134 

gain control (AGC). The gain stage was calibrated to ensure that the ARTmod strategy was 135 

operating on the same envelope magnitudes as the ACE strategy at presentations levels of 60 136 

dBA and 40 dBA. The calibrated gain value was determined using test tones at the center 137 

frequency of each electrode in the array, and verified using a recorded spoken sentence. The 138 

microphone filter function emulated the frequency response of the Cochlear Freedom 139 

microphone, and the AGC function was identical to the AGC of the CP910 processor. Both 140 

functions were provided by the Nucleus MATLAB Toolbox.      141 

Envelope Extraction 142 

The envelope extraction phase was the same as that used in the ACE scheme. For the 143 

incoming audio signal sampled at 30 kHz, the FFT was calculated at a rate of 15 kHz using a 144 

128-point Hann window. The FFT magnitudes were summed in bins corresponding to center 145 

frequencies of 250, 375, 500, 625, 750, 875, 1000, 1125, 1250, 1438, 1688, 1938, 2188, 2500, 146 

2875, 3313, 3813, 4375, 5000, 5688, 6500, 7438 Hz. Each of the 22 bins represented an 147 

electrode in the implanted array. Once the FFT magnitudes were summed in bins, an exponential 148 

function known as the loudness growth function (LGF) was applied to convert the calculated 149 

magnitude to a transformed envelope magnitude value between 0 and 1. The LGF was 150 

characterized by three clinical parameters: base level, saturation level, and Q. The values of these 151 

parameters were kept at the default values used in the ACE processing strategy, which were 152 
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4/256 for the base level, 150/256 for the saturation level, and 20 for the Q value. The base level 153 

and saturation level refer to the minimum and maximum acoustic levels in each frequency band 154 

that are encoded. Both are frequency-dependent and signal-dependent. Due to the frequency 155 

response of the front-end processing, the base level for sine tones was 13 dB SPL for channels 1 156 

through 8 (center frequencies 7438 down to 2875 Hz), and rose to 30 dB SPL at a slope of 157 

approximately 6 dB/octave for channels 9 through 22 (center frequencies 2300 down to 250 Hz). 158 

The saturation level was 40 dB above the base level in each frequency band.  159 

FFT bin magnitudes equal to the base level were assigned a transformed envelope 160 

magnitude of 0, and FFT bin magnitudes equal to or greater than the saturation level were 161 

assigned a transformed envelope magnitude of 1. The Q value determined the amount of 162 

curvature in the LGF, and FFT bin magnitudes between the base level and the saturation level 163 

were assigned a value between 0 and 1 accordingly.  If the FFT bin magnitude at a particular 164 

sample was less than the base level, that sample was assigned a small negative value, as a flag to 165 

mark samples where no pulses should be assigned.  166 

Interpulse Interval Calculation 167 

RM was applied on each electrode separately by adjusting the interpulse interval 168 

following each pulse, which was calculated from the transformed envelope magnitude. In each 169 

frequency band, the first transformed envelope sample with a magnitude greater than or equal to 170 

0 was assigned a pulse and an interpulse interval following that pulse. If the transformed 171 

envelope sample following that assigned interpulse interval was greater than or equal to 0, a 172 

pulse was assigned to that sample and another interpulse interval was calculated. If the 173 

transformed envelope sample following the assigned interpulse interval was less than 0 (marked 174 
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by the small negative value), a pulse was assigned to the next transformed envelope sample with 175 

a magnitude greater than or equal to 0, and another interpulse interval was calculated. This 176 

process was repeated through the duration of the stimulus.  177 

For the calculation of interpulse intervals (the non-stimulating period between a pulse’s 178 

offset and the following pulse’s onset), a minimum and a maximum rate were chosen. The 179 

minimum rate (largest interpulse interval) was used for the lowest transformed envelope 180 

magnitude of 0, and the maximum rate (smallest interpulse interval) was used for the highest 181 

transformed envelope magnitude of 1. For envelope values between 0 and 1, the interpulse 182 

interval following each pulse was calculated according to Equations 1 and 2: 183 

𝑅𝑎𝑡𝑒 = 𝑀𝑖𝑛𝑅𝑎𝑡𝑒 ∗ (
𝑀𝑎𝑥𝑅𝑎𝑡𝑒

𝑀𝑖𝑛𝑅𝑎𝑡𝑒
)

𝑇𝑟𝑎𝑛𝑠𝑓𝑜𝑟𝑚𝑒𝑑 𝐸𝑛𝑣 𝑀𝑎𝑔

          (1) 

𝐼𝑛𝑡𝑒𝑟𝑝𝑢𝑙𝑠𝑒 𝐼𝑛𝑡𝑒𝑟𝑣𝑎𝑙 =
1

𝑅𝑎𝑡𝑒
− 𝐵𝑃𝐷                                         (2)  

BPD represents the biphasic pulse duration, the sum of the duration of the positive and 184 

negative phases of the biphasic pulse (both 20 µs) and the interphase gap (8.4 µs). The amount of 185 

RM was adjusted by changing the MinRate and MaxRate variables in Equation 1. The RM ratio 186 

was calculated as the ratio between MaxRate and MinRate. RM ratios of 1, 2, 4, and 10 were 187 

used. Table 2 shows the minimum and maximum rates used for the different RM ratios in this 188 

experiment. At an RM ratio of 1, the rates varied between 1176 pps and 1248 pps. This small 189 

amount of rate modulation was used for the ratio of 1 (rather than a fixed rate of 1200 pps) 190 

because there were too many concurrent pulses across channels when there was zero rate 191 

variation. At RM ratios of 2, 4, and 10 the rates varied between 900 and 1800 pps, 600 and 2400 192 

pps, and 300 and 3000 pps, respectively. These RM ranges were chosen so that the pulse width 193 
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could be held constant at 20 µs across RM ratios, while not introducing a rate pitch for the low 194 

rates.   195 

Table II. Minimum and maximum rates and interpulse intervals used in the different 196 

conditions for the ARTmod strategy. 197 

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) 

 198 

Pulse Amplitude Calculation 199 

The electrical amplitude of each pulse, reported in clinical current-level units (CL steps), 200 

was calculated based on the transformed envelope magnitude. For the CI24M implant each CL 201 

step represents a 0.176 dB change in current, and for the CI24RE and CI512 implants each CL 202 

step represents a 0.157 dB change in current.  203 

Amplitude values were mapped linearly in CL steps between the threshold level, 204 

measured with a fixed-amplitude pulse train at a rate of 500 pps (T500 pps), and the comfort level 205 

measured with a fixed-amplitude pulse train at a rate of 2400 pps (C2400 pps). T500 pps and C2400 pps 206 

levels were chosen to ensure that, when RM was included, the resulting stimuli were not too loud 207 

for intense stimuli, or inaudible for soft stimuli. Thus, the dynamic range in CLs was smaller 208 

than that present in a fixed-rate strategy at a stimulation rate of 1200 pps, resulting in an 209 

intentionally compressed AM representation of the temporal envelope (in current amplitude 210 

modulations) across RM conditions. The mapping equation, shown in Equation 3, is identical to 211 

that used in ACE, but with threshold and comfort levels derived from the two different rates: 212 
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𝑃𝑢𝑙𝑠𝑒 𝐴𝑚𝑝𝑙𝑖𝑡𝑢𝑑𝑒 = 𝑇500 𝑝𝑝𝑠 + (𝐶2400 𝑝𝑝𝑠 −  𝑇500 𝑝𝑝𝑠 ) × 𝑇𝑟𝑎𝑛𝑠𝑓𝑜𝑟𝑚𝑒𝑑 𝐸𝑛𝑣 𝑀𝑎𝑔          (3) 

It is important to note that for every RM ratio used (every combination of MinRate and 213 

MaxRate), the same T500 pps and C2400 pps levels were used. In this way, the amount of RM was 214 

varied, while the amount of AM (current modulation) remained the same in each experimental 215 

condition. When there was no RM (RM ratio = 1), the centrally perceived envelope would be 216 

compressed relative to the case where T and C are both measured at 1200 pps. As the RM ratio 217 

was increased, it was hypothesized that the centrally-perceived modulation would be enhanced if 218 

AM and RM can constructively combine in the central neural pathways to encode temporal 219 

envelopes. In this way, it was proposed that the RM ratio of 4 (600 pps to 2400 pps) would 220 

centrally recover the perceived temporal envelope to be similar to a fixed-rate strategy, and the 221 

RM ratio of 10 (300 pps to 3000 pps) would enhance the envelope to a degree more than in a 222 

normal fixed-rate strategy. Figure 2 illustrates this concept with a 500 Hz sine wave that has 223 

been ramped up in level. The upper panel shows the original waveform, and the lower panel 224 

shows the output of the ARTmod strategy at electrode 20 (500 Hz center frequency) for two 225 

different RM ratios. Note that the amount of AM is equal while the amount of RM is varied for 226 

the different RM ratios. 227 
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 228 

Figure 2. ARTmod outputs at different RM ratios for a 500 Hz ramped sinusoid. The 229 

upper panel shows the original waveform, and the lower panels show the ARTmod output 230 

at electrode 20 (center frequency 500 Hz). At the RM ratio of 1, there is no change in 231 

stimulation rate as the pulse amplitude increases, while at an RM ratio of 10, the 232 

stimulation rate rises as the pulse amplitude increases. 233 

Pulse Train Collation 234 

In the collation stage, the pulse trains in each frequency band were collated using the 235 

calculated pulse amplitudes and interpulse intervals. If there were any concurrent pulses 236 

(overlapping in time) on different electrodes, the pulse with the highest envelope magnitude 237 

value was chosen, and the lower magnitude temporally overlapping pulses were removed. Unlike 238 

ACE, no n-of-m maxima selection scheme was implemented before this pulse collation stage. N-239 

of-m maxima selection was left out of the ARTmod processing to minimize additional 240 

modulations in the temporal envelopes based on whether a channel was one of the maxima or 241 

not. Figure 3 shows electrodograms displaying the sequence of pulse amplitudes over time at 242 
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each active electrode for the ACE processing strategy and the ARTmod strategy at RM ratios of 243 

1, 2, 4 and 10.  244 

 245 
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Figure 3. Electrodograms displaying the sequence of pulse amplitudes over time at each 246 

active electrode. Each stimulation sequence represents the word ‘STRONGLY’ spoken at a 247 

presentation level of 60 dBA. The first panel was encoded using the ACE strategy, and 248 

panels 2 through 5 were encoded using the ARTmod strategy with an RM ratio of 1, 2, 4, 249 

and 10, respectively. 250 

Electrodograms of each RM ratio for 40 dBA clean speech and 60 dBA speech in babble noise at 251 

10 dB SNR are provided in the supplementary materials.  252 

D. Stimuli and Procedures 253 

Mapping 254 

The standard clinical adjustment procedure at the Royal Victorian Eye and Ear Hospital 255 

was used to find T-levels for the 500 pps rate and C-levels for the 2400 pps rate. The balance 256 

across electrode positions was checked by comparing loudness in groups of three electrodes, 257 

using the Custom Sound fitting software.   258 

 259 

Conditions 260 

The ARTmod strategy was tested in 12 different conditions. Speech scores were obtained 261 

for 60 dBA and 40 dBA clean speech, and 60 dBA speech in +10 dB SNR multi-talker babble 262 

noise. In each of the three speech conditions, four RM ratios were used. The RM ratios tested 263 

were 1, 2, 4, and 10. The order of the testing of the four RM ratios was varied using a 4 by 4 264 

Latin Square design. In addition, to provide information for the reader about each participant’s 265 

clinical performance, their speech scores were obtained using the same speech material and their 266 

existing clinical MAP. 267 
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Loudness Balancing 268 

Stimuli with RM ratios of 1, 2, and 10 were all loudness-balanced to speech stimuli with 269 

an RM ratio of 4, so that each of the stimuli for the ARTmod strategy was approximately the 270 

same overall loudness in each RM condition. The stimuli used to balance loudness were BKB 271 

sentences. A method of adjustment was used in which participants were asked to raise and lower 272 

the level of a test stimulus until it matched the loudness of the reference stimulus. The loudness 273 

balancing software raised and lowered the level by adding or subtracting equal CL steps to all 274 

pulses in the pre-processed test stimulus. Two rounds of loudness balancing were performed for 275 

each combination at 60 dBA and 40 dBA. In the first round, the reference MAP used an RM 276 

ratio of 4, and the other conditions were adjusted in level. In the second round, the other 277 

conditions were used as the reference MAPs and the stimuli with an RM ratio of 4 were adjusted 278 

in level. The loudness balance adjustment was determined by averaging the balanced levels from 279 

the two rounds. It was found that the average loudness balance adjustment was less than one CL 280 

step for every RM ratio, indicating that the overall loudness difference between RM conditions 281 

was minimal.   282 

 The RM ratio of 4 was loudness balanced to the reference ACE MAP at 60 dBA and 40 283 

dBA using the same procedure. Every participant needed their ARTmod stimuli reduced in level 284 

compared to ACE. At 60 dBA, the mean loudness balance adjustment was -6.250 ± 3.012 CL 285 

steps. At 40 dBA, the mean loudness balance adjustment was -8.125 ± 2.588 CL steps. The 286 

adjustments were most likely necessary due to the high overall maximum implant stimulation 287 

rate of 15000 pps, compared to that of ACE with 8 maxima, which is 7200 pps (at 900 pps per 288 

channel) or 4000 pps (at 500 pps per channel). Because there were only small loudness 289 
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differences measured between RM ratios (less than one CL on average), these adjustments were 290 

applied to all ARTmod stimuli at all RM ratios. 291 

Speech Perception 292 

Speech perception was evaluated using BKB sentences, recorded by an Australian female 293 

speaker. They comprised 30 lists of 16 sentences, each sentence containing 3 or 4 keywords, for 294 

a total of 50 keywords per list. All stimuli were processed offline, converted to electrical pulses, 295 

and streamed to the implant using the NIC. Each of the 15 conditions was tested with two lists, 296 

and the scores were recorded as number of keywords correct out of 100.   297 

III. RESULTS 298 

A. Effect of Rate Modulation Amount 299 

Sentence scores for each subject with each RM ratio are shown for 60 dBA clean speech, 300 

40 dBA clean speech, and 60 dBA speech in speech babble noise (Figure 4). The speech score 301 

data were negatively skewed, with many subjects scoring above 90% correct. Because the data 302 

were not normally distributed, an arcsine square root transformation was applied to all of the data 303 

before a statistical analysis was carried out.  304 

Separate one-way repeated measures ANOVAs were used to assess the effects of RM 305 

amount for each speech condition. The ANOVA revealed a significant effect of RM amount for 306 

60 dBA clean speech (F(1,7) = 4.24, p = 0.017) and 60 dBA speech in multi-talker babble noise 307 

(F(1,7) = 9.79, p < 0.001). A Tukey pairwise comparison was used to assess the specific effects 308 

of different RM ratios, finding that speech scores generally increased as the RM ratio increased 309 

in these speech conditions. For 60 dBA clean speech, speech scores with an RM ratio of 10 were 310 
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significantly better than speech scores with an RM ratio of 1 (p = 0.009). Scores for 60 dBA 311 

speech in multi-talker babble noise with RM ratios of 10 and 4 were significantly better than 312 

scores with an RM ratio of 1 (p = 0.001 for both). Scores with an RM ratio of 4 were not 313 

significantly better than with an RM ratio of 2 (p = 0.053). For 60 dBA clean speech, participants 314 

with the lowest average scores (S1, S4, and S5) showed the most benefit of increased RM 315 

amount, and each of them had their highest score at an RM ratio of 10. For the other subjects, 316 

speech scores were very high for 60 dBA clean speech (>95% across RM ratios), so differences 317 

related to RM ratios were minimal. All of the participants obtained their highest ARTmod 318 

strategy scores at RM ratios of either 4 or 10 for 60 dBA speech in noise. At 40 dBA the effect of 319 

RM amount was not significant (F(1,7) = 1.29, p = 0.305). 320 
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 321 

Figure 4. Speech scores for 60 dBA clean speech (upper panel), 40 dBA clean speech 322 

(middle panel), and 60 dBA speech in speech babble noise (lower panel) for each 323 

participant in each condition. For the mean scores, the error bars represent one standard 324 

error of the mean. 325 

Figure 5 shows how the different ARTmod conditions, which were tested acutely, 326 

compared with the ACE processing scheme, which was used by the participants on an everyday 327 

basis. ARTmod enabled speech perception in the same range as ACE for speech in quiet 328 

conditions, but not for speech in noise.   329 
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 330 

Figure 5. Boxplot of speech scores across participants for the ARTmod strategy with RM 331 

ratios of 1, 2, 4, and 10, and their normal ACE MAP. The left panel represents the scores 332 

for 40 dBA clean speech, the middle panel represents the scores for 60 dBA clean speech, 333 

and the right panel represents scores for 60 dBA speech in speech babble noise (+10 dB 334 

SNR). Boxes represent the interquartile ranges, crossed open circles represent the means, 335 

filled black circles represent the medians, and asterisks represent outliers.  336 

IV. DISCUSSION 337 

A. Effect of Rate Modulation Amount  338 

A speech processing strategy that used AM and RM to encode temporal speech 339 

envelopes, ARTmod, was devised and assessed. As hypothesized, a significant effect of RM 340 

amount was found for 60 dBA speech in quiet and in speech-babble noise, with speech scores 341 

improving as the RM ratio increased. For 60 dBA speech in noise, average speech scores across 342 
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subjects were significantly better at RM ratios of 4 and 10 than they were at the RM ratio of 1. 343 

For 60 dBA speech in quiet, average speech scores across subjects were significantly better at the 344 

RM ratio of 10 than they were at the RM ratio of 1. For all conditions, speech scores were lowest 345 

at the RM ratio of 1. The improvement with increased RM ratios indicates that RM was effective 346 

in enhancing the participants’ perception of temporal envelope cues.  347 

The perceptual mechanism underlying the beneficial effect of RM most likely involved 348 

central temporal integration, whereby RM and AM could combine to expand the temporal 349 

envelopes at a perceptual level. Luo and Fu (2007) demonstrated that AM interfered with RM 350 

detection when different modulation frequencies were used in the two modulations, inferring that 351 

both were perceived via the same central mechanism. Brochier et al. (2018) showed that AM and 352 

RM were correlated and were affected similarly by modulation frequency and presentation level, 353 

supporting the idea of a shared mechanism for AM and RM detection. The present study also 354 

supports this conclusion by showing that AM and RM can be combined to improve the 355 

perception of temporal envelopes in speech. For speech at 40 dBA, no significant effect of RM 356 

amount was found. The degradation of scores at RM ratio 10 for the low level of 40 dBA may be 357 

due to the use of 300 pps as the minimum rate, below the 500 pps rate at which the T500pps level 358 

was measured. Consequently, some low-level envelope cues may have been inaudible for some 359 

participants. 360 

While this study demonstrated that AM and RM cues can constructively combine, it did 361 

not empirically prove that CI users were able to make use of the additional interpulse interval 362 

cues provided by RM. The implementation of ARTmod in the present study allowed the amount 363 

of RM to be varied while keeping the amount of AM fixed. This methodology necessitated 364 

compression of the AM representation of the temporal envelopes. It is plausible that expanding 365 
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the AM representation using additional AM (rather than RM) would lead to similar benefits as 366 

observed in this experiment with AM + RM. Nevertheless, the results supported our hypothesis 367 

that AM and RM constructively combine to encode temporal envelopes, which may inform 368 

future CI speech processing strategies that utilize RM.  369 

B. Effect of Concurrent Pulse Removal Stage 370 

 An analysis of the concurrent pulse removal stage was used to assess whether systematic 371 

differences in pulse removal across RM ratios affected the results. In order to better characterize 372 

the influence of the concurrent pulse removal stage on the results, the percentage of pulses 373 

removed and effect of pulse removal on the spectral envelope were examined for each RM ratio. 374 

Table III displays the percentage of pulses removed for all stimuli at each RM ratio after the 375 

concurrent pulse removal stage.  376 

TABLE III. Percentage of pulses removed after concurrent pulse removal stage.  377 

 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%  

 378 

For speech at 60 dBA in quiet and in noise (where the effect of RM amount was significant), the 379 

percentages of pulses removed were similar across RM ratios, and there was not a monotonic 380 

pattern relating RM ratio to the percentage of pulses removed. The analysis suggests that the 381 

observed effects of RM amount were not influenced by the percentage of removed pulses during 382 

the concurrent pulse removal stage. For the 40 dBA condition, the amount of removed pulses 383 
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decreased as the RM ratio increased. This result is intuitive, because at low levels and high RM 384 

ratios the overall rate dropped below the central rate of 1200 pps, so the probability of pulses 385 

overlapping was reduced. Despite having a smaller percentage of pulses removed, there was no 386 

effect of RM amount on speech perception in the 40 dBA condition.  387 

In addition, the distribution of stimulation activity across the electrode array was 388 

evaluated for different RM ratios and speech stimuli. The distribution of stimulation activity was 389 

calculated from the transformed envelope magnitude (values between 0 and 1) of the pulses in 390 

the stimulation sequence (see section II C). Transformed envelope magnitude values were used, 391 

rather than the pulse amplitudes (in CL steps), to normalize for the various T500pps and C2400pps 392 

levels of the individual subjects. The transformed envelope magnitude values of each pulse were 393 

summed across 16 sentence stimuli for each of the 22 individual channels. Those 22 values were 394 

divided by the sum across channels, resulting in a stimulation activity histogram that showed the 395 

average proportion of the total stimulation activity on each channel.  396 

The stimulation activity histogram for 60 dBA clean speech is shown in Figure 6. Only 397 

this condition is shown because the pattern was similar across speech conditions. Stimulation 398 

activity histograms were similar for the different RM ratios. The primary difference was that as 399 

the RM ratio increased, more emphasis was placed on the most apical channels (particularly 400 

electrodes 19, 20, and 21). For example, with the RM ratio of 10, high-magnitude envelope 401 

samples on apical channels were represented by high pulse rates (up to 3000 pps), which 402 

increased the probability of pulses on those channels temporally overlapping with pulses on 403 

other channels. In the pulse train collation stage, pulses with relatively high magnitude were 404 

selected for delivery to the electrodes in preference to those representing lower magnitudes, 405 

resulting in an increased proportion of the total stimulation activity occurring on apical channels. 406 
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 407 

Figure 6. Stimulation activity histogram for 60 dBA speech, displaying the average 408 

proportion of stimulation represented by each electrode for the different RM ratios and 409 

ACE. Transformed envelope magnitude values were summed across 16 sentence stimuli for 410 

each individual electrode, and then those 22 values were divided by the sum across 411 

channels.  412 

Further analysis was completed to assess whether this apical emphasis for the higher RM 413 

ratios was likely to have influenced the speech recognition scores. Weatherby et al. (2003) 414 

evaluated the effect of spectral pre-emphasis on speech understanding. They compared sentence 415 

scores in noise for high frequency (HF) emphasis, low frequency (LF) emphasis, and default 416 

sound-processing conditions. These emphasis filters were applied before the filterbank, so they 417 

resulted in a comparable effect to the present study, where the processing affected the selection 418 

of electrodes for stimulation. In order to compare their results with the present study, a 419 

stimulation activity histogram was created using the three pre-emphasis settings from Weatherby 420 

et al. (2003) for the same 16 sentences as in the above analysis (see supplementary materials). 421 

The differences in the distribution of stimulation activity between the default, HF pre-emphasis, 422 

and LF pre-emphasis applied by Weatherby et al (2003) were greater than they were in this study 423 
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between different RM ratios. Weatherby et al (2003) found that perception of sentences in noise 424 

was significantly worse with the LF pre-emphasis than it was with the HF pre-emphasis, and that 425 

neither the HF nor LF pre-emphasis conditions produced significantly different speech 426 

recognition scores than the clinical MAP with default pre-emphasis. Furthermore, the 427 

distribution of stimulation activity was similar between the LF pre-emphasis condition in the 428 

Weatherby et al (2003) study and the RM10 condition in the present study. Therefore, it is 429 

unlikely that the benefit observed with increased RM ratios in the present experiment was related 430 

to the relatively small increase in stimulation activity on apical channels that occurred with the 431 

higher RM ratios.  432 

C. Comparison to other Envelope Enhancement Studies 433 

The ARTmod strategy with an RM ratio of 10 theoretically expanded the temporal 434 

envelopes at the perceptual level compared to participants’ normal MAPs. Other envelope 435 

enhancement strategies (Azadpour and Smith, 2016; Geurts and Wouters, 1999; Holden et al., 436 

2005; Koning and Wouters, 2016; Vandali, 2001) have shown benefit by increasing the current 437 

level at onsets or during transients of the envelope. The latter technique differs from the current 438 

implementation of the ARTmod strategy, which applied envelope enhancement to the entire 439 

envelope rather than a specific portion of it. A potential variation of the ARTmod strategy would 440 

be to derive the RM signal from portions of the amplitude envelope, or from other features of the 441 

amplitude envelope. 442 

 Another noteworthy difference between this study and other envelope-enhancement 443 

studies was the high level of speech perception of participants in this study (mean > 95% correct 444 

for 60 dBA speech in quiet). For example, the average speech score with ACE in the study of 445 
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Azadpour and Smith (2016) was only 40%, and a significant benefit was shown with envelope-446 

enhancement. Looking at the individual results for speech in noise in this study, subjects with the 447 

lowest average scores (S1, S4, S5, and S7) also showed the most benefit with increased RM 448 

ratios. Subjects with lower speech understanding may benefit more from enhanced 449 

representations of the temporal envelope, while subjects with good speech understanding might 450 

not require such high modulation depths to understand speech. 451 

V. CONCLUSION 452 

 A speech processing strategy that encoded temporal envelopes using simultaneous AM 453 

and RM, ARTmod, was tested using 60 dBA clean speech, 60 dBA speech in babble noise (+10 454 

dB SNR), and 40 dBA clean speech. The amount of RM was varied to determine whether RM 455 

could constructively combine with AM to enhance the perception of temporal envelopes, and 456 

therefore improve speech perception. Speech scores in quiet and in noise at 60 dBA significantly 457 

improved with increased RM ratios, with the highest average scores at RM ratios of 4 and 10. At 458 

the lowest RM ratio, average speech scores were poorest for all speech conditions, compared to 459 

stimuli with higher RM ratios. These results indicate that the addition of RM effectively 460 

enhanced the perception of temporal speech envelopes.  461 
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SuppPub1. Electrodograms displaying the sequence of pulse amplitudes over time at each 568 

active electrode. Each stimulation sequence represents the word ‘VERY’ spoken at a 569 

presentation level of 40 dBA. The first panel was encoded using the ACE strategy, and 570 

panels 2 through 5 were encoded using the ARTmod strategy with an RM ratio of 1, 2, 4, 571 

and 10 respectively. 572 
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 573 

SuppPub2. Electrodograms displaying the sequence of pulse amplitudes over time at each 574 

active electrode. Each stimulation sequence represents the word ‘WORDS’ spoken at a 575 
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presentation level of 60 dBA in +10 dB SNR speech babble noise. The first panel was 576 

encoded using the ACE strategy, and panels 2 through 5 were encoded using the ARTmod 577 

strategy with an RM ratio of 1, 2, 4, and 10 respectively. 578 

 579 

 580 

SuppPub3. Envelope magnitude histogram for 60 dBA speech, displaying the average 581 

proportion of speech stimuli represented by each electrode for the different emphasis filters 582 

in Weatherby et al. (2003) and the RM10 condition in the present study. Transformed 583 

envelope magnitude values were summed across 16 sentence stimuli for each individual 584 

electrode, and then those 22 values were divided by the total sum across channels.  585 
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