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The aim of this study was to identify across-site patterns of modulation detection thresholds

(MDTs) in subjects with cochlear implants and to determine if removal of sites with the poorest

MDTs from speech processor programs would result in improved speech recognition. Five hundred

millisecond trains of symmetric-biphasic pulses were modulated sinusoidally at 10 Hz and

presented at a rate of 900 pps using monopolar stimulation. Subjects were asked to discriminate

a modulated pulse train from an unmodulated pulse train for all electrodes in quiet and in the

presence of an interleaved unmodulated masker presented on the adjacent site. Across-site patterns

of masked MDTs were then used to construct two 10-channel MAPs such that one MAP consisted

of sites with the best masked MDTs and the other MAP consisted of sites with the worst masked

MDTs. Subjects’ speech recognition skills were compared when they used these two different

MAPs. Results showed that MDTs were variable across sites and were elevated in the presence of a

masker by various amounts across sites. Better speech recognition was observed when the processor

MAP consisted of sites with best masked MDTs, suggesting that temporal modulation sensitivity

has important contributions to speech recognition with a cochlear implant. VC 2012 Acoustical
Society of America. [http://dx.doi.org/10.1121/1.3701879]

PACS number(s): 43.66.Ts, 43.66.Fe, 43.71.Es [PNN] Pages: 4030–4041

I. INTRODUCTION

In current multichannel cochlear implants (CIs), both

spectral and temporal cues are encoded in the electrical sig-

nal, and both types of cues have been found to contribute to

the level of speech recognition with a CI (Xu et al., 2005).

However, given that CI recipients are reported to have

reduced access to spectral cues (Friesen et al., 2001), tempo-

ral cues become more important (Kwon and Turner, 2001;

Qin and Oxenham, 2003; Shannon et al., 1995; Xu et al.,
2002; Xu et al., 2005). In most CIs, current is delivered to

the electrodes in the form of amplitude-modulated trains of

biphasic pulses. The modulation waveforms are generated

proportional to the temporal envelopes of bandpass-filtered

components of the acoustic signal. Therefore, the extent to

which CI recipients are able to efficiently process temporal-

envelope information may relate to their overall success

with cochlear implantation. In support of this hypothesis,

differences in temporal processing have been shown to be a

key factor differentiating between good and poor implant

users (Chatterjee and Shannon, 1998; Fu, 2002; Colletti and

Shannon, 2005; Luo et al., 2008). Given these findings, it is

necessary to examine temporal-envelope acuity within lis-

teners to gain insight into the individual variability in this

population.

One commonly used measure of temporal-envelope

processing is the modulation detection threshold (MDT),

which, in the context of the current experiments, is a mea-

sure of sensitivity to temporal-envelope modulations of pulse

trains as a function of modulation depth. Several studies

have demonstrated a relation between speech recognition

and temporal modulation sensitivity in CI users (e.g., Cazals

et al., 1994; Fu, 2002; Luo et al., 2008). Studies further dem-

onstrated a considerable variability in modulation sensitivity

across listeners (e.g., Fu, 2002; Richardson et al., 1998;

Chatterjee, 2003) and also across stimulation sites within lis-

teners (Pfingst et al., 2008). These results suggest that modu-

lation sensitivity is dependent, at least in part, on local

conditions near the individual implanted electrodes. This is

consistent with studies showing that pathology in the deaf

cochlea varies along the cochlear length in a patient-specific

manner (Johnsson et al., 1981; Hinojosa and Marion, 1983;

Khan et al., 2005; Fayad et al., 2009).
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In multichannel implants, competing signals at nearby

stimulation sites (channel interaction) may also serve to

disrupt temporal acuity. Experiments using a modulation

detection interference (MDI) paradigm (Richardson et al.,
1998; Chatterjee, 2003) have shed light on the extent to

which temporal acuity is susceptible to interference from

channel interaction. These experiments measured sensitivity

to amplitude modulated stimuli in the presence of inter-

leaved maskers presented on another electrode. The eleva-

tion in modulation sensitivity was attributed in these

experiments to overlap in neural excitation patterns gener-

ated by interleaved stimulation of two sites. The width of

these excitation patterns along the length of the cochlea

probably also depends on conditions near the individual

implant electrodes (Bierer and Faulkner, 2010). Therefore,

it is possible that masked MDT measures reflect both tem-

poral and spatial features of the stimulation sites. The

extent of the spatial contribution to overall site acuity can

perhaps be estimated by deriving the difference in MDTs

with and without a masker (amount of masking). Overall,

one can assume that measuring modulation sensitivity in

the presence of a masker is more likely to be informative of

across site differences in temporal acuity in a multichannel

processor than would a simple measure of MDTs from sin-

gle electrodes. If poor performing sites can be successfully

identified, perhaps several strategies or approaches can be

devised to overcome the detrimental effect on overall per-

formance that could be introduced by these suboptimal

sites.

To date, the use of therapeutic approaches based on

treating stimulation sites with neural pathology and poor

functional responses have received minimal attention.

Although neural regeneration at those sites is possible

(Shibata et al., 2010), it has not yet been implemented

clinically. An alternative approach is to avoid stimula-

tion at the suboptimal sites and to emphasize stimulation

at optimal sites. Although such an approach would

result in fewer sites being stimulated, previous studies

have demonstrated some improvement in CI users’ per-

formance once the aberrant sites were removed from

speech processor programs (Zwolan et al., 1997). In

general, this approach might have significant implica-

tions in the clinical domain where data across sites

could be used to guide CI fitting by selecting the best

stimulation sites.

In this study, MDT measures were used to examine

temporal-envelope acuity in quiet and in the presence of an

adjacent interleaved masker. The overall goals of these

experiments were (1) to identify across-site patterns of

MDTs obtained with single-site and two-site stimulation and

(2) to examine the effect of mean temporal acuity on speech

recognition within listeners by selecting sites with the best

masked MDTs versus sites with the worst masked MDTs for

the speech-processor MAP. It was hypothesized that modula-

tion sensitivity would decrease in the presence of a masker

and that the amount of this decrease would be site-

dependent. It was further hypothesized that choosing stimu-

lation sites with better masked MDTs would improve speech

recognition performance by maximizing temporal acuity and

minimizing the detrimental effects of channel interaction on

temporal acuity.

II. METHODS

A. Listeners

Twelve postlingually deaf subjects (6 males and 6

females) participated in this study. One subject had a

Nucleus CI25M implant, five has CI24R (CS or CA)

implants, and six had CI24RE (CA) implants. Subjects

ranged from 51 to 75 years of age. All subjects had at least

12 months of experience using their cochlear implant. De-

mographic information for each subject is provided in Table

I. Subjects’ scores on sentence measures using their clinical

MAPs are provided as a baseline to indicate the subjects’ rel-

ative abilities with their normal everyday processor MAPs.

These data were obtained using procedures described in Sec.

II D. All testing for the current experiment was completed in

four 8-h sessions per subject with frequent breaks during

testing. All subjects were compensated for their participa-

tion. The use of human subjects in this study was reviewed

and approved by the University of Michigan Medical School

Institutional Review Board.

TABLE I. Subject information.

Subject Gender

Age

(years)

Age at onsets of

deafness (years)

Duration of

deafness (years)

Duration of

CI use (years)

HINT Scores

(% correct)

CUNY RTS

(dB SNR) Implant type Strategy

Etiology of

deafness

S52 F 58 2 56 2 83 14.5 CI24R(CA) ACE Trauma

S60 M 70 60 10 7 98 2.0 CI24R(CS) ACE Hereditary

S67 M 69 59 10 10 92 6.5 CI24R(CS) ACE Hereditary

S69 M 69 60 9 5 100 1.2 CI24M ACE Noise exposure

S77 M 59 52 7 4.5 64 12.0 CI24R(CA) ACE Hereditary

S81 F 59 52 7 5 100 �1.5 CI24RE(CA) ACE Hereditary

S82 F 60 36 24 6 99 0.8 CI24RE(CA) ACE Unknown

S83 F 65 13 52 6 100 0.5 CI24R(CS) ACE Otosclerosis

S84 M 51 26 25 5 98 2.3 CI24RE(CA) ACE Hereditary

S85 F 63 30 33 4 99 2.0 CI24RE(CA) ACE Hereditary

S86 F 64 60 4 3 99 4.7 CI24RE(CA) ACE Hereditary

S87 M 75 72 3 2.5 96 3.8 CI24RE(CA) ACE Hereditary
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B. Psychophysical procedures

1. Electrical stimulation hardware

To assure uniformity in the external hardware, a labora-

tory Freedom
VR

speech processor (Cochlear Corp., Engle-

wood, CO) was used in psychophysics and speech testing.

Communication with the processor was controlled using cus-

tom software run on a PC. Sequences of frames were gener-

ated and sent to the processor via COCHLEAR NIC II (Nucleus

Implant Communicator) software (Swanson, 2004). Testing

was conducted inside a large, carpeted double-walled sound-

attenuating chamber to maintain consistency in the testing

environment across sessions and subjects. All stimuli were

delivered directly to the subject’s implanted receiver/stimu-

lator by software control of the external processor; no acous-

tic stimulation was used for the psychophysical tests.

Monopolar stimulation (MP 1þ2) was used for all meas-

urements. The term “stimulation site” in this study is used to

indicate where stimulation was delivered along the electrode

array. For monopolar stimulation, the stimulation site corre-

sponds to the number of the scala tympani electrode, where

the most basal electrode is number 1 and the most apical

electrode is number 22.

2. Measurements of T and C levels

Absolute detection thresholds (T levels) and maximum

comfortable loudness levels (C levels) were obtained using

COCHLEAR CUSTOM SOUND SUITE 3.1 software. The stimulus

burst duration was 500 ms with phase duration of 50 ls pre-

sented at a rate of 900 pps and 200 ms in between bursts. T

levels were obtained using an adjustment method until the

subjects were able to detect a soft sound. The level of stimu-

lation was then increased to the loudest level judged by the

subject as the most comfortable to listen to for long periods

of time. All electrodes were loudness balanced using an

adjacent-reference loudness balance design (Zwolan et al.,
1997). Dynamic range (DR) for each site was calculated as

the difference between the T level and the C level.

3. Modulation detection thresholds

Stimuli were 500 ms trains of symmetric biphasic pulses

with a mean phase duration of 50 ls and an interphase gap of

8 ls presented at a rate of 900 pps and at 50% of the DR

using custom software. Pulse duration, rather than current

amplitude, was modulated because finer control of stimulus

charge can be achieved using pulse duration. The phase du-

ration of the pulse was modulated by a 10 Hz sinusoid that

started and ended at zero phase. The positive and negative

phases of the pulses were modulated equally to maintain

charge balance and the interphase gap was held constant.

A four-alternative forced choice paradigm was used to

determine MDTs at 50% of the DR. On each trial, subjects

were presented with four sequential observation intervals

500 ms in duration, separated by 500 ms intervals and

marked by boxes on the computer screen. One of the four

intervals was randomly chosen on each trial to contain the

modulated signal while the remaining three intervals con-

tained unmodulated pulse trains. Subjects were instructed to

choose the interval that sounded different from the other

three intervals. Feedback was provided after each trial by

marking the chosen interval as “C” for a correct response or

“X” for an incorrect response. A two-down, one-up

adaptive-tracking procedure (Levitt, 1971) was used, starting

with a modulation depth of 50% and ending when 12 rever-

sals were recorded. Modulation depth was increased or

decreased in steps of 6 dB to the first two reversals, 2 dB to

the next two reversals, and 1 dB for the next eight reversals.

Each run was terminated after 12 reversals were obtained,

and MDTs were defined as the average of the modulation

depths at the last eight reversals.

Using this procedure, detection thresholds for depth of

modulated pulse duration were determined for electrodes 2-

21 in the subjects’ electrode arrays in a random order. MDTs

were obtained for single-site stimulation and in the presence

of an interleaved unmodulated masker presented on the adja-

cent apical site (masked MDTs). Three MDTs were obtained

for each site under the quiet and masked conditions using a

different randomization each time; the average of these three

values was used as the estimate of the MDT for each site.

The average values were then used to calculate the amount

of masking by subtracting MDTs in quiet from those in the

presence of a masker.

C. Speech processor MAPs

Based on the masked-MDT data, the experimental

speech processor was mapped using approaches that allowed

comparisons of speech recognition when subjects used two

MAPs that contrasted in across-site-mean modulation sensi-

tivity. A total of 10 electrodes was used in each MAP where

the first MAP contained electrodes with the best masked

MDTs and the second MAP contained electrodes with the

worst masked MDTs. Excluding the most basal and apical

electrodes (electrodes 1 and 22), the remaining 20-electrode

array was divided into five segments, each containing four

stimulation sites. To maintain the full range of place-pitch

representation, two sites were selected from each segment to

form the 10-site experimental maps. For the best-MDT

MAP, the two sites from each segment with the best masked

MDTs were used. For the the worst-MDT MAP, the two

sites with the worst masked MDTs were used. An example

of site selection is illustrated in Fig. 1.

All subjects were fitted using the continuous interleaved

sampling (CIS) processor strategy. In general, the CIS strat-

egy uses interleaved stimulation and is designed to preserve

temporal details in the speech signal envelope by using high-

rate carrier pulse trains (Wilson et al., 1991). Stimuli were

symmetric biphasic pulses with a phase duration of 37 ls

and an interphase gap of 8 ls. Standard clinical procedures

were used to determine the T and C levels for each electrode

as well as loudness balancing at the C level across electro-

des. T and C levels for the processor fitting were determined

using 500 ms pulse trains presented at a rate of 900 pps. To

enable the CIS strategy in the 10-channel MAPs, the maxima

number was set to 10. In general, the two MAPs were identi-

cal in all aspects except for selection of the stimulation sites.

To ensure uniform performance across subjects in the sound
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field testing, a basic MAP was the standard fitting protocol

in this study. Specifically, SmartSound options were deacti-

vated; these included ADRO, beam, whisper, and auto

sensitivity.

A sensitivity setting of 8 was used for all subjects; this

setting was fixed and was disabled in the control unit to pre-

vent the subjects from changing the setting during testing.

However, subjects were instructed to adjust the volume set-

ting on their processor to a comfortable level while listening

to sentences from the HINT list presented in quiet and in

noise; these sentences were not reused during speech testing.

Several volume settings were tried with both MAPs until

subjects found a setting that was comfortable for both

MAPs, and the subjects were then instructed to maintain this

setting throughout the testing session. Therefore, different

volume settings were used across subjects but the volume

setting used by each subject was the same for the two MAPs.

D. Speech measurements

Subjects’ performances with the two MAPs were eval-

uated using four speech batteries. For each battery, testing

for the two MAPs was completed in the same session and

the order of testing was randomized across the two MAPs.

Speech tests consisted of medial vowel and consonant dis-

crimination as well as sentence recognition in quiet and in

noise. HINT speech-shaped noise was used when speech rec-

ognition was evaluated in the presence of an acoustic

masker. Speech testing was conducted in a carpeted double-

walled sound booth (Acoustic Systems Model RE 242 S).

Stimuli were passed through a Rane ME60 graphic equalizer

and a Rolls RA235 35W power amplifier and presented

through a loudspeaker positioned about 1 m away from the

subject at 0� azimuth. All target stimuli were presented at

60 dB SPL with the exception of sentences in noise which

were adaptive. Speech levels were calibrated with a sound-

level meter (Brüel & Kjær, Naerum, Denmark, type 2231).

The sound-level meter microphone was positioned at 1 m

away from the loudspeaker and 0� azimuth. A slow time set-

ting and an “A” frequency weighting were used in the

calibration.

Vowel stimuli (Hillenbrand et al., 1995) consisted of 12

medial vowels presented to subjects with custom software in

a /h/-vowel-/d/ context (head, hawed, head, who’d, hid,

hood, hud, had, heard, hoed, hod, hayed). Using a 12-

alternative forced-choice paradigm, subjects were instructed

to click on the appropriate token on a computer screen to

indicate their response selection. The 12 vowels were alpha-

betically arranged and presented in a grid on the computer

screen. Two male talkers and two female talkers were

selected from the recordings yielding a total of 48 stimuli

per run. Stimuli were presented in quiet and in the presence

of HINT speech-shaped noise using four different signal-to-

noise ratios (SNRs) of þ15, þ10, þ5, and 0. Tokens were

presented in random order without replacement. Chance

level on this test was 8.33% correct.

Consonant stimuli (Shannon et al., 1999) consisted of

20 naturally spoken American English consonants presented

in a consonant-/a/ context (ba, cha, da, fa, ga, ja, ka, la, ma,

na, pa, ra, sa, sha, ta, tha, va, wa, ya, and za). Two talkers

(1 male talker and 1 female talker) were used for a total of

40 presentations. Stimuli were presented in quiet and at

SNRs of þ15, þ10, þ5, and 0. A 20-alternative forced-

choice paradigm was used, and subjects were instructed to

click on one of the 20 choices on a computer screen to indi-

cate their response. Chance level for the consonant test was

5% correct.

Recognition of words in sentences was measured in

quiet using the Hearing in Noise Test (HINT) sentences

(Nilsson et al., 1994) and in HINT speech-shaped noise

using City University of New York (CUNY) sentences. Sub-

jects were instructed to verbally repeat their responses. The

HINT sentences were obtained from the Minimum Speech

Test Battery for Adult Cochlear Implant Users (House Ear

Institute and Cochlear Corp., 1996). Lists of 10 sentences

each were drawn at random without replacement from the 25

lists in the test corpus so that a different list was used for

each repetition. A score was calculated based on the percent-

age of the correct words repeated per list.

For the CUNY sentences, an adaptive procedure was

used to measure reception thresholds for sentences (RTS) in

the presence of HINT speech-shaped noise. RTS is defined

as the SNR needed to achieve 50% sentence intelligibility.

Each sentence was scored by the experimenter as correct if

the subject successfully repeated all the words in a given

sentence or incorrect if the subject missed any of the words

in the sentence. Based on the accuracy of the subject’s

response, the SNR was decreased (following a correct

response) or increased (following an incorrect response) in

2 dB steps. The peak level of the combined signal (sentences

plus noise) was held constant while the SNR changed from

trial to trial. As noted in the preceding text, subjects were

instructed to adjust their speech processor to a comfortable

listening level and to not change the setting during testing.

FIG. 1. Masked MDTs for stimulation sites 2-21 are displayed for one sub-

ject (S85) to demonstrate the site-selection approach used to construct the

best-MDT MAP and the worst-MDT MAP. For each site, the mean MDT

and the range for three repeated measures are shown. The electrode array

(sites 2-21) was divided into 5 segments as shown (labeled A–E). From each

segment, the two sites with the lowest (best) masked MDTs were selected to

construct the best-MDT MAP (open symbols). In contrast, two electrodes

with the highest (worst) masked MDTs were selected from each segment to

construct the worst-MDT MAP (filled symbols).
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All adaptive tracks were started at an easy SNR of 20 dB and

were completed after 10 reversals were obtained. RTS was

calculated as the average of the SNRs at the last 6 reversals.

All speech stimuli for the different speech measures

were presented a single time only, and feedback was not pro-

vided. Each test was presented two times, and the results of

the two different lists were averaged to yield speech recogni-

tion scores. Training was provided prior to the data collec-

tion for each measure. The training session for the consonant

and vowel recognition consisted of a preview of the stimuli

and then practice runs with feedback in quiet and in noise.

For measures of sentence recognition, training was provided

in the form of two runs in quiet and two runs in noise using a

new list each time; feedback was not provided.

III. RESULTS

A. Across-site patterns of MDTs

Figure 2 shows MDT results for the 12 CI subjects with

data from each subject shown in a separate panel. The open

symbols represent MDTs obtained in quiet, and the filled

symbols represent the MDTs obtained in the presence of an

unmodulated pulse train on the adjacent site. As evident

from the figure, there was considerable variation in modula-

tion sensitivity across sites of stimulation as well as across

listeners. In addition, MDTs were elevated in the presence of

the masker. Similarly, masked MDTs were variable across

listeners and across sites of stimulation. To allow compari-

son of MDTs across listeners and in relation to other meas-

ures, the MDTs were averaged across stimulation sites for

each listener; this is referred to as across-site mean (ASM).

ASM values are reported in Fig. 2 (lower right corner of

each panel) for the MDTs in quiet and for the masked

MDTs. In addition, across-site variance (ASV) was calcu-

lated for each listener as reported in the following text.

In Fig. 3, the relations in ASMs (A) and ASVs (B) are

plotted for the MDTs in quiet and in the presence of a

masker. Results showed a strong significant correlation

between MDTs in quiet and in the presence of a masker for

ASMs (r2¼ 0.97, P< 0.0001) and for ASVs (r2¼ 0.94,

FIG. 2. MDT means and ranges are shown as a function of stimulation site. Each panel represents data from one subject with subject numbers shown in the

upper left corner of each panel. Open symbols represent MDTs in quiet, and filled symbols represent MDTs in the presence of a masker on the adjacent apical

electrode. Across-site means (ASM) are calculated separately for MDTs in quiet and masked MDTs and displayed for each subject in the lower right corners

of the panels. Larger negative values indicate better performance.
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P< 0.0001). These results demonstrated that subjects who

exhibited good temporal acuity performed nearly as well in

the presence of a masker as they did in quiet, suggesting that

differences across listeners were primarily mediated by dif-

ferences in temporal acuity.

To examine whether the variation in MDTs was system-

atic along the cochlear length for listeners, the electrode

array was divided into five segments (see Fig. 1). Specifi-

cally, the five segments from most basal to most apical were

A (sites 2-5), B (sites 6-9), C (sites 10-13), D (sites 14-17),

and E (sites 18-21). For each segment, ASM and ASV of

MDTs in quiet and masked MDTs were calculated as shown

in Figs. 4(a) and 4(b). These data were separately subjected

into one-way repeated measure ANOVA with segment as

the within-subject factor. Results indicated no significant dif-

ferences in ASM across segments, suggesting that across-

listeners’ differences in MDT patterns were related to

subject-specific variation in conditions along the length of

the electrode array and were not just due to normal physio-

logical differences along the cochlear length. However, dif-

ferences in ASV as a function of cochlear segment were

significant for MDTs in quiet [F(4, 11)¼ 3.142, P< 0.05]

and in the masked conditions [F(4, 11)¼ 3.370, P< 0.05].

Post hoc analysis showed that for MDTs in quiet, ASV was

significantly larger for segment A than for segment D

(P< 0.05) and also significantly larger for segment B than

for segment D (P< 0.05). For masked MDTs, ASV was sig-

nificantly larger for segment A when compared to that for

segments C and D (P< 0.05). These results, in general, sug-

gest that there is greater variation in modulation sensitivity

in the basal segment when compared to other segments along

the tonotopic axis, which was perhaps related to variation in

electrode position as discussed in the following text.

B. Across-site patterns of amount of masking

To quantify the elevation of thresholds in the presence

of a masker, amount of masking was calculated for each site

as (masked MDT – MDT in quiet). These results are shown

in Fig. 5. A value of zero indicates no elevation in threshold

when a masker was present, a positive value indicates that

thresholds were elevated in the presence of a masker, and a

negative value indicates that thresholds were lower in the

presence of a masker. The amount of masking was variable

FIG. 3. Scatter plots are shown to illustrate

the correlation in ASMs (left-hand panel)

and ASVs (right-hand panel) between the

MDTs in quiet (x axis) and masked MDTs

(y axis) for each listener. The solid lines are

best fit linear regression lines; r2 and P val-

ues are shown in the upper left corners of

the panels. In (A), all points are slightly

above the dashed diagonal line, indicating

that ASM masked MDTs were a little

higher in all subjects than ASM MDTs in

quiet.

FIG. 4. ASMs and ASVs of MDTs

are plotted as a function of place of

stimulation. The electrode array was

divided into 5 segments of four elec-

trodes in each segment as shown in

Fig. 1. ASM (upper panels) and ASV

(bottom panels) are shown for MDTs

in quiet (a), masked MDTs (b), and

amount of masking (c). An asterisk

represents a statistically significant

difference (P< 0.05). The error bars

represent standard deviations.
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across stimulation sites, suggesting that these differences

may be related to differences in the local conditions in the

cochlea near the stimulation sites.

To examine whether differences in amount of masking

were systematic along the cochlear length, the electrode

array was divided into five segments, and ASM and ASV

were calculated for each segment; results are shown in

Fig. 4(c). ASM and ASV values for amount of masking were

subjected to statistical analysis similar to that reported in

Sec. III A. There were no significant differences in ASM or

ASV across the five cochlear segments.

C. Comparisons of modulation sensitivity and
amount of masking for the two MAPs

This study aimed to create two experimental MAPs with

different mean temporal acuity in the presence of an unmodu-

lated masker. Therefore, further analyses were conducted to

examine the extent of differences in modulation sensitivity

and in amount of masking between these two MAPs. For

each subject, data were rearranged into two 10-site sets corre-

sponding to the sites used to construct each MAP. ASM and

ASV of MDTs in quiet and in the presence of masker as well

as amount of masking were calculated for each MAP; results

are shown in Fig. 6. These data were compared using one-

way repeated measures ANOVA with MAP assignment as

the within-subject factor. Results of these analyses confirmed

that the best-MDT MAP had overall better ASM modulation

sensitivity in quiet [F(1, 11)¼ 41.153, P< 0.0001] and in the

presence of a masker [F(1, 11)¼ 103.522, P< 0.0001] than

that obtained with the worst-MDT MAP. Overall amount of

masking for the best-MDT MAP was significantly less than

that for the worst-MDT MAP [F(1, 11)¼ 23.604, P< 0.01].

On the other hand, the analyses showed that there were no

differences (P> 0.05) between the two MAPs in the ASVs of

MDTs in quiet or in the presence of a masker. These results

suggest that although we reduced variability per segment,

variability in modulation sensitivity remained large across

the electrode array for each MAP. However, less variation

across sites of stimulation (ASV) in amount of masking was

obtained for the best-MDT MAPs when compared to that

with the worst-MDT MAPs [F(1, 11)¼ 5.230, P< 0.05].

This is perhaps due to the fact that amount of masking was a

derived value rather than an absolute value; therefore, vari-

ability would shadow differences between the two MAPs in

amount of masking.

FIG. 5. The amount of masking in

decibels (masked MDT minus MDT

in quiet) is shown as a function of

stimulation site. Each subject is repre-

sented in a different panel. The

dashed line indicates no differences

in MDTs when a masker was present;

a positive value indicates an increase

in MDTs in the presence of an inter-

leaved masker on the adjacent site.

ASM amount of masking is given for

each subject at the lower right corner

of each panel.

FIG. 6. ASM and ASV for MDTs

(A) and amount of masking (B) are

compared for the two sets of electro-

des that were selected to construct the

best-MDT MAP and the worst-MDT

MAP. An asterisk represents a statis-

tically significant difference between

the two MAPs at P value of 0.05.

The error bars represent standard

deviations.

4036 J. Acoust. Soc. Am., Vol. 131, No. 5, May 2012 Garadat et al.: Modulation detection and speech recognition



D. Comparisons of speech recognition for the two
MAPs

To determine the effect of the site-selection procedure

on speech recognition, the two MAPs were compared for the

various speech recognition measures. Results from each of

the different speech measures were subjected to a linear

mixed model analysis with random subject effects. Several

variables, such as gender, everyday mode of stimulation, and

volume were different among the subjects and could poten-

tially have confounded the effects examined in this study.

For example, it was important to control for mode of stimu-

lation (unilateral, bilateral) that subjects used in everyday

listening to account for the concern when a bilateral user is

forced to listen with one CI. In addition, given that it was im-

portant to conduct the speech tests at a comfortable listening

level for each listener, this resulted in several volume control

settings (6, 7, 8, and 9). It was felt necessary to account for

this variable in the analysis given that temporal acuity meas-

ures improve with increased stimulation levels, which could

perhaps obscure any potential differences in speech recogni-

tion between the two MAPs. Therefore, these variables were

included as covariates in the analyses. None of the analyses

showed that gender, everyday listening mode, or volume

were predictors of performance on the speech measures.

Furthermore, controlling for these factors did not affect the

variance estimates, indicating that these three variables do

not explain within-subject and between-subject variations.

Given these results, analyses in this study were repeated

without the inclusion of these variables and results from

these analyses are reported in the following text.

The top row of Fig. 7 and Table II(a) present average

scores for the 12 subjects for the consonant recognition test.

Percent scores for the best-MDT MAPs and the worst-MDT

MAPs compared in quiet and at SNRs of 0, þ5, þ10, and

þ15 are displayed in different panels. Data were subjected

to a linear mixed model statistical analysis where the inde-

pendent variables were MAP (best-MDT and worst-MDT)

and SNR (0, þ5, þ10, þ15, and quiet). Results indicated

that consonant discrimination scores were better with the

best-MDT MAP than that obtained with the worst-MDT

MAP by an average of 5.6%; this was a significant improve-

ment (P< 0.0001). Results further revealed that effect of

SNR was also significant (P< 0.0001). Follow-up tests were

conducted to evaluate mean differences in scores as a func-

tion of SNR; the Bonferroni procedure was used to control

for Type I error. Post hoc pairwise t-tests showed that conso-

nant discrimination scores linearly improved with increased

SNR (P< 0.0001). However, there were no differences

between scores for SNRs of þ15 and þ10 dB. The interac-

tion between MAP and SNR was not significant.

A similar analysis was conducted for the vowel discrim-

ination scores; results are shown in the bottom row of Fig. 7

and in Table II(b). Similar to the results for consonants,

overall vowel discrimination was better with the best-MDT

MAP than the worst-MDT MAP by 6% (P< 0.0001).

Results further revealed that effect of SNR was also signifi-

cant (P< 0.0001). Post hoc pairwise t-tests showed that

scores of vowel discrimination linearly improved with

increasing SNR (P< 0.01) up to þ10 dB. There were no sig-

nificant differences in scores obtained with SNRs of þ15

and þ10 dB and those obtained in quiet and SNR of þ15 dB,

but better scores were obtained in quiet than those obtained

FIG. 7. Average discrimination per-

cent correct scores for consonants

(upper panels) and vowels (bottom

panels) are shown as a function MAP.

The shaded area represents the range

of the scores across the 12 listeners.

From left to right, the panels show

discrimination scores as a function of

increasing signal-to-noise ratio (SNR)

in dB. The error bars represent stand-

ard deviations.

TABLE II. Consonant and vowels average percent scores.

a. Consonants

MAP 0 SNR 5 SNR 10 SNR 15 SNR Quiet

Best MDT 33 6 15 45 6 17 52 6 18 59 6 17 70 6 18

Worst MDT 29 6 16 40 6 14 50 6 17 55 6 17 64 6 19

b. Vowels

MAP 0 SNR 5 SNR 10 SNR 15 SNR Quiet

Best MDT 39 6 20 54 6 19 62 6 16 64 6 17 69 6 12

Worst MDT 45 6 19 57 6 16 64 6 15 69 6 15 72 6 10
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with SNR of þ10 dB (P< 0.01). The interaction between

MAP and SNR was not significant.

It is also important to note that the residual and variance

estimates of these analyses were significant (P< 0.05) for

the consonant and vowel discrimination. This indicates that

there were within- and between-listener variations in speech

scores. These variations remained large even after control-

ling for the three variables indicated earlier, suggesting

that these variables did not drive these within-subject and

between-listener variations in the results. Rather, these varia-

tions were likely introduced by unexplained variables.

Sentence discrimination results are shown in Fig. 8(A)

(HINT sentences in quiet) and in Fig. 8(B) (CUNY sentences

in noise). For the HINT sentences in quiet, most subjects

(except S52 and S77) showed higher percentages of correct

responses for the best-MDT MAP when compared to

responses obtained when using the worst-MDT MAP. For the

CUNY sentences in noise, all subjects achieved 50% correct

at lower (more difficult) SNRs with the best-MDT MAP than

with the worst-MDT MAP. Thus, performance with the best-

MDT MAP was better than that for the worst-MDT MAP for

sentences in quiet and for sentences in noise for most of the

subjects.

Speech scores from each test were separately subjected

to a linear mixed model analysis with random subject

effects; the independent variable was MAP. Results showed

that subjects’ performance on the best-MDT MAP was better

than their performance on the worst-MDT MAP for both

HINT (P< 0.01) and CUNY (P< 0.0001) tests. Specifically,

the improvement in performance was 7% in the HINT sen-

tences and 5 dB SNR in the CUNY sentences. In addition,

results revealed that the residual estimate was significant for

both HINT and CUNY measures. However, the between-

subject component (subject variance) was significant for the

CUNY measure but not for the HINT measure; this perhaps

is due to a ceiling effect seen for the majority of subjects

when HINT sentences were used.

IV. DISCUSSION

In this study, MDTs were surveyed from all electrodes

to determine differences in temporal patterns of neural acti-

vation elicited at different sites in the cochlea. Differences

across the electrode array were then used to construct new

speech processor MAPs. Based on the assumption that

speech recognition could be improved by eliminating subop-

timal sites for stimulation, this study was conducted to deter-

mine the feasibility of a site-selection approach based on

modulation sensitivity.

A. Across-site variation in modulation sensitivity

Consistent with previous reports, MDTs were highly

variable across listeners and also across sites of stimulation

within individual implant users (Fu, 2002; Colletti and Shan-

non, 2005; Pfingst et al., 2008). These variations could be

related to local irregularities in the vicinity of sites of stimu-

lation resulting in poor electrode-neuron interfaces at some

stimulation sites. It is also possible that these differences in

MDTs could be induced, in part, by systematic differences

along the tonotopic axis of the cochlea. The current study,

however, does not directly support this latter hypothesis

because MDTs did not change systematically as a function

of length along the cochlear spiral (Fig. 4, top row) and

because the patterns of MDTs along the cochlear spiral were

different for each subject (Fig. 2). On the other hand, varia-

tion in modulation sensitivity across sites was found to be

largest in the basal region (Fig. 4, bottom row). These results

are perhaps related to more variable cochlear pathology in

the basal region (Nadol, 1997) or to greater across-subject

variation in intracochlear electrode array placement with

respect to the modiolus in the basal region.

The present study further showed that MDTs were ele-

vated in the presence of an unmodulated pulse train inter-

leaved on an adjacent stimulation site within and across

listeners. This is in line with previous studies demonstrating

FIG. 8. Listeners’ performance on sentence discrimination tasks is shown for HINT sentences in quiet (A) and for CUNY sentences in noise with adaptive

SNRs (B). In (A), percent correct is measured and, therefore, the greater the score, the better the performance. In (B), reception thresholds for sentences are

measured in decibel SNR, and hence, the smaller the number, the better the performance. Individual data as well as averages across all subjects are compared

here for the best-MDT MAPs (light bars) and the worst-MDT MAPs (dark bars); error bars represent the range. Across-subject mean are shown in the right-

hand portion of each panel; the error bars represent standard deviations.
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similar elevation in MDTs in the presence of a masker

(Richardson et al., 1998; Chatterjee, 2003). Interestingly,

overall patterns of masked MDTs were strongly correlated to

patterns of MDTs in quiet as can be seen in Fig. 3. These

results indicate that site to site variations in modulation sensi-

tivity in quiet and in the presence of a masker were perhaps

mediated by the same mechanisms underlying temporal

acuity. One possible source is the alteration in the temporal

response properties of neural activation that could be altered

by local variations in pathology along the tonotopic axis. In

support of this notion, it has been shown that the temporal

features of the neurons can be altered by the loss of the

myelin sheath (Tasaki, 1955) or a shift in the action potential

generation site to a more distal point along the auditory

nerve (Javel and Shepherd, 2000). The extent of this alteration

could be stimulation-site specific depending on the local

conditions.

Although patterns of MDTs were strongly correlated

across the quiet and masked conditions in this study, as can

be seen in Fig. 3, modulation sensitivity on some sites

degraded to a greater extent than on other sites when a

masker was present. The variations in the extent of this deg-

radation were perhaps related to differences in the spatial

properties across sites of stimulation that could be intro-

duced by variables such as the anatomy of the cochlea and

the geometry of the electrode array. Any pathological mech-

anisms that might be present would also alter the manner in

which neurons interact, leading to increased channel interac-

tion and reduced temporal resolution in some cases (Vollmer

et al., 1999; Vollmer et al., 2000), which perhaps was

reflected in this study by sites with larger amounts of mask-

ing, as shown in Fig. 5. In sum, the extent of the overlap in

the neural excitation patterns at these sites may partially

underlie the variability in masked MDTs.

B. Effect of modulation sensitivity on speech
recognition

Overall, this current work is in agreement with previous

studies suggesting that listeners’ ability to encode and

resolve temporal patterns of the electrical signal supports the

dynamics of speech recognition (Eddington et al., 1978;

Wilson et al., 1991; Shannon, 1992). Specifically, in this

study, listeners achieved better consonant and vowel recog-

nition scores with the best-MDT MAP (sites with the best

masked MDTs) than those obtained with the worst-MDT

MAP (sites with the worst masked MDTs). These results

along with other work suggest that modulation sensitivity

may serve as a predictive measure of subjects’ performance

on consonant and vowel recognition in multichannel CIs

(Cazals et al., 1994; Fu, 2002; Colletti and Shannon, 2005).

Additionally, results showed that overall scores improved as

a function of SNR as anticipated (e.g., Fu et al., 1998;

Friesen et al., 2001). Although there was no statistically sig-

nificant interaction found between MAP and SNR, in Fig. 7

one can notice that differences in percent scores between the

two MAPs decrease as SNR decreases; this is most noticea-

ble at 0 SNR. These results could be related to a floor effect

at this adverse listening condition.

This study demonstrated that sentence recognition was

also better with the best-MDT MAP compared to that

obtained with the worst-MDT MAP. On average, the advan-

tages of listening with the best-MDT MAP compared to the

worst-MDT MAP were 7% for HINT sentences in quiet and

5 dB SNR for the CUNY sentences in noise. The advantages

seen with the best-MDT MAP were more consistent across

subjects for measures of sentence recognition than those

found with the consonant and vowel measures. Additionally,

differences in performance between the two MAPs were more

consistent across subjects for the sentence recognition in noise

test (CUNY) than for the sentences in quiet (HINT). These

results perhaps suggest that temporal modulation sensitivity is

more important in noise than in quiet. The present study fur-

ther demonstrated that listeners did not necessarily have poor

speech recognition with the worst-MDT MAP, but rather

speech recognition was improved relative to the worst-MDT

MAP when temporal acuity in each segment was optimized.

Perhaps, these results support previous studies demonstrating

the resilience of speech recognition under significantly

degraded conditions (e.g., Van Tassel et al., 1987; Shannon

et al., 1995). Previous studies have shown that CI users effec-

tively use only four to eight channels (Friesen et al., 2001);

hence, the 10-channel MAPs used here should provide suffi-

cient spectral cues. In the context of this argument, it is impor-

tant to consider the possibility that differences in speech

recognition between the two MAPs might be larger for condi-

tions with fewer numbers of channels because temporal infor-

mation is more salient in cases where spectral resolution is

worse (e.g., Shannon et al., 1995; Xu et al., 2002; Xu et al.,
2005). Thus improving mean temporal acuity might be partic-

ularly useful for users with poor speech recognition because

spectral resolution (i.e., the number of effective channels) for

these users is greatly reduced (Friesen et al., 2001). This

remains an open question for future studies.

In summary, overall speech recognition performance

was better when the best-MDT MAP was used relative to

performance with the worst-MDT MAP. However, these

results do not imply that the observed advantages for the

best-MDT MAP would also apply when compared to the lis-

teners’ performance with their clinical MAP. A direct com-

parison of speech performance between these experimental

MAPs and the clinical MAP is not that straightforward for a

number of reasons including differences between the two

MAPs in number of channels, speech-processing strategy,

and the fitting parameters. These variables would create a

major confound in interpreting the current data, so no such

comparison was performed. However, sentence recognition

results with the clinical MAP are provided in Table I as a

baseline to show the relative abilities of these subjects to rec-

ognize speech with their normal everyday processor maps.

Consistent with previous reports, the current work fur-

ther demonstrated a considerable variation in speech recog-

nition scores across listeners (Gantz et al., 1993; Friesen

et al., 2001; Fu and Nogaki, 2005). Potential confounding

factors such as volume setting, everyday listening mode or

gender did not account for this across-listener variation in

performance. However, as indicated by the mixed model

analysis, across-listener variance was not significant for the
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HINT sentences. This might be related to the ceiling effect

reported with this measure (Gifford et al., 2008; Faulkner

et al., 2001), which might have obscured any significant var-

iation in performance across subjects.

The primary variable manipulated across the two experi-

mental MAPs was site selection based on masked modulation

sensitivity; i.e., different electrodes were used in the 10-site

MAPs. Certainly, one might argue that differences in per-

formance could also be related to differences in spectral infor-

mation; the frequency allocation table was the same across

the two MAPs, but the individual channel outputs were reallo-

cated to different electrodes in each MAP. However, the fact

that better performance on the CUNY test was consistently

found for all listeners with the best-MDT MAP weakens this

argument and rather suggests that the advantages found for

the best-MDT MAP were primarily due to differences in the

overall acuity across the two MAPs. Additionally, in support

of this argument, some differences were also noted between

these two MAPs as described in the following text.

In comparison to the worst-MDT MAP, the best-MDT

MAP exhibited better mean MDTs in quiet and in the pres-

ence of a masker as well as smaller amounts of masking as

expected (see Fig. 6). This suggests that mean temporal acu-

ity was better for the best-MDT MAP than that for the

worst-MDT MAP. Alternatively, the reduced modulation

sensitivity along with the large amount of masking found for

the worst-MDT MAP suggests that the overall acuity of

these sites were poorer in comparison to sites in the best-

MDT MAP. It is likely that in addition to the reduced tempo-

ral processing, these sites were also susceptible to greater

overlap in the neural excitation patterns as suggested by the

larger amount of masking found for the worst-MDT MAP.

Increased overlap in the neural activation has been shown to

considerably interfere with the extent to which CI recipients

were able to resolve temporal information (Chatterjee, 2003;

Richardson et al., 1998) and to also understand speech

(Chatterjee and Shannon, 1998; Throckmorton and Collins,

1999; Boëx et al., 2003). Taken together, this perhaps could

explain the poor speech performance obtained with the

worst-MDT MAP in comparison to the best-MDT MAP.

Based on these findings, one might want to consider

using amount of masking instead of masked MDTs to guide

the site-selection strategy proposed in this study. However,

there are some important considerations that we should bear

in mind. For example, given that amount of masking in this

study is defined as the absolute difference between masked

MDTs and MDTs in quiet, removal of sites with the highest

amount of masking does not necessarily lead to removal of

those with the poorest MDTs. The results reported earlier in

Fig. 3 showed that patterns of MDTs in quiet and in the pres-

ence of a masker were strongly correlated, suggesting that

temporal acuity was site dependent. Therefore, a site with

poor MDTs that were similar with and without a masker

would exhibit a smaller amount of masking compared to

another site that had good modulation sensitivity in quiet but

noticeably elevated MDTs when a masker was present. Figure

2 shows several examples of this scenario. Therefore, the

amount of masking derived for each site does not necessarily

predict the site’s temporal acuity; rather it probably reflects

the spatial properties of that site. The extent to which meas-

ures of temporal acuity, spatial acuity or a combination of

both are more reflective of subjects’ speech recognition needs

to be determined to identify the most appropriate tool to cap-

ture the functional characteristics of sites of stimulation in

multichannel implants. Overall, the findings of this study are

consistent with our hypothesis that by eliminating electrodes

with worst masked modulation sensitivity, we expect to see

better speech recognition performance due to maximizing

temporal acuity and minimizing effects of channel interaction.

C. Implications

Results from the current study expand our understanding

of across-site variation in the perception of a modulated sig-

nal and further shed light on the extent to which temporal

acuity is important for speech recognition in electric hearing.

Current CI prostheses offer multiple channels that allow dif-

ferent information to be presented to different tonotopic

regions. However, the individual contribution of each stimu-

lation site to overall performance does not seem to be equal.

It is likely that some of the poorly performing sites are rather

detrimental to overall performance. Hence, it is important to

identify those poorly performing sites in an attempt to opti-

mize processor fitting strategies.

Site identification and removal based on temporal mod-

ulation and masking measures tested in this study holds a

promising lead in the clinical domain given that temporal

processing in CI users has been shown to account for

across-listener variances (Chatterjee and Shannon, 1998;

Fu, 2002). In general, the experiments reported here served

two purposes (1) to identify a psychophysical measure that

is sensitive to across-site variation and (2) to determine the

extent to which this measure affects speech performance.

The feasibility of using the site-removal approach based on

masked modulation sensitivity to guide clinical implant fit-

ting defines the next important phase of this work that is

currently being examined in our laboratory.

If the temporal acuity measure used in this work proves

to be the most successful tool to identify poorly performing

sites, one should also consider other strategies alternative to

site-removal to optimize CI users’ performance. Given the

demonstrated importance of temporal acuity to speech rec-

ognition, optimizing temporal processing at those poorly

performing sites should, in theory, lead to better speech rec-

ognition. The advantages of each approach in relation to

speech recognition should certainly be examined in future

studies. In addition, the search to find the most appropriate

and efficient tool to identify sites with poor electrode-neuron

interface should certainly continue.
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