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Two experiments used simulations of cochlear implant hearing to investigate the use of temporal
codes in speech segregation. Sentences were filtered into six bands, and their envelopes used to
modulate filtered alternating-phase harmonic complexes with rates of 80 or 140 pps. Experiment 1
showed that identification of single sentences was better for the higher rate. In experiment 2,
maskers~time-reversed concatenated sentences! were scaled by29 dB relative to a target sentence,
which was added with an offset of 1.2 s. When the target and masker were each processed on all six
channels, and then summed, processing the masker on a different rate to the target improved
performance only when the target rate was 140 pps. When the target sentence was processed on the
odd-numbered channels and the masker on the even-numbered channels, or vice versa, performance
was worse overall, but showed similar effects of pulse rate. The results, combined with recent
psychophysical evidence, suggest that differences in pulse rate are unlikely to prove useful for
concurrent sound segregation. ©2004 Acoustical Society of America.@DOI: 10.1121/1.1675814#

PACS numbers: 43.66.Ts, 43.71.Ky@GK# Pages: 1736–1746
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I. INTRODUCTION

Normally hearing listeners can use differences in fun
mental frequency (DF0s! between concurrent speech soun
to segregate them perceptually~Brokx and Nooteboom,
1982; Scheffers, 1983; Assmann and Summerfield, 19
Culling and Darwin, 1993!. For example, introducing aDF0
between the members of a pair of concurrent vowels can
to a significant improvement in the ability of listeners
identify both members of the pair~Scheffers, 1983!. Subjec-
tively, the improvement is often accompanied by an impr
sion of two voices producing different vowels on differe
pitches ~Assmann and Summerfield, 1990!. Assmann and
Summerfield~1990! presented pairs of concurrent vowe
with DF0s between them to normal-hearing listeners. Th
showed that the pattern of vowel identification could be w
fitted by a model that combined the effects of filtering in t
auditory periphery with an analysis of the temporal pattern
activity predicted to occur in the auditory nerve. A simil
spectro-temporal approach has been adopted by Meddis
Hewitt ~1992! and by Brown and Cooke~1994!. Darwin
~1992! has shown that frequency components that are
solved by the peripheral auditory system contribute mos
the segregation process. In the normal auditory system,
individual frequencies of these resolved harmonics are
coded both by their place of excitation, and by the tempo
responses of subsets of auditory-nerve fibers tuned to t
frequencies.

Encoding ofF0 in a cochlear implant differs from tha
found in normal acoustic hearing~Moore and Carlyon,
2004!. The incoming signal is passed through a bank of
ters that are too wide to resolve individual harmonics, and
most modern strategies, used to modulate a pulse train
ing a fixed rate. Hence, there is little opportunity for subs
of stimulated fibers to encode the temporal structure of
individual, resolved, harmonic, as occurs in a normal e
However, for a periodic sound presented in quiet,F0 can be
1736 J. Acoust. Soc. Am. 115 (4), April 2004 0001-4966/2004/1
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represented as temporal fluctuations in the envelope resu
from harmonics interacting within the passband of ea
channel. Geurts and Wouters~2001! measured just-
noticeable differences in synthetic vowelF0, by implant us-
ers whose device implemented the continuous interlea
sampling~CIS! processing strategy~Wilson et al., 1991!. For
a vowel with anF0 of 150 Hz, their four subjects could hea
differences of between 4.0% and 13.3%. However, their t
involved the sequential presentation ofDF0, and it is likely
that different processes are involved in the use ofDF0 to
segregate concurrent voices. Indeed, unlike normally hea
listeners, implant users are unable to exploit differences
tween the gender of a target speaker and that of an inte
ing speaker, consistent with them being unable to useF0
differences for concurrent sound segregation. For these
teners, competing speech can impair performance even
favorable signal-to-noise ratio of116 dB ~Nelson and Jin,
2002!.

Further insight into the difficulties implant users fac
when attempting to use pitch cues to separate compe
sounds comes from acoustic simulations of cochlear imp
speech processors~Shannonet al., 1995!. Typically, these
extract the temporal envelope in each of several freque
regions, and use this envelope to modulate a band of nois
sinusoidal carrier. When listening to such simulations, n
mally hearing subjects are also able to detectF0 differences
of a few percent between sequentially presented sounds,
vided that these have a reasonably lowF0 and are not pre-
sented in a reverberant environment~Qin and Oxenham,
2003a!. However, also consistent with the cochlear impla
literature, they are more susceptible to interfering noise t
when they listen to unprocessed speech~Qin and Oxenham,
2003b!.

One reason for this deficit may lie in the inability of th
auditory system to use purely temporal cues to extract
F0s of two periodic stimuli that excite the same region of t
15(4)/1736/11/$20.00 © 2004 Acoustical Society of America
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cochlea. This evidence comes from studies in which m
tures of two periodic pulse trains were either applied to
single cochlear implant electrode, or presented to norm
hearing listeners after filtering so as to remove low harmo
numbers. In both cases, listeners fail to hear the two un
lying pitches but instead report a single pitch correspond
roughly to that of the higher-rate pulse train~Carlyon, 1996;
Carlyon et al., 2002!. Indeed, contrary to the effects see
with resolved harmonics, listeners do not consistently rep
pairs of such pulse trains that have widely different rates
sounding less fused than pairs whose rates are more sim
~Carlyon, 1996!. This suggests that, when two voices intera
within a single channel, there should be little potential
implant users to exploitF0 differences for concurrent soun
segregation.

The situation is slightly more encouraging when pairs
unresolved complex tones are filtered intoseparate fre-
quency regions~Carlyon, 1994!. Such a situation might aris
when two speakers utter voiced sounds with differentF0s,
and which, fortuitously, contain formants that occupy distin
and well-separated frequency regions. Listeners can de
F0 differences between such complexes~Carlyon, 1994!,
and Darwin~1992! has shown that across-frequency diffe
ences inF0 can cause a formant to ‘‘pop out’’ from th
remainder of a voiced syllable, even when the harmonics
that formant is unresolved. Hence, source segregation
DF0 may be possible provided the unresolved harmon
excites different regions of the basilar membrane. Howe
it should be noted that in Darwin’s study the popping out
a formant consisting of unresolved harmonics required
much largerDF0 than when the harmonics was resolve
and, importantly, there was no evidence that this popping
affected the phonetic identity of the remainder of the s
lable.

In the present study we investigated the extent to wh
in the absence of resolved harmonics, normally hearing
teners can use pitch cues to segregate concurrent sp
sounds. Specifically, we investigated the use of these ‘‘pu
temporal’’ pitch cues under conditions where two compet
sources occupied either completely overlapping or nono
lapping, interleaved frequency ranges. To do so, we modi
the noise-vocoding simulation of cochlear implant spee
processors by replacing the noise-band carriers with band
unresolved harmonics. This resulted in a waveform in e
frequency channel that resembled a modulated pulse t
Spectral overlap of the two input waveforms was then m
nipulated by either processing both sentences on all six c
nels of the simulation and mixing them together, or prese
ing one sentence on the odd-numbered channels alone
the other on the even-numbered channels. The temporal
tern of stimulation was manipulated by using carrier h
monic complexes with either the same or differentF0s for
the two speech sounds. In the simulation, the pitch cues w
provided by the carrierF0s used for each source, whic
were constant during a given sentence. This differs from p
vious approaches in which the ‘‘true’’F0 of a single voice
was tracked on a moment-by-moment basis and reflecte
the rate of trains of pulses or noise bursts~Blamey et al.,
1984; Faulkneret al., 2000!. By holding pulse rate constan
J. Acoust. Soc. Am., Vol. 115, No. 4, April 2004 J. M. Deeks and R
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for a given source, we aimed to maximize the chances
observing any effects of a rate difference between source
concurrent sound segregation~Carlyon et al., 2000!. This
also allowed us greater control of the resolvability of t
pulse train, and hence of the validity of the simulation a
model of electric hearing.

The present study had two aims. First, we wished
determine the extent to which the psychophysical findin
previously obtained with rather simple stimuli generalized
the perceptual segregation of competing sentences. Spe
predictions arising from these findings are described in S
IV A, which also describes the conditions of our main e
periment in more detail. Second, we wished to investig
whether, and how, implant users might be able to segre
concurrent sounds. The processing scheme we used too
its input two sources that have already been separated, an
could not, by itself, be implemented in a real-world devic
Section V C briefly discusses one way in which automa
source segregation might be achieved. More generally,
gaining control of the temporal representation of compet
speech sounds in the auditory periphery, the present exp
ments probe the temporal-processing limitations of the au
tory system when resolved harmonics are absent.

II. DESCRIPTION AND VALIDATION OF
SIGNAL-PROCESSING TECHNIQUE

A. Overview

The aim of our new signal-processing technique was
introduce a pitch cue that was encoded by purely temp
means, analogous to that produced by the pulse rate
cochlear implant~Carlyon et al., 2002!. In particular, we
wished to exclude any ‘‘place of excitation’’ cues to pitch. T
do so, we modified the popular ‘‘noise vocoder’’ simulatio
of cochlear implant speech processors~Shannonet al., 1995!
by replacing the noise carrier with a harmonic complex~Fig.
1!. Although the raw waveform of harmonic complex ton
can, depending on the phase spectrum, resemble a p
train, filtering by the normal cochlea can result in the pla
of excitation cues that we wished to avoid. To overcome th
a number of further modifications had to be made.

Place of excitation cues can be minimized by passin
complex with a low fundamental frequency (F0) through
bandpass filters having relatively high center frequencies
which auditory filters are broadest~Shackleton and Carlyon
1994!. Psychophysical experiments using this approach h
yielded results that are similar to those obtained with sing
channel cochlear implant simulations~Carlyon, 1996;
McKay and Carlyon, 1999; Carlyon and Deeks, 2002; C
lyon et al., 2002!. We therefore usedF0s of ~in different
conditions! 40 and 70 Hz, and did not use any analysis ch
nels having center frequencies~CFs! below 1089 Hz~Table
I!. Each of these manipulations had a potentially undesira
consequence.

First, the use of lowF0s meant that the ‘‘pulse rate’’ in
the carrier signal might be too low to adequately sample
signal envelope. To alleviate this, harmonics were summ
in alternating phase~Patterson, 1976; Shackleton and Ca
lyon, 1994!, leading to pulse rates of 80 and 140 pps~double
1737. P. Carlyon: Cochlear implant hearing and sound segregation
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FIG. 1. Processing of ASL stimuli into experimental stimuli. The sentence waveform is analyzed using three or six bandpass filters. The output of
these is half-wave rectified and smoothed using a 30-Hz low-pass filter. The resulting waveform is then multiplied with the carrier~a harmonic source with
rate580 or 140 pps! before passing through the bandpass synthesis filters. These outputs are then summed.
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the respectiveF0s!. The signal envelope in each band w
low-pass filtered at 30 Hz~4th-order Butterworths, giving
24-dB/octave attenuation rate!, to reduce any aliasing effect
in sampling the envelope even at the lower pulse rate. T
also had the effect of eliminating any envelope fluctuatio
at rates equal to theF0 of the input voice, so the dominan
‘‘low’’ pitch of the complex was determined by the carrie
pulse rate. The bandpass filters used for each channel
sixth-order Butterworths, with attenuation rates outside
passband of 18 dB/octave.

Second, eliminating analysis filters below 1089 H
meant that we either had to discard speech information
low that frequency, or spectrally shift the speech by introd
ing a mismatch between the analysis and synthesis band
filter in each channel. We chose the former option, as in
mal listening revealed that it produced a much smaller d
rement in performance~cf. Fu and Shannon, 1999; Baske
and Shannon, 2003!.1 The root-mean-square levels in ea
band of the processed stimuli were set to the same le
thereby ‘‘whitening’’ the spectrum, and the overall level
the processed speech was 57.3 dB SPL. Finally, we add
continuous low-pass noise in order to mask distortion pr
ucts having a frequency equal to the pulse rate~Pressnitzer
and Patterson, 2001!. It was generated by passing a whi
noise through a low-pass filter~Kemo VBF25.03; attenuation
48 dB/octave outside passband! having a corner frequency o
400 Hz and a spectrum level, within its passband, of 27.9
SPL.

To illustrate the temporal pitch code introduced by t
scheme, a white noise was processed in the same way a
speech stimuli in the main experiment, with a pulse rate

TABLE I. Frequency properties for each channel used in the simulat
~kHz!. The last column shows the number of components in the passba
the channel whenF0570 Hz.

Band High-pass Center Low-pass Bandwidth
Comps in

BW

1 0.937 1.089 1.261 0.324 4
2 1.261 1.457 1.680 0.419 5
3 1.677 1.933 2.221 0.544 7
4 2.221 2.549 2.922 0.701 10
5 2.922 3.346 3.828 0.906 12
6 3.828 4.376 5.000 1.172 16
1738 J. Acoust. Soc. Am., Vol. 115, No. 4, April 2004 J. M. Deek
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80 pps. The output was then passed through the periph
stages of the Auditory Image Model~Pattersonet al., 1995!.
The resulting basilar-membrane motion~BMM !, which dem-
onstrates the effects of gammatone filtering, is shown in F
2~a!. It can be seen that all channels show a periodicity a
rate of 80 pps. Figure 2~b! shows the BMM in response to
condition, described in Sec. III B, in which the eve
numbered channels of the processor output were deleted

B. Pitch preference judgments for sine- and
alternating-phase single-channel stimuli

To check that the pitch conveyed by the pulse tra
produced by the signal processing was purely tempora
origin, a preliminary control experiment was performed. A
stimuli in this preliminary experiment were processed in t
same way as the speech stimuli in the main experiment,
cept only the lowest-frequency channel, where resolved
monics are most likely to occur, was used~see Table I!. In
addition, the harmonics used for the carrier could be summ
in either alternating~ALT ! or sine ~SIN! phase. The input
was always 0.5 s of white noise, with 20-ms raised-cos
onset and offset ramps. Each trial involved the presenta
of three stimuli, the first of which was always an ALT-pha
stimulus with F0 of either 40 or 70 Hz. The other two
stimuli were always in SIN phase; one had anF0 equal to
that of the first sound, and one had anF0 an octave higher.
Shackleton and Carlyon~1994! have shown that, if the har
monics are unresolved, subjects should select this la
stimulus as having a pitch more like the first; in contrast
the harmonics are resolved, the SIN-phase stimulus ha
an F0 equal to that of the first sound should be judged
more similar.

Table II shows the percentage of trials on which ea
subject reported that the ALT-phase complex had a p
more like that of the SIN-phase complex having anF0 one
octave higher. The results clearly show that the pitch aris
from the lowest channel of the processed stimuli is one
tave above theF0 of the complex, corresponding to a re
etition rate of 80 or 140 pulses per second. In the remain
of this article we describe the carrier in terms of its pu
rate, rather than itsF0.

s
of
s and R. P. Carlyon: Cochlear implant hearing and sound segregation



FIG. 2. Simulation of basilar-
membrane motion~Patterson et al.,
1995! in response to white noise.~a!
with all channels active.~b! with only
odd-numbered channels active.
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III. EXPERIMENT 1. PERFORMANCE WITH A SINGLE
SENTENCE AS A FUNCTION OF STIMULATION
RATE AND NUMBER OF CHANNELS

A. Rationale

The purpose of experiment 1 was to investigate the
fects of two manipulations—pulse rate and number
channels—on the perception of speech processed using
new scheme. These data were then used when interpr
the effects of experiment 2, which involved mixing targ
and masker sentences with the same or different pulse r
and under conditions where the number of target chan
differed.

B. Method

1. Subjects

Sixteen normally hearing listeners~11 females and 5
males! took part. Thresholds in quiet for pure tones at 0.5
2, and 4 kHz were less than 20 dB HL in both ears for
subjects, except for two subjects with thresholds of 27.1
28.1 dB HL at 2 kHz in one ear. All subjects had English
their first language. Ages ranged from 18 to 36 years. All h
some prior experience with listening to distorted spee
sounds, but not with the type involved in this experiment

2. Stimuli and procedure

The speech material was taken from the MRC Instit
of Hearing Research Adaptive Sentence Lists~ASL!
~MacLeod and Summerfield, 1990!. These sentences wer
based on the BKB sentences~Bench and Bamford, 1979! and
produced by a male speaker of southern British Engl
Each sentence was scored for three keywords, using
‘‘loose’’ scoring technique~Bench and Bamford, 1979!. Each

TABLE II. Percentage of trials in which the ALT-phaseF0 complex was
judged to have a pitch more like the SIN-phase 2F0 complex than that of
the SIN-phaseF0 complex.

Subject

ReferenceF0 ~Hz!

40 70

1 96.67 98.33
2 96.67 100.00
3 100.00 100.00
J. Acoust. Soc. Am., Vol. 115, No. 4, April 2004 J. M. Deeks and R
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subject was presented with one sentence list per condit
As there were 15 sentences in each list, and 3 keywords
sentence, this yielded a score out of 45 for each conditio

The task for all subjects was to listen to each proces
sentence and report~via keyboard entry! as many words as
they could. Subjects clicked a button to move on to the n
trial. Conditions were tested in blocks of 15 sentences, w
short breaks taken between blocks. Testing took place
double-walled sound-attenuating booth containing he
phones, a mouse, and keyboard, and within sight of a la
monitor.

The experiment measured speech reception performa
with respect to combinations of two factors: speech p
cessed into three or six channels, and with stimulation ra
of 80 or 140 pps. Subjects were tested in a repea
measures design across the four conditions, and were
domly assigned to one of four groups. The order of test
across these groups was counterbalanced. For three-ch
conditions, half the subjects in each group were tested
odd-channel simulations, and half on even-channel sim
tions. The sentence lists used were also counterbalan
across conditions and groups. Hence, each group exp
enced a different sentence list for each condition, but, av
aged across groups, each sentence was used an equal n
of times for every condition. This was done to ensure t
any differences in performance across condition were du
the processing rather than to any coincidental difference
difficulty between sentence lists.~Although the ASL lists are
equated for difficulty across sentences, this equating was
performed with the type of processing used here.! The order
of sentence presentation was randomized in each block
every subject and condition.

C. Results

Figure 3 shows the group mean percent correct for e
condition. For the three-channel conditions, data from
odd- and even-channel subgroups were averaged, as
produced very similar results~odd vs even535% vs 32% at
80 pps and 48% vs 43% at 140 pps!.

Overall, performance was better for the six-channel c
ditions than for the three-channel conditions, and better
rate of 140 pps than of 80 pps. These trends were confirm
by a repeated-measures ANOVA, having within-subject f
1739. P. Carlyon: Cochlear implant hearing and sound segregation
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tors of channel~three or six channels! and rate~80 or 140
pps!, and a between-subject factor of group~odd or even
channel subgroups for the three-channel conditions!. Main
effects of channel (F (1,14)5246.2, p,0.001) and rate
(F (1,14)525.0, p,0.001) were significant. There were n
significant interactions and no effect of group.

D. Discussion

The experiment showed that higher carrier rates led
significantly higher speech reception scores. There have b
no previous studies investigating the effect of pulse rate w
normally hearing listeners and acoustic simulations, bu
number of researchers have investigated the effect in

FIG. 3. Group mean scores~%! for single sentence conditions~61 standard
error!.
1740 J. Acoust. Soc. Am., Vol. 115, No. 4, April 2004 J. M. Deek
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chlear implant listeners. Although the majority of these stu
ied used pulse rates that exceeded the highest value of
pps employed here, Fu and Shannon~2000! investigated the
range between 50 and 500 pps in four users of the Nuc
22 implant. They implemented a four-channel CIS strate
and, consistent with our results, found that phoneme rec
nition improved as stimulation rate was increased from 50
150 pps. Performance did not improve with further increa
in rate, although Loizouet al. ~2000! found that consonan
and word recognition improved with increases in rate fro
400 to 2100 pps.

Experiment 1 also showed that performance deteriora
as the number of channels was reduced from six to th
This was implemented by dropping alternate channels@Fig.
4~a!#, unlike previous studies, in which a reduction in cha
nel number was produced by broadening the analysis
carrier filters@Fig. 4~b!#. This effectively leads to ‘‘holes’’ in
the speech spectrum, and the drop in performance can
attributed to the resulting loss of information, rather than t
loss of spectral resolution. In addition, it may be that so
central limitation prevented subjects from effectively com
bining information across spectral bands separated by g
This possibility is suggested by the finding that introduci
noise into ~albeit much wider! spectral gaps can improv
sentence recognition scores~Warrenet al., 1997!.

IV. EXPERIMENT 2: SENTENCE SEGREGATION USING
PULSE-RATE AND CHANNEL DIFFERENCES

A. Rationale and overview

Experiment 2 studied the ability of listeners to use pul
rate and/or channel differences in segregating concur
sentences. It used ‘‘target’’ sentences similar to those of
periment 1, and added them to a masker which started 1
before the target. The target and masker were processe
ped.
is
FIG. 4. Relation between analysis filters and carriers in three processing schemes.~a! Method used in this experiment, whereby alternate channels are drop
~b! Conventional method, whereby fewer channels are accompanied by wider analysis filters.~c! Alternative method, whereby the entire frequency range
analyzed but still only narrow carrier bands are used~resulting in spectral mismatch!.
s and R. P. Carlyon: Cochlear implant hearing and sound segregation
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all six channels and then mixed, or presented on three in
leaved channels each. Orthogonal to this manipulation,
target and masker could be processed on either the sam
different pulse rates.

As noted in the Introduction, previous psychophysic
research suggests two ways in which rate differences c
affect performance. First, when two equal-level pulse tra
are mixed into the same channel, listeners hear a pitch e
to that of the higher-rate train~Carlyon et al., 2002; van
Wieringenet al., 2003!. Combined with the fact that the ta
get sentence was added to the masker after some delay
leads to an interesting prediction. When the masker is p
cessed at a rate of 80 pps, introducing a 140-pps ta
should cause a change in pitch, perhaps aiding segregati
the two sources. In contrast, when the masker is process
140 pps, introducing an 80-pps target may leave the p
unchanged, at least when the masker and target have
same level. This suggests that, when the target and ma
levels are equal, introducing a rate difference between th
should only help when the target is processed at the hig
rate. In fact, as discussed below, the masker and target le
varied over time, and the target was on average more inte
than the masker. Hence, as discussed further in Sec. V B
might expect some advantage of a rate difference when
target is processed at the lower rate, but we would still
pect the effects of a rate difference to be smaller than w
the target is on the higher rate.

A second possible effect of a pulse rate difference occ
when the target and masker are processed on different c
nels. As discussed in the Introduction, it is possible that
teners could exploit a rate difference by comparing the te
poral pattern of stimulation across different regions of
basilar membrane~Darwin, 1992; Carlyon, 1994!. We would
expect segregation based on such a cue to be symmetr
that it should not depend on whether the target is proces
at the higher or at the lower rate.

B. Method

1. Stimuli

The sentence material was again taken from the AS
Target sentences were taken from different lists than the
vious experiment, and were mixed with maskers. T
maskers were constructed from three concatenated ASL
tences, which were time reversed and truncated to a dura
of 3.5 s, with 20-ms Hanning onset and offset ramps. T
type of masker was chosen so as to have many of the spe
and temporal characteristics of interfering speech, while
self being unintelligible. This latter characteristic avoid
problems associated with scoring responses that co
sponded either to whole words in a competing sentence, o
composites of words from a target and competing sente
None of the sentences used to construct the maskers
been used in the first part of the experiment, and each ta
sentence was combined with a masker constructed fro
unique set of three ASL sentences.

Both the target and masker were processed in the s
way as described in the previous experiment. They were e
separately processed into three or six channels with the
J. Acoust. Soc. Am., Vol. 115, No. 4, April 2004 J. M. Deeks and R
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sired carrier rate~depending on the condition!. The masker
was then attenuated by 9 dB relative to the target sente
and the target was added to the masker with an offset of
s. Because this value is an integer multiple of the periods
the 80-pps and 140-pps pulse trains, the pulses from e
source were simultaneous when the target and masker
processed on the same rate. This gave rise to a single p
train in each frequency region, that was modulated by
envelope derived from the sum of the filtered masker a
target waveforms. All stimuli were generated at a sample r
of 22 050 Hz with 16-bit resolution.

Stimulus presentation was through the same headph
as for experiment 1. Subjects were again seated in
double-walled sound-attenuating chamber containing
headphones, keyboard, and mouse, within sight of the c
puter monitor. They were instructed to report back as mu
of the target sentence as they could. They were informed
the target sentence would start later than the interfer
sound, and that it might be accompanied by an increas
loudness.

2. Subjects, design, and procedure

The experiment investigated factors of number of ch
nels ~all six, and odd- or even-channels only! and rate~80
and 140 pps! with respect to target and masker. The sa
subjects who participated in experiment 1 took part.

Table III shows the structure of conditions. In conditio
1, both target and masker were processed into six chan
and both had the same carrier rate~either 80 or 140 pps!. In
condition 2, both target and masker were processed into
channels, but this time had different carrier rates~target580
pps; masker5140 pps, or vice versa!. Condition 3 involved
simulations with targets and maskers processed on od
even channels only~target5odd, masker5even, or vice
versa!. Both target and masker had the same carrier r
which was either 80 or 140 pps. Condition 4 involved sim
lations with targets and maskers having different chann
and carrier rates.

Subjects were randomly assigned to one of four grou
For each group, a different set of sentences was used
every condition. However, by counterbalancing the allo

TABLE III. Parameters used in conditions 1 to 4 of experiment 2.

Condition

Target sentence Masker sentence

Rate Chans Rate Chans

1a 80 All 80 All
1b 140 All 140 All

2a 80 All 140 All
2b 140 All 80 All

3a 80 Odd 80 Even
3b 80 Even 80 Odd
3c 140 Odd 140 Even
3d 140 Even 140 Odd

4a 80 Odd 140 Even
4b 80 Even 140 Odd
4c 140 Odd 80 Even
4d 140 Even 80 Odd
1741. P. Carlyon: Cochlear implant hearing and sound segregation
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tion of sentence lists to condition across groups, each
tence was used an equal number of times~although for dif-
ferent subjects! for each condition. The order in which th
different conditions were run was also fully counterbalanc
across groups. Subjects were tested in a total of eight co
tions. All 16 subjects performed conditions 1a, 1b, 2a, a
2b. For conditions 3 and 4, subjects were further divided i
two subgroups, depending on whether odd- or ev
numbered channels were used for the target. Hence e
subjects did conditions 3a, 3c, 4a, 4c, and eight did 3b,
4b, and 4d.

C. Results

As with experiment 1, differences between performan
in odd- and even-channel subgroups in the three-cha
conditions were small, and data were averaged across
odd- and even-channel sub-groups. Figure 5 shows the g
mean and standard error for each condition. Overall, per
mance is worse than that found for single-sentence ta
~Fig. 3!. The remaining trends will be discussed with refe
ence to the results of a repeated measures ANOVA applie
the data. The ANOVA had within-subject factors of chann
~three vs six!, target rate~80 vs 140 pps!, and rate difference
~target rate same or different to masker rate!. It also used a
between-subjects factor of group~odd or even channels fo
three-channel conditions!, which was found not to be signifi
cant.

As expected from the results of experiment 1, perf
mance was better at a target rate of 140 pps than of 80
~open vs filled bars:F (1,14)597.0, p,0.001). It was also
better for six than for three channels (F (1,14)560.3, p
,0.001), indicating that any effect of spectral separation
tween the target and masker channels was swamped b
reduction in conveyed information produced by deleting
ternate channels. This latter reduction was substantial,

FIG. 5. Group mean scores~%! for target and interferer sentence conditio
~61 standard error!.
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ducing an average decrease in performance from 37%
23% for masked speech~experiment 2!, compared with 76%
to 39% correct for speech in quiet~experiment 1!.

Performance was also better overall when the target
masker were processed on different rates (F (1,14)539.3, p
,0.001). This difference occurred only when the target w
processed on the higher rate~open bars!, leading to a inter-
action between target rate and rate difference (F (1,14)

526.74,p,0.001).2 As was discussed in Sec. IV A, this i
consistent with the psychophysical evidence that, when
pulse trains interact in the same channel, the pitch is de
mined by the higher of the two pulse rates. Two furth
points are worth making about this interaction. First, it w
not the case that introducing a rate differencedecreasedper-
formance when the target was processed on 80 pps, as w
have occurred if the 140-pps stimulus simply produced m
excitation in the auditory periphery. Hence, by introducing
rate difference, it is possible to improve performance wh
the target is processed on the higher rate, without any
when processed on the lower rate—at least for conditi
like those used here, where the target was more intense
the masker. Second, it occurred not only when the target
masker were presented on the same six channels, but
when they were processed on three interleaved chan
each. Specifically, a rate difference failed to improve perf
mance in the three-channel condition when the target
processed on the lower rate. Hence, there is no evidence
the symmetric improvement caused by introducing a rate
ference that one might expect if an across-frequency
comparison aided the perceptual segregation of concur
speech sounds~Sec. IV A!.

The effect of a rate difference when the target a
masker were presented on separate channels was qu
tively similar to that observed when they shared all six ch
nels. This may have been due to spread of excitation on
basilar membrane, causing the responses to target
masker to overlap partially. This is illustrated in Fig. 2~b!,
which shows the output of a bank of auditory filters in r
sponse to a white noise processed only on the three o
numbered channels. It can be seen that although there wa
energy in the even-numbered channels of the stimulus, th
is some activity in the outputs of auditory filters having C
within the passbands of those channels. For example, a
tory filters centered on 2805 and 3060 Hz both fall within t
passband of even-numbered channels~Table I!, yet show a
nonzero output. This issue is discussed further in Sec. V

Finally, we should note that the effect of a rate diffe
ence was actuallysmaller in the three- than in the six
channel conditions—as revealed by a significant interac
between the effects of a rate difference and of the numbe
channels (F (1,14)525.84, p,0.001). We can think of two
reasons for this interaction. First, it may be an artifact of
finding that performance was lower overall in the thre
channel conditions. It could be that the improvement fro
17% to 27%~averaged across rate! in the three-channel con
dition actually reflected a similar change in underlying se
sitivity as the numerically larger increase~from 30% to 48%!
in the six-channel condition. This would occur, for examp
if low levels of performance were partially affected by
s and R. P. Carlyon: Cochlear implant hearing and sound segregation
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floor effect. If this were true, we might expect across-subj
standard deviations to be smaller over this range. To test
we calculated the regression between standard deviation
percent correct for all subjects and all conditions of expe
ments 1 and 2. The resulting regression had a slope of
20.004 (r 250.02), which was not significantly differen
from zero—arguing against a floor effect. An alternative e
planation is that, when the competing stimuli were filter
into interleaved channels, there was less interaction betw
them. Because the dominance of the pitch of higher-r
pulse trains has only been observed when the compon
fall within a single channel~Carlyon et al., 2002; van
Wieringenet al., 2003!, this effect would be expected to de
pend on the extent of such within-channel interactio
Where such interactions are reduced, whatever segreg
does occur might be expected to depend on spectral se
tion between the masker and target, rather than on dif
ences in pulse rate.

V. DISCUSSION

A. Overview

This article presents results from a new sign
processing strategy that reproduces several features o
peripheral pattern of stimulation produced by cochlear
plants. In common with previous simulations~Shannon
et al., 1995! it extracts the envelope in a number of fair
broad frequency bands, and uses each envelope to mod
a carrier signal having an appropriate frequency content.
novel aspect lies in being able to modify the temporal
pects of the carrier, and, as our preliminary experim
showed, to do so without introducing resolved frequen
components. This allowed us to study the effects of vary
the ‘‘pulse rate’’ in each channel, and of introducing a diffe
ence between the pulse rates applied to competing sourc
resulted in a number of new findings, some of which ha
implications for concurrent sound segregation in gene
and, in particular, for how this may be achieved by cochl
implant users. Furthermore, some aspects of the data on
effects of pulse rate differences between the target
masker were interpreted in terms of recent evidence on
basic psychophysics of ‘‘purely temporal’’ pitch perceptio

B. Effects of pitch differences and neural
refractoriness

1. Comparison to previous data on temporal pitch
perception

One of the most important findings from the prese
study is that processing a masker on a different rate from
target aids performance only when the target rate is hig
than the masker rate. As discussed in Sec. IV A, this
roughly consistent with psychophysical evidence that, wh
two pulse trains of ratesR1 andR2 are mixed on the sam
channel in acoustic or electric hearing, subjects hear a si
pitch roughly equal toR2 ~Carlyon, 1996; Carlyonet al.,
2002; van Wieringenet al., 2003!. This should result in a
large increase in pitch when a 140-pps target is added t
80-pps masker~condition ‘‘T140/M80:’’ new pitch about 140
pps!, but a much smaller~or no! change when an 80-pp
J. Acoust. Soc. Am., Vol. 115, No. 4, April 2004 J. M. Deeks and R
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target is added to a 140-pps masker~T80/M140: pitch stays
close to 140 pps!. One caveat is worth mentioning whe
relating the two sets of findings: The pairs of pulse trains t
were mixed together in the psychophysical experiments
equal levels, whereas here the level of the target, avera
over its total duration, was 9 dB more intense than that of
masker. Presumably, there will be some SNR at which
target will dominate the pitch even when it is processed a
lower rate than the masker. However, it is worth noting th
the levels of both target and masker varied throughout
utterances, and so there will have been instances where
SNR was lower than 9 dB~and some where it was higher!.
Hence, the psychophysical data would predict a trend in
direction observed here, although it is perhaps a little surp
ing that a rate difference had no beneficial effect at all wh
the target was processed on the lower rate.

C. Implications for concurrent sound segregation

1. Overview

As pointed out in the Introduction, cochlear implant u
ers currently experience particular difficulty in understand
speech when competing sounds are present. Part of this p
lem may well be due to the incomplete survival of periphe
processes. However, because similar limitations are obse
with acoustic simulations of cochlear implant speec
processing algorithms, it seems likely that these algorith
do not faithfully transmit cues that are important for concu
rent sound segregation. As discussed in the Introduct
pitch cues are likely to fall into this category.

There are three broad classes of potential solution to
problem. First, it is possible that, without explicitly segrega
ing the sourcesa priori, monaural cues to concurrent soun
segregation could be introduced in new speech-proces
strategies, perhaps combined with new electrode designs
restrict the spread of excitation along the neural array.
example, one could attempt to reintroduce the combin
place-of-excitation and timing coding of resolved harmoni
However, as pointed out by Moore and Carlyon~2004!, this
seems unlikely to be achieved in the foreseeable future
more promising and immediate solution is provided by bil
eral implants. Although this approach does not currently
low significant use of interaural timing cues, substantial a
vantages can be produced by the head shadow effect~e.g.,
van Hoesel and Tyler, 2003!. One drawback, however, is tha
bilateral implantation is unlikely to be economically justifi
able in the medium term, at least in countries whose hea
care system is primarily publicly funded~Summerfieldet al.,
2002!. As van Hoesel and Tyler~2003! have pointed out, the
head-shadow effect raises the~cheaper! possibility of using
two microphones to route two separate sources to a si
implant. They also pointed out that such a strategy, un
bilateral implants, would not allow the listener to select ea
source at will. Indeed, this is a problem for any sche
which performs automatic source segregation: for the liste
to take advantage of it, the two sources must be encoded
way which then allows them to be perceptually segrega
and for the listener to switch between sources as requi
The present experiments implemented an acoustic analo
1743. P. Carlyon: Cochlear implant hearing and sound segregation
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one such encoding scheme, in which different sources
applied to different subsets of electrodes, and with differ
carrier rates applied to electrodes encoding different sour

2. Across-frequency rate differences

We believe that the results of the present study sho
lead one to be cautiously pessimistic about the use of acr
channel differences in pulse rate to allow perceptual se
gation of different sound sources. The only significant adv
tage gained by presenting the target and masker on diffe
rates occurred when the target was on the higher of the
possible rates. Performance was substantially better whe
target was processed on 140 pps and the masker on 80
~T140/M80! than in condition T140/M140~both processed
on 140 pps!. However, in a real-life device, where the targ
and masker are not specified beforehand, the choice is li
to be between processing the two sources on different r
or processing them both on the higher of the two rates.
results indicate that the former option could lead to wo
performance than the latter, as listeners were worse in c
dition T80/M140 than in condition T140/M140~compare the
third and second bars from the left in Fig. 5!.

Experiment 2 showed only a small effect of rate diffe
ences when the target and masker were processed on
rate channels. Furthermore, this advantage showed the
asymmetry as occurred when they were both processed o
six channels, consistent with it being due to spread of e
tation between adjacent channels. The center frequencie
adjacent channels shown in Table I were separated by
average of about 23%. Hence, an auditory filter centered
one frequency band would respond to components in
middle of a neighboring band with an attenuation of appro
mately 30 dB~Pattersonet al., 1982!. However, there would
also have been auditory filters centered on the boundary
tween two channels, and, when the masker and target w
interleaved, these would have responded about equally to
two sources.

Although we cannot rule out the possibility that a wid
channel separation would have allowed subjects to
across-channel rate differences more effectively, we thin
unlikely that such a process could aid concurrent sound
regation in existing cochlear implants. The rate differen
used here were large and constant, and yet the patter
results was consistent with a purely within-channel effe
Unless an implant were able to produce substantially m
effective between-channel attenuation than the 30 dB in
present study, it seems unlikely that, even if across-cha
rate differences were usable, this could effectively be re
ized. This stands in marked contrast to the situation in n
mal acoustic hearing, where resolved harmonics are pre
in which case such across-channel processes can ha
marked effect~Broadbent and Ladefoged, 1957; Darwi
1992!.

3. Assigning sources to different channels

An additional finding of experiment 2 was that perfo
mance was consistently worse when the target and ma
were each presented to three~separate! channels than when
they were mixed into the same six channels. As noted in S
1744 J. Acoust. Soc. Am., Vol. 115, No. 4, April 2004 J. M. Deek
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IV C, this indicates that any advantage of spectrally sepa
ing the two sources was swamped by the deleterious eff
of reducing the number of channels per source. One migh
tempted to conclude that any attempt to separate two sou
on a channel-by-channel basis is doomed to failure, beca
it would reduce the number of channels for each sour
However, there are two reasons why this is not necessa
so. First, the effects of halving the number of chann
should decrease, the more channels there are to start
~Friesen et al., 2001!. Second, the effects of halving th
number of channels may be reduced by adopting a slig
different method of splitting the two sources than the o
used here@Fig. 4~a!#. Note that the ‘‘standard’’ method, o
doubling the bandwidths of both the analysis and car
channels@Fig. 4~b!: Shannonet al., 1995#, would not be ap-
propriate, as alternate channels would be needed for sep
sources. However, one could double the bandwidth of
analysis channels, while using the same~narrow! carrier
channels as in the present scheme—as shown in Fig.~c!.
We intend to explore this issue in a future study.

4. Conclusions

In summary, the absence of an advantage produced
difference in pulse rate when the target is presented on
lower of two rates suggests that rate differences are unlik
to provide a consistent cue for segregation produced b
real-world device. However, although the present stu
showed no advantage of spectrally separating the
sources, it is possible that such an advantage could be
served when more channels are available. For implant u
to take full advantage of such a strategy, it is likely that th
would have to exploit cues to concurrent sound segrega
other than differences in pulse rate used here. Such c
might include the natural across-frequency covariations
amplitude present in each source.

VI. SUMMARY

~i! We have described a new simulation of cochlear i
plant hearing in which the envelope in each frequen
band modulates a bandpass filtered pulse train.
cause the frequency components of the carrier are
resolved in the auditory periphery, this allows one
simulate the effects of varying pulse rate in elect
hearing. Pitch can be manipulated independently
the F0 of the input.

~ii ! Performance is better when the target is processed
rate of 140 pps than at 80 pps, and when processe
six than on three channels. Both of these findings
curred for speech in quiet and in the presence o
masker.

~iii ! Presenting the target on only the odd-numbered ch
nels and the masker on even-numbered channels~or
vice versa! produced worse performance than pr
cessing them both on all six channels. Hence, for
particular stimuli used here, any benefits of spect
separation were outweighed by the reduction in nu
ber of channels conveying the target.
s and R. P. Carlyon: Cochlear implant hearing and sound segregation
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~iv! There was no evidence that listeners can exp
across-channel differences in pulse rate to identif
target sentence in the presence of a masker.

~v! When the target and masker are processed on
same channels, and the target level is higher, per
mance can be improved by processing the maske
a lower rate than the 140-pps target~compared to
when they are processed on the same rate!. However,
processing the masker on a higher rate than the 80
target neither helps or hinders, again compared to
case where both are processed on the same rate.
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1Recent evidence has shown that speech perception in noise can b
proved by presentingunprocessedlow-frequency sound to implant user
having low-frequency hearing in either the implanted or contralateral
~Kong et al., 2003; Turneret al., 2003!. However, performance is poo
when the low-frequency information is presented via an implant or
acoustic simulation thereof~Nelson and Jin, 2002; Konget al., 2003!, pre-
sumably due to the lack of resolved harmonics~see the Introduction!. It
therefore seems unlikely that low-frequencyinformation plays an espe-
cially important role in implants or in experiments such as ours, in wh
resolved harmonics are absent.

2A two-way ANOVA performed only on the data with the 80-pps targ
revealed an effect of number of channels, but no effect of having the ta
on the same vs a different rate (F (1,15)51.39, p50.26). When a similar
analysis was performed on the data with a 140-pps target, the effe
masker rate was highly significant (F (1,15)571.56,p,0.001).
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