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Abstract

Increasing the number of channels at low frequencies improves discrimination of fundamental frequency (F0) in cochlear implants
(Geurts, L., Wouters, J., 2004. Better place-coding of the fundamental frequency in cochlear implants. J. Acoust. Soc. Am. 115 (2),
844–852). We conducted three experiments to test whether improved F0 discrimination can be translated into increased speech intelli-
gibility in noise in a cochlear implant simulation. The first experiment measured F0 discrimination and speech intelligibility in quiet
as a function of channel density over different frequency regions. The results from this experiment showed a tradeoff in performance
between F0 discrimination and speech intelligibility with a limited number of channels. The second experiment tested whether improved
F0 discrimination and optimizing this tradeoff could improve speech performance with a competing talker. However, improved F0 dis-
crimination did not improve speech intelligibility in noise. The third experiment identified the critical number of channels needed at low
frequencies to improve speech intelligibility in noise. The result showed that, while 16 channels below 500 Hz were needed to observe any
improvement in speech intelligibility in noise, even 32 channels did not achieve normal performance. Theoretically, these results suggest
that without accurate spectral coding, F0 discrimination and speech perception in noise are two independent processes. Practically, the
present results illustrate the need to increase the number of independent channels in cochlear implants.
� 2007 Elsevier B.V. All rights reserved.

PACS: 43.71.Bp; 43.66.Hg; 43.71.Gv; 43.71.Ky
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1. Introduction

Cochlear implants have successfully restored partial hear-
ing to over 100,000 deaf persons worldwide. Users of modern
cochlear implants generally perform well in quiet listening
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conditions with good users being able to communicate on
the telephone. However, these individuals still perform
poorly in speech recognition in noise, music appreciation,
speaker identification, and tonal language perception.

Current cochlear implants have a very limited number of
effective frequency channels, leading to poor pitch percep-
tion and speech recognition in noise (Fu et al., 1998; Qin
and Oxenham, 2003; Stickney et al., 2004). Voice pitch,
corresponding to the fundamental frequency (F0), has been
shown to be a critical cue for segregating multiple voice
streams. For example, normal hearing listeners can iden-
tify speech in the presence of a competing talker more
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accurately, when there is a greater difference in F0 between
the two talkers (Brokx and Nooteboom, 1982).

The F0 is coded in normal hearing by both the place of
excitation on the basilar membrane and the temporal cod-
ing of the neurons. In cochlear implants, these cues are
much more limited. Place coding of pitch is degraded by
the limited number of electrodes, resulting in a coarse fre-
quency representation and an impaired ability to resolve
harmonics. While available, the temporal envelope cue that
arises from modulations of the carrier due to multiple unre-
solved harmonics generally provides a weak pitch percept
(Burns and Viemeister, 1976, 1981).

To enhance the utility of the place coding of pitch in
cochlear implants, Geurts and Wouters (2004) suggested
that the number of channels at low frequencies be increased
to improve F0 discriminability. Their filter bank had
approximately four and a half channels below 500 Hz as
compared with a model based on the Greenwood map,
which with the parameters used, had only two channels
in this region (Greenwood, 1990). Indeed, the new filter
bank improved F0 discrimination. Along the same line,
Leigh et al. (2004) added two or three extra channels below
2.6 kHz in the clinical map of Nucleus-22 implant users
and found an increase in the transfer of vowel first formant
information. However, they found that this increase in
channel density actually produced a decrease in word rec-
ognition. In a cochlear-implant simulation, Qin and Oxen-
ham (2005) evaluated F0 discrimination with up to 40
channels but evaluated F0 segregation with 24 channels.
They showed no benefit to segregation with 24 channels
over 8 channels. As of yet, improved F0 discrimination
associated with increased channel density has not been
directly linked to improved functional benefit such as
speech perception in noise.

Others have chosen to enhance the temporal coding of
pitch. McKay et al. (1994) showed that implant subjects
could follow the pitch of a sinusoidally amplitude-modu-
lated pulsatile carrier up to a few hundred Hertz. Geurts
and Wouters (2001) observed that enhanced representation
of the temporal envelope improved F0 discrimination of
synthetic vowels. Laneau et al. (2006) then showed that
enhancing the envelope modulation improves recognition
of musical notes and melodies. Enhancing the temporal
cue also improved identification of questions versus state-
ments (Green et al., 2005). For tonal languages, such as
Mandarin Chinese, the temporal envelope cue has been
shown to contribute to speech recognition (Fu et al.,
1998; Luo and Fu, 2004). It remains unknown whether
these observed benefits with improved coding of temporal
cues would improve speech recognition in noise.

Surprising results have come from recent implantation
of patients with significant residual low frequency hearing,
which allows for explicit preservation of F0, and poten-
tially some F1 or F2 information (von Ilberg et al.,
1999). Both simulated (Dorman et al., 2005; Chang et al.,
in press) and actual hybrid hearing studies (Turner et al.,
2004; Kong et al., 2005) have shown that the addition of
low frequency acoustic information significantly improved
speech performance in noise, particularly when the noise
was a competing voice.

The present study focuses on the relative contribution of
spectral and temporal cues to F0 discrimination and speech
intelligibility. Experiment 1 uses four frequency-resolution
models to investigate the effect of spectral resolution in dif-
ferent frequency regions on F0 discrimination and speech
intelligibility in quiet. Experiment 2 investigates whether
improved F0 discrimination can lead to increased speech
recognition with a competing voice. Experiment 3 attempts
to find the minimum number of channels required at low
frequencies to achieve normal performance in speech rec-
ognition in noise.

2. Experiment 1

2.1. Methods

2.1.1. Subjects

Eight normal-hearing subjects, aged 20–38 years, six
females and two males, participated in this study. The
Institutional Review Board approved all experimental pro-
cedures. Informed consent was obtained from each subject.
None of the subjects reported any speech or hearing
impairment. All subjects were native English speakers
and were compensated for their participation.

2.1.2. Stimuli

2.1.2.1. Filter bank configurations. Fig. 1 shows four 8-
channel, pure-tone vocoder models used in this experiment.
Frequency is plotted on a logarithmic scale. Fourth order
Butterworth filters were used for both the high-pass and
low-pass elements of the band-pass filters in each model.
The first model selected cutoff frequencies based on the
Greenwood basilar membrane place map (Greenwood,
1990). The Greenwood model had cutoff frequencies at
100, 219, 392, 643, 1006, 1532, 2294, 3399, and 5000 Hz.
The other three models used six channels to enhance spec-
tral resolution in the low- (100–500 Hz), middle- (500–
1500 Hz), and high-frequency (1500–5000 Hz) regions,
respectively, while using two channels to cover the remain-
ing frequency range. These models are referred to as the
‘‘Low’’, ‘‘Middle’’, and ‘‘High’’ model, through the remain-
der of the paper. Filter cutoff frequencies were spaced lin-
early below 1000 Hz and logarithmically above 1000 Hz,
producing the cutoff frequencies for the Low Model at
100, 167, 233, 300, 367, 433, 500, 1500, and 5000 Hz. The
Middle model cutoff frequencies were at 100, 500, 667,
833, 1000, 1145, 1310, 1500, and 5000 Hz. The High model
cutoff frequencies were at 100, 500, 1500, 1833, 2240, 2738,
3346, 4089, and 5000 Hz. The Low Model was chosen to
provide better spectral coding of the F0. The Middle model
provides for a better representation of vowel formants. The
High model uses broad filters to enhance the F0 represen-
tation in temporal modulation due to an increased number
of harmonics in each band.



Fig. 1. Filter bank designs for the four models. All filters are fourth order Butterworth filters.
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Signals were first passed through the band-pass filters.
Each sub-band was then full-wave rectified and low-pass
filtered to extract the envelope. Full-wave rectification
was chosen instead of half-wave rectification because it
more accurately represents the slowly-varying temporal
envelope important for speech (Nie et al., 2006). While
full-wave rectification doubles the carrier frequency, it
does not affect temporal envelope frequencies. For exam-
ple, a 100-Hz sine wave when full-wave rectified will
have a frequency of 200 Hz, but a 100-Hz sinusoidally
amplitude modulated tone or a saw tooth will have a
modulation rate of 100-Hz after full-wave rectification.
The sub-band envelope was extracted by low-passing at
frequencies of 500, 160, or 50 Hz with an eighth order
Butterworth filter. The 500-Hz low-pass will allow for
the most temporal envelope information including the
F0 and possibly first few harmonics. The 160-Hz low-
pass will allow only the F0. The 50-Hz low-pass will
exclude any pitch related temporal information. The
sub-band envelope was then used to modulate a pure
tone at the center of each frequency band (Shannon
et al., 1995; Dorman et al., 1997). A pure tone carrier,
rather than a noise carrier, was used to simulate the
cochlear implant users’ better than normal performance
in temporal modulation detection (Shannon, 1993;
Kohlrausch et al., 2000; Zeng, 2004). Finally, the output
of the modulated sub-band signal was passed through
the original analysis filter to remove any sidebands
induced by the modulation that exceed the channel
width. All frequency bands were summed to produce
the acoustic simulation of the cochlear implant.

2.1.2.2. Fundamental frequency discrimination. F0 discrimi-
nation was measured with a single sentence ‘‘Hoist the
Load’’ selected from the IEEE sentence list (Rothauser
et al., 1969). The sentence’s original F0 had a mean of
122 Hz ± 14 Hz. F0 was upward shifted using the
STRAIGHT Program (Kawahara et al., 1999) from 1 to
24 semitones in 1-semitone steps. Formants were not chan-
ged in the process, but with large F0 shifts, the number of
harmonics available to accurately code the formant posi-
tion would be decreased.



Fig. 2. Data for Experiment 1. F0 discrimination values for the four filter
bank models with three different envelope low-pass frequencies. Error bars
indicate the standard error of the mean. The horizontal lines are the mean
for the unprocessed condition with the dashed lines representing the
standard error of the mean (* indicates p < 0.05).
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2.1.2.3. Speech intelligibility. Intelligibility was measured
with IEEE sentences, 20/aCa/consonants (Shannon et al.,
1999), and 11/hVd/ vowels (Hillenbrand et al., 1995)
recorded from one male talker. The IEEE sentences are a
set of seventy-two phonetically balanced lists, with each list
having 10 sentences and each sentence containing five tar-
get words. For vowels, only 11 of the 12 Hillenbrand vow-
els were used due to similarity between ‘hawed’ and ‘hod’
in the California dialect (Whalen et al., 2004). Because
most of the subjects were native Californians, ‘hod’ was
eliminated in the test. All stimuli were presented monau-
rally at an average level of 70 dB SPL through Sennheiser
HDA 200 Audiometric headphones. This level was verified
by a Brüel and Kjaer Type 2260 Modular Precision Sound
Analyzer coupled to an artificial ear.

2.1.3. Procedure

2.1.3.1. Fundamental frequency discrimination. F0 discrimi-
nation was measured using a 2-interval, 2-alternative
forced choice task with a 3-down, 1-up decision rule, corre-
sponding to the 79.4% correct value on the psychometric
function (Levitt, 1971). The single sentence was presented
with two different F0s; one was always at the original
value, the other was shifted higher. Subjects were
instructed to choose the sentence that was higher in pitch.
The F0 difference between the two sentences began at 24
semitones and was adjusted by 4 semitones per step for
the first four reversals and 1 semitone per step for the next
9 reversals. The difference limen was determined as the
mean of the last eight reversals. Four models and three
envelope low-pass conditions were tested resulting in 12
test conditions plus an unprocessed control condition. All
conditions were randomized and tested three times per sub-
ject. A short practice was given on the unprocessed condi-
tion to familiarize the subject with the procedure.

2.1.3.2. Speech intelligibility. For sentence intelligibility
measures, two lists of IEEE sentences were selected ran-
domly from 72 possible lists and were presented for each
condition. Intelligibility was determined as the percentage
of target words correctly typed by a subject after hearing
the sentence. Lists and presentation order of models were
fully randomized. Subjects were given no practice or feed-
back. Vowels and consonants were tested using a graphic
user interface where subjects clicked on the appropriate
phoneme. Each vowel or consonant for each model was
presented three times and all phonemes within a particular
model were randomized. Subjects were given no practice or
feedback.

All subjects were tested on all conditions to allow a
within-subjects design in data analysis. The F0 discrimina-
tion data were analyzed using a two factor repeated mea-
sures analysis of variance (ANOVA) with filter bank
model and the envelope low-pass frequency as the indepen-
dent variables. The intelligibility data were analyzed using
a one-factor ANOVA with the filter bank model as the
independent variable.
2.2. Results and discussion

2.2.1. Fundamental frequency discrimination

Fig. 2 shows F0 discrimination results. The y-axis repre-
sents the average number of semitones in F0 discrimination
as a function of filter bank density for the 50, 160, and
500 Hz envelope low-pass frequencies, respectively (top,
middle, and bottom panels). Error bars represent the stan-
dard error of the mean. The horizontal solid line represents
the mean, while the two dashed lines represent plus and
minus one standard error of the mean, for F0 discrimina-
tion with the unprocessed original sentence. On average,
normal-hearing subjects can discriminate an F0 shift of
1 semitone using the unprocessed sentence.

A main effect was seen for both the filter bank model
[F(3,21) = 13.5, p < 0.05] and the envelope low-pass fre-
quency [F(2,14) = 18.3, p < 0.05]. Two-tailed paired-sam-
ples Student’s t-tests show that the Low Filter Model



Fig. 3. Data for Experiment 1. Percent correct scores for the four filter
bank models on IEEE sentences, vowels, and consonants. Error bars
indicate the standard error of the mean (* indicates p < 0.05).
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yielded significantly better discrimination (p < 0.05) than
the Greenwood filters, by an average of 3.6 semitones for
the 50 Hz, 2.6 semitones for the 160 Hz, and 1.8 semitones
for the 500 Hz low-pass conditions. The High filter model
also produced significantly better discrimination (p <
0.05) but only for the 160 and 500 Hz low-pass conditions.
The Middle filter model produced similar performance to
the Greenwood model.

The present results indicate that both spectral and tem-
poral cues contributed to F0 discrimination. Accurate rep-
resentation of spectral cues is proportional to the channel
density, but that of temporal envelope cues is proportional
to the width of each filter after modulation. Because the
Low Model offered three times as many channels below
500 Hz as the Greenwood model, it is expected to produce
better performance in F0 discrimination due to explicit
enhancement of spectral cues. The better performance with
the 160 and 500 Hz conditions in the High model was likely
a result of the utilization of the temporal envelope cues.
This interpretation is supported by the poor F0 discrimina-
tion with the 50 Hz low-pass envelope in the High model.
An alternative interpretation is that the better performance
with the 160 and 500 Hz low-pass over the 50 Hz low-pass
in the High model is from listening to the resolved spectral
sidebands. However, this interpretation is less likely
because the condition with a higher F0 would have a higher
modulation rate in each channel resulting in an upper side-
band with a higher pitch, but a lower sideband with a pro-
portionally lower pitch as well. Improved performance
would require the consistent attention to the upper side-
band only. Due to the upward spread of masking, the effect
of the lowest sideband would be greatest resulting in,
potentially, an overall lower pitch (Wegel and Lane,
1924). Conversely, if a centroid model is used, the per-
ceived pitch of this overall complex would be unchanged
(Anantharaman et al., 1993). The Middle model has a
decreased spectral resolution but potentially a slightly
increased temporal component due to the two broader fil-
ters. This yields performance comparable to the Green-
wood control. Overall, the present result confirmed
previous findings that increased channel density at low fre-
quencies can significantly improve F0 discrimination. How
the channel density affects speech intelligibility will be eval-
uated in the next section.

2.2.1.1. Speech intelligibility. Fig. 3 shows the intelligibility
of IEEE sentences, /hVd/ vowels, and /aCa/ consonants
for each of the four models. The intelligibility results were
obtained with only the 500 Hz low-pass condition so as
not to limit performance due to a lack of temporal enve-
lope cues. Error bars represent the standard error of the
mean.

A main effect of the filter models was observed for sen-
tences [F(3, 18) = 22.5, p < 0.05], vowels [F(3,18) = 15.2,
p < 0.05], and consonants [F(3, 18) = 24.7, p < 0.05]. Oppo-
site to the F0 discrimination results, the Low Filter Model
produced significantly lower intelligibility than the Green-
wood model, by 59% points for sentences, 24% points for
consonants, and 21% points for vowels (p < 0.05). The
Middle filter model produced similar performance in vowel
and consonant recognition, but 25% points lower perfor-
mance in sentence recognition than the Greenwood model
(p < 0.05). The reason for this discrepancy between phone-
mic and sentence recognition is unclear. The High filter
model produced significantly lower performance than the
Greenwood model by 20% points for sentences and 12%
points for vowels (p < 0.05), but similar performance for
consonants.

The present data suggest a general encoding dilemma
between F0 discrimination and speech intelligibility when
spectral cues are used to transmit F0 information. This
dilemma is best exemplified by the Low Filter Model, which
produced good performance in F0 discrimination but poor
performance in speech intelligibility. An optimizing tradeoff
is needed to address this dilemma. One approach would be
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to compromise the number of channels between low and
high frequencies. Since the tradeoff is less when F0 informa-
tion is presented temporally, as in the High model, a second
approach would be to increase the temporal envelope fre-
quencies (e.g., 500 Hz) to sufficiently pass the F0 and possi-
bly first few harmonics while maintaining the channel
density required to support speech intelligibility at middle
and high frequencies. This approach has received some sup-
port from improved cochlear implant performance with the
Hilbert envelope and increased cutoff frequency in envelope
extraction (Nie et al., 2005). This function of envelope low-
pass was also demonstrated by Xu et al. (2002) who showed
that Mandarin Chinese tone recognition improved in a sin-
gle channel with a cutoff frequency of up to 256 Hz. Exper-
iment 2 will evaluate the potential utility of both
approaches in real-world listening tasks, such as speech rec-
ognition with a competing voice.

3. Experiment 2

3.1. Methods

3.1.1. Subjects

Nineteen normal-hearing subjects were recruited from
the same subject pool as Experiment 1. They were 19–52
years old, and included 12 females and 7 males.

3.1.2. Stimuli

The Greenwood filter model was used again as the con-
trol. To test the effectiveness of the filter optimization, a
new Low Model was developed. Fig. 4 shows the new
Low Model, which has only four channels between 100
and 500 Hz, instead of six channels as in Experiment 1.
Each of the four filters is 100 Hz wide. Consequently, this
new model will be referred to as Low-4 to distinguish it
from the Low Model in Experiment 1. The envelopes in
the Greenwood and Low-4 models were low-passed by
Fig. 4. Filter bank design for the Low-4 Model for Experiment 2. This
filter bank increases F0 resolution while minimizing loss of intelligibility.
an eighth order Butterworth filter with a 160 Hz cutoff
to allow the F0 but no additional cues. To test the utility
of temporal cues, the High filter model with a 500-Hz
envelope cutoff frequency from Experiment 1 was used
to maximize the transmission of temporal envelope
information.

The Low-4 Model still provides twice the low frequency
resolution of the Greenwood model. Five of the eight sub-
jects who participated in Experiment 1 were tested on the
same F0 discrimination task with this new model (the other
three subjects were not available for testing). The subjects
could discriminate an F0 difference of 3.1 semitones ± 1.0
semitones, which was better than the Greenwood model
(6.0 ± 1.7 semitones for the same five subjects; p = 0.05)
but was significantly worse than the Low Model from
Experiment 1 (1.5 ± 0.4 semitones for the five subjects,
p < 0.05). However, it serves as a compromise between
F0 discrimination and speech intelligibility.

IEEE sentences were presented concurrently with a com-
peting voice. The competing voice was always a male voice
speaking the sentence ‘‘It snowed, rained, and hailed the
same morning.’’ The masker has an F0 of 107 ± 30 Hz.
This sentence was shifted up in F0 using the STRAIGHT
program by 0, 4 or 8 semitones. The target sentences were
drawn from the IEEE sentence lists and had original F0.
The sentences as a set have a mean F0 of 103 ± 29 Hz.
The target and masker sentences were spoken by the same
male. The sentences were tested at signal-to-noise ratios
(SNRs) of +20, +10, 0, �10 and �20 dB, as well as in
quiet.

3.1.3. Procedure

Subjects were asked to type the target sentence while
ignoring the competing voice. The quiet condition was
always presented first to allow subjects to familiarize them-
selves with the task. The five signal-to-noise ratios were
then presented in random order. One list of ten sentences
was randomly selected from the IEEE set and presented
for each condition and all six signal-to-noise ratios were
presented for a given F0 shift of the masker. The three
F0 shifted conditions were presented in random order
and all three conditions were tested consecutively for each
model. The Greenwood, Low-4, and High models were
presented in random order. The results were recorded as
the percent correct scores in response to keywords in the
sentences. A total of 540 sentences were presented (3 mod-
els · 3 F0 shifts · 6 SNRs · 10 sentences per condition). A
within subjects design was used. The data were analyzed
using a three factor repeated measures ANOVA, with the
filter model, F0 difference, and signal-to-noise ratio as the
independent variables.

3.2. Results and discussion

Fig. 5 shows percent correct scores as a function of F0
difference at different SNRs (different symbols) and for
the three models (panels). The gray shaded region



Fig. 5. Data for Experiment 2. Percent correct scores for a speech with a competing talker task. Data are shown for three filter bank models, six signal-to-
noise ratios, and three differences between F0 for the target and the masker. Error bars indicate the standard error of the mean. In cases where no error
bars are visible, the error is smaller than the symbol size. The gray region shows data for an unprocessed condition with a 0 dB signal-to-noise ratio.
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represents the mean ± one standard deviation for unpro-
cessed speech at 0 dB SNR which were collected using iden-
tical stimuli and methods (Stickney et al., submitted for
publication). These unprocessed data showed clearly
improved performance with greater separation in F0
between the target and the masker, from 71% ± 4% with
identical F0 to 76% ± 5% with 3-semitone difference and
a plateau in performance at 82% ± 2.5% and 83% ± 3%
with 6- and 9-semitone differences, respectively.

Recall that both the High filter and the Low-4 filter
models produced better F0 discrimination than the Green-
wood filter control by 1.4 semitones (average from all eight
subjects in Experiment 1) and 2.9 semitones (average from
the five available subjects), respectively. Given the results
from Experiment 1, we would not necessarily predict better
overall performance. We would, however, predict that per-
formance with the experimental models would improve as
a function of the F0 difference between the target and mas-
ker. However, no significant main effect was found for the
F0 difference [F(2,36) = 1.2, p = 0.32].

A significant main effect was found for both the filter
model [F(2,36) = 18.3, p < 0.05] and SNR [F(5, 90) =
975.8, p < 0.05] as well as an interaction between the model
and SNR [F(10,180) = 4.5, p < 0.05]. The effect of the model
was demonstrated in Experiment 1 for the Greenwood and
High models with the Greenwood model producing signifi-
cantly better performance in sentence recognition in quiet.
While the Low-4 Model yielded better intelligibility than
the Low Model from Experiment 1 for sentences in quiet, this
performance did not reach the performance level of the
Greenwood model. Due to the interaction between the
model and SNR variables, a pair-wise ANOVA analysis of
models was performed to confirm the results. The Green-
wood model showed significantly higher scores than either
the High or Low-4 models [F(1,18) = 24.3, p < 0.05] and
[F(1,18) = 32.8, 9<0.05], respectively. There was no signifi-
cant difference between the High and Low-4 models
[F(1,18) = 0.9, p = 0.37].

The present results indicated that both the High and
Low-4 filter models could improve F0 discrimination over
the Greenwood control, but neither provides any measur-
able improvement in speech perception with a competing
voice. This suggests that improvement of F0 discrimina-
tion with either a temporal envelope cue, derived from a
high envelope low-pass, or increasing the number of
low-frequency channels does not provide sufficient infor-
mation to understand speech with a competing talker.
This experiment, however, limits the scope to an 8-channel
simulation. Given that current cochlear implants have up
to 22 electrodes and future implants may have even more,
we would like to find out how many spectral channels are
needed to support normal performance in speech recogni-
tion in noise. Experiment 3 will explicitly address this
issue.
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4. Experiment 3

4.1. Methods

4.1.1. Subjects

Seventeen of the nineteen subjects from Experiment 2
participated in this experiment. They were 19–38 years
old, and included 12 females and 5 males.

4.1.2. Stimuli

Fig. 6 shows the filters for the six models used in this
experiment. All six models had four channels spanning
500–5000 Hz to simulate a 4-channel cochlear implant.
The cutoff frequencies were 500 Hz, 945 Hz, 1688 Hz,
2929 Hz, and 5000 Hz, divided evenly according to the
Greenwood place map. The six models differed in how they
Fig. 6. Filter bank models for Experiment 3. All models have four filters betw
eighth order Butterworth filter. The other five models have 2, 4, 8, 16 and 32
processed the low-frequency information between 100 and
500 Hz. The first model used an eighth order Butterworth
filter to low-pass the original signal at 500 Hz to simulate
the presence of residual acoustic hearing. This simulation
is an ideal case of residual hearing with the subject having
no impairment to filter width or dynamic range below
500 Hz. Most real subjects would have limitations in this
region. This was used as the control and is representative
of the best performance that could be achieved with a
cochlear implant. This model will be referred to as the
Hybrid model for the rest of the paper. The other five mod-
els had 2, 4, 8, 16 or 32 channels between 100 and 500 Hz,
also spaced according to the Greenwood map. The corre-
sponding total number of channels between 100 and
5000 Hz were therefore 6, 8, 12, 20, and 36. Given the
narrow bandwidth of the lowest frequency channels in
een 500 and 5000 Hz. One model includes low-pass information from an
6000th-order FIR filters below 500 Hz.
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the 32-channel condition and the desire for as little overlap
as possible between channels, 6000th-order FIR filters were
used for all channels. Each band was low-passed at 500 Hz
with an eighth order Butterworth filter to allow for maxi-
mum preservation of any temporal envelope cues in the
higher frequency bands. The sampling rate for all stimuli
was 20 kHz.

The same test materials were used as in Experiment 2.
Only SNRs of 5, 0, and -5 dB were used to avoid the
asymptotic performance seen in unprocessed conditions
at 10 dB SNR (Stickney et al., submitted for publication).

4.1.3. Procedure

The same testing procedure as in Experiment 2 was
used.

4.2. Results and discussion

Fig. 7 shows percent correct scores as a function of F0 dif-
ference for all six filter models (panels). The gray shaded
Fig. 7. Data for Experiment 3. Percent correct scores for a speech with a compe
noise ratios, and three differences between F0 for the target and the masker. E
region again represents the mean ± one standard deviation
for unprocessed speech at 0 dB SNR. The unprocessed
speech result showed improved performance with increasing
separation in F0 between the target and the masker. We
would predict a similar trend by increasing the number of
channels in the low-frequency region. A main effect was seen
for the filter bank model [F(5, 80) = 12.8, p < 0.05], F0 differ-
ence [F(2, 32) = 15.5, p < 0.05], and SNR [F(2,32) = 281.9,
p < 0.05]. Significant interactions were observed between
model and SNR [F(10,160) = 2.4, p < 0.05], SNR and F0
difference [F(4,64) = 2.9, p < 0.05], and between model,
SNR, and F0 difference [F(20,320) = 1.9, p < 0.05]. The
effect of the filter bank model shows the general trend of
increasing performance with increasing the number of chan-
nels. Due to interactions, a two-way ANOVA was conducted
for each model on SNR and F0 difference. All six models
showed a significant effect of SNR, but a significant effect
of F0 difference was found only in the Hybrid model
[F(2,32) = 6.3, p < 0.05], the 32-channel model
[F(2,32) = 5.4, p < 0.05], and the 16-channel model
ting talker task. Data are shown for six filter bank models, three signal-to-
rror bars indicate the standard error of the mean.
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[F(2, 32) = 5.2, p < 0.05]. However, there was a significant
interaction between SNR and F0 difference in the Hybrid
model [F(4, 64) = 3.3, p < 0.05], which was due to the asymp-
totic performance at 5 dB SNR. The 32- and 16-channel con-
ditions produced no interaction between SNR and F0
difference. Instead, they demonstrated consistently
improved performance as a function of the F0 difference over
each SNR tested. A pair-wise ANOVA between the 32- and
16-channel conditions shows no significant difference
between conditions [F(1,16) = 2.0, p = 0.18].

Consistent with previous studies (Turner et al., 2004;
Kong et al., 2005), the finding that the Hybrid model
improved performance as a function of F0 difference pro-
vides additional evidence that the low-frequency acoustic
component may allow for the separation of two voices,
resulting in improved speech perception in a competing
background talker. Although the 16- and 32-channel mod-
Fig. 8. Spectrograms from Experiment 3. Target and masker sentences are pres
channel models and the absence of these sweeps in the 8, 4 and 2 channel mo
els showed improved performance with greater F0 separa-
tion, their overall level of performance was still lower than
that with the unprocessed speech and the Hybrid model.
This result is consistent with the idea that the number of
channels at low frequencies need to be increased and the
fine-structure or phase information be preserved (Qin and
Oxenham, 2006; Zeng et al., 2005).

5. General discussion

5.1. Spectral versus temporal cues

Experiments 1 and 2 evaluated the relative contribu-
tions of spectral and temporal envelope cues to pitch
perception. Pitch information, conveyed by either a spec-
tral mechanism as in the Low Model or a temporal
mechanism as in the High model, could improve F0
ented at a 0 dB SNR. Notice the frequency sweeps in the Hybrid, 32 and 16
dels.
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discrimination. However, when the overall number of
spectral channels is limited, this improvement in F0 dis-
crimination with spectral cues was compromised by a gen-
eral degradation in speech intelligibility. Experiment 3
demonstrated that without a limit to the number of spec-
tral channels, the tradeoff need not exist but this does not
represent a real world situation due to the high degree of
current overlap in real implants. The improvement in F0
discrimination with temporal cues showed less decrease in
intelligibility but no benefit in noise. Until the number of
independent channels is significantly increased, future
cochlear implant speech processing strategies need to con-
sider the tradeoff between F0 discrimination and speech
intelligibility.

5.2. Performance improves with explicit spectral coding

Experiment 3 shows that at least 16 channels are needed
below 500 Hz to support speech perception in noise based
on the F0 cue. Fig. 8 probes the acoustic basis of this
improvement by showing spectrograms of a target sentence
with the masker present at 0 dB SNR for each of the pro-
cessing conditions. Frequency sweeps in the fundamental
and first few harmonics are clear in the Hybrid condition.
The 32-channel model preserves some of the frequency
information, including F0 and its harmonics. The 16-chan-
nel model also retains some of this information, but to a
lesser extent. The 8, 4 and 2 channel models do not preserve
these frequency changes. The improved performance with
16 or more channels in a speech in noise task is a result
of the explicit preservation of F0 by true spectral separa-
tion into adjacent channels.

5.3. Implications for cochlear implants

To relate these simulation results to actual cochlear
implants, we need to consider the validity of the experi-
ments. In Experiment 1, the simulations all consisted of
eight-channel vocoders, corresponding roughly to the max-
imum number of spectral channels available to current
cochlear implant users, depending on the user and the task
(Fishman et al., 1997; Friesen et al., 2001). Until the num-
ber of functional channels in current implants is increased,
data from this experiment seem to be relevant. In Experi-
ment 2, the temporal envelope cue in the High model was
not sufficient to segregate speech streams. This result may
not be valid in actual cochlear implant users because the
cochlear implant users can detect modulations better than
normally hearing individuals (Shannon, 1993; Kohlrausch
et al., 2000; Zeng, 2004). The number of spectral channels
in Experiment 3 greatly exceeded the number of usable
spectral channels in actual cochlear implants. However,
the result from Experiment 3 is highly relevant to current
and future cochlear implant research. On the one hand,
future cochlear implants may have more than 22 intrac-
ochlear electrodes (Clopton and Spelman, 2003) or the
existing device may be used to increase the number of func-
tional channels by ‘‘virtual channels’’ (Donaldson et al.,
2005; Wilson et al., 2005). On the other hand, the combined
acoustic and electric hearing may provide the necessary
number of spectral channels via the residual acoustic hear-
ing (Turner et al., 2004; Kong et al., 2005). This may be
limited, however, for users with minimal residual hearing
who can have diminished or absent frequency selectivity
(Faulkner et al., 1990).

6. Conclusions

Consistent with previous studies, the present study
showed that, at least in cochlear implant simulations, lis-
teners are able to make use of both spectral and tempo-
ral envelope cues to improve F0 discrimination.
However, the present study found that, with a limited
number of frequency bands, an improvement in F0 dis-
crimination from spectral cues degraded speech intelligi-
bility, while the same improvement with temporal cues
showed much less tradeoff. These results suggest two
potential methods to address the F0 discrimination and
speech intelligibility tradeoff. The first method would be
to either enhance the temporal envelope cue or explicitly
extract and deliver F0 to improve F0 discrimination.
This method may, however, have limited benefits in
noise. The second method would be to increase channel
density to at least 16 spectral channels below 500 Hz to
observe appreciable benefits of F0 separation in speech
recognition in noise.
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