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odern cochlear implants provide two strategies for coding speech

(e.g., McDermott, McKay, & Vandali, 1992; Wilson et al., 1991;

for reviews, see Loizou, 1998, and Wilson, 2000). Fixed-channel
strategies use a relatively small number of input channels (6-12), and
the number of output channels equals the number of input channels. Chan-
nel-picking strategies commonly use a relatively larger number of input
channels (e.g., 20) and a smaller number of output channels (6-9). At
issue in the present study is how many channels need to be implemented
in fixed-channel strategies to provide the same level of speech understand-
ing, in quiet and in noise, as provided by channel-picking strategies. We
used acoustic stimulation and normal-hearing listeners for our experi-
ments because in studies with cochlear implant patients, the number of
functional channels of stimulation is, in most instances, far fewer than
the number of electrodes. Patients commonly perform as well with 4-8
electrodes activated as with 20 electrodes activated (Fishman, Shannon,
& Slattery, 1997; Wilson, 1997). Thus, the speech perception results from
cochlear implant patients do not reflect the amount of information repre-
sented in a strategy’s output signals.
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The “fixed-channel” strategy has antecedents in the
vocoders of the 1940s and 1950s. Vocoders divide speech
into a number of bands, lowpass filter the bands, and
then output the signals using buzz/hiss excitation. Early
experiments suggested that 7-10 bands were sufficient
to transmit speech of high quality (Halsey & Swaffield,
1948; Hill, McRae, & McClellan, 1968). More recent ex-
periments using either sine wave outputs or noise band
outputs (and thus not using the normal mix of buzz and
hiss excitation) indicate that, in quiet, the number of
channels needed for a high level of speech intelligibility
varies between 4 and 10 channels, depending on the
nature of the stimulus material and the age of the lis-
tener. For adults, 4 channels are sufficient for 90% rec-
ognition of “easy” sentences (Dorman, Loizou, & Rainey,
1997; Shannon, Zeng, Kamath, Wygonski, & Ekelid,
1995), 8 channels are needed for “difficult” sentences
(Loizou, Dorman, & Tu, 1999), and 10 channels are
needed for recognition of single words from high-den-
sity lexical neighborhoods (Dorman, Loizou, Kemp, &
Kirk, 2000). In noise, as the signal-to-noise ratio (SNR)
becomes poorer, the number of channels needed for
maximum performance increases (Dorman, Loizou,
Fitzke, & Tu, 1998; Fu, Shannon, & Wang, 1998). Chil-
dren generally need more channels than adults to reach
the same level of performance (Dorman, Loizou, Kemp,
et al., 2000; Eisenberg, Shannon, Martinez, Wygonski,
& Boothroyd, 2000).

The “channel-picking” strategy implemented as the
SPEAK strategy on Cochlear Corporation devices
(McDermott et al., 1992) and as the “n-of-m” strategy
on other devices (Wilson, 2000; Wilson et al., 1988), has
antecedents in the channel-picking vocoders of the 1950s
(Peterson & Cooper, 1957) and Haskins Laboratories’
Pattern Playback speech synthesizer (Cooper, Liberman,
& Borst, 1950). The principle underlying the use of this
strategy is that speech can be well understood when only
the peaks in the short-term spectrum are transmitted.
In the case of the Pattern Playback, only 4—6 of 50 sine-
wave harmonics needed to be transmitted to achieve
highly intelligible speech—as long as the “picked” har-
monics defined the first two or three formants in the
speech signal. One issue in the present experiment is
how many channels need to be picked out of 20 chan-
nels (the potential number of electrodes/channels in a
commonly used implant) to achieve a high level of speech
understanding in quiet and in noise. Previous studies
using acoustic simulations have shown performance
maxima for sentences presented in noise when picking
4 out of 6 channels, when picking 6 out of 12 channels,
and when picking 12 out of 16 channels (Loizou, Dorman,
Tu, & Fitzke, 2000).

In the experiments described here, vowels, conso-
nants, and sentences were processed by channel-picking
strategies and by fixed-channel strategies and were

presented in quiet and in noise to normal-hearing listen-
ers for identification. As noted above, we and others have
previously conducted experiments of this type. This ex-
periment differed from previous experiments in that (a)
the same participants were used to test the intelligibil-
ity of speech processed by the two strategies, (b) the same
test materials were used to test the intelligibility of
speech processed by the two strategies, and (c¢) the sig-
nal-to-noise ratio was varied for the different test mate-
rials so that the level of performance in noise was simi-
lar for all test materials.

Method
Participants

The participants were 10 undergraduate and gradu-
ate students at Arizona State University. All reported
that they had normal hearing and passed a pure-tone
screening at 25 dB HL at frequencies of 1, 2, and 4 kHz.

Stimuli

The stimuli for the vowel tests were tokens of “heed,
hid, head, had, hod, heard, who'd, hud, hay’ed, hoed,
hood,” taken from Hillenbrand, Getty, Clark, and
Wheeler (1994). Each word was spoken by three men
and three women. The stimuli were randomized into a
list for each test condition.

The stimuli for the tests of consonant identification
were 16 male-voice consonants in the /aCa/ context taken
from the Iowa laser video disk (Tyler, Preece, & Tye-
Murray, 1986). There were three repetitions of each
stimulus. The stimuli were randomized into a list for
each test condition.

The stimuli for the tests of sentence intelligibility
were taken from the Hearing in Noise Test (HINT) lists
of Nilsson, Soli, and Sullivan (1994). Ten sentences were
presented in each test condition and were scored for
number of words correct. Different sentences were used
in each test condition. In addition, participants were
screened to ensure that they had not heard material from
the HINT lists previously.

Two conditions were generated for each set of test
material. In one condition, the stimuli were presented
in quiet. In the other condition, the stimuli were pre-
sented in noise sufficient to allow a performance as-
ymptote between 70 and 80% correct. Pilot experiments
(using 20-channel processors and SNRs of —4, -2, 0, and
2 dB for vowels; 0, 2, 4, and 6 dB for consonants; and
-2,0,2, and 4 dB for sentences) indicated that this level
was —2 dB for vowels, +4 dB for consonants, and 0 dB
for sentences. A different masking noise was created
for each type of test material. The noises were created
by filtering white noise through a 60th-order finite
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impulse response (FIR) filter designed to match the av-
eraged spectrum of the stimulus material. The noise
level was scaled so that the difference between signal
power and noise power was —2 dB for vowels, +4 dB for
consonants, and 0 dB for sentences.

Signal Processing

Using MATLAB-based software, the signals were
processed into seven fixed-channel conditions (4, 6, 8,
10, 12, 16, and 20 channels) and three channel-picking
conditions (3-0f-20, 6-0f-20, and 9-0f-20 channels).
Twenty input channels were used in the channel-pick-
ing conditions because that is the number of channels
nominally implemented in the most widely used im-
plant application. For the fixed-channel conditions, the
signals (with bandwidth 0.25-6 kHz) were first pro-
cessed through a preemphasis filter (high-pass filter
with a 1200-Hz cutoff frequency and 6 dB/octave rolloff)
and then bandpassed into N frequency bands (where N
varied from 4 to 20) using sixth-order Butterworth fil-
ters. The spacing of the frequency bands was logarith-
mic for processors with 6 or fewer channels. For pro-
cessors with 8 or more channels, semilogarithmic or mel
spacing of channels was used. For these processors, the
filter bandwidths were computed according to the equa-
tion 1100 log (/7800 + 1), where f = frequency in hertz.
Mel spacing of low-frequency channels was used for
processors with 8 or more channels because logarith-
mic spacing resulted in channels with very small band-
widths and mel spacing resulted in bandwidths that
better approximated critical bandwidths. The envelope
of the signal was extracted by full-wave rectification
and low-pass filtering (second-order Butterworth) with
a 400-Hz cutoff frequency. Sinusoids were generated
with amplitudes equal to the root-mean-square (rms)
energy of the envelopes (computed every 4 ms) and fre-
quencies equal to the center frequencies of the bandpass
filters. The sinusoids were summed and presented to
the listeners at a comfortable level.

To create stimuli for the channel-picking condi-
tions, signals were processed in the manner of a chan-
nel-picking speech processor—one similar to the
SPEAK strategy used in the Nucleus cochlear implant
(McDermott et al., 1992). Signals were processed into
20 channels using linear spacing to 1 kHz and loga-
rithmic spacing thereafter, and every 4 ms the 3, 6, or
9 maximum channel amplitudes were identified and
output as sine waves at the center frequency of the
analysis band.

Procedure

All participants were tested first with signals in
quiet and then in noise. The order of vowel, consonant,

and sentence tests was quasi-randomized across par-
ticipants. For all sets of stimulus material, the fixed-
channel conditions were presented in descending or-
der of number of channels, that is, 20 channels first
and 4 channels last. This order was chosen to maxi-
mize the listeners’ familiarity with the stimulus mate-
rial. The 9-0f-20 conditions were inserted into the test
sequences between the 16 and 20 fixed-channel condi-
tions, the 6-0f-20 conditions were inserted between the
10 and 12 fixed-channel conditions, and the 3-0f-20
conditions were inserted between the 4 and 6 fixed-
channel conditions.

Results

The results are shown in Figures 1, 2, and 3 for vow-
els, consonants, and sentences, respectively. The left
panel of each figure shows performance as a function of
number of fixed channels for signals in quiet and in noise.
The right panel of each figure shows performance as a
function of the number of channels picked for output
from 20 analysis channels. In these figures, the data
points for the 20-0f-20 conditions are taken from the 20
fixed-channel conditions. When n = m in a channel-pick-
ing algorithm, there is no difference between the chan-
nel-picking algorithm and a fixed-channel algorithm
with m channels.

For the majority of conditions, percent-correct scores
increased with an increase in the number of channels of
stimulation. The number of channels necessary to reach
a performance maximum varied as a function of the type
of stimulus material and the SNR. Repeated-measures
analyses of variance indicated that in quiet the number
of channels had a significant main effect for vowels [F(9,
81) =97.9, p <.000001], consonants [F(9, 81) = 23.29, p
<.000001], and sentences [F(9, 81) = 15.7, p < .000001].
According to post hoc tests (Tukey-Kramer with alpha
at .01), a performance maximum for vowels was reached
with 8 fixed channels and with a 3-0f-20 processor. A
performance maximum for consonants was reached with
6 fixed channels and with a 3-0f-20 processor. A perfor-
mance maximum for sentences was reached with 6 chan-
nels and with a 6-of-20 processor.

In noise, the number of channels had a significant
main effect for vowels [F(9, 81) = 97.8, p < .000001],
consonants [F(9, 81) = 24.2, p <.000001], and sentences
[F(9, 81) = xxx, p < .000001). A performance maximum
for vowels was reached with 10 fixed channels and with
a 6-0f-20 processor. A performance maximum for con-
sonants was reached with 6 fixed channels and with a
9-0f-20 processor. A performance maximum for sen-
tences was reached with 10 fixed channels and with a
9-0f-20 processor.
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Figure 1. Recognition of multitalker vowels. Left panel: Recognition

as a function of the number of channels of stimulation. Right panel:

Recognition as a function of the number of output (or “n”) channels out of 20 input channels. Performance in quiet is shown by the filled
squares. Performance in noise at =2 dB SNR is shown by the open circles. Error bars indicate +1 standard deviation.
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Figure 2. Recognition of consonants. Left panel: Recognition as a function of the number of channels of stimulation. Right panel: Recognition
as a function of the number of output (or “n”) channels out of 20 input channels. Performance in quiet is shown by the filled squares.
Performance in noise at 4 dB SNR is shown by the open circles. Error bars indicate 1 standard deviation.
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The results of our experiments indicate that both
fixed-channel strategies and channel-picking strategies
can provide a very high level of speech understanding.
For speech material presented in quiet, only a few chan-
nels—three in our experiments—need to be picked from
a set of 20 channels to provide approximately 90% rec-
ognition of vowels, consonants, and words in sentences.
A performance maximum was reached for all material

4

gests that in a quiet environment, channel-picking strat-
egies with 20 input channels could be programmed with
6 output channels. However, when operating in a noisy
environment, channel-picking strategies should be pro-
grammed with more output channels. This conclusion
follows from the increase in speech recognition for con-
sonants and sentences presented against a noisy back-
ground when the number of output channels was in-
creased from 6 to 9. This outcome suggests that for adults,
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Figure 3. Recognition of words in sentences. Left panel: Recognition as a function of the number of channels of stimulation. Right panel:
Recognition as a function of the number of output (or “n”) channels out of 20 input channels. Performance in quiet is shown by the filled
squares. Performance in noise at O dB SNR is shown by the open circles. Error bars indicate +1 standard deviation.
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channel-picking strategies with 20 input channels should
be programmed with at least 9 output channels to maxi-
mize patient performance in quiet and in noise.

The 90% correct level of speech understanding for
stimulus material presented in quiet, met by a 3-of-20
processor for all stimulus material, was met by fixed-
channel processors with 4, 6, and 8 channels for sen-
tences, consonants, and vowels, respectively. In noise,
10 channels allowed a performance maximum for all
materials. A similar outcome for cochlear implant pa-
tients has been reported by Zeng and Galvin (1999).
These data suggest that for adults, fixed-channel pro-
cessors should be programmed with a minimum of 10
input and output channels—a suggestion strikingly simi-
lar to that derived from work conducted nearly 50 years
ago using channel vocoders.

Our conclusion about the number of channels
needed to reach a performance maximum for both
fixed-channel and channel-picking strategies is, of
course, constrained by the signal-to-noise levels used
in our experiments. If we had used a poorer signal-to-
noise ratio, then the number of channels needed in
each strategy would have changed. We chose the 0-dB
signal-to-noise ratio for sentences because that noise
level lowered performance from the “ceiling” but was
not so low as to leave participants guessing what they
were hearing.

In the foregoing discussion, we have emphasized
the similarity in outcomes for channel-picking and fixed-
channel processors when the number of output chan-
nels is relatively large. However, for a small number of

output channels, the outcomes differ significantly. For
example, a 3-0f-20 processor allows higher consonant
and vowel scores than a processor with 4 fixed chan-
nels. Similarly, a 6-0f-20 processor allows higher scores
for vowels and for sentences in noise than a processor
with 6 fixed channels. These outcomes illustrate the
benefits of having a large number of analysis channels.
If the number of functionally independent channels in
cochlear implants were equal to the number of analy-
sis channels, then implant patients would enjoy very
high levels of speech understanding in quiet and in
noise. Unfortunately, current cochlear implants only
provide a relatively small number of independent chan-
nels (Fishman et al., 1997; Wilson, 1997; Zeng & Galvin,
1999). Increasing the number of functionally indepen-
dent channels in cochlear implants should be a high
priority for researchers.

The data discussed above indicate that, for adults,
equivalent levels of speech understanding are provided
by a 9-0f-20 channel-picking strategy and a fixed-
channel strategy with 10 channels. Our results do not
necessarily predict results for children (see Dorman,
Loizou, Kemp, et al., 2000, and Eisenberg et al., 2000)
or for congenitally deaf children in contrast to late-deaf-
ened adults. For adults, there is no inherent advan-
tage of one strategy over the other in terms of speech
understanding—at issue is only the number of chan-
nels that are implemented for a given strategy. In this
view, a choice between the two strategies may revolve
around issues such as the ease of device programming
for adults, children, and especially infants.
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