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Speech Perception by Adults

MICHAEL F. DORMAN

Approximately half of the population of adult patients fit
with the current generation of cochlear implants achieve
scores of 80% to 100% correct on tests of sentence recog-
nition when the sentences are presented by sound alone.
In functional terms, this outcome means that more than
half of the adult patients can work in an environment that
demands the use of a telephone. Thus, the majority of
adult implant patients can function in the workplace with
only a few restrictions—listening in a noisy environment
remains difficult for implant patients, as it is difficult for
“normally” hearing-impaired individuals. The aim of this
chapter is to describe how far implants have come since
the landmark paper by Djourno and Eyries in 1957, and
to describe how far we have to go in order to say that
implants transmit as much information as they can, given
the number of channels of stimulation provided by a
given device.

m The Signal

In order to understand the design of a cochlear implant,
it is necessary to appreciate the nature of the speech
signals that implants are designed to transmit. As shown
in Figure 16-1 in the spectrogram of the utterance,
“Where were you last year, Sam?” speech is composed of
frequencies that can range from approximately 125 Hz,
the pitch of a male voice, to 4 to 5 kHz, the frequencies
that signal the presence of “s” in Sam. The upper range
of frequencies in female and children’s speech can be,
for “s,” as high as 7 to 9 kHz. Thus, the band pass filter at
the “front end” of an implant must pass a wide range of
frequencies. Lawson et al. (1996), for example, found
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better speech recognition for implant patients with input
filters set to an upper limit of 9.5 kHz than with filters set
to an upper limit of 5.5 kHz.

It is convenient to divide the information in the speech
signal into two categories. In one category is the informa-
tion about the identity of a sound that exists in the ampli-
tude envelope of the signal and can be coded by a single
electrode. In the other category is the information about
the identity of a sound that exists in the frequency do-
main above several hundred hertz and can be coded best
by multiple electrodes. *The amplitude envelopes associ-
ated with consonants in a vowel-consonants-vowel (VCV)
environment are shown in Figure 16-2. The shapes of the
amplitude envelopes are different for stop consonants,
semivowels, and nasals (i.e., for /ada/, /ata/, /ana/, and
/ala/). The amplitude envelopes of the voiced and voice-
less stop consonants /ada/ and /ata/ differ in terms of
the presence and/or absence of noise between the burst
release and vowel onset. The presence of long-duration,
aperiodic noise signals the voiceless fricative in /asa/.
These observations can be summarized by the statement
that the shape and excitation (noise versus voiced) of
amplitude envelopes can provide information about con-
sonant “manner” (e.g., /d/ versus /1/) and consonant
“voicing” (e.g., /d/ versus /t/) (see Rosen, 1992, for a
discussion of envelope features with respect to speech
perception by means of cochlear implants). Envelope

*This account ignores rate pitch, which may encode frequencies to 1
kHz (Hochmair-Desoyer et al,, 1983; Townshend et al,, 1987). The
devices discussed in this chapter generally use a low-pass filter at 400 Hz
or less in the process of envelope detection. This operation minimizes
the possibility of using rate pitch cues to frequency.
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FIGURE 16-1. Spectrogram of the sentence, “Where were you last year, Sam.” Darkness indi-

cates intensity.

features, however, provide little information about conso-
nant “place of articulation” (e.g., /b/ versus /d/, /m/
versus /n/, or /s/ versus /[/) or about vowel identity.
The cues for these sounds of speech reside in the fre-
quency domain above several hundred hertz. The cues
are shown in the spectrogram in Figure 16-1.

Figure 16-1 illustrates that, in the frequency domain,
the sounds of speech are characterized by multiple con-
centrations of energy, or formants. In order to identify a
vowel sound, an implant must be able to resolve, and
then specify, where concentrations of energy occur in the
frequency domain. The vowel “ou” in you is characterized
by energy at 301 Hz and at 980 Hz. The vowel “a” in last
has concentrations of energy at 592 Hz and 1357 Hz. In
the case of vowel sounds that are very similar, such as the
vowels in bil and bet, an implant must be able to resolve,
at the level of the input filters, differences in formant
frequencies of 100 to 200 Hz. These differences in input
frequency must then he encoded by which electrode is
stimulated in the cochlea, or by the pattern of activity
among adjacent electrodes in the cochlea.

Because each of the sounds of speech has a different
acoustic signature, the formant frequencies of the speech
signal will change from moment to moment. For exam-
ple, as shown in Figure 16-1, the “y” in you is characterized
by a falling second formant that changes in frequency
over a period of approximately 135 msec. Other sounds
change more quickly. For example, the formant frequen-
cies in “h,” “d,” and “g” (not shown in Fig. 16-1) change
over a period of 10 to 50 msec. Thus, an implant must be

able to resolve where the formant frequencies are at a
given moment in time and must be able to resolve rapid
changes in formant frequencies over time. Given these
requirements, we should suppose that the more input
filters, and the more electrodes, the better an implant
would function.

m Strategies to Transmit Speech by
Means of a Cochlear Implant

At present there are two, quite different strategies to
transmit the information in speech by a cochlear implant
[for reviews of the speech perception abilities of patients
fit with older signal-processing strategies see, for example,
Clark et al. (1990), Cohen et al. (1993), Dorman (1993),
and Tyler et al. (1996)]. In one strategy, the “m-ofn”
strategy, the signal, in the most common commercial im-
plementation of the device, is divided into a relatively
large number of channels (e.g., n = 20) in order to
achieve areasonably high degree of frequency resolution,
and every 4 msec or so the 6 to 10 channels with the
largest energy (m) are determined and the electrodes
associated with those channels are stimulated. Wilson et
al. described this strategy in a generic form for cochlear
implants in 1988. This type of strategy is implemented as
the SPEAK strategy, run on the Spectra processor by Co-
chlear Corporation (McDermott and McKay, 1992; Skin-
ner et al., 1994) and is implemented as a processing op-
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FIGURE 16-2. Amplitude envelopes of consonants in VCV syllables.

tion for Med EI's Combi 40+ processor. The “m-of-n”
strategy is an excellent way to transmit speech because
only the peaks in the spectrum, or the formants, are trans-
mitted, and as the formant frequencies change, so do the
electrodes being stimulated. The change in location of
the stimulated efectrode inics e rmormarl change m
location of spectral peaks along the basilar membrane.
Experiments with normal-hearing listeners dating to the
late 1940s and early 1950s have shown that speech can be
transmitted with a high level of intelligibility if only infor-
mation about the location of the formant peaks is trans-
mitted [see, for example, the very first experiments on
the Pattern Playback speech synthesizer by Cooper et al.
(1950) and experiments on peak-picking vocoders by Pe-
terson and Cooper (1957) as cited in Flanagan (1972)].
The other strategy to transmit speech by means of an
implant is to divide the signal into a relatively small
number of bands (e.g., 4-12) and to transmit the energy in
all of the bands at each processor update cycle. This is one

of the strategies used in the Advanced Bijonics Corpora-
tion’s Clarion device, in the Med El Combi 40 devices, and
in the Bionic Systems’ LAURA device. This strategy, at first
blush, seems an unlikely choice for speech transmission
because frequency resolution is relatively poor, due to the
small number of channels being stimulated (relative to
the 20 “n” channels in the most common clinical imple-
mentation of the m-of-n strategy) . Moreover, in contrast to
the m-ofn strategy where the stimulated electrodes
change as the formant frequencies change, in the fixed
channel strategy all of the electrodes are stimulated on
each update cycle and the location of the formant peaks
must be inferred from the relative energy delivered to
adjacent electrodes (Dorman et al., 1997a). In spite of
these seeming drawbacks, experiments dating back to
Dudley (1939) have shown that speech can be understood
by normal-hearing individuals with a high degree of accu-
racy when transmitted by relatively few (7-10) fixed chan-
nels (e.g., Halsey and Swaffield, 1948; Hill et al., 1968).
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m Experiments on the Potential of m-of-n
and Fixed-Channel Systems in Quiet

Several groups have conducted experiments in which
speech signals were processed in the manner of m-ofn
and fixed-channel, cochlear implant signal processors
and were presented to normal-hearing listeners for iden-
tification. These experiments differed from the earlier
experiments cited above in terms of both the motivation
for the experiments (the previous experiments were de-
signed to principally investigate sound quality for speech
transmission systems) and in the details of the implemen-
tations of the signal processors (in the more recent ex-
periments, signal processing has been based on cochlear
implant signal processors, instead of speech transmission
systems). The experiments have proven useful on at least
three grounds. First, by presenting signals acoustically to
normal-hearing individuals we can establish how well im-
plant patients would perform if electrode arrays were
able to reproduce, by artificial electrical stimulation, the
stimulation produced by acoustic signals. This data can
serve as a baseline to assess how close, or how far away, we
are from recreating, with artificial electrical stimulation,
the stimulation provided by acoustic stimulation of the
cochlea. Second, experiments with normal-hearing lis-
teners allow factors, normally confounded in implant
patients, to be examined in isolation. For example, it is
difficult to assess the effects of depth of electrode inser-
tion on speech understanding because in patients with
deep insertions there may be no viable neural elements
near the electrode, whereas in patients with shallow inser-
tions there may be viable neural elements. Of course,
patients differ in many other ways, all of which are uncon-
trollable in a given experiment. Third, the experiments
indicate how many channels are necessary to achieve a
high level of speech understanding for both m-of-n and
fixed-channel systems, a question that is central to the
design of cochlear implants.

In experiments with fixed-channel processors, signals
are first processed through a preemphasis filter (e.g.,
low-pass below 1200 Hz, —6 dB per octave) and then
bandpassed into N logarithmic frequency bands using,
for example, sixth-order Butterworth filters. The enve-
lope of the signal is extracted by full-wave rectification
and low-pass filtering (e.g., second-order Butterworth
with a 400-Hz cutoff frequency). Two types of outputs
have been used. In some experiments sinusoids are gen-
erated with amplitudes equal to the root-mean-square
(rms) energy of the envelopes (e.g., computed every 4
msec) and frequencies equal to the center frequencies of
the bandpass filters. In other experiments, noise bands
the width of the input filters are generated. The sinusoids
or noise bands are finally summed and presented to lis-
teners at a comfortable level. Signal processing for m-of-n

processors is similar in broad measure to that for fixed-
channel processors. However, instead of directing the
signals to each “n” channel, an algorithm chooses the “m”
channels with the highest energy and directs signals to
those channels at some update rate [see Kendall et al.
(1997) for a detailed digital signal-processing simulation
of the Spectra-22 speech processor].

Before the data for normal-hearing listeners are de-
scribed, it is important to note that the normal-hearing
listeners in these experiments had, most generally, only
limited experience {generally between 2 and 10 hours) in
listening to signals processed in N channels. Thus, the
levels of performance obtained by the listeners are a
conservative estimate of the levels of performance they
might achieve if they had not hours, but years, of experi-
ence with the signals (as do implant patients).

Experiments with m-of-n Processors in Quiet

Dorman et al. (in press, a) processed the single-syllable
NUG6 words through simulations of m-ofn processors
when “n” was set to 20 and “m” was 2, 4, and 6. The 2 of
20 processor allowed a mean score of 73% correct, the 4
of 20 processor allowed a mean score of 87% correct, and
the 6 of 20 processor allowed a mean score of 90% cor-
rect. Loizou and Tu (unpublished observations) proc-
essed the difficult, and sometimes quirky, sentences from
the multiple-talker TIMIT data base (Lamel et al., 1987)
and recorded scores of 70% correct for a 2 of 16 proces-
sor, 86% correct for a 4 of 16 processor, and 97% correct
for a 6 of 16 processor. The results of these experiments
are consistent with the much older literature on “peak-
picking” channel vocoders (e.g., Peterson and Cooper,
1958) and demonstrate that a high level of speech intel-
ligibility can be achieved when picking only a small hand-
ful of high-amplitude channels from a set of 16 1o 20
channels [see Blamey et al. (1985) for acoustic simula-
tions of early formanttracking, speech-encoding strate-
gies for cochlear implants; see also Blamey et al. (1987)
for results for patients using the formanttracking speech
processor]. These data suggest that implant patients who
use the Cochlear Corporation’s SPEAK strategy (which is
a 6 to 10 of 20 strategy) could, if each channel were used
cffectively, achieve very high scores on tests of speech
understanding. In a later section we will see if this is the
case.

Experiments with Fixed-Channel Processors
in Quiet

In the experiment that prompted the recent interest in
simulations of cochlear implant signal processors, Shan-
non etal. (1995) processed sentences into one, two, three
and four bands, modulated narrow-band noise the width



of the filters by the energy in each band, and presented
the summed bands to normal-hearing listeners for iden-
tification. Noise bands were used as output signals so that
there would be no frequency-specific information within
each band. On the test of sentence identification, two
bands allowed mean scores of 25% correct; three bands
allowed scores of 85% correct; and four bands allowed
scores of 95% correct. Dorman et al. (1997a) substituted
sine waves at the center of the filter frequencies for noise
bands and replicated the Shannon et al. (1995) outcome
recording mean scores of 43% for a two-channel proces-
sor, 72% correct for a three-channel processor, and 92%
correct for a four-channel processor. The Shannon et al.
(1995) and Dorman et al. (1997a) data converge to dem-
onstrate that sentences, when processed in the manner of
a cochlear implant signal processor, can be transmitted
with a high degree of intelligibility with as few as four
channels of stimulation.

The high degree of intelligibility for sentences trans-
mitted with only a few channels of stimulation appears to
arise from a combination of two effects. One is that the
consonant features of wvoicing and manner can be well
recognized with only one or two channels of stimulation
(Dorman et al., 1997a; Shannon et al., 1995; Van Tassel
et al., 1987) because information about voicing and man-
ner can be conveyed by amplitude envelopes. If only
information about manner and voicing are made avail-
able to a listener, the manner of word choices for an
unknown signal is greatly reduced. Zue and colleagues
report that if each of the segments of an unknown signal
is described only in terms of six manner features (stop,
weak fricative, strong fricative, semi-vowel, nasal, vowel),
then the number of word matches in a 20,000 word vo-
cabulary is reduced to approximately two possibilities
(Huttenlocher and Zue, 1984; Pisoni et al., 1995; Zue,
1985). The other factor is “top-down” linguistic knowl-
edge. Many experiments have shown that words are
much easier to identify in noise when presented in sen-
tence context than in isolation (e.g., Miller et al., 1951).
In this instance, tacit knowledge of word order and se-
mantics aids in word identification. Thus, the informa-
tion in amplitude envelopes, in combination with only a
little frequency-specific information, can, with the aid
top-down linguistic knowledge, lead to a high level of
sentence recognition.

Other signals, for which there is less top-down linguis-
tic information, require more channels to be well recog-
nized. Synthetic vowels that differ only in format frequen-
cies (and not in vowel duration), naturally produced
vowels from multiple talkers (Hillenbrand et al., 1994),
and the consonant feature place of articulation (e.g.,
whether the consonant is from the set [“bdg”] or from
the set [“wrlj”]) are identified with a high degree of
accuracy only when the signals are processed into eight
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or more channels (Dorman et al., 1997a; Shannon et al.,
1995). Given this data, isolated words should also require
a relatively large number of channels. This is indeed the
case. Dorman et al. (in press, a) processed the NU-6
words through processors with 4, 6, 8, and 12 channels
and found mean word scores of 48% correct, 72% cor-
rect, 87% correct, and 89% correct, respectively. The
phoneme scores for the four conditions were 67% cor-
rect, 84% correct, 94% correct, and 96% correct. These
data suggest that the Med El continuous interleaved sam-
pling (CIS) device which drives 6 channels, Advanced
Bionics Clarion device, which drives 8 channels, and the
Med El devices with 8 and 12 channels could provide
essentially perfect sentence understanding and greater
than 70% NU-6 word understanding, if artificial electrical
stimulation were to replicate the effects of the acoustic
stimulation used in the experiments with normal-hearing
listeners, and if patients possessed neural structures capa-
ble of transmitting the electrical stimulation. In the next
section we will see if this is the case.

m Speech Recognition by Adults with
Different Signal-Processing Strategies
and Different Numbers of Electrodes

In the previous two sections, conservative estimates of the
levels of performance possible with m of n and fixed-
channel processors were documented. In this section the
performance of patients fit with cochlear implants is de-
scribed and compared with the potential levels of per-
formance that might be attained by the patients.

Scores on Tests of Sentence Recognition

As noted above, tests of word recognition in sentence
context are relatively easy. Normal-hearing listeners, pre-
sented 4, 6, and 8-channel versions of the Hearing in
Noise Test (HINT) (Nilsson et al., 1994) achieved mean
scores of 92% correct, 99% correct, and 100% correct
(Dorman et al., 1997a). If patients can extract as little as
four channels of information from their processor, then
patients’ scores should fall in the 80% to 100% correct
range. Unpublished data indicates that 16 of 21 patients
fit with 5- and 6-channel Med El CIS processors posted
scores between 88% and 100% correct. Helms et al.
(1997) reported, for 41, 8-channel Med El patients tested
6 months after fitting, a median score of 90% correct with
an interquartile range of 66% to 95% correct. Kessler
(personal communication) reported, for 62, 8-channel
Clarion patients tested 6 months after fitting, a median
score of 84% correct with an interquartile range of 48%
to 97% correct. Skinner et al. (1994) reported for 61
patients, who represented the top 75% of the distribution
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of patients and who were switched from the Multi-Peak
(MPEAK) to SPEAK strategy, a median score of 86%
correct with an interquartile range of 67% to 96% correct
(estimated from Fig. 4 of Skinner et al., 1994).

It is not possible, from the foregoing data, to compare
the merit of one device versus another because of dif-
ferences in how the patient samples were chosen and
because of differences in test materials. However, over-
all, the results are what we should expect because pa-
tients need only to extract a few channels of information
to achieve a high score on a test of sentence identifi-
cation. A useful summary statement is that with the cur-
rent signal processors, slightly more than half of the
adult patients achieve a score between 80% and 100%
correct. This is a level of performance that allows use
of a telephone and enables patients to return to the
workforce (see, for example, Mawman et al. in the pa-
pers following this chapter). From this point of view,
cochlear implants in adults should be considered an
overwhelming success. On the other hand, the data in-
dicates that many patients do not receive the equivalent
of even four channels of information. This issue is ex-
plored in the next section.

Scores on Tests of Word Recognition

As pointed out above, tests of sentence understanding are
easy. Indeed they are so easy that we cannot infer from
the results of the tests how many channels of information
patients receive through their processors. To answer this
question, more difficult tests (e.g., monosyllabic word
tests) are necessary. Figure 16-3 shows the level of per-
formance achieved by normal-hearing subjects listening
to the NU-6 word lists processed into 4, 6, and 8 channels
and the performance of different groups of implant pa-
tients. The mean scores for the normal-hearing listeners
were 48% correct, 72% correct, and 87% correct for the
4-, 6-, and 8-channel processors, respectively. Consider
first, in Figure 16-3A, the small, and not necessarily rep-
resentative, group of subjects who use 5- and 6-channel
CIS processors. The mean score was 49% correct. The
scores of five of the patients fell within, or just above, =1
standard deviation of scores for normal-hearing listeners
(i.e., between 65% and 77% correct). It appears that
these individuals were able to extract as much informa-
tion from the electrically delivered signals as normal-
hearing listeners were able to extract from the acousti-
cally delivered signals.

Consider next the scores for two groups of patients fit
with 8-channel CIS processor: the Med E] Combi 40 and
the Clarion version 1.2. The mean score for normal-hear-
ing listeners with an 8-channel processor is 87% correct
with =1 standard deviation limits at 81% correct and 94%
correct. As shown in Figure 16-3B, the mean score for the

patients fit with the Clarion device is 40% correct (scores
provided by D. Kessler). As shown in Figure 16-3B, the
mean score for patients fit with the Med El device is 48%
correct (scores provided by I. Hochmair-Desoyer from
monosyllabic word test data collected in Europe). The
median scores are 41% correct and 50% correct, respec-
tively, for the Clarion and Med El devices. As was the case
for sentence material, those data cannot be used to com-
pare the relative merit of different processors because of
differences in test materials, in time since implantation,
and in length of deafness. For both sets of patients, scores
range from near zero to very high. A few patients have
scores within =1 standard deviation of the scores for
normal-hearing listeners using an 8-channel processor.
The majority of the “better” patients have scores within
the range of scores for a 6-channel processor. A large
number of patients have scores within, or below, the
standard deviation of scores for a 4-channel processor.
The single score at the high end of the continuum of
scores—98% correct—is interesting because the patient
is not an experienced test taker; indeed, he had never
before been tested with the words. The high score, albeit
beyond the *1 standard deviation points for normal-
hearing listeners, is within the range of scores achieved
by normal-hearing listeners.

Consider finally the scores for patients who use the
Cochlear Corporation’s SPEAK strategy. The N22 data
were from patient samples at the U. of Michigan, the
House Ear Institute and the U. of Arkansas. The N24
sample was provided by Cochlear Corporation. As shown
in Figure 16-3D, a 6 of 20 processor allows a mean score
of 90% correct for normal-hearing listeners. The mean
score for patients using the N22 SPEAK strategy was 29%
correct. A similar score was reported by Battmer and
Lenarz (1995) for patients in Germany. The mean score
for patients using the N24 SPEAK strategy was 46% cor-
rect. The higher level of performance for the N24 pa-
tients was due, most likely, to better residual hearing for
patients in that group (Rubinstein et al., 1999). As was
the case for patients using other processors, there is a
wide range of performance with the best patients achiev-
ing scores at the 6-8 channel level and a larger number
of patients performing at, or below, the four channel
level.

One feature stands out in Figure 16-3A—the 93% cor-
rect score for a patient fit with a 6-channel, CIS proces-
sor. This score is beyond the range of scores found for
normal-hearing listeners. This subject has been a test
subject in many hundreds of hours of testing and is one
of the most tested, and psychophysically sophisticated,
subjects in the entire implant population. If other 6-
channel patients were able to achieve scores in the 90%
correct range, then the data for normal-hearing listeners
should be seen as far too conservative. However, this is
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not the case. The hest patients achieve similar scores in
the 70% to 80% correct range, just where they should
be relative to the scores of normal-hearing listeners.
Thus, the performance of this patient on this test is not
representative of other 6-channel patients. This situation
is similar to the situation of the single-channe] patient
C.K., who was able to score 98% correct on tests of sen-
tence identification and 52% correct on a test of word
identification—scores far beyond the range of scores
achieved by the majority of other single-channel patients
(Hochmair-Desoyer et al., 1985). The abilities of patients
like the two just described, who are extreme outliers, are
difficult to explain.

m Speech Recognition by Patients When
the Number of Channels in a Processor
is Reduced

The data described above suggest that only a relatively
small proportion of patients extract the equivalent of 6 or
8 channels of information from devices with 6, 8, and 20
channels. If this is the case, it should be possible to
significantly reduce the number of channels imple-
mented in most patients’ processors and not reduce the
patients’ scores on tests of speech intelligibility. Several
experiments indicate that this is the case.
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Wilson (1997) tested five patients fit with a Nucleus 22
electrode array and a percutaneous connector (like that
of the Ineraid). The percutaneous connector allowed
different processing strategies (m of n and fixed-chan-
nel) to be implemented by means of a research processor
for each patient. In no case did CIS processors with 8, 11,
or 21 channels allow better performance than processors
with 6 channels. Wilson also reported that the best 6-
channel CIS processors allowed higher scores than the
patients’ SPEAK strategy running in monopolar mode.

Fishman et al. (1997) created, for patients using the
SPEAX strategy, devices with 1, 2, 4, 7, and 20 electrodes
by directing outputs from multiple filters to electrode
pairs. For consonants and sentences, performance
reached asymptote with four channels of stimulation. For
vowels and monosyllabic words, performance reached
asymptote with seven channels of stimulation. The data
from Wilson (1997) and Fishman et al. (1997) fit well
with the conclusion reached in the previous sec-
tion—that most patients cannot take advantage of the
information from more than a relatively small number of
channels of stimulation (see, also, Kiefer et al., in the
papers following this chapter, for results with the 8- and
12-channel Med El processors).

B The Recognition of Frequency-Shifted
Speech Signals

In the experiments with normal-hearing listeners de-
scribed above, the sine-wave or noise-band output signals
were delivered to the place in the cochlea corresponding
either to the frequencies of the sine waves or the noise
bands (i.e., the signals were delivered to the “correct”
place in the cochlea). For implant patients this is not the
case; signals are not commonly delivered to the correct
place in the cochlea. Ketten et al. (1998) have reported,
from analysis of ultra-high resolution computed tomogra-
phy imaging of electrodes in the cochlea, that the deepest
electrode in 20 Nucleus and 10 Ineraid patients was be-
tween 13.5 and 24.5 mm from the round window. The
average insertion depth was 20.2 mm. This place of stimu-
lation corresponds to a frequency of approximately 900
Hz, assuming a 33-mm canal length. This frequency is
higher than the approximately 350-Hz center frequency
of the first filter in, for example, an 8-channel signal
processor. The amount of upshift for the other channels
in an implant will depend on the distance between adja-
cent electrodes. For the extreme case of Ineraid elec-
trodes 4 mm apart, given a 2 mm longer-than-average
msertion depth of 22 mm, the output from channels 1 to
6, with center frequencies of 393, 639, 1037, 1685, 2736,
and 4443 Hz, will be delivered to the 643, 1264, 2380,
4386, 7991, and 14,469 Hz places along the cochlea. This

magnitude of frequency upshift should cause great diffi-
culty in speech understanding since the acoustic cues to
phonetic contrasts fall into frequency regions far from
the regions in which they normally fall (see Fig. 16-1).

To assess the effects of frequency upshifting on speech
understanding, Dorman et al. (1997b) presented normal-
hearing subjects with signals from a b-channel processor
that had been upshifted in frequency corresponding to
2b- to 22-mm insertions into the cochlea with electrodes
separated by 4 mm. For sentence material, a simulated
25-mm insertion allowed scores (94% correct) that did
not differ significantly from scores collected when the
stimuli were presented to the correct place in the cochlea
(98% correct). However, the simulations of 22-, 23-, and
24-mm insertions produced significantly poorer perform-
ance (43% correct, 73% correct, and 85% correct, re-
spectively). Thus, the decrease in intelligibility that
should accompany a large upshift in frequency does, in
fact, occur [see also Fu (1997), Fu and Shannon (1999a)
and Rosen et al. (1997)].

Dorman et al. (1997b) noted that in implant patients
the effect of insertion depth may be realized in perform-
ance on two different measures. One is the time taken to
reach asymptotic performance. Many implant patients
report that for a period after the implant is activated,
speech sounds high pitched or unnatural in a number of
ways. Over time, patients usually report that speech
sounds more normal and that speech is more intelligible
even though the parameters of stimulation have not
changed. It is likely that shallow insertion depths are at
least partially responsible for the reports of unnatural of
high-pitched speech at the time of processor activation
and for poor initial intelligibility. It is not likely that
patients are sufficiently sophisticated to be able to tell the
difference between an abnormally high pitch per se and
upshifted formant frequencies. If shallow insertion depth
is responsible for the initial percepts described by the
patients, then patients can learn to hear through, or
compensate for, the distortion in frequency repre-
sentation because over time speech becomes more intel-
ligible (e.g., Tye-Murray et al., 1992). Indeed, as shown in
Figure 16-3 some patients with 6-and 8-channel proces-
sors, including patients fit with the Ineraid electrode ar-
ray, can achieve a level of performance equivalent to that
of normal-hearing subjects listening to speech processed
into six and eight channels and presented to the correct
place in the cochlea.

Rosen et al. (1997) have shown that adaptation to
frequency-shifted signals can take place rapidly. When
normal-hearing listeners were presented signals proc-
essed into four channels and were upshifted by the
equivalent of a 6.5 mm basalward shift in frequency, per-
formance decreased from 64% correct to 1% correct for
words in sentences, from 42% to 5% correct for vowels in



[bVdl format, and from 57% to 38% correct for VCV
syllables. After only 3 hours of training, performance on
the vowel and sentence tests increased to about half of
that of the unshifted conditions. Performance on the
consonant test was not different from that in the un-
shifted condition, due most likely to the temporal cues
available for manner and voicing, but the recognition of
place of articulation (cued by information in the fre-
quency domain) remained poorer than in the unshifted
condition. It is not clear how long normal-hearing listen-
ers would take, if ever, to completely adapt to the shifts in
frequency occasioned by large basalward shifts in co-
chlear place of stimulation [see, for example, Kileny et al.
(1992) for data from implant patients]. The outcome of
such an experiment would be important because it would
give important information about the flexibility of the
cortical pattern recognition routines involved in speech
recognition.

The second measure that could be affected by cochlear
place of stimulation is the level of terminal performance.
As shown in Figure 16-3, the majority of patients do not
achieve the level of performance of normal-hearing sub-
jects listening to signals filtered into six or eight channels.
Distortion in the mapping of input frequency to cochlear
place of stimulation may be one of many factors respon-
sible for low levels of terminal performance for some
implant patients. On this view, patients may be able to
compensate for only distortions of a modest magnitude
in the mapping of input frequency to cochlear place of
stimulation. The data from patients who have a short
electrode insertion speaks to this issue. The results of
several studies indicate that insertion depth does have a
significant effect on performance (Bredberg and Lind-
strom, 1995; Hartrampf et al., 1995; Kileny et al., 1992;
Marsh et al., 1993). However, note the performance of
the CIS patients using the Ineraid electrode array who
achieved scores within the range of normal-hearing lis-
teners on the NU-6 test. These data suggest that, over
time, cortical processing routines can adapt to at least
some large changes in the absolute location of frequency
information. An important difference between these pa-
tients and the patients with short electrode insertion is
that the deepest electrode is located at a more basal
location for patients with short insertions. Fu and Shan-
non (in press, a) reported that performance for implant
patients decreases as the deepest electrode is moved to a
more basal location. This issue is revisited in a later sec-
tion.

It is important to note that cortical pattern recognition
routines for speech recognition must be inherently flex-
ible because men, women, and children do not produce
the same set of formant frequencies when producing the
same phonetic segment (due to differences in vocal tract
dimensions). For example, the first two formant frequen-
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cies for the vowel /ae/ are, on average, at 660 and 1720
Hz for men, 860 and 2050 Hz for women, and 1010 and
2320 Hz for children (Peterson and Barney, 1952). Thus,
pattern recognition routines must, in the normal course
of events, be able to extract an unvarying phonetic de-
scription of physically different signals. Perhaps it is this
inherent flexibility, found even in young infants (Kuhl,
1979) and probably a part of our biological endowment,
that allows frequency-shifted signals to be heard appro-
priately. Yet there are, no doubt, limits to the flexibility of
the pattern recognition routines for frequency-shifted
signals. Perhaps if the frequency shifting is linear along
some scale, then recognition routines can adapt (con-
sider the equal log spacing of the Ineraid’s electrodes).
However, if frequency space is severely warped or dis-
torted, then recognition may break down. It may be that
poor performers are patients who have populations of
surviving spiral ganglion cells that are remote from one
or more of the intracochlear electrodes and create a
warped map of frequency. Indeed, Fu and Shannon
(1999a) suggest that this factor may be more important
to speech intelligibility than other factors, such as current
interaction among electrodes, which have long been
thought to characterize patients with poor scores on tests
of speech identification [see Blamey et al. (1996) for a
comprehensive review of factors that may account for
differences in patient performance].

A reasonable signal-processing solution to the prob-
lem of upshifted frequencies is to match the place of
stimulation with the appropriate input filter. Fu and
Shannon (1999b) created 4-channel processors for pa-
tients using the 20-electrode Nucleus system and system-
atically mapped the first channel of the 4-channel sys-
tems to more basal electrodes. As noted above, as the
first (most apical) electrode of the 4-electrode set be-
came more basal, speech intelligibility decreased. Fu and
Shannon then paired each of the more basal electrode
maps with 10 different frequency allocation tables. The
maps had a significant effect on performance, demon-
strating that matching the frequency allocation table to
the location of the electrodes can improve performance.
However, there will most likely be a limit to the benefit
achieved by such matching. If low frequencies in the
speech signal are completely left out of the input signal,
in an attempt to match frequencies with a basal electrode
location, then speech understanding will suffer
(Fletcher, 1953; Miller and Nicely, 1955). Thus, there will
be a trade-off between the benefits due to matching in-
put filters to electrode location and the losses due to
high-pass filtering.

Another solution to the problem of the mismatch be-
tween analysis filters and electrode location is to develop
clectrode arrays that can be inserted more apically into
the cochlea. An array that has achieved greater than

X
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30-mm insertion depths is in use with the Med El Combi
40+ system.

m Speech Perception in Noise

In previous sections, the performance of normal-hearing
listeners and implant patients was assessed in quiet. In the
real world outside of a sound booth, speech signals are
likely to occur against a background of environmental
noise. It is possible that the conclusions reached above
(i.e., that a small number of channels are sufficient to
reach a high level of performance) will change for signals
in noise.

The Potential of m-of-n Processors in Noise

The level of performance allowed by a processor with a
given number of channels will, of course, decrease as the
signal-to-noise ratio (SNR) becomes poorer. For exam-
ple, in tests with normal-hearing listeners, Kendall et al.
(1997) reported that a 4 of 7 processor that allows a score
of 97% correct on a test of sentence recognition in quiet,
allows 74% correct at +12 dB SNR, and allows 59% cor-
rect at +6 dB SNR. In order to achieve a high score in
noise, either more “m” or “n” channels are needed. Loi-
zou et al. (in press) reported, for HINT sentences at -+2
dB SNR, scores of 46% correct, 61% correct, 83% cor-
rect, and 90% correct, respectively, for 2, 4, 6, and 8 of 12
processors. Thus, increasing the number of “m” channels
improves performance. So does increasing the number
of “n” channels. Loizou et al. (in press) reported scores
of 60% correct for a 6 of 8 processor and 77% correct for
a 6 of 16 processor (i.e., processor with twice as many “n”
channels). Kendall et al. (1997) reported, for BKB sen-
tences at+6 dB SNR, scores of 59% correct for a 4 of 7
processor and scores of 82% for a 4 of 20 processor. Thus,
increasing the number of “n” channels increases per-
formance in noise. However, even a processor with 20
channels does not allow recognition at the level of un-
processed speech when “m” is small. Kendall et al. re-
ported a score of 86% correct for a 6 of 20 processor at
+6 dB SNR, but a score of 98% correct for unprocessed
speech at the same SNR.

The Potential of Fixed-Channel Processors
in Noise

The results for speech recognition in noise for m of n
processors generallv demonstrate that more channels are
needed in noise than in quiet to achieve a high level of
speech recognition. A similar outcome obtains for fixed-
channel processors. Dorman et al. (1998b) presented the
HINT sentences processed into 2 to 20 channels in quiet

and at +2 dB and —2 dB SNR to normal-hearing listeners
for identification. Scores for an 8-channel processor in
quiet, at +2 and at —2 dB SNR were 100% correct, 55%
correct and 15% correct, respectively. In quiet, perform-
ance was limited by a ceiling effect (97% correct) with
five channels of stimulation. At +2 dB SNR, performance
reached asymptote (85% correct) with 12 channels of
stimulation. At —2 dB SNR performance reached asymp-
tote (63% correct) with 20 channels of stimulation. Thus,
as noted above, more channels are needed in noise than
in quiet to achieve a high level of speech recognition
(Eddington et al., 1997; Fu, 1997). It is also the case for
fixed-channel processors in noise, as for m-of-n proces-
sors, that processed signals are less intelligible than un-
processed signals. Fu et al. (1998) reported that 16 band
processors, which allowed scores similar to those for un-
processed speech in quiet, allowed much poorer scores at
+12 to 0 dB SNR.

Patient Performance in Noise

Kiefer et al. (1996) compared the performance in noise
of patients who used the N22 SPEAK strategy and patients
who used a high rate CIS strategy (the Med EL Combi
40). For a relatively easy test of sentence understanding,
Kiefer et al. (1996) reported, for patients using the
SPEAK strategy, scores of 79% correct in quiet, 66% cor-
rect at +15 SNR, and 56% correct at +10 dB SNR. The
scores for patients using the CIS strategy were 88% cor-
rect, 81% correct, and 72% correct, respectively. The
patients also were tested with more difficult sentences.
On these tests the scores with the SPEAK strategy were
23% correct at +15 dB SNR and 12% correct at 10 dB
SNR. With the CIS strategy the scores were 45% correct
and 28% correct, respectively [see also Battmer and Le-
narz (1995)]. The scores for the two processors differed
significantly. As always, definitive answers to questions
about group differences as a function of processor design
must wait until much larger patient samples have been
examined.

m A Look at Some Assumptions

Over much of the history of cochlear implants, the fol-
lowing statements were widely assumed to be correct.
More channels are better than fewer because more chan-
nels provide better frequency resolution. Bipolar elec-
trodes are better than monopolar electrodes because bi-
polar electrodes limit current spread. Nonsimultaneous
stimulation across channels is better than simultaneous
stimulation because channel interactions are kept to a
minimum with nonsimultaneous stimulation. Some of



these assumptions have not proved viable and others are
being questioned.

As noted above, more electrodes, or channels, are bet-
ter than fewer, especially in noise, although four channels
allow very high levels of sentence understanding in quiet.
Unfortunately, it has proven difficult to provide patients
with more than four to eight effective channels of stimula-
tion. The presumed advantage for bipolar electrodes has
failed to materialize. Patients using Advanced Bionics’
Clarion devices, and Mel El's Combi 40 devices, all of
which drive monopolar electrodes, perform well relative
to patients with bipolar electrode configurations (Figure
16-3). Zwolan et al. (1996) reported that Nucleus patients
programmed in monopolar mode perform as well, or bet-
ter, than patients programmed in bipolar mode (see also
Battmer etal., 1993; von Wallenberg etal., 1994). The view
that nonsimultaneous stimulation should allow better
speech understanding than simultaneous stimulation
seemed to be on very firm ground. Wilson etal. (1991) re-
ported improvement, and in some cases dramatic im-
provement, in speech understanding for Ineraid patients
fit with a CIS strategy when compared with the perform-
ance of the same subjects using the simultaneous, com-
pressed analog strategy. The large advantage of CIS over si-
multaneous, compressed analog stimulation has been
replicated many times (Boex etal., 1994; Dorman and Loi-
zou, 1997). Given this history, it will be of interest to view
the results of Advanced Bionics’ field trial of a simultane-
ous stimulation scheme (the SAS strategy). The motiva-
tion for the trial is data collected in Europe indicating that
about half of the patient sample preferred the SAS strategy
to a CIS strategy. It remains to be seen whether speech un-
derstanding, for some patients, is better with the SAS strat-
egy than with a CIS strategy. If it is, then we should look to
the possibility that details of the low-frequency spectrum,
in the frequency domain of the first formantin speech, are
better coded by rate pitch in the SAS scheme than by place
pitch in the CIS scheme.* Electrode design also differs be-
tween the Ineraid and Clarion devices.

® Summary

The current generation of cochlear implants allow a ma-
jority of patients to achieve high scores, greater than 80%

*It may be that the place frequency maps created using the Greenwood
(1990) equation are misleading in the region of the apex for implant
patients because the elements stimulated in implant patients appear to
be, in the main, cell bodies in the spiral ganglion. Because the spiral
ganglion does not extend as far apically as the basilar membrane, a
clump of cell hodies with low-frequency input in the spiral ganglion
near the apex may respond to the most apically inserted electrode, even
if the electrode is not inserted to the “appropriate” place by reference
to the basilar membrane.
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correct, on tests of sentence recognition and allow mean
scores of about half that level on tests of monosyllabic
word recognition. The high level of performance on the
tests of sentence recognition is possible because only four
channels of information need to be wtransmitted to
achieve a high level of sentence understanding. More
channels need to be transmitted in order to achieve high
scores on tests of monosyllabic word recognition. Only a
few patients achieve the level of performance possible
with eight channels of stimulation (i.e., 80%-90% recog-
nition). The “better” patients achieve scores in the range
of a 6-channel processor for normal-hearing listeners
(i.e., 65%—75% recognition). The median score for pa-
tients is at the level of a 4-channel processor for normal-
hearing listeners (i.e., 40%-55% recognition).

More channels are needed in noise than in quiet to
achieve high scores on tests of sentence identification.
The number of channels necessary to achieve a given
level of performance varies, of course, with the SNR.
Twelve channels allow a high level of performance down
to near 0 dB SNR. Given the data cited above, it will be
some time before patients will achieve high levels of per-
formance in environments characterized by modest
amounts of noise.
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