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Speech Recognition in Analog Multichannel Cochlear
Prostheses: Initial Experiments in Controlling
Classifications

MARK W. WHITE, MARLEEN T. OCHS, MICHAEL M. MERZENICH, anp EARL D. SCHUBERT

Abstract—Computer-synthesized vowels were used to examine meth-
ods for controlling and measuring the perceptions elicited during elec-
trical stimulation of the h cochlea. In the first experiment, we
measured the importance of the second formant (F2) in the identifi-
cation of vowels, matched for duration, in a single subject with a mul-
tichannel cochlear implant. The subject never confused vowels having
a “‘low’’ frequency F2 with those having a “‘high”’ frequency F2. In
the second experiment, jdentification functions were generated for a
series of vewels varying only in F2. When the pattern of F2 stimulation
at the basilar membrane was manipulated, vowel identification func-
tions were altered. For the categorization of vowels, the data indicate
that the relative cochlear position of 2 stimulation was more impor-
tant than fine-grain temporal waveform cues. The data are supportive
of cochlear implant coding strategies that make use of cochlear place
information. In the later experi ts, we ipulated filter passband
and channel gains to.explore their effect on these classifications. These
preliminary studies indicate that it is possible to ‘‘fine-tune’’ such clas-
sifications.

INTRODUCTION

UR MOTIVATION for conducting this study was to
develop methods for controlling and ‘‘fine-tuning’’
the percepts elicited by ‘‘analog’’ multichannel electrical
stimulation of the cochlea in humans. Secondarily, we
needed to develop perceptual measures that would be use-
ful in validating and optimizing such control strategies.
This paper describes our initial progress in measuring and
controlling the percepts elicited with such stimuli. Our
study was further motivated by the efforts of Eddington
[3] to determine what features of the stimulus could be
used by analog, multichannel prosthesis recipients in
speech recognition tasks. We wanted to estimate the rel-
ative importance of these features.
When designing speech processing and neural stimu-
lation strategies for multichannel cochlear implants, it is
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helpful to know which aspects of the speech signal and
which aspects of the signal$ at the implanted electrodes
are responsible for the subject’s speech identification abil-
ity. This information is difficult to extract by analyzing
phonetic contrasts in a consonant or vowel confusion ma-
trix since there are often several acoustic characteristics
underlying the perception.of each phoneme [5], [6], [11],
{12]. Computer-generated speech has an advantage over
natural speech in this regard. One can examine a partic-
ular acoustic aspect of the phoneme while controlling oth-
ers. Computer-generated speech has been used with a sin-
gle-channel cochlear implant subject [13], and more
recently with multichannel devices [41, [1]. In all cases,
the speech stimuli have been manipulated in an attempt to
show how these subjects use cochlear stimulation patterns
to decode speech. It is hoped that a more thorough un-
dérstanding of these issues will enable improvements in
speech processing strategies.

I. EXPERIMENT 1

The set of experiments described in this paper was de-
signed to examine appropriate methods for processing the
second formant frequency (F2) using an ‘‘analog’’ pro-
cessor driving an intracochlear electrode array. In exper-
iment 1 isolated vowels were examined. These stimuli had
many features of naturally produced stimuli but were
modified slightly to remove some possible identification
cues. The modifications were: 1) Vowel duration was
fixed at 250 ms for each of the vowels. 2) The fourth
formant frequency was fixed at 3300 Hz and the fifth for-
mant frequency was fixed at 3750 Hz. 3) The first formant
frequency (F1) was not varied over the duration of the
vowel. 4) F1’s were manipulated slightly to reduce
acoustic differences between vowels (see Table I). In spite
of these controls, the vowels differed in several acoustic
features. In experiment 2 only F2 differed among stimuli.
In experiment 2 we measured vowel classifications for
F2’s evenly distributed across the entire F2 range. Also,
in experiments 2 and 3 we explored the effect on vowel
classification of certain manipulations of the processor.

A. Methods

1) Subject: Subject ET was 68 years old at the time of
implantation and testing. He had a gradual onset of hear-
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TABLE 1
FORMANT FREQUENCIES OF VOWEL STIMULI USED IN EXPERIMENT |

Fi F2 F3 F4 FS
Vowel (Hz) (Hz) (Hz) (Hz) (Hz)
i 320 2020-2070 2960-2980 3300 3750
1 450 1800-1600 2570-2600 3300 3750
u 320 1250-900 2500 3300 3750
0 450 1100-900 2500 3300 3750
a 700 1220 2600 3300 3750
Channel 1
12
— o2-oskus Apical
Channel 2
7,8
—— 08-145KHz ———; :

Channel 3
?i?ter Compressor 9,10
] 145-23 KHz -—; :
Channel 4 v
13,4
—— 23-8KHz H—ﬁ : Basal
Filter Bank Isolated Electrodes
Drivers
Fig. 1. Block diagram of the four channel speech processor and electrode

hookup. Filter outputs were connected to the electrode array in a tono-
topic fashion, i.e., low frequency energy was directed to the most apical
pair of electrodes, and energy in the highest passband was directed to

the most basal pair of electrodes.

ing loss due to otosclerosis until he became profoundly
hearing impaired, 15 years before being implanted. Of the
few patients that we have observed, this patient was one
of the ‘‘better performers’” on standard speech recogni-
tion tests. Testing was accomplished as part of the coch-
lear implant program of the University of California, San
Francisco.

2) Stimuli: Five isolated vowels (a, o, u, i, I) were
generated using a cascade synthesis routine [7] and a Data
General Eclipse s /130 computer. Stimuli were output on
a 12-b D/A converter at a rate of 10 kHz, and low-pass
filtered at approximately 4.5 kHz. All vowels had five
formants. To create natural sounding vowels, the second
and third formant frequencies varied, in some cases, over
the duration of the vowel. Formant frequencies and ranges
are listed in Table I. The fundamental frequency began at
120 Hz and fell to 105 Hz over the duration of each vowel.
To remove duration as a potential cue for vowel identifi-
cation, all stimuli were 250 ms in length.

3) Instrumentation: Tape recorded speech stimuli were
presented in a sound field and introduced to the speech
processor via an environmental microphone. A block dia-
gram of the speech processor is presented in Fig. 1. This
four-band configuration is very similar to the processor
studied by Eddington[3]. Incoming speech stimuli were

initially filtered by the ‘‘speech filter.”” This filter preem-
phasized the speech signal using a single-pole highpass
filler (—3 dB at approximately 600 Hz). In addition,
spectral components below 200 Hz were strongly atten-
uated using a three-pole Butterworth highpass filter with
a —3 dB gain at 200 Hz. The resultant signal was ampli-
tude compressed using a Gain Brain II, manufactured by.
Valley People Inc., Nashville, TN. The compression ra-
tio was set to 5:1 with an attack time of approximately
0.2 ms and a release time of 5 ms. The compressed signal
was passed through four bandpass filters, the output of
each going to a single bipolar electrode pair via an opti-
cally-isolated, controlled-current source (i.e., the ‘‘iso-
lated drivers’’ in Fig. 1). The gain of each isolated driver
was patient-adjustable so that the loudness of each chan-
nel could be equated with the other channels (see the
“‘Procedure’” section). Each bandpass filter was con-
structed by cascading a three-pole Butterworth low-pass
filter with a three-pole Butterworth highpass filter. These
filters exhibited asymptotic ‘‘rolloffs’* of 18 dB/octave
on each side of the passband. Fig. 2 contains a graph il-
lustrating how the gain of each filter varies with fre-
quency.

The scala tympani electrode array consisted of eight bi-
polar pairs of electrodes located along the apical 14 mm
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Fig. 2. Frequency response of the four bandpass filters in the speech pro-
cessor. Vertical dimension represents the filter’s gain in decibels.

of a 24 mm coiled Silastic insert. The apical-most bipolar
electrode was inserted approximately 21-24 mm into the
scala. Each electrode contact was mushroom-shaped to
increase its surface area. The eight bipolar electrode pairs
were spaced at 2 mm intervals. The intercontact spacing
between bipolar contacts was approximately 700 um, cen-
ter-to-center. The bipolar electrode pairs were oriented
approximately radial, and slightly diagonal to the axis of
the cochlea. The electrode array and the implantation pro-
cedure are described in more detail by Loeb er al. [8] and
Merzenich et al.[9].

Numbering of electrodes began at the apical-most part
of the array and progressed basally, such that the apical-
most bipolar pair was labeled ‘(1-2)’” and the basal-most
bipolar pair was labeled ‘‘(15-16).”” An odd-numbered
electrode represents an electrode contact placed more to-
wards the modiolus (medial) than the even-numbered (lat-
eral) contacts. :

Preliminary testing revealed that electrode pairs 1-2,
7-8, 9-10, and 13-14 (located apex to base, respec-
tively), connected to the output of channels 1, 2, 3, and
4, respectively, provided a good level of word recogni-
tion. This arrangement was used throughout these exper-
iments. Only four electrode channels were used because:
1) preliminary psychophysical measurements indicated
that simultaneous stimulation of more than four channels
could cause substantial electric field interactions among
the channels, and 2) only four processing channels were
available for patient testing.

It is likely that the electrically-evoked excitation pat-
tern generated by this electrode array was located basal to
where excitation would have occurred in a normal cochlea
when driven with speech.

4) Procedure: The subject set the level of the signal at
each electrode pair using a loudness scaling procedure.
He was instructed that on a scale of 0 to 10, a sound given
a loudness rating of 0 would denote an inaudible sound,
whereas a rating of 10 would denote an uncomfortably
loud sound. The subject indicated that those stimuli that
he scaled at 5-5.5 were ‘‘at a most comfortable listening
level.”” While listening to a tape-recorded male narrative,

IEEE TRANSACTIONS ON BIOMEDICAL ENGINEERING, VOL. 37, NO. 10, OCTOBER 1990 -

the subject was instructed to increase the level at each
electrode independently until he reached a specified loud-
ness. This target loudness for individual channels was
chosen such that: when all channels were then used simul-
taneously, the sensation ‘‘summed’’ to a loudness of 5.0~
5.5 on the subject’s loudness scale.

Vowel identification ability was examined in a closed-
set fashion. Stimuli were presented in isolation and the
subject was instructed to select the word whose vowel was
most like what he heard. The subject was given five words
to select from: bought, boat, boot, beet, and bit. The sub-
ject was permitted to indicate when the stimulus sounded
like none of these choices; however, no such responses
were observed. Each vowel was presented five times. The
five choices were displayed on a computer terminal. Each
of the choices was displayed with a unique single digit
number. The subject selected a word by pressing the cor-
responding number on the terminal keyboard.

After the vowel identification portion of the experi-
ment, the output level of each bandpass filter was mea-
sured. The rms amplitude of each bandpass filter’s output
was computed from the time waveform, for each of the
synthesized vowels using interactive laboratory system
(ILS) routines. Because the measurements were taken
prior to the isolated drivers, these measurements were un-
affected by the patient’s adjustment of the gain of the iso-
lated drivers.

B. Results

Fig. 3 presents a confusion matrix for the five vowels
examined in this experiment. The results are tabulated
with the rows representing the stimulus presented and the
columns representing the response given. The numbers in
each cell denote how often a particular response was given
to each stimulus. The data in Fig. 3 reveal that although
i was consistently mistaken for I, these two vowels were
never confused with the low formant vowels. At the bot-
tom of Fig. 3 the responses are collapsed to demonstrate
the perfect identification of high versus low second for-
mant vowels.

Fig. 4 displays the output levels of the four bandpass
filters for the five synthetic vowels. (See the immediately
following paragraphs for a detailed analysis.) In brief, the
output levels of channels 2 and 3 carried enough infor-
mation to determine whether vowels were “‘high F2 vow-
els’’ (i, I) or “‘low F2 vowels’’ (a, o, u). If we represent
channel 2 and 3’s output levels as L, and L;, respectively,
then those vowels with significantly larger L;/L, ratios
were ‘‘high F2 vowels.’” F2 could be coarsely estimated
using a monotonically increasing function of L, /L,.

C. Discussion

We expected the first formants of each of the vowels to
pass through channel 1°s filter without loss. As expected,
the output level at channel 1 was essentially the same for
all vowels.

As is indicated in Table I, a, o, and u had relatively
low frequency second formants. That is, the second for-
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Fig. 3. Confusion matrix for five repetitions on the vowel identification
task. The vowels a, o, and « had second formant frequencies that were
low enough to pass through channel 2 of the processor. The vowels i and
I'had **high’* frequency second formants which passed through channel
3 and stimulated a more basal pair of electrodes. The data are collapsed
to reveal identification of high versus low second formant vowels at the
bottom of the figure.
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Fig. 4. Analysis of the relative amplitudes at the output of each channel
of the processor for each vowel. Vowels connected by solid lines had
**low"” second formant frequencies (less than 1450 Hz ), whereas vowel
connected by dashed lines had ‘‘high” second formant frequencies
(greater than 1450 Hz).

mant was in the frequency region of filter 2. The second
formant of these vowels was expected to activate channel
2 of the processor. As expected the output level of chan-
nel 2 was higher for these vowels than for the high F2
vowels, i and /. Initially we had expected that channel 3
would have relatively low output levels for the a, o, and
u vowels (i.e., when compared to the output levels for the
high F2 vowels) since their F2’s are attenuated 7-12 dB
by the channel 3 filter. However, the third formant (F3)
also contributes substantially to the output of channel 3
since the channel 3 filter only attenuates F3 by a few deci-
bels. As a consequence, the output level of channel 3 can

T T . ,

1005

be relatively high for both high F2 and low F2 vowels.
The data in Fig. 4 are consistent with these expectations.

The third, fourth, and fifth formants of all vowels ac-
tivate channel 4. Also, for the high F2 vowels, F2 con-
tributes significantly to the output of channel 4. Again the
data are consistent with this prediction since the channel
4 output levels are higher for the high F2 vowels.

Although only of secondary importance, another factor
affected the channel output levels. With the cascade syn-
thesizer, the magnitudes of the formants decrease as the
distance between the formants increase. This is a direct
consequence of the cascading of bandpass filters: each
bandpass filter attenuates the passband of the other filter
more as the center frequencies of the two filters diverge.
This is the most likely explanation for the relatively low
channel output levels for # compared to those for a
and o.

In summary, an examination of the channel output lev-
els reveals that there is a relatively simple relationship
between the channel output levels and the second formant
frequency. For the high F2 vowels the output levels of
channels 3 and 4 are markedly higher than the output level
of channel 2; whereas for the low F2 vowels the output
levels of channels 2, 3, and 4 are all about the same. Be-
cause vowels with high F2 produced output level patterns
different than those produced by low F2 vowels, the out-
put level patterns could be a cue for the recognition of
vowels. Consistent with this observation, the confusion
matrix data for this subject revealed that there was no con-
fusion between high and low F2 vowels (see confusion
matrix at bottom of Fig. 3). However, other features of
the electrical stimulus could have been used by the subject
to classify the vowels in the manner observed. For ex-
ample, fine-grain temporal waveform information could
have been used by the subject. One of the purposes of
experiment 2 was to determine the relative importance of
“‘temporal’’ versus ‘‘place’’ cues.

Fig. 3 indicates that the frequency of the first formant
may have played a minor role in the subject’s ability to
identify the vowels (e.g., The subject could correctly
identify a versus o, u). However, there is not enough data
to even conjecture on the roles of ‘‘temporal’’ or ‘‘place”’
cues in this identification.

II. EXPERIMENT 2

In experiment 1 the vowels differed in several acoustic
features. In experiment 2, we synthesized vowels which
only differed in F2. In this experiment, we measured
vowel classifications for vowels with F2’s evenly distrib-
uted across the entire F'2 range. Also, we explored the
effect on vowel classification of certain manipulations of
the processor. One set of manipulations (i.e., channel re-
versal) was designed to determine the relative importance
of ‘‘fine-grain temporal information’’ versus ‘‘place of
excitation information.”” Other manipulations (i.e.,
changing filter passbands, changing channel gains) were
used to explore methods for ‘‘fine-tuning’’ a subject’s
classifications.
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A. Methods

1) Stimuli: Ten steady-state vowels were generated and
presented to ET (see the previous experiment for synthe-
sis details). All stimuli had the following formant fre-
quencies: F1 = 320 Hz, F3 = 2400 Hz, F4 = 3300 Hz,
F5 = 3750 Hz. The second formant frequency was set to
one of the following: 1150, 1250, 1350, - - - , 2050 Hz.
In all cases, formant frequency remained constant
throughout the duration of the stimulus. All stimuli in the
series were 250 ms in duration.

2) Instrumentation: As in experiment 1, the computer-
generated stimuli were recorded on analog magnetic tape.
Tape-recorded stimuli were presented in a sound field and
were processed and delivered to the patient’s electrode
array in the fashion described in experiment 1 and sum-
marized by Fig. 1. The mapping between bandpass filters
and electrodes, as illustrated in Fig. 1, will be referred to
as ‘‘tonotopic mapping.’’

In the second portion of the experiment, the outputs of
channels 2 and 3 were reversed in terms of the area of the
basilar membrane they stimulated (see Fig. 5). Low fre-
quency second formant energy from channel 2 (below
1450 Hz ) was directed to the more basal pair of electrodes
devoted to second formant energy (electrode pair 9-10).
Channel 3 information (i.e., second formant energy above
1450 Hz and third formant energy) was directed to the
more apical position (electrode pair 7-8). This mapping
between the bandpass filters and electrodes will be re-
ferred to as ‘‘channels 2 and 3 reversed.”’

3) Procedure: Individual channels were balanced for
loudness using the 0-10 scale described previously (see
experiment 1 for details). When channels were activated
simultaneously, all vowel stimuli were in the 4.0-5.0
range of loudness, which the subject considered comfort-
ably loud.

While listening to a playback of the analog magnetic
tape, normal hearing listeners perceived these stimuli as
a continuum of vowels from u to i as second formant fre-
quency increased from 1150 to 2050 Hz. Although the
stimuli sounded somewhat artificial, they were clearly
identifiable to a normal hearing listener. The subject was
not told which vowels were involved and was allowed to
supply his own phonetic labels to the end points of the
continuum. The subject identified the vowel with a sec-
ond formant of 1150 Hz as o and the stimulus at the other
end of the continuum (2050 Hz) as I. These phonetic la-
bels will be used to refer to the stimuli throughout this
discussion.

The ten vowels were randomized into six lists of 30
items each. Two lists were presented as practice trials.
Then, 18 trials of each vowel were presented randomly
and the subject was asked to categorize each stimulus as
either o or I. Prior to vowel identification testing, three
of the lists were presented, and the subject was asked to
give a loudness rating for each stimulus using the 0-10
scale. The average loudness of each of the ten vowels was
calculated from the nine loudness ratings per vowel. Also,
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using the nine loudness ratings per vowel, the standard
deviation of the loudness ratings for each of the ten vow-
els was calculated. The averages were very similar when
compared to the standard deviations for the individual
vowels. Furthermore, the loudness of the vowels was not
correlated with the second formant frequency of the vow-
els. As a consequence, it is very unlikely that the subject
could accurately categorize vowels along a second for-
mant continuum based on loudness.

B. Results

Fig. 6 summarizes the subject’s vowel classifications
for the two processor configurations illustrated in Figs. 1
and 5. In Fig. 6 the second formant frequency of each
stimulus is represented along the abscissa and the per-
centage of stimuli identified as [ is represented along the
ordinate. The error bars in Figs. 6-8 represent one stan-
dard deviation around the mean. The standard deviation
was calculated assuming a binomial distribution. The
curve in Fig. 6 that is labeled *‘tonotopic mapping’’ refers
to the situation where all four channels were presented to
the electrode array in a tonotopic arrangement. Fig. 6 re-
veals that stimuli were seldom identified as I unless the
second formant was greater than 1750 Hz. When the sec-
ond formant was 1450 Hz or below, stimuli were con-
sistently identified as 0. This outcome is consistent with
the findings of experiment 1, in that vowels identified as
I had second formant frequencies of 1800 to 2020 Hz, and
vowels identified as a, u, and o had second formant fre-
quencies of 1250 Hz and below.

Fig. 6 also shows data collected when the output of
channels 2 and 3 were reversed. When the electrode con-
nections to channels 2 and 3 were reversed, a reversal in
vowel identification was observed. Stimuli having second
formants below 1350 Hz were consistently identified as /
by the subject, whereas these stimuli were previously
identified as o. During this experiment the electrode re-
versal procedure was not explained to the subject, and he
did not report any change in the quality of the stimuli.
The pattern of responses suggest, however, that the
change in place of maximal stimulation of the basilar
membrane resulted in a change in the identity of the vowel
perceived.

For the vowel with the lowest F2 (1150 Hz), the output
levels of the bandpass filters were nearly identical to those
for the vowel u in experiment 1 (see Fig. 4). This was
not surprising since the two stimuli are nearly identical.
For the vowel at the other extreme of the F2 range (2050
Hz), the filter output levels were nearly identical to those
for the vowel i in experiment 1. Again, this was to be
expected since these two stimuli are nearly identical. As
expected, the output levels for the other vowels (i.e.,
those vowels with intermediate values of F2) were inter-
mediate between the output levels of the two vowels rep-
resenting the two extremes of F2. As in experiment 1, the
bandpass filter output levels carried enough information
to discriminate between vowels with different F2’s. For
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formant frequency. All four channels of the speech processor were used
in this condition.

example, if we denote channel 2 and 3’s output levels as
L, and L; respectively, then those vowels with larger
L3 /L, ratios had higher frequency second formants.

To further simplify the stimulation pattern at the basilar
membrane, identification of the vowel continuum was also
done with channels 1 and 4 disconnected from the elec-
trode array (these data are shown in Fig. 7). This ar-
rangement ensured that only the two channels initially as-
signed to represent the second formant were stimulated.
In other words, the two-channel configuration eliminated
possible cues about the second formant’s frequency that
could be obtained from channel 4 and possibly channel 1.
The subject reported that the stimuli sounded somewhat
unnatural, but that they were still recognizable as speech.
He elected to use the same phonetic labels for the end
points of the continuum, although he noted that the o
sounded somewhat like an a, and the I could also be iden-
tified as €. Given the limited amount of information avail-
able to the subject, these ‘‘confusions’’ are not surpris-
ing. In the tonotopic mapping condition, stimuli having
second formant frequencies of 1950 Hz and above were
routinely identified as I, whereas second formants less

1450
F2 FREQUENCY (Hz)

1050 1250

Fig. 7. Identification functions for a vowel continuum with stimulation only
on channels 2 and 3.

than 1650 Hz were identified as o. Reversal of the posi-
tion of stimulation at the basilar membrane again resulted
in a reversal of the vowel identification function.

In this two-channel mode the filter cutoffs for channels
2 and 3 were changed to explore methods for modifying
or ‘‘fine-tuning’’ the vowel identifications of subjects.
Whereas filter 2 had previously passed 800-1450 Hz, this
was changed to pass a band of 800-1750 Hz. Filter 3 was
changed from 1450-2300 Hz to 1750-2300 Hz. In this
configuration, Fig. 8 reveals a corresponding shift in the
category boundary. Presumably, the expansion of the
passband of filter 2 increased the number of stimuli acti-
vating the more apical pair of electrodes, and resulted in
an increase in the number of stimuli identified as o.

C. Discussion

In experiment 2, when the second formant of vowels
was systematically varied across the F2 continuum, this
subject experienced a change in perceived vowel. Stimuli
having second formants greater than 1750 Hz were almost
always identified as 7 and those with lower frequency sec-
ond formants identified as 0. When the electrode stimu-
lation pattern for the second formant was reversed so that
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tonotopicity was inverted, vowel identification functions
reversed. In this case, stimuli that were previously iden-
tified as I were heard as o. Similar identification functions
and reversals were observed when potential cues from
other channels were removed. These data suggest the im-
portance of relative cochlear position of stimulation for
the identification of vowels. These data are supportive of
cochlear implant coding strategies that make use of coch-
lear place information. Also, the results of the *‘fine-tun-
ing’’ experiment (i.e., when the F2 and F3 filter cutoffs
were changed) support this interpretation.

The channel reversal experiment is also useful for com-
paring the saliency of ‘‘the place of excitation cue’’ ver-
sus ‘‘the fine-grain temporal waveform cue.”” When chan-
nels 2 and 3 were reversed, the place cue was reversed,
but fine-grain temporal patterns remained the same. It ap-
pears that ‘‘the place of excitation cue’” was more impor-
tant, because the subject’s vowel identifications essen-
tially reversed when the electrode connections were
reversed.

Vowel stimuli with F2’s in the midrange of frequencies
could evoke either identification from the subject. It may
be that the rather gradual filter slope contributed some
confusion in this frequency region. The tonotopic and re-
versed functions in Fig. 6 are not mirror images. It is pos-
sible that additional cues from channels 1 and 4 could have
contributed to the asymmetry of the two identification
functions. Consistent with this concept, when channels 1
and 4 are disconnected the tonotopic and reversed func-
tions become considerably more symmetrical (see Fig.
7).

The data indicate that the subject classified the stimuli
as 0 more often than /. Perhaps the relative gains of chan-
nels during experiment 2 ‘‘biased’’ the results in this
manner (see experiment 3). Or perhaps the subject was
somehow ‘‘biased’’ for o responses.

Although the elimination of channels 1 and 4 made the
stimuli sound less speech-like to the subject, the experi-
mental results support the notion that changes in second
formant frequency can be conveyed by relatively small
shifts in place of excitation (in the two-channel experi-
ment, the two stimulated bipolar electrodes were only
2 mm apart).
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III. EXPERIMENT 3

In experiment 3 we tried to manipulate second formant
discrimination by changing the relative gains of channels
2 and 3. In this experiment, we used the two-channel pro-
cessor described in the previous section. The idea behind
the experiment was simple: If we increase the gain of
channel 3 (with channel 2’s gain unaltered) we would ex-
pect the subject to classify more of the vowels as high F2
vowels. This is one of the simplest methods for “‘fine-
tuning’’ vowel discriminations.

A. Methods

1) Stimuli and Instrumentation: Stimuli and instru-
mentation were the same as those described for experi-
ment 2 with the two-channel processor (i.e., channels 1
and 4 disconnected) connected in the normal *‘tonotopic™’
configuration.

2) Procedure: The procedure was similar to that de-
scribed in experiment 2, but with the following addition:
the subject’s identifications were measured for two set-
tings of channel 3’s gain. The first setting for channel 3’s
gain was determined using the same procedure as de-
scribed in experiments 1 and 2. This gain is referred to as
the ‘‘normal gain’’ setting. The second setting was
“slightly”” higher (i.e., about 2 dB) than the first, and is
referred to as the ‘‘high gain’’ setting. We verified that
channel 3’s output was increased appropriately by moni-
toring the channel’s output with a battery-powered oscil-
loscope while adjusting the channel’s gain. When both
channels were stimulated, the loudness of the vowels for
both settings was reported to be the same by the subject.
In this experiment, loudness judgments were made after
the subject listened to 5-10 vowel presentations at each
of the two gain settings. This procedure was less accurate
than that used in experiment 2 where the loudness of many
randomly presented vowel tokens was scaled by the sub-
ject.

B. Results

Fig. 9 summarizes the results of experiment 3. Each bar
represents the percentage of times that the subject classi-
fied the vowel stimuli as / and not o. The left bar repre-
sents the trials when channel 3’s gain was ‘‘normal’’ and
the right bar represents the trials when channel 3’s gain
was ‘‘high.”’

C. Discussion

Fig. 9 indicates that increasing channel 3’s gain caused
the subject to classify a much larger portion of the vowels
as I. This, of course, is what one would predict on the
basis of a ‘‘place coding’” hypothesis.

Although unlikely, there is a possibility that small loud-
ness differences for the two gain settings could have af-
fected the subject’s identifications. In hindsight, it would
have been useful to do an additional experiment, in which
the gain of channel 2 was increased instead of channel 3.
By comparing the identifications for these two ‘‘symmet-
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Fig. 9. Bar graph summarizing the results of experiment 3. Each bar rep-
resents the percentage of times that the subject classified the vowel stim-
uli as / and not o. The left bar represents the trials when channel 3’s gain
was ‘‘normal’’ and the right bar represents the trials when channel 3’s
gain was ‘‘high.”’

rical’’ stimulus conditions, it should be possible to deter-
mine the relative importance of the two potential cues,
i.e., “‘the place of excitation cue’” versus *‘the loudness
cue.”’

It is interesting that about 45% of the vowels were clas-
sified as I for the ‘‘normal gain’’ setting in experiment 3.
In contrast, only 27% of the vowels were classified as 7
in experiment 2, under supposedly ‘‘identical condi-
tions.”’ These differences could not be solely the result of
statistical variation. This difference in identification re-
sults probably indicates that the procedure for adjustment
of channel gains is not repeatable to the desired degree of
accuracy. Thus, a procedure with better repeatability
should be developed.

IV. ConcLusioN

Experiment 1 revealed that this subject was capable of
identifying vowels differing primarily in their second for-
mant frequency. Vowels having high frequency second
formants were confused with each other, but never with
vowels having low frequency second formants. In exper-
iment 2, stimuli forming a continuum in terms of second
formant frequency were utilized. The stimuli were iden-
tical except for second formant frequency. When the
stimulation pattern was reversed at the basilar membrane,
or the filter cutoffs were manipulated, or the relative gains
of the channels were manipulated, the percept changed in
the expected ways. These data suggest that relative
changes in the place of stimulation at the basilar mem-
brane can be important in the perception of vowels. This
conclusion is consistent with another research group’s ex-
perience with a pulsatile processor [2]. Experiment 2 has
demonstrated the relative importance of ‘‘place’” versus
*‘fine-grain temporal’’ cues. With our analog processor
both types of information were available and therefore we
were able to compare their importance by ‘‘putting the
two cues in conflict.”” We did this by reversing the elec-
trode connections to channels 2 and 3. Although the place
cue ‘‘dominated the identifications’” in this experient, it
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is nonetheless possible that fine-grain temporal informa-
tion can be useful in vowel recognition. In fact, evidence
from another study [13] indicates that fine-grain temporal
information can be useful for recognizing vowels with
significantly different first formant frequencies.
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