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Signal-Processing Techniques
for Cochlear Implants

A Review of Progress in Deriving Electrical Stimuli

from the Speech Signal

Editor’s Note: This article is a follow-up
to the article that appeared in the Janu-
ary/February 1999 issue of this magazine
(vol. 18, no. 1, pp. 32-42) and is adapted
from a version that appeared in the Sep-
tember 1998 issue of IEEE Signal Pro-
cessing Magazine (vol. 15, no. 5, pp.
101-130).

cOchlear implants have been successful
in restoring partial hearing to pro-
foundly deaf people. The success of co-
chlear implants can be attributed to the
combined efforts of scientists from vari-
ous disciplines, including bioengineering,
physiology, otolaryngology, speech sci-
ence, and signal processing. Each of these
disciplines contributed to various aspects
of the cochlear implant design. Signal
processing, in particular, played an im-
portant role in the development of differ-
ent techniques for deriving electrical
stimuli from the speech signal. The pur-
pose of this article is to present areview of
various signal-processing techniques that
have been used for cochlear prosthesis
over the past 25 years.

Single-Channel Implants

Single-channel implants provide elec-
trical stimulation at a single site in the co-
chiea using a single electrode.
Single-channel implants were first im-
planted in human subjects in the early
1970s. At that time, there was a lot of
skepticism about whether single-channel
stimulation could really work {1]. Doctors
and scientists argued that electrical stimu-
lation of the auditory nerve could produce
nothing but noise. Despite the contro-
versy, researchers in the United States and
in Europe kept working on the develop-
ment of single-channel prosthesis. These
early efforts led to, among other devices,
the House/3M and the Vienna/3M sin-
gle-channel implants.
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House/3M Device

The House single-channel implant was
originally developed by William House
and his associates in the early 1970s [2, 3].
Improvements to the implant were later
undertaken jointly with the 3M company,
and the device was henceforth referred to
as House/3M. Figure 1 shows the block
diagram of this device. It consists of three
main components: (1) the signal proces-
sor, (2) the signal transmitter/ieceiver,
and (3) the implanted electrodes [4]. The
acoustic signal is picked up by a micro-
phone, amplified, and then processed
through a 340-2700 Hz bandpass filter.
The bandpassed signal is then used to
modulate a 16 kHz carrier signal. The
modulated signal goes through an output
amplifier and is applied to an external in-
duction coil. The output amplifier allows
the patient to control the intensizy of the
stimulation. The output of the iraplanted
coil is finally sent (without any demodula-
tion) to the implanted active electrode in
the scala tympani.

In the House/3M device, it is “he mod-
ulated speech signal that is being trans-
mitted to the electrodes, rather than the
speech signal itself. Information about
gross temporal fluctuations of the speech
signal are contained in the envelc pe of the
modulated signal. The shape of the modu-
lated envelope signal, however, is af-
fected by the input signal level because
this device does not attempt to 1educe or
limit the input dynamic range [4]. For
sound pressures between 55 dB 0 70 dB,
the envelope output changes lincarly, but
for sound pressures above 70 dB, the en-
velope output saturates at a level just be-
low the patient’s level of discom ort. That
is, for speech signals above 70 dB3, the en-
velope output is clipped (see Fig 2). Con-
sequently, the temporal detai's in the
speech signal may be distorted or dis-
carded. The periodicity, however, of the
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signal is preserved. As shown in Fig. 2,
bursts of the 16 kHz carrier appear in syn-
chrony with the period of voiced seg-
ments as well as with other low-energy
segments of the input signal.

Given the limited temporal informa-
tion conveyed by the House/3M device,

it was not surprising that the majority of
the patients did not obtain open-set
speech recognition with hearing alone
(e.g.,[5]). Rosen, et al. [6], found that for
four patients the average percent correct
score on consonant identification was
37%. Only exceptional patients were
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1. Block diagram of the House/3M single-channel implant. The signal is processed
through a 340-2700 Hz filter, modulated with a 16 kHz carrier signal, and then
transmitted (without any demodulation) to a single electrode implanted in the scala

tympani.
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2. The time waveform (top) of the word ‘‘aka,” and the amplitude modulated wave-
form (bottom) processed through the House/3M implant for input signal level ex-

ceeding 70 dB SPL.
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able to obtain scores above zero on
monosyllabic word (NU-6) identifica-
tion. In a study by Danhauer, et al. [7],
only four patients (out of 18) achieved a
2% correct score, and only one patient
achieved a 4% correct score on monosyl-
labic word identification.

Vienna/3M Device

The Vienna single-channel implant
was developed at the Technical Univer-
sity of Vienna, Austria, in the early 1980s
[8] and is shown in the block diagram of
Fig. 3. The signal is first preamplified and
then compressed using a gain-controlled
amplifier with a short attack time (0.5
msec). The amount of compression is ad-
justed according to the patient’s dynamic
range. The compressed signal is then fed
through a frequency-equalization filter
(Fig. 4), which attenuates frequencies out-
side the range of 100-4000 Hz. The fil-
tered signal is amplitude modulated for
transcutaneous transmission. The im-
planted receiver demodulates the ra-
dio-frequency signal and sends the
demodulated stimuli to the implanted
electrode.

The Vienna/3M device was designed
so that: (1) the temporal details in the ana-
log waveform would be preserved, and (2)
frequencies in the range of 100-4000 Hz
would be audible to the patients. The auto-
matic gain control ensures that the tempo-
ral details in the analog waveform are
preserved regardless of the input signal

“level. It therefore prevents high-level in-

put signals from being clipped. The fre-
quency-equalization filter ensures that all
frequencies in the range of 100 Hz to 4
kHz, which are very important for under-
standing speech, are audible to the pa-
tients. Without the equalization filter,
only low-frequency signals would be au-
dible. This is because the electrical thresh-
old level (i.e., the electrical stimulus level
that is barely audible to the patient) is typi-
cally lower at low frequencies and higher
athigh frequencies (< 300 Hz) [9, 10]. The
frequency response of the equalization fil-
ter is adjusted for each patient so that sinu-
soids with frequencies in the range of 100
Hz to 4 kHz are equally loud.

Unlike the House/3M device, the Vi-
enna/3M device managed to preserve fine
temporal variations in the speech signal.
Some Vienna/3M patients were able to
recognize speech. In the study by Tyler
[11], some of the exceptional patients
were able to identify words in sentences
with 86% accuracy. Word identification
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3. Block diagram of the Vienna/3M single-channel implant. The
signal is first processed through a gain-controlled amplifier that
compresses the signal to the patient’s electrical dynamic range.
The compressed signal is then fed through an equalization filter
(100-4000 Hz), and is amplitude-modulated for transcutaneous
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4. Block diagram of the compressed-analog approach used in
the Ineraid device. The signal is first compressed using an au-
tomatic gain control. The compressed signal is then filtered
into four frequency bands (with the indicated frequencies),
amplified using adjustable gain controls, and then sent directly
to four intracochlear electrodes.

transmission. The implanted receiver demodulates the radio-
frequency signal and delivers it to the implanted electrode.

scores ranged from 15% to 86% correct
across nine patients. Hochmair-Desoyer,
etal.[12], alsoreport, for a group of 22 pa-
tients, a mean score of 30% correct for
monosyllabic word identification and a
mean score of 45% correct for words in
sentences. Unfortunately, not all patients
did as well. Other researchers (e.g.,
Gantz et al. [5]) found that patients using
the Vienna/3M device were not able to
obtain scores above zero on open-set
speech recognition.

Speech Perception Using
Single-Channel Implants

It was not surprising that relatively few
patients could obtain open-set speech un-
derstanding with single-channel implants,
given the limited spectral information.
Single-channel stimulation does not ex-
ploit the place-code mechanism used by a
normal cochlea for encoding frequencies,
since only a single site in the cochlea is be-
ing stimulated. Temporal encoding of fre-
quency by single nerve fibers is restricted
(due to the neural refractory period) to 1
kHz [13]. It is also conceivable that pa-
tients could extract frequency information
from the periodicity of the input stimulus.
This is possible, but only for stimulus fre-
quencies up to 300-500 Hz. Experiments
[9] showed that implant patients (as well
as normal-hearing listeners [14]) cannot
discriminate differences in pitch for fre-
quencies above 300 Hz.

Single-channel stimulation restricts
the amount of spectral information that an
implant patient can receive to frequencies

36

below 1 kHz. This is not sufficient, how-
ever, for speech perception, because there
is important information in the speech sig-
nal up to 4000 Hz, and beyond. But, what
kind of information is available in the
speech signal below 1 kHz? The speech
signal contains information about the fun-
damental frequency, the first formant, F1,
and sometimes (depending on the vowel
and the speaker) the second formant, F2.
The presence of fundamental frequency
indicates the presence of voiced sounds
(e.g., vowels), and therefore the patient
could discriminate between voiced (vow-
els) and unvoiced sounds (majority of
consonants). Changes in fundamental fre-
quency also give information about sen-
tence prosody; i.e., the patients should be
able to tell whether a sentence is a state-
ment or a question. Patients could also
discriminate between certain vowels that
differ in F1 frequency; i.e., vowels /i, u/
and /a, ae/. Finally, assuming that the tem-
poral details in the waveform are pre-
served (as in the Vienna/3M device), the
patients should be able to discriminate
among the consonant sets /sshthf/,/bd g
p tk/ and /w r 1 y/, which have different
waveform characteristics [15].

In summary, single-channel implants
are capable of conveying time/envelope
information as well as some frequency in-
formation. The transmitted frequency in-
formation, however, is limited and
insufficient for speech recognition. Yet,
some of the exceptional patients achieved
high scores on open-set speech-recogni-
tion tests. It remains a puzzle how some

IEEE ENGINEERING IN MEDICINE AND BIOLOGY

single-channel patients can perform so
well given the limited spectral informa-
tion they receive.

Multichannel Implants

Unlike single-channel iraplants,
multichannel implants provide clectrical
stimulation at multiple sites in the cochlea
by using an array of electrodes. Thus, dif-
ferent auditory nerve fibers can be stimu-
lated at different places in the cochlea,
thereby exploiting the place mechanism
for coding frequencies. Differ:nt elec-
trodes are stimulated depending on the
signal frequency. Electrodes nea- the base
of the cochlea are stimulated with
high-frequency signals, while electrodes
near the apex are stimulated with
low-frequency signals.

When multichannel implaits were
first introduced in the 1980s, several ques-
tions were raised regarding multichannel
stimulation:

1. How many electrodes should be
used? If one channel of stimulation is not
sufficient for speech perception, then how
many channels are needed to obtain higt
levels of speech understanding’

2. Since more than one elec rode wil
be stimulated, what kind of in-ormatior
should be transmitted to each electrode’
Should it be some type of spectrl features
or attributes of the speech signal that are
known to be important for speech percep-
tion (e.g., first and second forrnants), o
some type of waveform derived by filter:
ing the original speech signal into severa
frequency bands?
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Researchers experimented with differ-
ent numbers of electrodes. Some devices
used a large number of electrodes (22) but
only stimulated a few, while other devices
used a few electrodes (4-8) and stimulated
all of them. The number of channels
needed to obtain high levels of speech un-
derstanding is still the subject of debate
(e.g., Shannon, et al. [16], Dorman, et al.
[17]). Depending on how researchers tried
to address the second question, different
types of signal-processing techniques
were developed.

The various signal-processing strate-
gies developed for multichannel prosthe-
sis can be divided into three main
categories: waveform, feature-extraction
and hybrid. These strategies differ in the
way information is extracted from the
speech signal and presented to the elec-
trodes. Waveform strategies present some
type of waveform (in analog or pulsatile
form) derived by filtering the speech sig-
nal into different frequency bands. Fea-
ture-extraction strategies present some
type of spectral features, such as
formants, derived using feature extraction
algorithms. Hybrid strategies present
some of both. A review of these signal
processing strategies is given below.

Waveform Strategies

Compressed-Analog (CA) Approach

The compressed-analog (CA) ap-
proach was originally used in the Ineraid
device manufactured by Symbion, Inc.,
Utah [18] and is shown in the block dia-
gram of Fig. 4. This approach was also
used in the UCSF/Storz device [19],
which is now discontinued. The signal is
first compressed using automatic gain
control and then filtered into four contigu-
ous frequency bands with center frequen-
cies at 0.5, 1, 2, and 3.4 kHz. The filtered
waveforms go through adjustable gain
controls and then through a percutaneous

0 100

300
Time (msecs)

400 500

5. Bandpassed waveforms of the syllable ‘“sa” produced by a simplified implementa-
tion of the compressed-analog approach. The waveforms are numbered by channel,
with channel 4 being the high-frequency channel (2.3-5 kHz), and channel 1 being

the low-frequency channel (0.1-0.7 kHz).
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connection to four intracochlear elec-
trodes. The filtered waveforms are deliv-
ered simultaneously to four electrodes,
spaced 4 mm apart, operating in
monopolar configuration.

As an example, Figure 5 shows the
four bandpassed waveforms produced for
the syllable “sa” using a simplified imple-
mentation of the CA approach. As can be
seen, spectral information is conveyed by
the relative energy within each channel.
During the “s” portion, most of the energy
is contained in the high-frequency chan-
nel (channel 4) with almost no energy in
the other, lower in frequency, channels.
This distribution indicates that a high fre-
quency sound (/s/) is present. On the other
hand, during the “a” portion, most of the
energy is contained in the low-frequency
channels (channels 1 and 2), which indi-
cates that a low-frequency sound (such as
the vowel /a/) is present.

The CA approach was very successful
because it enabled many patients to obtain
open-set speech understanding. Dorman,
et al. [20], report, for a sample of 50
Ineraid patients, a median score of 45%
correct for word identification using the
Central Institute for the Deaf (CID) sen-
tences of everyday speech, a median score
of 14% correct for monosyllabic word
identification, and a median score of 14%
correct for spondee (two-syllable) words.
The CA approach clearly yielded superior
speech-recognition performance over the
single-channel approach [18]; not surpris-
ing given the increased frequency resolu-
tion provided by multiple-channel
stimulation.

Continuous Interleaved Sampling
(CIS) Approach

The CA approach uses analog stimula-
tion that simultaneously delivers four
continuous analog waveforms to four
electrodes. A major concern associated
with simultaneous stimulation is the inter-
action between channels caused by the
summation of electrical fields from indi-
vidual electrodes [21]. Neural responses
to stimuli from one electrode may be sig-
nificantly distorted by stimuli from other
electrodes. These interactions may distort
speech spectrum information and there-
fore degrade speech understanding.

Researchers at the Research Triangle
Institute (RTT) developed the Continuous
Interleaved Sampling (CIS) approach
[22], which addressed the channel interac-
tion issue by using nonsimultaneous, in-
terleaved pulses. Trains of biphasic pulses
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6. Interleaved pulses used in the CIS
strategy. The period between pulses on
each channel (1/rate) and the pulse du-
ration (d) per phase are indicated.

are delivered to the electrodes in a
nonoverlapping (nonsimultaneous) fash-
ion; i.e., such that only one electrode is
stimulated at a time (Fig. 6). The ampli-
tudes of the pulses are derived by extract-
ing the envelopes of bandpassed
waveforms. The CIS approach is shown in
more detail in Fig. 7. The signal is first
pre-emphasized and then passed through
a bank of bandpass filters. The envelopes
of the filtered waveforms are extracted by
full-wave rectification and low-pass fil-
tering (typically with 200 or 400 Hz cutoff
frequency). The envelope outputs are fi-
nally compressed and then used to modu-
late biphasic pulses. A logarithmic
compression function is used to ensure
that the envelope outputs fit the patient’s
dynamic range of electrically evoked
hearing. Trains of balanced biphasic
pulses, with amplitudes proportional to
the envelopes, are delivered to the six
electrodes at a constant rate in a
nonoverlapping fashion (see Fig. 6). The
rate at which the pulses are delivered to
the electrodes has been found to have a
major impact on speech recognition. High
pulse-rate stimulation typically yields
higher performance than low-pulse rate.
Figure 8 shows the pulsatile waveforms
produced for the syllable “sa” using a sim-
plified implementation of the CIS strat-
egy. The pulse amplitudes were estimated
by extracting the envelopes of the filtered
waveforms (Fig. 6).

Several studies (e.g., [22-24]) were
conducted by RTI and other institutions
comparing the differences in performance
between the CA and CIS strategies. The
results [22] for seven patients tested on
open-set recognition of 50 monosyllabic
words (NU-6) and 100 keywords from the
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CID test showed that the mean scores
obtained with the CIS processor were sig-
nificantly higher than the corresponding
scores obtained with the CA approach.
Several other investigators replicated
RTT’s findings (e.g., Dorman and Loizou
[25, 26], Boex, et al. [24]). Several factors
could be responsible for the success of the
CIS approach: (1) use of nonsimultaneous
stimulation that minimizes channel inter-
action, (2) use of six channels rather than
four, and (3) representation of rapid enve-
lope variations with the use of high-pulse
rate stimulation. The CIS strategy is cur-
rently being used in three commercially
available implant devices: the Clarion, the
Med-El, and the Nucleus CI24M.

(IS Parameters

There are a number of parameters as-
sociated with the CIS approach that could
be varied to optimize speech-recognition
performance for each patient [23, 25].
These parameters include pulse rate and
pulse duration, stimulation order, and
compression function.

Pulse Rate and Pulse Duration

The pulse rate defines the number of
pulses per sec (pps) delivered to each elec-
trode; pulse rates as low as 100 pps and as
high as 2500 pps have been used. The “op-

timal” pulse rate for speech recognition
varies from patient to patient. Wilson, et
al. [23], reported that some patients obtain
a maximum performance on the
16-consonant recognition task with 833
pps and a pulse duration of 33
usecs/phase. Other patients obtain small
but significant increases in performance
as the pulse rate increases from 833 pps to
1365 pps, and from 1365 pps to 2525 pps,
using 33 secs/phase pulses. One would
expect that better performance would be
obtained with very high pulse rates, since
high-rate stimulation can better 1epresent
fine temporal variations. However, this
was not found to be true for all pztients, at
least over this tested range of pulse rates.

Stimulation Order

The stimulation order refers to the or-
der with which the electrodes are stimu-
lated. The stimulation order can be
varied to minimize possible in:eraction
between channels. One possibi ity is to
stimulate the electrodes in an
apex-to-base order; i.e., first stimulate
electrode 1, then 2, etc., and lastly, 6.
This way, signals in the low frequencies
(apex) are stimulated first, and signals in
the high frequencies (base) ar: stimu-
lated last. This apex-to-base order, how-
ever, does not minimize the spatial
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7. Block diagram of the CIS strategy. The signal is first pre-emphasized and filtered
into six frequency bands. The envelopes of the filtered waveforms are then extracted
by full-wave rectification and lowpass filtering. The envelope outputs are com-
pressed to fit the patient’s dynamic range and then modulated with biphasic pulses.
The biphasic pulses are transmitted to the electrodes in an interleaved fashion (see

Fig. 6).
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separation between sequentially stimu-
lated electrodes. Alternatively, the elec-
trodes can be stimulated in a so called
“staggered” order (i.e., 6-3-5-2-4-1),
which maximizes the spatial separation
between stimulated electrodes. As with
the pulse rate, preference for stimulation
order varies from patient to patient.
Some patients prefer the apex-to-base
stimulation, because they say speech
sounds more natural and intelligible,
while other patients prefer the stag-
gered-order stimulation.

Compression Function

The compression (of envelope out-
puts) is an essential component of the CIS
processor because it transforms acoustical
amplitudes into electrical amplitudes.
This transformation is necessary because
the range of acoustic amplitudes in con-
versational speech is considerably larger
than the implant patient’s dynamic range.
Dynamic range is defined here as the
range in electrical amplitudes between
threshold (barely audible level) and loud-
ness uncomfortable level (extremely
loud). In conversational speech, the
acoustic amplitudes may vary over a
range of 30 dB. Implant listeners, how-
ever, may have a dynamic range as small
as 5 dB. For that reason, the CIS processor
compresses, using a nonlinear compres-
sion function, the acoustic amplitudes to
fit the patient’s electrical dynamic range.
The logarithmic function is commonly
used for compression because it matches
the loudness between acoustic and electri-
cal amplitudes. It has been shown [27, 28]
that the loudness of an electrical stimulus
in microamps is analogous to the loudness
of an acoustic stimulus in dB.

Logarithmic compression functions of
the form Y = A log(x) + B are typically
used, where x is the acoustic amplitude
(output of envelope detector), A and B are
constants, and Y is the (compressed) elec-
trical amplitude. Other type of compres-
sion functions used are power-law
functions of the form Y=AxX"+ B, (p< 1).
The advantage of using power-law func-
tions is that the shape, and particularly the
steepness of the compression function,
can be easily controlled by simply varying
the value of the exponent p. The constants
A and B are chosen such that the input
acoustic range[ x, , x,... ]is mapped to the
electrical dynamic range [THR, MCL],
where THR is the threshold level and
MCL is the most comfortable level mea-
sured in pAmps. For the power-law com-
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pression function, the constants A and B
can be computed as follows:

4o MCL-THR
X = Xorin I6))
B=THR- Ax), )

The values of threshold, THR, and
most-comfortable levels, MCL, may vary
from electrode to electrode.

Feature-Extraction Strategies

Feature-extraction strategies were ini-
tially used in the multielectrode Nucleus
implant, developed at the University of
Melbourne, Australia, by Clark and his
colleagues and manufactured by Nucleus
Limited [29]. This device has gone
through a number of improvements since
it was first introduced in the early 1980s.
Initially, it employed a feature-extraction
approach based on a fundamentally dif-
ferent principle than the CA or CIS ap-
proach. Rather than presenting waveform
information obtained by the filtering the
speech signal into a few frequency bands,
the processor presented spectral features,
such as formants, obtained by for-
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mant-extraction algorithms. A review of
the feature-extraction strategies used in
the Nucleus implant is given below.

FO/F2 Strategy
The FO/F2 strategy was first developed
for the Nucleus device in the early 1980s
[29, 30]. In this strategy, the fundamental
frequency (F0O) and the second formant

100

Time (msecs)

8. Pulsatile waveforms of the syllable “sa” produced by a simplified implementation of
the CIS strategy using a 4-channel implant. The pulse amplitudes reflect the envelopes
of the bandpass outputs for each channel. The pulsatile waveforms are shown prior to

compression.
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(F2) are extracted from the speech signal
using zero-crossing detectors. One
zero-crossing detector is used to estimate
FO from the output of a 270 Hz lowpass
filter, and another zero-crossing detector
is used to estimate F2 from the output of a
1000-4000 Hz bandpass filter. The ampli-
tude of F2 is estimated with an envelope
detector by rectifying and lowpass filter-
ing (at 35 Hz) the bandpassed signal. The
FO/F2 processor conveys F2 frequency in-
formation by stimulating the appropriate
electrode in the 22-electrode array.
Voicing information is conveyed with FO
by stimulating the selected electrode at a
rate of FO pulses/sec. The amplitude of the
pulses are set in proportion to the ampli-
tude of F2. During unvoiced segments
(e.g., consonant /s/) the selected electrode
is stimulated at quasi-random intervals at
an average rate of 100 pulses/sec. Initial
results [31] with the FO/F2 strategy were
encouraging as it enabled some patients to
obtain open-set speech understanding.

FO0/F1/F2 Strategy

The FO/F2 strategy was later modi-
fied to include information about the
first formant frequency (F1) [32] and
became available in 1985 with the Nu-
cleus wearable speech processor
(WSP). An additional zero-crossing de-
tector was included to estimate F1 from
the output of a 280-1000 Hz bandpass
filter. The block diagram of the
FO/F1/F2 processor is shown in Fig. 9.
The processor selects two electrodes for
stimulation, one corresponding to the F1
frequency, and one corresponding to the
F2 frequency. The five most apical elec-
trodes are dedicated to F1, since they
canrepresent frequencies up to 1000 Hz,
while the remaining 15 electrodes are
dedicated to F2 since they can represent
frequencies above 1000 Hz. For voiced
segments, two electrical pulses are pro-
duced. One pulse is applied to an elec-
trode pair chosen according to F2, and
the second pulse is applied to an elec-
trode pair chosen according to F1. The
pulses are biphasic, with each phase
lasting 200 psec. A 800-psec spacing be-
tween pulses is used to avoid any inter-
action that might occur due to temporal
channel interactions. The amplitudes of
the two pulses are set in proportion to
the corresponding amplitudes of F1 and
F2. As in the FO/F2 processor, the elec-
trodes were stimulated at FO pps for
voiced segments and at an average rate
of 100 pps for unvoiced segments.
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9. Block diagram of the FO/F1/F2 strategy. The fundamental frequency (F0), the
first formant (F1) and the second formant (F2) are extracted from the speech signal
using zero-crossing detectors. Two electrodes are selected for pulsatile stimulation,
one corresponding to the F1 frequency, and one corresponding to the F2 frequency.
The electrodes are stimulated at a rate of FO pulses/sec for voiced segments and at a
quasi-random rate (with an average rate of 100 pulses/sec) for unvoiced segments.

The addition of F1 information im-
proved the speech-recognition perfor-
mance of patients wearing the Nucleus
cochlear implant. Within-patient compar-
isons between the FO/F2 and FO/F1/F2
strategies demonstrated improvements in
speech understanding with the FO/F1/F2
strategy. Dowell, et al. [33], found that the
average scores on word recognition in-
creased from 30% correct with the FO/F2
processor to 63% correct with the
FO/F1/F2 processor. Tye-Murray, et al.
[34], also reported that the mean scores on
monosyllabic word identification (NU-6)
correspondingly improved from 8% to
28%. No significant difference was found
on tests of consonant recognition in the
hearing-only condition. Significant im-
provements were found, however, in the
visual-plus-hearing condition. The find-
ing that the FO/F1/F2 strategy did not
yield significant improvements on conso-
nant-recognition scores was not surpris-
ing, given that this strategy emphasizes
low-frequency information, which is re-
quired for vowel recognition. The major-
ity of the consonants, however, contain
high-frequency information, and this has
motivated the refinement of the FO/F1/F2
strategy to the MPEAK strategy.

MPEAK Strategy
Further improvements were made in
the late 1980s by Cochlear Pty. Limited (a
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subsidiary of Nucleus Limited) in collab-
oration with the University of Melbourne
[35, 36]. The improvements inclucled new
hardware as well as refinement of the
FO/F1/F2 strategy to include
high-frequency information. A custom in-
tegrated circuit for digital processing was
used, which considerably reduced the size
and weight of the new processor, now
called a miniature speech processor
(MSP). A new coding strategy, called
MULTIPEAK (or MPEAK), extracted
high-frequency information from the
speech signal, in addition to formant in-
formation. The block diagram of the
MPEAK strategy is shown in Fig. 10.
Similar to the FO/F1/F2 strategy, the ex-
traction of the formant frequencies F1 and
F2 was performed using zero-crossing de-
tectors, and the amplitudes of F1 and F2
were computed using envelope detectors.
The frequency range for F2 was refined in
the MPEAK strategy to 800-4000 Hz. Ad-
ditional high-frequency information was
extracted from the frequency bands
2000-2800 Hz, 2800-4000 Hz, and
4000-6000 Hz. The motivation fcr using
the three additional bands was twofold:
(1) to enhance the representation of the
second formant (F2), and (2) to include
high-frequency information, whici is im-
portant for the perception of consonants.
The estimated envelope amplitudes of the
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zero-crossing detectors. Additional high-frequency information is extracted using
envelope detectors from three high-frequency bands (shaded blocks). The envelope
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cated. Four electrodes are stimulated at a rate of F0 pulses/sec for voiced sounds,
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11. An example of the MPEAK strategy using the syllable “sa.” The bottom panel
shows the electrodes stimulated, and the top panel shows the corresponding ampli-
tudes of stimulation.

May/June 1999 JEEE ENGINEERING IN MEDICINE AND BIOLOGY

three bandpass filters were delivered to
fixed electrodes 7,4, and 1, which were al-
located to the outputs of the filters 2-2.8
kHz,2.8-4 kHz and 4-6 kHz, respectively.

The MPEAK strategy stimulates four
electrodes at a rate of FO pulses/sec for
voiced sounds, and at quasi-random inter-
vals with an average rate of 250 pulses/sec
for unvoiced sounds. For voiced sounds,
stimulation occurs on the F1 and F2 elec-
trodes and on the high-frequency elec-
trodes 4 (2000-2800 Hz) and 7
(2800-4000 Hz). The high-frequency
electrode 1 is not stimulated because there
is generally little energy in the spectrum
above 4 kHz for voiced sounds. For un-
voiced sounds, stimulation occurs on
the high-frequency electrodes 1, 4, and
7, as well as on the electrode corre-
sponding to F2. The electrode corre-
sponding to F1 is not stimulated because
there is generally little energy below
1000 Hz for unvoiced sounds (e.g., /s/).
Figure 11 shows, as an example, a sim-
plified implementation of the MPEAK
strategy using the syllable “sa.”

Given the addition of high-frequency
information, one would expect that the
MPEAK strategy would perform better
than the FO/F1/F2 strategy on consonant
identification. Indeed, Wallenberger and
Battmer [37], using a group of five pa-
tients, found that the MPEAK strategy
yielded a mean improvement of 17% on
consonant identification. A mean im-
provement of 28% on open-set sentence
recognition was also found with the
MPEAK strategy. Several other studies
(e.g., [38, 39]) confirmed that the
MPEAK strategy achieved significant im-
provements over the FO/F1/F2 strategy on
open-set speech recognition.

Although the MPEAK strategy has
proven to be an efficient strategy for ex-
tracting important information from the
speech signal, it has one major limitation.
The MPEAK strategy, as well as the
FO/F2 and FO/F1/F2 strategies, tends to
make errors in formant extraction, espe-
cially in situations where the speech sig-
nal is embedded in noise. This limitation,
which is inherent in feature-extraction al-
gorithms, motivated the development of
the next-generation speech processor
—the SMSP processor.

“N-of-M" Strategies
In “n-of-m” strategies, the signal is fil-
tered into m frequency bands, and the pro-
cessor selects the n (n < m) envelope
outputs with the largest energy. Only the
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electrodes corresponding to the n selected
outputs are stimulated at each cycle. This
strategy can be considered to be a hybrid
strategy, in that it combines feature and
waveform representations.

Interleaved Processor (IP)

The interleaved processor (IP), devel-
oped at the Research Triangle Institute,
was the first processor to use an “n-of-m”
strategy [40]. The signal was filtered into
six frequency bands, and the two enve-
lope outputs with the highest energy
were selected at each stimulation cycle.
Pulses were then delivered in an inter-

leaved manner to the corresponding two
electrodes at a maximum rate of 313 pps
per channel.

Spectral Maxima Sound
Processor (SMSP)

A new processor, called the spectral
maxima sound processor (SMSP), was
developed in the early 1990s [41] for the
Nucleus implant. Unlike previous proces-
sors developed, the SMSP processor did
not extract any features (e.g., F1, F2) from
the speech waveform. Instead it analyzed
the speech signal using a bank of 16
bandpass filters and a spectral maxima de-
tector. The signal from the microphone is
first pre-amplified and then sent through a
bank of 16 bandpass filters with center
frequencies ranging from 250 to 5400 Hz.
The output of each filter is rectified and
lowpass filtered with a cutoff frequency
of 200 Hz. After computing all 16 filter
outputs, the SMSP processor selects, at 4
msec intervals, the six largest filter out-
puts. The SMSP processor therefore uses
a 6-0f-16 strategy. The six amplitudes of
the spectral maxima are then
logarithmically compressed, to fit the pa-
tient’s electrical dynamic range, and
transmitted to the six selected electrodes
through a radio-frequency link. Note that
the term “maxima” refers to the largest fil-
ter amplitudes, which are not necessarily
the spectral peaks.

One electrode is allocated for each of
the 16 filter outputs, according to the

tonotopic order of the cochlea. Thet is, the
most apical electrode is allocatec. to the
filter with the lowest center frequency,
while the most basal electrode is allocated
to the filter with the highest center fre-
quency. Only the 16 most-apical elec-
trodes are activated; the remainirg basal
electrodes in the 22-electrode implant are
leftinactive. Six biphasic pulses are deliv-
ered to the selected electrodes in an inter-
leaved (i.e., nonsimultaneous) fashion ata
rate of 250 pulses/sec. Unl ke the
FO/F1/F2 and MPEAK processors, the
SMSP processor delivers biphasic pulses
to the electrodes at a constant rat2 of 250
pps for both voiced and unvoiced sounds.
Figure 12 illustrates the pattern o’ electri-
cal stimulation for the word “chcice.” As
can be seen, the electrodes selected for
stimulation in each cycle vary, de pending
upon the spectral content of the c<ignal.

Initial comparisons of the SMSP and
the MPEAK strategy using a single patient
showed significant improvements with the
SMSP strategy on word, consorant, and
vowel recognition [41]. The SMSP strat-
egy was later refined and incorporated in
the Nucleus Spectra 22 processor.

Current State-of-the-Art Pracessors

There are currently two co-
chlear-implant processors in thz United
States approved by the Food and Drug
Administration (FDA): the Nucleus
Spectra 22 and the Clarion. There is also
a cochlear-implant processor, manufac-
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12. Example of the SMSP strategy using the word ‘“‘choice.” (a) shows the spectrogram of the word choice and (b) shows the fil-
ter outputs selected at each cycle. The channels selected for stimulation depend upon the spectral content of the signal. As showr
in the bottom panel, during the “s” portion of the word, high-frequency channels (10-16) are selected, and during the “»” por-
tion of the word, low-frequency channels (1-6) are selected.
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tured by Med-El Corporation, Austria,
which is currently in clinical trials in the
United States.

Nucleus Spectra 22 Processor

The Spectra 22 is the latest speech pro-
cessor of the Nucleus 22 channel-implant
system manufactured by Cochlear Pty.
Limited, Australia. It includes the func-
tions of previous speech processors
(MSP) and also incorporates new cir-
cuitry for the spectral peak (SPEAK)
speech strategy [42]. Two custom inte-
grated circuits are used that perform most
of the signal processing needed to convert
the speech signal into electrical pulses.
The two custom chips provide analog
preprocessing, a filterbank, a speech fea-
ture extractor, and a digital encoder that
encodes either the spectral maxima or
speech features (e.g:, F1, F2) into signals
for the radio-frequency link (Fig. 13). An
implanted receiver decodes these signals
and presents electrical pulses, according
to the decoded instructions, to the elec-
trode array. The Spectra 22 processor can
be programmed with either a fea-
ture-extraction strategy (e.g., FO/F1/F2,
MPEAK strategy) or the SPEAK strategy.

The SPEAK strategy is similar to the
SMSP strategy. In the SPEAK strategy
[42] the incoming signal is sent to a bank
of 20 (rather than 16 in SMSP) filters with
center frequencies ranging from 250 Hz to
10 kHz. The SPEAK processor continu-
ously estimates the outputs of the 20 fil-
ters and selects the ones with the largest
amplitude. The number of maxima se-
lected varies from 5 to 10, depending on
the spectral composition of the input sig-
nal, with an average number of 6 maxima.
Figure 14 shows examples of electrical
stimulation patterns for four different
sounds using the SPEAK strategy.

The selected electrodes are stimulated
at a rate that varies between 180 and 300
Hz depending on: (1) the number of max-
ima selected, and (2) on patient’s individ-
ual parameters. For broadband spectra,
more maxima are selected and the stimu-
lation rate is slowed. For spectra with lim-
ited spectral content, fewer maxima are
selected and the stimulation rate increases
to provide more temporal information.
The SPEAK strategy provides more infor-
mation than any of the previous strategies
developed for the Nucleus implant be-
cause: (1) ituses up to 20 filters that span a
wider frequency range, (2) it stimulates as
many as 10 electrodes in a cycle, and (3) it
uses an adaptive stimulation rate in order
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to preserve spectral as well as temporal in-
formation.

Comparison of the SPEAK strategy
and the MPEAK strategy by Skinner, et al.
[43], using 60 patients showed that the
SPEAK strategy performed better than
the MPEAK strategy on vowel, conso-
nant, monosyllabic word and sentence
recognition. Especially large improve-
ments in performance were found with
tests in noise. This finding was not sur-
prising, given that the MPEAK strategy is
based on feature-extraction algorithms
that are known to be susceptible to errors,
especially in noisy environments. In con-
trast, the SPEAK strategy is based on a
filterbank approach which does not ex-
tract any features from the speech signal.

The SPEAK strategy is now incorpo-
rated in a new investigational device cur-
rently in clinical trials at 13 clinics in the
United States. The new cochlear implant
system, called Nucleus 24 (CI24M), is
available in two sizes, the regular size
worn on the waist, and the ear-level size
worn behind the ear. The ear-level version
is the size of a behind-the-ear hearing aid.
Some of the features of the Nucleus 24
(C124M) system include: (1) two addi-
tional electrodes to be placed outside the
inner ear to allow different modes of stim-
ulation, (2) a removable internal magnet
for future MRI compatibility, and (3)
high-rate stimulation strategies including
a CIS strategy.

The

co

Clarion Processor

The Clarion cochlear-implant system
[44, 45] is the result of cooperative efforts
among the University of California at San
Francisco (UCSF), Research Triangle In-
stitute (RTI) and the device manufacturer,
Advanced Bionics Corporation (evolved
from MiniMed Technologies). The Clar-
ion implant supports a variety of
speech-processing options and stimula-
tion patterns. The stimulating waveform
can be either analog or pulsatile, the stim-
ulation can be either simultaneous or se-
quential, and the stimulation mode can be
either monopolar or bipolar. The proces-
sor can be programmed with either the CA
strategy or the CIS strategy. In the CA
mode, the acoustic signal is processed
through eight filters, compressed, and
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13. The architecture of the Spectra 22 processor. The processor consists of two cus-
tom monolithic integrated circuits that perform the signal processing required for
converting the speech signal to electrical pulses. The two chips provide analog pre-
processing of the input signal, a filterbank (20 programmable bandpass filters), a
speech feature detector, and a digital encoder that encodes either the spectral max-
ima or speech features for stimulation. The Spectra 22 processor can be pro-
grammed with either a feature-extraction strategy (e.g., FO/F1/F2, MPEAK

strategy) or the SPEAK strategy.
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then delivered simultaneously to eight
electrode pairs. Analog waveforms are
delivered to each electrode at a rate of
13,000 samples/sec per channel. The CA
strategy emphasizes detailed temporal in-
formation at the expense of reduced spa-
tial selectivity, due to simultaneous
stimulation. For some patients, use of si-
multaneous stimulation results in a loss of
speech discrimination due to channel in-
teraction. This problem is alleviated in the
CIS mode, which delivers biphasic pulses
to all eight channels in an interleaved
manner. In the CIS mode, the signal is first
pre-emphasized and then passed through
abank of eight bandpass filters. The enve-
lopes of the filtered waveforms are then
extracted by full-wave rectification and
lowpass filtering. The envelope outputs
are finally compressed to fit the patient’s
dynamic range, and then used to modulate
biphasic pulses. Pulses are delivered to
eight electrodes at a maximum rate of 833
pps per channel in an interleaved fashion.
The Clarion processor (version 1.0)
was recently approved by FDA, and the
initial results on open-set speech recogni-
tion were very encouraging. In a recent
study by Loeb and Kessler [46], 32 of the

first 46 patients fitted with the Clarion im-
plant obtained moderate to excellent
open-set speech-recognition scores
(30%-100% on CID sentence test) at 12
months. Preliminary studies by Tyler, et
al. [47], showed that the pulsatile version
(CIS) of the Clarion processor (ver. 1.0)
obtained superior performance over the
CA version. This was found to be true
with six patients (one-third of the patients
considered in the Tyler, et al., study who
could be fitted satisfactorily with the ana-
log version). Clarion patients with nine
months of experience with the device per-
formed better than Ineraid patients (using
the CA strategy) and Nucleus patients (us-
ing the FO/F1/F2 strategy) with compara-
ble experience [47].

Several changes were recently made to
the Clarion implant, resulting in Clarion ver.
1.2. Some of those changes include: (1) a
smaller speech processor, (2) improved fil-
ter implementation using bandpass filters
with 30 dB/octave rolloff, and (3) enhanced
preprocessing. Preliminary data obtained
six months postimplantation showed that
these changes produced an improvement in
performance. Although both Clarion 1.0
and 1.2 support simultaneous ana-
log-stimulation strategies, only a small
number of patients were successfully pro-
grammed with a fully simultaneous strategy
via the standard bipolar electrode configu-
ration. The electrode coupling configura-
tion was changed in the new system, called
Clarion S-Series, to include an enhanced bi-
polar coupling mode. Preliminary results
showed that more than 90% of the Clarion
S-Series users can be successfully pro-
grammed with an analog strategy via the en-
hanced bipolar coupling mode, and that
about 50% of the users preferred the CA
strategy over the CIS strategy in the en-
hanced bipolar mode. In addition to the en-

hanced bipolar coupling mode, he new
S-Series processor provides the option for
composite simultaneous and sequential
stimulation through the use of a ne'w stimu-
lation strategy. The new strategy, called
paired pulsatile sampler (currently under in-
vestigation), can deliver pulses simulta-
neously on two channels, 'hereby
increasing the maximum rate per caannel to
1666 pps.

Med-El Processor

The Med-El cochlear-implant proces-
sor, manufactured by Med-El Corpora-
tion, Austria, is currently in clinical trials
in the United States. The implant proces-
sor [48] is based on the Motorola 56001
DSP, and can be programmed with either
a high-rate CIS strategy or a high-rate
“n-of-m” (SPEAK-type) strategy. The
Med-El cochlear implant (also referred to
as COMBI-40 [49]) uses a very soft elec-
trode carrier specially designed to facili-
tate deep electrode insertion into the
cochlea. Because of this deep insertion
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14. Patterns of electrical stimulation for
four different sounds, /s/, /z/, /a', and /V/
using the SPEAK strategy. The filled

circles indicate the activated electrodes.

Table 1. Strategies Used in Multichannel Cochlear Implants ,

Strategy Signal Representation Stimulation Channels | Rate Per Channel Device

CA Bandpassed Waveforms Analog 4 Continuous Waveform Ineraic!

CA Bandpassed Waveforms Analog 8 13,000 samples/sec Clarion1.0
CIS Envelope signals Pulsatile 8 833 pps Clarion1.0
Cis Envelope signals Pulsatile 12 1,515 pps Med-El/

L COMEI-40+
FO/F2 Second formant, voicing features Pulsatile 1 FO or random rate Nucleus
FO/F1/F2 | First and second formant, voicing features Pulsatile 2 FO or random rate Nucleus
MPEAK First and second formant, envelope signals | Pulsatile 4 ] FO or random rate Nucleus
SMSP Envelope signals, spectral maxima Pulsatile 6 250 pps Nucleus
4 IEEE ENGINEERING IN MEDICINE AND BIOLOGY IAay/June 1999



(up to 30 mm), the electrodes are spaced
2.8 mm apart, spanning a considerably
larger distance (20.6 mm) in the cochlea
than any other commercial implants. The
motivation for using wider spacing be-
tween electrode contacts is to increase the
number of perceivable channels.

The Med-El processor has the capabil-
ity of generating 12,500 pps for a
high-rate implementation of the CIS strat-
egy. The amplitudes of the pulses are de-
rived as follows. The signal is first
pre-emphasized and then applied to a
bank of eight (logarithmically spaced)
bandpass Butterworth filters of
sixth-order. The bandpass filter outputs
are full-wave rectified and lowpass fil-
tered with a cutoff of 400 Hz. The filter
outputs are finally mapped, using a loga-
rithmic-type compression function, to the
patient’s dynamic range. Biphasic pulses,
with amplitudes set to the mapped filter
outputs, are delivered in an interleaved
fashion to eight monopolar electrodes, ata
maximum rate of 1515 pps per channel.
The pulses are transmitted transcutane-
ously through a radio-frequency link [50].
A new 12-electrode cochlear implant,
called COMBI-40+, is now available
from Med-El and is currently in clinical
trials. The COMBI-40+ processor can
generate up to 18,000 pps for a high-rate
implementation of the CIS strategy.

The Med-El processor can also be pro-
grammed with a high-rate “n-of-m” strat-
egy (SPEAK-type). This “n-of-m”
strategy is similar to the SPEAK strategy
used in the Nucleus Spectra 22 processor.
The main difference is that the selected
channels are stimulated at a considerably
higher rate.

The Med-El implant processor is
widely used in Europe [49]. A
percutaneous version is currently being
used successfully in the United States by a
number of Ineraid patients. Results on
consonant and vowel recognition with
Ineraid patients fit with the Med-El pro-
cessor were reported by Dorman and
Loizou [25, 26, 51, 52]. Significant im-
provements were obtained on all test ma-
terials compared to the performance with
the Ineraid device (CA strategy).

Conclusions and Future Directions
Much of the success of cochlear im-
plants is due to the advancement of sig-
nal-processing techniques developed over
the years (see Table 1). While this success
is very encouraging, there is still much to
be learned about electrical stimulation of
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the auditory nerve. Future research in co-
chlear prosthesis should:

1. Continue investigating the strengths
and limitations of present sig-
nal-processing strategies including CIS
and SPEAK. The findings of such investi-
gations may lead to the development of
signal-processing techniques capable of
transmitting more information to the brain.

2. Develop noise-reduction algorithms
that will help implant patients better com-
municate in noisy environments.

3. Identify factors that contribute to the
variability in performance among patients
[53]. Knowing these factors may help us
develop signal-processing techniques that
are patient-specific. Patients will then be
optimally fitted with specific signal pro-
cessors, much like people are fit with new
eye glasses by an optometrist. The success
of the new signal processors will uiti-
mately narrow the gap in performance be-
tween “poorly performing” and
“better-performing” patients.

4. Develop preoperative procedures
that can predict how well a patient will
perform with a particular type of cochlear
implant.

5. Continue investigating the effects of
electrical stimulation on encoding of
speech in the auditory nerve. Such investi-
gations may help us design better elec-
trodes as well as develop new signal
processing strategies.

6. Design electrode arrays capable of
providing a high degree of specificity.
Such electrode arrays will provide chan-
nel selectivity, whichis now considered to
be one of the limiting factors in perfor-
mance.

7. Investigate the effect of high-rate
pulsatile stimulation (> 3000 pps) on
speech perception as well as on music ap-
preciation using more than eight channels.

It is hoped that future research in co-
chlear prosthesis will mature to a level
that will enable all implant patients to be
“better-performing” patients.
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