
SEPTEMBER 1998 IEEE SIGNAL PROCESSING MAGAZINE 
1053-5888/98/$10.000 1998IEEE 

101 



or centuries, people believed that only a miracle 
could restore hearing to the deaf. It was not uii- 
til 40 years ago that scientists first attempted to 
restore normal hearing to die deaf by electrical 

stimulation of the auditory nerve. The first experiments 
were discouraging as the patients reported that speech 
was unintelligible. However, as researchers kept investi- 
gating different techniques for delivering electrical stim- 
uli to the auditory nerve, the auditory sensations elicited 
by electrical stimulation gradually came closer to sound- 
iiig more like normal speech. Today, a prosthetic device, 
called a cochlear implant, can be implanted in the inner 
ear and can restore partial hearing to profoundly deaf 
people. Some individuals with implants can now commu- 
nicate without lip-reading or signing, and some can com- 
municate over the telephone. 

The success of cochlear implants can be attributed to 
the combined efforts of scientists from various disciplines 
inclulng bioengineering, physiology, otolaryngology, 
speech science, and signal processing. Each of these lsci-  
pliiies contributed to various aspects of the design of co- 
chlear prostheses. Signal processing, in particular, played 
an important role in the development of lfferent tech- 
niques for deriving electrical stimuli from the speech sig- 
nal. Designers of cochlear prosthesis were faced with the 
challenge of developing signal-processing techniques that 
would mimic the function of a normal cochlea. 

The purpose of this article is to preseiit an overview of 
various signal-processing techniques that have beeii used 
for cochlear prosthesis over the past 25 years. The sig- 
nal-processing strategies described here will be only a 
subset of the many that have been developed for cochlear 
prosthesis. Information on other signal processing strate- 
gies may be found in the excellent review by 
Wilson [l] as well as in [2], [3], and [4]. 

Background 
An understanding of how our auditory system 
works is central to the development of a suc- 
cessful cochlear implant. After all, it is impor- 
tant to know how a normal audtory system 
functions before we can fur a system that is 
damaged. Here we review background mate- 
rial necessary for understanding cochlear pros- 
thesis including a brief overview of the type of 
informatioii contained in the acoustic signal 
and its relabon to speech perception and a de- 
scriptioii of how the aultory system works, 
how it analyzes the speech signal, and what 
causes hearing loss. 

The Speech Sfgnal 
The designers of cochlear prosthesis need to lmow 
what information in the speech signal is perceptu- 
ally important. This lnformation needs to be pre- 
served in order for the patient to be able to hear 

speech that is intelligible. This section reviews some fun- 
damental elements of the speech signal. 

According to the source-filter model of speech production 
[ 5,6], the speech signal can be considered to be the output of a 
linear system. Dependmg on the type of input excitation 
(source), two classes of speech sounds are produced: voiced 
and unvoiced. If the input excitation is noise, then unvoiced 
sounds such as /s/, /t/, etc., are produced, and if the input exci- 
tation is periodc then voiced sounds such as /a/ ,  /I/, etc., are 
produced. In the unvoiced case, noise is generated either by 
forcing air though a narrow constriaioii (e.g., production of 
/U) or by buildmg air pressure b e h d  an obstruction and then 
suddenly releasing that pressure (e.g., production of /t/). In 
contrast, the excitation used to produce voiced sounds is peri- 
o d ~  and is generated by the vibrating vocal cords. The fie- 
quency of die voiced excitation is commonly referred to as the 
hdamental fiequeiicy (FO). 

The vocal tract shape, defined m terms of tongue, velum, 
lip and jaw position, acts like a "fdter" that filters the excita- 
tton to produce the speech signal. The frequency response of 
the filter has Merent spectral characteristics dependmg on 
the shape of the vocal tract. The broad spectral peala in the 
spectrum are the resonances of the vocal tract and are coin- 
monly referred to as formants. Figure 1 shows, for example, 
the formants of the vowel /eh/ (as in "head"). The frequencies 
of the first three formants (denoted as F1, F2, and F3) coii- 
tain sufficient mformation for the recoption of vowels as 
well as other voiced sounds. Formant movements have also 
been found to be extremely important for the perception of 
unvoiced sounds (i.e., consonants) (e.g., [6, 7 ) .  hi sum- 
mary, the formants carry some information about the speech 
signal; because of this, some of the early cocldear mplant de- 
vices conveyed formant dormatton to the electrodes. 

A 1. The top panel shows the time waveform of a 30-msec segment of the 
vowel/eh/, as in "head," The bottom panel shows the spectrum of the vowel 
/eh/ obtained using the short-time Fourier transform (solid lines) and linear 
prediction (LPC) analysis (dashed lines). The peaks in the LPC spectrum cor- 
respond to the formants F7, F2, and F3. 
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A 2. A diagram (not to scale) of the human ear {reprinted with permis- 
sion from [85]). 

Normal Hearing 
Figure 2 shows a simplified diagram of the human ear 
consisting of the outer, middle, and inner ear [ 81. Sound 
undergoes a series of transformations as it travels through 
the outer ear, middle ear, inlier ear, auditory nerve and 
into the brain. The outer ear piclis up acoustic pressure 
waves that are converted to mechanical vibrations by a se- 
ries of small bones in the middle ear. In the inner ear, the 
cochlea, a snail-shaped cavity filled with fluid, transforms 
the mechanical vibrations to vibrations in fluid. Pressure 
variations within the fluids of the cochlea lead to displace- 
ments of a flexible membrane, called the basilar mem- 
brane, in the cochlea. These displacements contain 
information about the frequency of the acoustic signal. 
Attached to the basilar membrane are hair cells that are 
bent according to the displacements of the basilar mem- 
brane. The bending of the hairs releases an electrochemi- 
cal substance that causes neurons to fire, signaling the 
presence of excitation at a particular site in the inner ear. 
These neurons communicate with the central iiervous 
system and transmit information about the acoustic sig- 
nal to the brain. 

Deafness 
The hair cells in conjunction with the basilar membrane 
are responsible for translating mechanical information 
into neural information. If the hair cells are damaged, the 
auditory system has no way of transforming acoustic 
pressure waves (sound) to neural impulses, and that in 
turn leads to hearing impairment. Put simply, the sound 
travels through the outer ear, the middle ear, and the in- 
ner ear but never makes it all the way to the brain because 
of the broken link-the damaged hair cells. The hair cells 
can be damaged by certain diseases (e.g., meningitis, 
Meniere’s disease), congenital disorders, by certain drug 

treatments, or by many other causes. Damaged hair 
cells can subsequently lead to degeneration of adja- 
cent auditory neurons, and if a large number of hair 
cells or auditory neurons throughout the cochlea 
are damaged, then the person with such a loss is di- 
agnosed as profoundly deaf. Research [9] has 
shown that the most common cause of deafness is 
the loss of hair cells rather than the loss of aultory 
neurons. This was very encouraging for cochlear 
implants because the remaining neurons could be 
excited directly through electrical stimulation. A 
cochlear prosthesis is therefore based on the idea of 
bypassing the normal hearing mechanism (outer, 
middle, and part of the inner ear including the hair 
cells) and electrically stimulating the remaining au- 
ditory neurons directly. The challenge we face is 
finding out how to stimulate (electrically) auditory 
neurons so that meaningfbl information about 
speech is conveyed to the brain. The electrical stim- 
ulation should, for example, convey information 
about the amplitude and the frequency of the 

acoustic signal. 

Encoding Frequency 
This leads us to the question “How does the auditory sys- 
tem encode frequencies?” The pioneering work of Georg 
von Bekesy in the 1950s showed that the basilar mem- 
brane in the inner ear is responsible for analyzing the in- 
put signal into different frequencies. Different 
frequencies cause maximum vibration amplitude at dif- 
ferent points along the basilar membrane (see Fig. 3) .  
Low-frequency sounds create traveling waves in the flu- 
ids of the cochlea that cause the basilar membrane to vi- 
brate with largest amplitude of displacement at the apex 
(see Fig. 3) of the basilar membrane. On the other hand, 
high-frequency sounds create traveling waves with largest 
amplitude of displacement at the base (near the stapes) of 

A 3. Diagram of the basilar membrane showing the base and 
the apex. The position of maximum displacement in response 
to sinusoids of different frequency (in Hz) is indicated. 
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A 4. Diagram showing the operation of a four-channel cochlear implant. Sound is picked up by a microphone and sent to a speech pro- 
cessor box worn by the patient. The sound is then processed, and electrical stimuli are delivered to the electrodes through a ra- 
dio-frequency link. Bottom figure shows a simplified implementation of the CIS signal processing strategy using the syllable "sa" as 
an input signal. The signal first goes through a set of four bandpass filters that divide the acoustic waveform into four channels. The 
envelopes of the bandpassed waveforms are then detected by rectification and low-pass filtering. Current pulses are generated with 
amplitudes proportional to the envelopes of each channel and transmiited to the four electrodes through a radio-frequency link. Note 
that in the actual implementation the envelopes are compressed to fit the patient's electrical dynamic range. 

the basilar membrane. If the signal is composed of multi- 
ple frequencies, then the resulting traveling wave will cre- 
ate maximum displacement at lfferent points along the 
basilar membrane. The cochlea therefore acts like a spec- 
trum analyzer. It decomposes complex sounds into their 
frequency components. 

The cochlea is one of the mechanisms used by our audi- 
tory system for encoding frequencies. The traveling wave 
of the basilar membrane in the cochlea vibrates with maxi- 
inurn amplitude at a place along the cochlea that is depend- 
ent on die frequency of stimulation. The corresponhg 
hair cells bent by the lsplacement in the membrane stimu- 
late adjacent nerve fibers, which are organized accorcling to 
the frequency at whch they are most sensitive. Each place 
or location in the cochlea is therefore responding "best" to 
a particular frequency. This mechanism for determining 
frequency is referred to as place theovy. The place mecha- 
nism for coding frequencies has motivated multichannel 
cochlear implants. Another theory, called volley theovy, sug- 
gests that frequency is determined by the rate at which the 
neurons are fired. Accorhg to the volley theory, the audi- 

tory nerve fibers fire at rates proportional to the period of 
the input signal up to frequencies of 5,000 Hz. At low fre- 
quencies, individual nerve fibers fire at each cycle of the 
stimulus; i.e., they are "phase locked" with the stimulus. At 
high frequencies, frequency is indicated by the organized 
firing of groups of nerve fibers. 

Cochlear Implants 
Several cochlear implant devices have been developed 
over the years [ 13. All the implant devices have the follow- 
ing features in common: a microphone that piclis up the 
sound, a signal processor that converts the sound into 
electrical signals, a transmission system that transmits the 
electrical signals to the implanted electrodes, and an elec- 
trode or an electrode array (consisting of multiple elec- 
trodes) that is inserted into the cochlea by a surgeon (Fig. 
4). In single-channel implants only one electrode is used. 
In multichannel cochlear iniplants, an electrode array is 
inserted in the cochlea so that lfferent audtory nerve fi- 
bers can be stimulated at lfferent places in the cochlea, 
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thereby exploiting the place mechanism for coding fre- 
quencies. Different electrodes are stimulated depending 
on the frequency of the signal. Electrodes near the base of 
the cochlea are stimulated with high-frequency signals, 
while electrodes near the apex are stimulated with 
low-frequency signals. The signal processor is responsible 
for breaking the input signal into different frequency 
bands or channels and delivering the filtered signals to the 
appropriate electrodes. The main function of the signal 
processor is to decompose the input signal into its fre- 
quency components, much like a healthy cochlea analyzes 
the input signal into its frequency components, The de- 
signers of cochlear prosthesis are faced with the challenge 
of developing signal-processing techniques that mimic 
the function of a healthy cochlea. 

The cochlear implant is based on the idea that there are 
enough audtory nerve fibers lefi for stimulation in the vi- 
cinity of the electrodes. Once the nerve fibers are stimu- 
lated, they fire and propagate neural impulses to the brain. 
The brain interprets them as sounds. The perceived loud- 
ness of the sound may depend on the number of nerve fi- 
bers activated and their rates of firing. If a large number of 
nerve fibers is activated, then the sound is perceived as 
loud. Likewise, if a small number of nerve fibers is acti- 
vated, then the sound is perceived as soft The number of 
fibers activated is a function of the amplitude of the stimu- 
lus current. The loudness of the sound can therefore be 
controlled by varying the amplitude of the stimulus cur- 
rent. The pitch, on the other hand, is related to the place in 
the cochlea that is being stimulated. Low-pitch sensations 
are elicited when electrodes near the apex are stimulated, 
while high-pitch sensations are elicited when electrodes 
near the base are stimulated. In summary, the implant can 
effectively transmit information to the brain about the 
loudness of the sound, which is a function of the amplitude 
of the stimulus current, and the pitch, which is a function 
of the place in the cochlea being stimulated. 

As an example, Fig. 4 shows the operation of a 
four-channel implant. Sound is picked up by a micro- 
phone and sent to a speech processor box (the size of a 
pager) worn by the patient. The sound is then processed 
through a set of four bandpass filters that divide the 
acoustic waveform into four channels. Current pulses are 
generated with amplitudes proportional to the energy of 
each channel, and transmitted to the four electrodes 
through a radio-frequency link. The relative amplitudes 
of the current pulses delivered to the electrodes reflect the 
spectral content of the input signal (Fig. 4). For instance, 
if the speech signal contains mostly high frequency infor- 
mation (e.g., /s/), then the pulse amplitude of the fourth 
channel will be large relative to the pulse amplitudes of 
channels 1-3. Similarly, if the speech signal contains 
mostly low frequency information (e.g., vowel /a/) then 
the pulse amplitude of the first and second channels will 
be large relative to the amplitudes of channels 3 and 4 
(Fig. 4). The electrodes are therefore stimulated accord- 
ing to the energy level of each frequency channel. 

Implant Characterbtics 
Figure 4 showed one type of cochlear implant that is be- 
ing used. Several other types of implant devices have been 
developed over the years [ 11. These devices differ in the 
following characteristics : 

Electrode design (e.g., number of electrodes, electrode 
nfiguration) , 
Type of stimulation-analog or pulsatile, 
Transmission link-transcutaneous or percutaneous, 
Signal processing-waveform representation or fea- 

A brief description of each of the above device charac- 
ture extraction. 

teristics is given below. 

Electrode Design 
The design of electrodes for cochlear prosthesis has been 
the focus of research for over two decades [ 10,111. Some 
of the issues associated with electrode design are: (1) elec- 
trode placement, (2) number of electrodes and spacing of 
contacts, (3) orientation of electrodes with respect to the 
excitable tissue, and (4) electrode configuration. 

Electrodes may be placed near the round window of the 
cochlea (extracochlear), or  in the scala tympani 
(intracochlear) or on the surface of the cochlear nucleus. 
Most commonly, the electrodes are placed in the scala 
tympani because it brings the electrodes in close proximity 
with auditory neurons that lie along the length of the co- 
chlea. This electrode placement is preferred because it pre- 
serves the “place” mechanism used in a normal cochlea for 
coding frequencies. Tihat is, auditory neurons that are 
“tuned” for high frequencies are stimulated whenever the 
electrodes near the base are stimulated, whereas auditory 
nt‘urons that are “tuned” for low frequencies are stimulated 
whenever the electrodes near the apex are stimulated. In 
most cases, the electrode arrays can be inserted in the scala 
tympani to depths of 22-30 mm within the cochlea. 

The number of electrodes as well as the spacing be- 
tween the electrodes affects the place resolution for cod- 
ing frequencies. In principle, the larger the number of 
electrodes, the finer the place resolution for coding fre- 
quencies. Frequency coding is constrained, however, by 
two factors that are inherent in the design of cochlear 
prosthesis. (1 ) number of surviving auditory neurons 
that can be stimulated at a particular site in the cochlea, 
and (2) spread of excitation associated with electrical 
stimulation. Unfortunately, there is not much that can be 
done about the first problem, because it depends on the 
etiology of deafness. Ideally, we would like to have sur- 
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A 5. Diagram showing two electrode configurations: monopolar 
and bipolar. In the monopolar configuration the active elec- 
trodes are located far from the reference electrode (ground), 
while in the bipolar configuration the active and reference 
electrodes are placed close to each other. 

viving auditory neurons lying along the length of the co- 
chlea. Such a neuron survival pattern would support a 
good frequency representation through the use of multi- 
ple electrodes, each stimulating a different site in the co- 
chlea. At the other extreme, consider the situation where 
the number of surviving auditory neurons is restricted to 
a small area in the cochlea. In that situation, a few elec- 
trodes implanted near that area would be as good as 100 
electrodes distributed all along the cochlea. So, using a 
large number of electrodes will not necessarily result in 
better performance, because frequency coding is con- 
strained by the number of surviving auditory neurons 
that can be stimulated. 

In addition, frequency coding is constrained by the 
spread of excitation caused by electrical stimulation. 
When electric current is injected to the cochlea, it tends to 
spread out symmetrically from the source. As a result, the 
current stimulus does not stimulate just a single (isolated) 

site of auditory neurons, but several. Such a spread in 
excitation is most prominent in inonopolar electrode con- 
figuration. In this configuration, the active electrode is lo- 
cated far from the reference electrode, which acts as a 
ground for all electrodes (see Fig. 5). The spread of excita- 
tlon due to electrical stimulation can be constrained to a 
degree by using a bipolar electrode configuration. In the 
bipolar configuration, the active and the reference 
(ground) electrodes are placed close to each other (Fig. 5). 
Bipolar electrodes have been shown to produce a more lo- 
chzed stirnulation than monopolar electrodes [12, 131. 
Although the patterns of electrical stiinulation produced 
by inonopolar and bipolar configurations are different, it is 
stdl not clear which of the two electrode configurations 
will result in better performance for a particular patient. 

Currently, some implant devices employ monopolar 
electrodes, other devices employ bipolar electrodes, and 
other devices provide both types of electrodes. Table 1 
shows a list of current implant devices and their character- 
istics. The Ineraid (also called Symbion) device uses 6 
electrodes spaced 4 mm apart. Only the four most apical 
electrodes are used in inonopolar configuration. The Nu- 
cleus device uses 22 electrodes spaced 0.75 mm apart. 
Electrodes that are 1.5 mm apart are used as bipolar pairs. 
The Clarion device provides both monopolar and bipolar 
configurations. Eight electrodes are used, which are 
spaced 2 mm apart. The Med-El device uses 12 electrodes 
(spaced 2.4 mm apart) in monopolar configuration. 

Type of Stimulation 
There are generally two types of stirnulation depenlng 
on how information is presented to the electrodes: If the 
information is presented in analog form, then the stimu- 
lation is referred to as analog stimulation, and if the infor- 
mation is presented in pulses, then the stmdation is 
referred to as pulsatile stimulation. 

In analog stimulation, an electrical analog of the acous- 
tic waveform itself is presented to the electrode. In multi- 
channel implants, the acoustic waveform is bandpass 
filtered, and the filtered waveforms are presented to all 
electrodes simultaneously in analog form. The rationale 
behind this type of stimulation is that the nervous system 
will sort out and/or malie use of all the information con- 
tained in the raw acoustic waveforms. One disadvantage 
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of analog stimulation is that the simultaneous stimulation 
may cause channel interactions. 

In pulsatile stimulation, the information is delivered to 
the electrodes using a set of narrow pulses. In some de- 
vices, the amplitudes of these pulses are extracted from 
the envelopes of the filtered waveforms (Fig. 4). The ad- 
vantage of this type of stimulation is that the pulses can be 
delivered in a nonoverlapping (i.e., nonsimultaneous) 
fashion, thereby minimizing channel interactions. The 
rate at which these pulses are delivered to the electrodes, 
i .e. ,  the pulse rate, has been found to affect 
speech-recognition performance [ 141. High pulse rates 
tend to yield better performance than low pulse rates. 

Transmission Link 
Once the electrodes are in place, how do signals get tram- 
mitted from the external processor to the implanted elec- 
trodes? There are currently two ways of transmitting the 
signals: (1) through a transcutaneous connection and (2) 
through a percutaneous connection (see Fig. 6 ) .  

The transcutaneous system transmits the stimuli 
through a radio-frequency link. In this system, an external 
transmitter is used to encode the stimulus information for 
radio-frequency transmission from an external coil to an 
implanted coil. The internal receiver decodes the signal 
and delivers the stimuli to the electrodes (Fig. 6).  The 
transmitter and the implanted receiver are held in place 
on the scalp by a magnet. The advantage of this system is 
that the shn in the scalp is closed after the operation, thus 
avoiding possible infection. The disadvantage of this sys- 
tem is that the implanted electronics (i.e., the receiver cir- 
cuitry) may fail, and it would require surgery to replace 
them. Another disadvantage of this system is that the 
transcutaneous connector contains magnetic materials 
that are incompatible with MRI scanners. Most cochlear 
implant devices (e.g., Nucleus, Clarion, Med-El) today 
use transcutaneous connections. 

The percutaneous system transmits the stimuli to the 
electrodes directly through plug connections (Fig. 6).  In 
this system, there are no implanted electronics, other than 
the electrodes. The major advantage of the percutaneous 

system is flexibility and signal transparency. The signal 
transmission is in no way constrained by the implanted 
receiver circuitry. It is therefore ideal for research pur- 
poses for investigating nevv signal-processing techniques. 
The Ineraid device is the only device that uses 
percutaneous connectors. 

Signal Processing 
The last, and perhaps most important, difference among 
implant devices is in the signal-processing strategy used 
for transforming the speech signal to electrical stimuli. 
Several signal-processing techniques have been devel- 
oped over the past 25 years. Some of these techniques are 
aimed at preserving waveform information, others are 
aimed at preserving envelope information, and others are 
aimed at preserving spectral features (e.g., formants). A 
more detailed description of each of these sig- 
nal-processing techniques will be presented in the follow- 
ing  sections. Representative results for each 
signal-processing strategy will be presented. 

Who Can Be Implanted? 
Not all people with hearing impairment are candidates for 
cochlear implantation. Certain audiological criteria need 
to be met. First, the hearing loss has to be severe or pro- 
found and it has to be bilateral (i.e., in both ears). Pro- 
found deafness [ 151 is defined as a hearing loss of 90 dB or 
more. Hearing loss is typically measured as the average of 
pure-tone hearing thresholds at 500,1,000, and 2,000 Hz 
expressed in dJ3 with reference to normal thresholds. Sec- 
ond, the candidate has to obtain sentence recognition 

scores of 30% correct or less under best-aided con- 
ditions. Children age two years or older with pro- 
found (> 90 dB HL) sensorineural loss in both 
ears are also canldates for cochlear implantation. 

A 6. Diagram showing two different ways of transmitting electrical stimuli to 
the electrode array. The top panel shows a transcutaneous (ra- 
dio-frequency link) connection and the bottom panel shows a 
percutaneous (direct) connection. 

Evaluating Performance 
Once a patient has been fit with a cochlear im- 
plant, how do we evaluate his/her ability to iden- 
tify or recognize speech? Patient’s speech 
perception abilities are typically evaluated using 
sentence, monoqyllabic word, vowel, and conso- 
nant tests. Implant patients teiid to achieve 
higher scores on sentence tests than on any other 
test. This is because they can use higher-level 
knowledge such as grammar, context, semantics, 
etc., when recognizing words in sentences. For 
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example, a patient might only hear the first two words 
and tlie final word in a sentence but can use context to 
“fill in” the blanks. Sentence tests are considered to be 
open sets because the patient does not h o w  the list of 
all possible word choices. Tests of vowel and conso- 
nant recognition, on the other hand, are considered 
closed-set tests. In these tests the patient luiows all of 
the possible choices, but the tests themselves are not 
necessarily easier because all the items in the list are 
phonetically similar. In a vowel test, for example, the 
patient may listen to words like “heed, had, hod, head, 
hud, hid, hood, who’d‘‘ which only differ in die mid- 
dle segment (i.e., tlie vowel) of the word. Vowel and 
consonant tests are aimed at assessing a patient’s abil- 
ity to resolve spectral and temporal information. The 
most difficult test, by far, is the recognition of mono- 
syllabic words. One such test, the NU-6 word lists, 
was developed by Northwestern Uni- 
versity and consists of lists of 50 mono- 
syllable words [16]. Other  
standardized tests include the recogni- 
tion of 100 lceywords from the Central 
Institute for the Deaf (CID) sentences 
of everyday speech, recognition of 25 
two-syllable words (spondees), and tlie 
Iowa test (171 which consists of sen- 
tences, vowels, and consonaiits re- 
corded on a laserdm in audio, visual, 
and audio-visual format. 

Different tests are used to evaluate 
the speech perception abilities of chil- 
dren. These tests are specially designed 
to reflect tlie language and vocabulary 
level of the child. It makes no sense, for 
example, to include the word or pic- 
ture of a “turtle” in the test, if the child 
does not laow what a turtle is. A good 
review on various tests developed to 
evaluate the speech perception abilities 
of children can be found in [ 181. 

Single-Channel Implants 

A 7. Block diagram of the House/3M single-channel implant, The sig- 
nal is processed through a 340-2,700 Hz filter, modulated with a 16 
kHz carrier signal, and then transmitted (without any demodula- 
tion) to a single electrode implanted in the scala tympani 

A 8. The time waveform (top) of the word ”aka,“and the amplitude modulated wave- 
form (bottom) processed through the House/3M implant for input signal levels ex- 
ceeding 70 dB SPL. 

Single-channel implants provide electrical stimulation at 
a single site in the cochlea using a single electrode. These 
implants are of interest because of their simplicity in de- 
sign and their low cost compared to multichannel im- 
plants. They are also appealing because they do not 
require much hardware and conceivably all the electron- 
ics could be packaged into a behind-the-ear device. 

Single-channel implants were first implanted in human 
subjects in the early 1970s. At the time, there was a lot of 
skepticism about whether single-channel stimulation 
could really work [ 191. Doctors and scientists argued that 
electrical stimulation of the audtory nerve could produce 
nothing but noise. Despite the controversy, researchers in 
United States and in Europe kept worlung on tlie develop- 

ment of single-channel prostliesis. These early efforts led 
to, among other devices, the House/3M single-channel 
implant and the Vienna/3M single-channel implant. 

House/JM De vice 
The House single-channel implant was origiiially devel- 
oped by William House and his associates in tlie early 
1970s [20,21]. Improvements to the implant were later 
undertaken jointly with the 3M company, and the device 
was henceforth referred to as House/3M. Figure 7 shows 
the block diagram of the House/3M device. It consists of 
three main components: (1) the signal processor, (2) the 
signal transmitter/receiver, and (3) the implanted elec- 
trodes [22]. The acoustic signal is picked up by a micro- 
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A 9. Block diagram of the Ilienna/3M single-channel implant. 
The signal is first processed through a gain-controlled ampli- 
fier that compresses the signal to the patient‘s electrical dy- 
namic range. The compressed signal is then fed through an 
equalization filter ( I  00-4,000 Hz), and is amplitude modulated 
for transcutaneous transmission. The implanted receiver de- 
modulates the radio-frequency signal and delivers it to the im- 
planted electrode. 

input signal level because the House/3M device does not 
attempt to reduce or limit the input dynamic range [22]. 
For sound pressures between 55 dB to 70 dB, the enve- 
lope output changes linearly, but for sound pressures 
above 70 dB, the envelope output saturates at a level just 
below the patient’s level of discomfort; that is, for speech 
signals above 70 dB the envelope output is clipped (see 
example in Fig. 8) .  Consequently, the temporal details in 
the speech signal may be distorted or discarded. The peri- 
odicity, however, of the signal is preserved. As shown in 
Fig. 8, bursts of the 16 liHz carrier appear to be in syn- 
chrony with the period of voiced segments as well as 
other low-energy segments of the input signal. 

Given the limited temporal information conveyed by 
the House/3M device, it was not surprising that the ma- 
jority of the patients did not obtain open-set speech rec- 
ognition with hearing alone (e.g., [ 2 3 ] ) .  Rosen et al. [24] 
found that the average percent correct score on consonant 
identification was 37% for four patients. Only excep- 

tional patients were able to obtain scores above 
zero on monosyllabic word (NU-6) identifica- 
tion. In a study by Danhauer et al. [25], only four 
patients (out of 18) achieved a 2% correct score 
and only one patient achieved a 4% correct score 
on monosyllabic word identification. 

A 10. The equalization filter used in the Vienna/3M single-channel implant. 
The solid plot shows the ideal frequency response and the dashed plot 
shows the actual frequency response. The squares indicate the corner 
frequencies, which are adjusted for each patient for best equalization. 

phone, amplified, and then processed through a 
340-2,700 Hz bandpass filter. The bandpassed signal is 
then used to modulate a 16 1-z carrier signal. The modu- 
lated signal goes through an output amplifier and is ap- 
plied to an external induction coil. The output amplifier 
allows the patient to control the intensity of the stimula- 
tion. The output of the implanted coil is finally sent 
(without any demodulation) to the implanted active elec- 
trode in the scala tympani. 

In the House/3M device, it is the modulated speech 
signal that is being transmitted to the electrodes rather 
than the speech signal itself. Information about gross 
temporal fluctuations of the speech signal are contained 
in the envelope of the modulated signal. However, the 
shape of the modulated envelope signal is affected by the 

Vienna,/3M Device 
The Vienna single-channel implant was devel- 
oped at the Technical University of Vienna, Aus- 
tria, in the early 1980s [26]. The block dagram of 
the Vienna13M implant is shown in Fig. 9. The 
signal is first preamplified and then compressed 
using a gain-controlled amplifier with a short at- 
tack time (0.5 msec) , The amount of compression 
is adjusted according to the patient’s dynamic 
range. The compressed signal is then fed through 
a frequency-equalization filter (Fig. 10) that at- 
tenuates frequencies outside the range 100-4,000 
Hz. The filtered signal is amplitude modulated 
for transcutaneous transmission. The implanted 
receiver demodulates the radio-frequency signal 
and sends the demodulated stimuli to the im- 

planted electrode. 
The Vienna/3M device was designed so that: (1) the 

temporal details in the analog waveform would be pre- 
served and (2) frequencies in the range 100-4,000 Hz 
would be audible to the patients. The automatic gain con- 
trol ensures that the temporal details in the analog wave- 
form are preserved regardless of the input signal level. It 
therefore prevents high-level input signals from being 
clipped. The frequency-equalization filter ensures that all 
frequencies in the range of 100 Hz to 4 IHz, which are 
very important for understanding speech, are audible to 
the patients. Without the equalization filter, only 
low-frequency signals would be audible. This is because 
the electrical threshold level (i.e., the electrical stimulus 
level that is barely audible to the patient) is typically lower 
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A 1 I .  Percentage of words identified correctly on sentence tests by nine 
“better-performing” patients wearing the I/ienna/3M device (Tyler et al. [29]). 

at low frequencies and higher at high frequencies (> 300 
Hz) [27] [28]. The frequency response of the equaliza- 
tion filter (Fig. 10) is adjusted for each patient so that si- 
nusoids with frequencies in the range of 100 Hz to 4 lrHz 
are equally loud. 

Unlike the House/3M device, the Vienna/3M device 
managed to preserve fine temporal variations in the 
speech signal. Some Viema/3M patients were able to rec- 
ognize speech. In the study by Tyler [29],  some of the ex- 
ceptional patients were able to identify words in sentences 
with 86% accuracy. Word identification scores ranged 
from 15% to X6% correct across nine patients (Fig. 11). 
Hochmair-Desoyer et al. [30] also report, for a group of 
22 patients, a mean score of 30% correct for monosyl- 
labic 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. [23] ) ,  found 
that patients using the Viennal3M 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 ob- 
tain open-set speech understanding with single-channel 
implants given the limited spectral information. Sin- 
gle-channel stimulation does not exploit the place code 
mechanism used by a normal cochlea for encoding fre- 
quencies, since only a single site in the cochlea is being 
stimulated. Temporal encodmg of frequency by single 
nerve fibers is restricted (due to the neural refractory pe- 
riod) to l ld3z [ 3 l]. It is also conceivable that patients 
could extract frequency information from the periodicity 
of the input stimulus. This is possible, but only for stimu- 
lus frequencies up to 300-500 Hz. Experiments [27] 
showed that implant patients (as well as normal-hearing 
listeners [ 321) cannot discriminate differences in pitch for 
stimulus frequencies above 300 Hz. (It should be noted 

that pitch is related to frequency. As the 
frequency increases, we hear a rise in pitch 
and as the frequency decreases we hear a 
lowering in pitch. The relationship, how- 
ever, is not linear [ 351 .) 

Single-channel stimulation restricts the 
amount of spectral information that an im- 
plant patient can receive to frequencies be- 
low l liHz. However, this is not sufficient 
for speech perception because there is im- 
portant information in the speech signal up 
to 4,000 Hz, and beyond. But what liind of 
information is available in the speech signal 
below 1 liHz? The speech signal contains 
information about the fundamental fre- 
quency, the first formant (Fl), and some- 
times (depending on the vowel and the 
speaker) the second formant (F2). The 
presence of fundamental frequency in&- 
cates the presence of voiced sounds (e.g., 

vowels), and, therefore, the patient could discriminate be- 
tween voiced (vowels) and unvoiced sounds (majority of 
consonants). Changes in fundamental frequency also give 
information about sentence prosody; i.e., the patients 
should be able to tell whether a sentence is a statement or a 
question. Patients could also &scriminate between certain 
vowels that &ffer in F1 frequency, i.e., vowels /i, u/ and /a, 
ae/. Filially, assuming that the teinporal details in the wave- 
form are preserved (as in the Vieima/3M device), the pa- 
tients should be able to discriminate among the consonant 
sets /s sh th fl, /b d g p t I</ and /w r 1 y/, which have different 
waveform characteristics [34]. 

In summary, single-channel implants are capable of 
conveying time/envelope information as well as some fre- 
quency information. The transmitted frequency inforina- 
tion however is limited and insufficient for speech 
recognition. Yet, some of the exceptional patients 
achieved high scores on open-set speech recognition 
tests. It remains a puzzle how some single-channel pa- 
tients can perform so well given the limited spectral infor- 
mation they receive. 

Multichannel Implants 
Unlike single-channel implants, multichannel implants 
provide electrical stimulation at multiple sites in the co- 
chlea using an array of electrodes. An electrode array is 
used so that different audtory nerve fibers can be stimu- 
lated at different places in the cochlea, thereby exploiting 
the place mechanism for coding frequencies. Different 
electrodes are stimulated depending on the frequency of 
the signal. Electrodes near the base of the cochlea are 
stimulated with high-frequency signals, while electrodes 
near the apex are stimulated with low-frequency signals. 

When multichannel implants were introduced in the 
19XOs, several questions were raised regarding multi- 
channel stimulation: 
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A 12. Block diagram of the compressed analog approach used in 
the lneraid 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), am- 
plified using adjustable gain controls, and then sent directly to 
four intracochlear electrodes. 

How many electrodes should be used ? If one channel 
stimulation is not sufficient for speech perception, then 

how many channels are needed to obtain high levels of 
eech understanding? 
Since more than one electrode will be stimulated, what 

kind of information should be transmitted to each elec- 

trode? Should it be some type of spectral feature or attrib- 
ute of the speech signal that is laown to be important for 
speech perception (e.g., first and second formants), or 
some type of waveform derived by filtering the original 
speech signal into several frequency bands? 

Researchers experimented with different numbers of 
electrodes. Some devices used a large number of elec- 
trodes (22) but only stimulated a few, while other devices 
used a few electrodes (4-8) and stimulated all of them. 
The answer to the question on how many channels are 
needed to obtain high levels of speech understanding is 
still the subject of debate (e.g., Shannon et al. [35], 
Dorman et al. [ 361). Depending on how researchers tried 
to address the second question, different types of sig- 
nal-processing techniques were developed. 

The various signal-processing strategies developed for 
multichannel cochlear prosthesis can be divided into two 
main categories: waveform strategies and fea- 
ture-extraction strategies. These strategies differ in the 
way information is extracted from the speech signal and 
presented to the electrodes. The waveform strategies try 
to present some type of waveform (in analog or pulsatile 
form) derived by filtering the speech signal into different 
frequency bands, while the feature-extraction strategies 
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A 14. The distribution of scores for 50 Ineraid patients tested on monosyllabic word rec- 
ognition, spondee word recognition, and sentence recognition (Dorman et al. [39]). 

try to present some type of spectral features, such as 
formants, derived using feature extraction algorithms. A 
review of these signal-processing strategies is given next, 
starting with waveform strategies and continuing with 
feature-extraction strategies. 

Compressed-Analog (CA) Approach 
The compressed-analog (CA) approach was originally 
used in the Ineraid device manufactured by Symbion, 
Inc., Utah [37]. The CA approach was also used in the 
UCSF/Storz device [38], which is now discontinued. 
The block diagram of the CA approach is shown in Fig. 
12. The signal is first compressed using an automatic gain 
control and then filtered into four contiguous frequency 
bands, with center frequencies at 0.5, 1,2, and 3.4 1Hz. 
The filtered waveforms go through adjustable gain con- 
trols and then are sent lrectly through a percutaneous 
connection to four intracochlear electrodes. The filtered 
waveforms are delivered simultaneously to four elec- 
trodes in analog form. The electrodes, spaced 4 mm 
apart, operate in monopolar configuration. Figure 13 
shows, as an example, the four bandpassed waveforms 
produced for the syllable ccsa’’ using a simplified imple- 
mentation of the CA approach. 

The CA approach, used in the Ineraid device, was 
very successful as it enabled many patients to obtain 
open-set speech understanding. Dorman et al. [39] re- 
ported, for a sample of 50 Ineraid patients (Figure 14), a 

median score of 45% correct for word 
identification in CID sentences, a median 
score of 14% correct for monosyllabic 
word identification, and a median score 
of 14% correct  for  spondee  
(two-syllable) words. The CA multichan- 
nel approach clearly yielded superior 
speech-recognition performance over the 
single-channel approach [ 371. This was 
not surprising given the increased fre- 
quency resolution provided by multi- 
ple-channel stimulation. 

Con fin uo us Interleaved Sampling 
(CIS) Approach 
The CA approach uses analog stimulation 
that delivers four continuous analog 
waveforms to four electrodes simulta- 
neously. A major concern associated with 
simultaneous stimulation is the interac- 
tion between channels caused by the sum- 
mation of electrical fields from inlvidual 
electrodes [40]. Neural responses to stim- 
uli from one electrode may be signifi- 
cantly distorted by stimuli from other 
electrodes. These interactions may distort 
speech spectrum information and there- 
fore degrade speech understandmg. 

Researchers at the Research Triangle Institute (RTI) 
developed the Continuous Interleaved Sampling (CIS) 
approach [41] which addressed the channel interaction 
issue by using nonsimultaneous, interleaved pulses. 
Trains of biphasic pulses are delivered to the electrodes in 
a nonoverlapping (nonsimultaneous) fashion; that is, in a 
way such that only one electrode is stimulated at a time 
(Fig. 15). The amplitudes of the pulses are derived by ex- 

A 15. lnterleavedpulses used in the CIS strategy. The period be- 
tween pulses on each channel (r/rate) and the pulse duration 
(d) per phase are indicated. 
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A 16. Block diagram of the CIS strategy. The signal is first pre-emphasized 
and filtered into six frequency bands. The envelopes of the filtered wave- 
forms are then extracted by full-wave rectification and low-pass filtering. 
The envelope outputs are compressed to fit the patient‘s dynamic range 
and then modulated with biphasic pulses. The biphasic pulses are trans- 
mitted to the electrodes in an interleaved fashion (see Fig. 15). 

tracting the envelopes of bandpassed wave- 
forms. The CIS approach is shown in more 
detail in Fig. 16. The signal is first 
pre-emphasized and passed through a bank of 
bandpass filters. The envelopes of the filtered 
waveforms are then extracted by full-wave recti- 
fication and low-pass filtering (typically with 
200 or 400 Hz cutoff frequency). The envelope 
outputs are finally compressed and then used to 
modulate biphasic pulses. A nonlinear compres- 
sion function (e.g., logarithmic) is used to en- 
sure that the envelope outputs fit the patient’s 
dynamic range of electrically evoked hearing. 
Trains of balanced biphasic pulses, with ampli- 
tudes proportional to the envelopes, are deliv- 
ered to the six electrodes at a constant rate in a 
nonoverlapping fashion (see Fig. 15). 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 typi- 
cally yields better performance than low 
pulse-rate stimulation. Figure 17 shows, as an 
example, the pulsatile waveforms produced for 
the syllable “sa” using a simplified implementa- 

A 17. Pulsatile waveforms of the syllable ”sa“produced by a simplified implementation of the CIS strategy using a four-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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A 18. Comparison between the CA and the CIS approach [41]. Mean percent correct scores for 
monosyllabic word (NU-6), keyword (CID sentences), spondee (two syllable words), and final 
word (SPIN sentences) recognition. Error bars indicate standard deviations. 

tion of the CIS strategy. The pulse amplitudes were esti- 
mated by extracting the eiivelopes of the filtered 
waveforms (Fig. 13). 

Several studies (e.g., [14,41,42]) were conducted by 
RTI and other institutions comparing the differences in 
performance between the CA and CIS strategies. The re- 
sults [41] for seven patients tested on open-set recogni- 
tion of 50 monosyllable words (NU-6) and 100 
lieywords from the CID test are shown in Fig. 18. These 
results were obtained at RTI using patients fitted with the 
Ineraid device, which employs the CA approach. The 
same patients were also tested using a lab implementation 
of the CIS approach. As shown in Fig. 18, the mean 
scores obtained with the CIS processor were significantly 
higher than die correspondng scores obtained with the 
CA approach. Several other investigators replicated 
RTI’s findings (e.g., Dorman and Loizou [43,44], Boex 
et al. [42]). Several factors could be responsible for the 
success of the CIS approach over the CA approach: (1) 
use of nonsimultaneous stimulation that minimizes chan- 
ne1 interaction, (2) use of six channels rather than four, 
and ( 3 )  representation oT rapid envelope variations with 
the use of high pulse-rate stimulation. The CIS strategy is 
currently being used in three commercially available im- 
plant devices, namely the Clarion device, the Med-El de- 
vice, and the new Nucleus CI24M device. 

CIS parameters 
There are a number of parameters associated with the CIS 
approach that could be varied to  optimize 
speech-recognition performance for each patient [ 14, 
431. These parameters include: 

Pulse rate and pulse dura- 
tion. The pulse rate defines 
the number of pulses per sec 
(pps) delivered to each elec- 
trode. Pulse rates as low as 
100 pulses/sec and as high as 
2500 pulses/sec have been 
used. The “optimal” pulse 
rate, as far as speech- recogni- 
tion performance is con- 
cerned, varies from patient to 
patient. Wilson et al. [14] re- 
ported that some patients ob- 
tain a maximum performance 
on the 16-consonant recogni- 
tion task with a pulse rate of 
833 pulses/sec and a pulse du- 
ration of 33 psec/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 
t o  2525 pps, using 3 3  

psec/phase pulses. One would expect that better recogni- 
tion performance would be obtained with very high pulse 
rates, since high pulse-rate stimulation can better repre- 
sent fine temporal variations. However, this was not 
found to be true for all patients, at least over this tested 
range of pulse rates. 

Stimulation order. The stimulation order can be var- 
ied to minimize possible interaction between channels. 
The stimulation order refers to the order with which 
the electrodes are stimulated. One possibility is to stim- 
ulate the electrodes in an apex-to-base order, i.e., first 
stimulate electrode 1, then electrode 2, etc., and lastly, 
stimulate electrode 6. This way, signals in the low fre- 
quencies (apex) are stimulated first, and signals in the 
high frequencies (base) are stimulated last. This 
apex-to-base order, however, does not minimize the 
spatial separation between sequentially stimulated elec- 
trodes. Alternatively, the electrodes can be stimulated 
in a so called “staggered” order; i.e., in the order of 
6-3-5-2-4-1, which maximizes the spatial separation 
between stimulated electrodes. Like the pulse rate, 
preference for stimulation order varies from patient to 
patient. Some patients prefer the apex-to-base stimula- 
tion because, as they say, speech sounds more natural 
and more intelligible, while other patients prefer the 
staggered order stimulation. 

Compression function. The compression (of enve- 
lope outputs) is an essential component of the CIS 
processor because it transforms acoustical amplitudes 
into electrical amplitudes. This trailsforination is nec- 
essary because the range in acoustic amplitudes in con- 
versational speech is considerably larger than the 
implant patient’s dynamic range. Dynamic range is 
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A 19. Example of a logarithmic compression map commonly 
used in the CIS strategy. The compression function maps the 
input acoustic range [xm,, x,,J to the electrical range [THR, 
MCL]. Xml0 and x,,, are the minimum and maximum input lev- 
els respectively, THR is the threshold level, and MCL is the most 
comfortable level. 

defined here as the range in electrical amplitudes be- 
tween threshold (barely audible level) and loudness 
uncomfortable level (extremely loud). In conversa- 
tional speech, the acoustic amplitudes may vary over a 
range of 30 dB. Implant listeners, however, may have a 
dynamic range as small as 5 dB. For that reason, the CIS 
processor compresses, using a nonlinear compression 
function, the acoustic amplitudes to fit the patient's elec- 
trical dynamic range. The logarithmic function is com- 
monly used for compression because it matches the 
loudness between acoustic and electrical amplitudes [45, 
461. It has been shown that the loudness of an electrical 
stimulus in microamps is analogous to the loudness of an 
acoustic stimulus in dB. Logarithmic compression func- 
tions of the form Y = A log(x) + B are typically used, 
wherex is the acoustic amplitude (output of envelope de- 
tector), A and B are constants, and Y is the (compressed) 
electrical amplitude. Other types of compression func- 
tions used are power-law functions of the form Y = Ax" + 
B, (p < 1). The advantage of using power-law functions is 
that the shape, and particularly the steepness of the com- 
pression fimction, can be easily controlled by simply vary- 
ing the value of the exponentp. The constants A and B are 
chosen such that the input acoustic range [xmin, is 
mapped to the electrical dynamic range [THR, MCL], 
where THR is the threshold level and MCL is the most 

comfortable level measured in pamps (see Fig. 19). For 
the power-law compression function, the constants A and 
B can be computed as follows: 

MCL - THR A =  
xi,, - Xb,, 

B = THR - Ax:;,, (2) 

The values THR and MCL may vary from electrode to 
electrode. 

Nucleus Multi-Electrode Implant 
The Nucleus multi-electrode implant, manufactured by 
Nucleus Limited, was developed at the University ofMel- 
bourne, Australia, by Clark and his colleagues [47]. The 
Nucleus device has gone through a number of improve- 
ments since it was first introduced in the early 1980s. Ini- 
tially, the Nucleus device employed a feature-extraction 
approach that was based on a fundamentally different 
principle than the CA or CIS approach. Rather than pre- 
senting waveform information, obtained by filtering the 
speech signal into a few frequency bands, the Nucleus 
processor presented spectral features, such as formants, 
obtained by formant -extraction algorithms. Several re- 
finements were made over the years to the fea- 
ture-extraction strategy that  improved the  
speech-recognition performance significantly. In the 
early 1990s, the Nucleus device adopted a new sig- 
nal-processing strategy that was based on a filterbank ap- 
proach that did not require the extraction of any features 
other than the extraction of spectral maxima. This strat- 
egy is currently being employed in the Nucleus Spectra 
22 processor, a commercially available implant. The fol- 
lowing sections give a more detailed description of the 
evolution of the Nucleus multichannel implant. 

FO/F2 
The FO/F2 strategy was the first strategy developed for 
the Nucleus device in the early 1980s [47, 481. In this 
strategy, the fundamental frequency (FO) and the second 
formant (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 low-pass 
filter, and another zero-crossing detector is used to esti- 
mate F2 from the output of a 1,000-4,000 Hz bandpass 
filter. The amplitude of F2 is estimated with an envelope 
detector by rectifying and low-pass filtering (at 35 Hz) 
the bandpassed signal. The FO/F2 processor conveys F2 
frequency information 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 is 
set in proportion to the amplitude of F2. During un- 
voiced segments (e.g., corisonant /s/) the selected elec- 
trode is stimulated at quasi-random intervals with an 
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average rate of 100 pulses/sec. Initial results [49'] with the 
FO/F2 strategy were encouraging as it enabled some pa- 
tients to obtain open-set speech understanding. 

FO/F l/F2 
The FO/F2 strategy was later modified to include infor- 
mation about the first formant frequency (F l )  [50] and 
became available in 1985 with the Nucleus wearable 
speech processor (WSP). An additional zero-crossing de- 
tector was included to estimate F1 from the output of a 
280-1,000 Hz bandpass filter. The block diagram of the 
FO/Fl/F2 processor is shown in Fig. 20. The processor 
selects two electrodes for stimulation, one corresponlng 
to the F1 frequency, and one corresponding to the F2 fre- 
quency. The five most apical electrodes were dedicated to 
F1, since they can represent frequencies up to 1,000 Hz, 
while the remaining 15 electrodes were dedcated to F2 
since they can represent frequencies above 1,000 Hz. For 
voiced segments, two electrical pulses were produced. 
One pulse was applied to an electrode pair chosen accord- 
ing to F2, and the second pulse was applied to an elec- 
trode pair chosen according to F1. The pulses were 
biphasic with each phase lasting 200 pecs. A 800 p e c  
spacing between pulses was used to avoid any interaction 
that might occur due to temporal channel interactions. 
The amplitudes of the two pulses were set in proportion 
to the corresponding amplitudes of F1 and- 
F2. As in the FO/F2 processor, the electrodes 
were stimulated at a rate of FO pulses/sec for 
voiced segments and at an average rate of 100 
pulses/sec for unvoiced segments. 

The addition of F1 information improved 
the speech-recognition performance of pa- 
tients wearing the Nucleus cochlear implant. 
This was not surprising given the importance 
of F1-F2 for normal-hearing listeners on 
speech recognition. Within-patient compari- 
sons between the FO/F2 and FO/F1/F2 strate- 
gies demonstrated improvements in speech 
understanding with the FO/Fl/F2 strategy. 
Dowell et al. [S 11 found that the average scores 
on word recognition increased from 30% cor- 
rect with the FO/F2 processor to 63% correct 
with the FO/Fl/F2 processor. Tye-Murray et 
al. [ 521 also reported that the mean scores on 
monosyllabic word identification (NU-6) im- 
proved from 8% correct with the FO/F2 pro- 
cessor to 28% correct with the FO/Fl/F2 
processor. No significant difference was 

found between the FO/F2 and FO/F1/F2 processors on 
tests of consonant recognition in the hearing-only condi- 
tion. Significant improvements with the FO/F 1/F2 strat- 
egy were found, however, in the visual-plus-hearing 
condition. The fmding that the FO/Fl/F2 strategy did not 
yield significant improvements o n  conso- 
nant-recognition scores was not surprising given that the 
FO/F 1/F2 strategy emphasizes low-frequency informa- 
tion, which is required for vowel recognition. However, 
the majority of the consonants contain high-frequency in- 
formation, and this has motivated the refinement of the 
FO/Fl/F2 strategy to the MPEAIC strategy. 

MPEAK 
Further improvements to the FO/F 1/F2 processor were 
made in the late 1980s by Cochlear Pty. Limited (a sub- 
sidiary of Nucleus Limited) in collaboration with the 
University of Melbourne [53 ,  541. The improvements 
included new hardware as well as refinement of the 
FO/Fl/F2 strategy to include high-frequency informa- 
tion. A custom integrated circuit for digital signal pro- 
cessing was used that considerably reduced the size and 
weight of the new processor, now called the Miniature 
Speech Processor (MSP). A new coding strategy, called 
MULTIPEAIC (or MPEAIC), was used that extracted 
from the speech signal, in addition to formant informa- 
tion, high-frequency information. The block diagram of 
the MPEAK strategy is shown 111 Fig. 21. Similar to the 
FO/Fl/F2 strategy, the extraction of the formant fre- 
quencies F1 and F2 was performed using zero-crossing 
detectors, and the amplitudes of F1 and F2 were com- 
puted using envelope detectors. The frequency range for 
F2 was refined in the MPEAIC strategy to 800-4,000 
Hz. Additional high-frequency information was ex- 

A 20. Block diagram of the FO/Fl/F2 strategy. The fundamental frequency (FO), 
the first formant (Fl), and the second formant (F2) are extracted from the 
speech signal using zero crossing detectors. Two electrodes are selected for 
pulsotile stimulation, one corresponding to the Fl frequency, and one corre- 
sponding 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. 
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A 2 1. Block diagram of the MPEAK strategy. Similar to the FO/Fl/F2 strategy, the formant fre- 
quencies (Fl, F2), and fundamental frequency (FO) are extracted using zero-crossing detec- 
tors. Additional high-frequency information is extracted using envelope detectors from 
three high-frequency bands (shaded blocks). The envelope outputs of the three 
high-frequency bands are delivered to fixed electrodes as indicated. Four electrodes are 
stimulated at a rate of FO pulses/sec for voiced sounds, and at a quasi-random rate for un- 

A 22. An example of the MPEAK strategy using the syllable “sa.“ The bottom panel shows the 
electrodes stimulated and the top panel shows the corresponding amplitudes of stimulation. 

enhance the representation of the 
second formant (F2), and (2) to 
include high-frequency informa- 
tion, which is important €or the 
perception of consonants. The 
estimated envelope amplitudes of 
the three bandpass filters were 
delivered to  fixed electrodes. 
Electrodes 7, 4, and 1 were allo- 
cated to the outputs of the filters 
2-2.8 lzHz, 2.8-4 kHz, and 4-6 
kHz respectively. 

The MPEAIC strategy stimu- 
lates four electrodes at a rate of FO 
pulses/sec for voiced sounds, and 
at quasi-random intervals with an 
average rate of 250 pulses/sec for 
unvoiced sounds. For voiced 
sounds, stimulation occurs on the 
F1 and F2 electrodes and on the 
high-frequency electrodes 4 
(2 ,000-2 ,800  Hz) and 7 
(2 ,800-4 ,000  Hz).  The 
high-frequency electrode 1 does 
not get stimulated because there is 
generally little energy in the spec- 
trum above 4 IiHz €or voiced 
sounds. For unvoiced sounds, 
st imulation occurs o n  
high-frequency electrodes 1, 4 
and 7 as well as on the electrode 
corresponding to F2. The elec- 
trode corresponding to F1 does 
not get stimulated because there is 
generally little energy below 
1,000 Hz for unvoiced sounds 
(e.g., /s/). Figure 22 shows, as an 
example, a simplified implemen- 
tation of the MPEAK strategy us- 
ing the syllable “sa.” 

Given the addi t ion of 
high-frequency information, one 
would expect that the MPEAIC 
strategy would perform better 
than the FO/Fl/F2 strategy on 
consonant identification. Indeed, 
Wallenberger and Battmer [5S] 
found that MPEAK strategy 
yielded a mean improvement of 
17% on consonant identification 
using a group of five patients. A 
mean improvement of 28% on 
open-set sentence recognition 

tracted, using envelope detectors, from the frequency 
bands 2,000-2,800 Hz,  2 ,800-4,000 Hz ,  and 
4,000-6,000 Hz. The motivation for using the three ad- 
ditional bandpass filters (> 2 kHz) was twofold: (1) to 

was also found with the MPEAIZ strategy for six patients. 
Several other studies (e.g., [S6] and [57]) were con- 
ducted that compared the performance between the 
MPEAIC and the FO/Fl/F2 strategies. These studies con- 
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A 23. Block diagram of the Spectral Maxima (SMSP) strategy. The signal is first 
pre-emphasized and then processed through a bank of 16 bandpass filters 
spanning the frequency range 250 to 5,400 Hz. The envelopes of the filtered 
waveforms are computed by full-wave rectification and low-pass filtering at 
200 Hz. The six (out of 16) largest envelope outputs are then selected for 
stimulation in 4 msec intervals. 

the microphone is first preamplified and then 
sent through a bank of 16 bandpass filters 
with center frequencies ranging from 250 to 
5,400 Hz. The output of each filter is rectified 
and low-pass filtered with a cutoff frequency 
of 200 Hz. After computing all 16 filter out- 
puts, the SMSP processor selects, at 4 msec in- 
tervals, the six largest filter outputs. The six 
amplitudes of the spectral maxima are finally 
logarithmically compressed, to fit the patient’s 
electrical dynamic range, and transmitted to 
the six selected electrodes through a ra- 
do-frequency link. Note that the term “max- 
ima” refers to the largest filter amplitudes, 
which are not necessarily the spectral peals. 
As illustrated in Fig. 24, several maxima may 
come from a single spectral peak. 

One electrode is allocated for each of the 
16 filter outputs according to the tonotopic 
order of the cochlea; that is, the most apical 
electrode is allocated to the filter with the 
lowest center frequency, while the most 
basal electrode is allocated to the filter with 
the highest center frequency. Only the 16 
most-apical electrodes are activated; the re- 

firmed that the MPEAIC strategy achieved significant im- 
provements over the FO/Fh’F2 strategy on open-set 
speech recognition. 

Although the MPEAK strategy has proved to be an ef- 
ficient strategy for extracting important information 
from the speech signal, it has one major limitation. The 
MPEMC strategy, as well as the FO/F2 
and FO/Fl/F2 strategies, tend to male 
errors in formant extraction, especially 
in situations where the speech signal is 
embedded in noise. This limitation, 
which is inherent in feature-extraction 
algorithms, motivated the develop- 
ment of the next-generation processor 
for the Nucleus multi-electrode co- 
chlear implant. 

maining basal ele&odes in the 22-electrode implalit 
are left inactive. Six biphasic pulses are delivered to the 
selected electrodes in  a n  inter leaved ( i . e . ,  
nonsimultaneous) fashion at a rate of 250 puIses/sec. 
Unlike the FO/F 1/F2 and MPEAI( prOCeSSorS, the 
SMSP processor delivers biphasic pulses to the elec- 

SMSP 
A new processor, called the Spectral 
Maxima Sound Processor (SMSP), 
was developed in the early 1990s for 
die University of Melbourne/Nucleus 
multi-electrode cochlear implant [58]. 
Unlike previous processors developed 
for the Nucleus implant, the SMSP 
processor &d not extract my features 
(e.g., F1, F2) from the speech wave- 
form. Instead, it analyzed the speech 
signal using a bank of 16 bandpass fil- 
ters and a spectral maxima detector. 
Figure 23 shows the block diagram of 
the SMSP processor. The signal from 

A 24. An example of spectral maxima selection in the SMSP strategy. The top panel 
shows the LPC spectrum of the vowel/eh/ (as in ”head), and the bottom panel 
shows the 16 filterbank outputs obtained by bandpass filtering and envelope detec- 
tion. The filled circles indicate the six largest filterbank outputs selected for stimula- 
tion. As shown, more than one maximum may come from a single spectral peak. 

118 IEEE SIGNAL PROCESSING MAGAZINE SEPTEMBER 1998 



Current State-of-the-Art 
Implant Processors 
There are currently two cochlear implant processors in 
the United States approved by the Food and Drug Ad- 
ministration (FDA), the Nucleus Spectra 22 processor 
and the Clarion processor. There is also a cochlear im- 
plant processor, manufactured by Med-El Corporation, 
Austria, which is currently in clinical trials in the United 
States. This section provides an overview of commercially 
available implant processors. 

A 25. Example of the SMSP strategy using the word "choice." The 
top panel shows the spectrogram of the word "choice," and the 
bottom panel shows the filter outputs selected at each cycle. 
The channels selected for stimulation depend upon the spec- 
tral content of the signal. As shown in the bottom panel, during 
the "S"portion of the word, high-frequency channels (10- 16) 
are selected, and during the "o"portion of the word, low fre- 
quency channels (1-6) are selected. 

trodes at a constant rate of 250 pps for both voiced and 
unvoiced sounds. Figure 25 illustrates the pattern of 
electrical stimulation for the word "choice." As can be 
seen, the electrodes selected for stimulation vary de- 
pending upon the spectral content of the signal. 

Initial comparisons of the SMSP and the MPEAK strat- 
egy using a single patient showed significant improvements 
with the SMSP strategy on word, consonant, and vowel rec- 
ognition [%I. The SMSP strategy was later refined and in- 
corporated in the Nucleus Spectra 22 processor. 

Nucleus Spectra 22 Processor 
The Spectra 22 is the latest speech processor of the Nu- 
cleus 22-channel implant system manufactured by Co- 
chlear Pty. Limited, Australia. It includes the functions of 
previous speech processors (MSP) and also incorporates 
new circuitry for the Spectral Peak (SPEAK) speech strat- 
egy [59] .  Two custom integrated 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 
feature 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. 26). An im- 
planted receiver decodes these signals and presents elec- 
trical pulses, according to the decoded instructions, to the 
electrode array. The Spectra 22 processor can be pro- 
grammed with either a feature-extraction strategy (e.g., 
FO/Fl/F2, MPEAK strategy) or the SPEAK strategy. 

The SPEAK strategy is similar to the SMSP strategy. 
In the SPEAK strategy [ 591 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 IiHz. The SPEAK 
processor continuously estimates the outputs of the 20 
filters and selects the ones with the largest amplitude. The 
number of maxima selected varies from 5 to 10 depend- 
ing on the spectral coniposition of the input signal, with 
an average number of six maxima. Figure 27 shows e x m -  
ples of electrical stimulation patterns for four dfferent 
sounds using the SPEAK strategy. Five maxima were se- 
lected for /s/, while 10 maxima were selected for /a/. The 
selected electrodes are stimulated at a rate that varies be- 
tween 180 and 300 Hz depending on: (1) the number of 
maxima selected and (2) on patients' individual parame- 
ters. For broadband spectra, more maxima are selected 
and the stimulation rate is slowed down. For spectra with 
limited 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 because: (1) it uses 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 adap- 
tive stimulation rate in order to preserve spectral as well as 
temporal information. 
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A 26. The architecture of the Spectra 22 processor. The processor consists of 
two custom monolithic integrated circuits that perform the signal process- 
ing required for converting the speech signal to electrical pulses. The two 
chips provide analog preprocessing of the input signal, a filterbank (20 
programmable bandpass filters), a speech feature detector, and a digital 
encoder that encodes either the spectral maxima or speech features for 
stimulation. The Spectra 22 processor can be programmed with either a 
feature-extraction strategy (e.g., FO/Fl/F2, MPEAK strategy) or the SPEAK 
strategy. 

A 27, Patterns of electrical stimulation for four different sounds, 
/..A /zA /a/ and /i/ using the SPEAK strategy. The filled circles 
indicate the activated electrodes. 

Comparison of the SPEAIC strategy and the MPEAIC 
strategy by Slunner et al. [60] using 60 patients showed 
that the SPEAK strategy performed better than the 
MPEAIC strategy on vowel, consonant, monosyllabic 
word, and sentence recognition (see Fig. 28). Especially 
large improvements in performance were found with 
tests in noise. This finding was not surprising given that 
die MPEAIC strategy is based on feature-extraction algo- 
r i h n s  that are lmown to be susceptible to errors, espe- 
cially in noisy environments. In contrast, the SPEAIC 
strategy is based on a filterbank approach that does not 
extract any features from the speech signal. 

The SPEAK strategy is now incorporated in a 
new investigational device that is currently in 
chical trials at 13 chits in the United States. 
The new cochlear implant system, called Nucleus 
24 (CI24M), is available in two sizes : the regular 
size, whch can be worn by the waist, and the 
ear-level size, which can be worn behind the ear., 
The ear-level processor is the size of a be- 
hind-the-ear hearing aid. Some of the features of 
the Nucleus 24 implant system include: (1) 
high-rate stimulation strategies including the 
CIS strategy, (2) two adltioiial electrodes to be 
placed outside the inner ear to allow different 
modes of stimulation, and (3) a removable inter- 
nal magnet for future MRI compatibility. 

Clarion Processor 
The Clarion cochlear implant system [61,62] is 
the result of cooperative efforts among the Uni- 
versity of California at San Francisco (UCSF), 
Research Triangle Institute (RTI), and the de- 
vice manufacturer, Advanced Bionics Corpora- 

tion (evolved from MinlMed Technologies). The Ciarion 
implant supports a variety of speech-processing options 
and stimulation patterns. The stimulating waveform can 
be either analog or pulsatile, the stimulation can be either 
simultaneous or sequential, and the stimulation mode can 
be either moiiopolar or bipolar. The Clarion processor 
can be programmed with either the CA strategy or the 
CIS strategy. In the CA mode, the acoustic signal is pro- 
cessed through eight filters, compressed and delivered si- 
multaneously to eight electrode pairs. Analog waveforms 
are delivered to each electrode at a rate of 13,000 sam- 
ples/sec per channel. The CA strategy emphasizes detailed 
temporal information at the expense of reduced spatial se- 
lectivity due to simultaneous stimulation. For some pa- 
tients, use of simultaneous stimulation results in a loss of 
speech &scrimination due to channel interaction. This 
problem is alleviated in the CIS mode, which delivers 
biphasic pulses to all eight channels in an interleaved mar- 
ner. In the CIS mode, the signal is first pre-emphasized and 
passed through a banlz of eight bandpass filters. The enve- 
lopes of the filtered waveforms are then extracted by 
full-wave rectification and low-pass filtering. The envelope 
outputs are finally compressed to fit the patient's dynamic 
range and then used to modulate biphasic pulses. Pulses 
are dehvered to eight electrodes at a m a m u m  rate of 833 
pulses/sec per channel in an interleaved fashion. 

The Clarion processor (version 1.0) was recently ap- 
proved by the FDA, and the initial results on open-set 
speech recognition were very encouraging. In a recent 
study by Loeb and Kessler [63], 32 of the first 46 patients 
fitted with the Clarion implant obtained moderate to ex- 
cellent open-set speech recognition scores (30%-100% 
on CID sentence test) at 12 months. Preliminary studies 
by Tyler et al. [64] showed that the pulsatile version 
(CIS) of the Clarion processor (version 1.0) obtained su- 
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perior performance over the analog (CA) version of the 
processor. 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 analog 
version. Tyler et al. [64] also found that Clarion patients 
with nine months of experience with the device per- 
formed better than Ineraid patients (using the CA strat- 
egy) and Nucleus patients (using the FO/Fl/F2 strategy) 
with comparable experience (Fig. 29). 

Several changes were recently made to the Clarion im- 
plant system (ver. 1.0) that produced Clarion 1.2. Some 
of those changes include: (1) smaller speech processor, 

(2) improved filter implementation using bandpass fdters 
with 30 &/octave rolloffs, and (3) enhanced preprocess- 
ing.  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 analog stimulation 
strategies, only a small number of patients were success- 
fully programmed with a fully simultaneous strategy via 
the standard bipolar electrode configuration. The elec- 
trode coupling configuration was changed in the new 
Clarion implant system, called Clarion S-Series, to in- 
clude an enhanced bipolar coupling mode. Preliminary 

results showed that more than 
90% ofthe Clarion S-Series us- 
ers can be successfully pro- 
grammed with an analog 
strategy via the enhanced bipo- 
lar coupling mode, and that 
about 50% of the users pre- 
ferred the CA strategy over the 
CIS strategy in the enhanced 
bipolar mode. In addition to 
the enhanced bipolar coupling 
mode, the  new Clarion 
S-Series processor provides the 
option for composite simulta- 
neous and sequential stimula- 
tion through the use of a new 
stimulation strategy. The new 
strategy, called Paired Pulsatile 
Sampler (currently under in- 
vestigation), can deliver pulses 
simultaneously on two chan- 
nels, thereby increasing the 
maximum pulse rate per chan- 
nel to 1666 pulses/sec. 

A 28. Comparative results between the SPEAK and the MPEAK strategy in quiet (a) and in noise 
(b) for 63 implant patients (Skinner et al. [60]). Bottom panel shows the mean scores on 
CUNY sentences presented at different S/N in eight-talker babble using the MPEAK and SPEAK 
strategies. 

Med-El Processor 
The Med-El cochlear implant 
processor, manufactured by 
Med-El Corporation, Austria, 
is currently in clinical trials in 
the United States. The implant 
processor [65] is based on the 
Motorola 56001 DSP and can 
be programmed with either a 
high-rate CIS strategy or a 
high-rate SPEAK-type strat- 
egy. The Med-El cochlear im- 
plant (also referred to  as 
COMBI-40[66]) uses a very 
soft electrode carrier specially 
designed to facilitate deep elec- 
trode insertion into the cochlea. 
Because of the capability of 
deep electrode insertion (up to 
30 mm), the electrodes are 
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spaced 2.8 mm apart spanning a considerably larger &S- 

tance (20.6 mm) in the cochlea than any other commercial 
cochlear implant. The motivation for using wider spacing 
between electrode contacts is to increase the number of 
perceivable channels. 

The Med-El processor has die capability of generating 
12,500 pulses/sec for a high-rate implementation of the 
CIS strategy. The amplitudes of the pulses are derived as 

plied to a bank of eight (logarithmically-spaced) 
bandpass filters of Butterworth type and of sixth-order. 
The bandpass filter outputs are 111-wave rectified and 
low-pass filtered with a cutoff of 400 Hz. The low-pass 
filter outputs are finally mapped, using a logarithmic-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 

follows. Tile signal is- first pre-emphasized and then ap- monopolar electrodes 

A 29. Comparative results between patients wearing the Clarion (1.0) device, the Ineraid de- 
vice (CA) and the Nucleus (FO/Fl/F2) device (Tyler et al. [64]) after 9 months of experience. 

A 30. Mean speech-recognition performance of seven Ineraid patients obtained before and af- 
ter they were fitted with the Med-el processor and worn their device for more than 5 months. 

at a maximum rate of 1,515 
pulses/sec per channel. The 
pulses are transmitted 
transcutaneously through a ra- 
dio-frequency link [67].  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 u p  t o  18,000 
pulses/sec for a high-rate imple- 
mentation of the CIS strategy. 

The Med-El processor can 
also be programmed with a 
high-rate “n-of-m” strategy 
(SPEAK-type). In this strategy, 
the signal is filtered into mz fre- 
quency bands, and the proces- 
sor selects, out of m envelope 
outputs, then (n < m) envelope 
outputs with the largest en- 
ergy. Only the electrodes corre- 
sponding to the n selected 
outputs are stimulated at each 
cycle. For example, in a 4-of-8 
strategy, from a maximum of 
eight channel outputs, only the 
four channel outputs with the 
largest amplitudes are selected 
for stimulation at each cycle. 
The “n-of-m” strategy is very 
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 pulse rate. 

The Med-El implant proces- 
sor is widely used in Europe 
[66]. A percutaneous version 
of the Med-El implant proces- 
sor is currently being used suc- 
cessfully in the United States 
by a number of Ineraid pa- 
tients. Results on consonant 
and vowel recognition with 
Ineraid patients fit with the 
Med-El processor were re- 
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A 3 1. Mean speech-intelligibility scores of prelingually deafened 
children (wearing the Nucleus implant) as a function of num- 
ber of years of implant use (Osberger et al. [71]). Numbers in 
parenthesis indicate the number of children used in the study. 

ported by Dorman and Loizou [43,44,68,69]. Figure 
30 compares the speech-recognition performance of 
seven Ineraid patients obtained before and after they 
were fitted with the Med-El processor and worn the de- 
vice for more than five months. (The Ineraid patients 
have six implanted monopolar electrodes, s o  only the 
six most-apical channels of the Med-El processor are 
used.) As can be seen, significant improvements were 
obtained on all test materials. 

Cochlear Implants in Children 
Postlingually deafened adults are not the only recipients 
of cochlear implants. Children age 2 or older have also re- 
ceived and continue to receive cochlear implants. The im- 
plications of a successful implant in a young child are far 
greater than those of an adult. This is because the child is 
at an age that he/she needs to develop spoken-language 
skills. That age is therefore extremely crucial for the 
child's language and cognitive development (e.g., see 
[ 181 and [ 701). The implant may help a child in two im- 
por tan t  aspects of his/her development: (1) 
speech-production skull, i.e., the ability to speak clearly, 
and (2), speech-perception s l d ,  i.e., the ability to under- 
stand speech. 

Speech-Production Skills of Children with Implants 
The ability to speak is closely related to the ability to hear. 
If the child is not able to hear, then the child will have dif- 
ficulty learning how to speak correctly. Hearing provides 
feedback which is used by the child to correct or improve 
his/her speech production slulls [ 701. Auditory feedback 
is therefore very important for learning how to speak, and 
cochlear implants can provide that. Research (e.g., [70], 
[ 711, and [ 721) has shown that the intelligibility of speech 
produced by children with cochlear implants improves 
over time. Osberger et al. [71] measured the intelligibility 
of 29 prelingually deafened children (i.e., deafened before 
or during the development of speech and language skills) 
over a period of four years after implantation. Each child 

A 32. Speech-perception scores of prelingoally deafened children 
(wearing the Nucleus implant) on word recognition (MTS test 
[18]) as a function of number of months of implant use 
(Miyamoto et al. [73]). 

produced 10 sentences, which were evaluated for 
intelligibility by three expert listeners. Intelligibility was 
measured in terms of percentage of words correctly un- 
derstood by the expert listeners. The results are shown in 
Fig. 31. As can be seen, intelligibility improves gradually 
over time. The largest changes in speech intelligibility 
were not observed until after the children had worn their 
cochlear implant device for two or more years. In fact, the 
mean intelligibility score of children with implants after 
2.5 years of use was found to be higher than the mean 
score of children wearing hearing aids (with thresholds 
between 100 to 110 dB HL) for the same period of time. 
These results suggest that some children might get more 
benefit from a cochlear implant than from a conventional 
hearing aid. 

Speech-Perception Skills of 
Children with Implants 
Research has also shown that the speech-perception abili- 
ties of children with implants improve steadily over time 
(e.g., [18], [73], and [74]). Figure 32 shows alongitudi- 
nal study [73] on the perception abilities of 39 
prelingually deafened children using the Nucleus im- 
plant. The children were tested on the Monosylla- 
ble-Trochee-Spondee (MTS) test [ 751, which uses 12 
pictures of nouns. In this test, the children were asked to 
point to the picture corresponding to the word they hear. 
A word score was determined by counting the number of 
words identified correctly. As can be seen in Fig. 32, the 
mean scores improved over time. Similar improvements 
were also found with children wearing the Clarion im- 
plant (Fig. 33). These results demonstrate a steady im- 
provement of speech-recognition performance for 
prelingually deafened children over a three to four year 
period of implant use. In contrast, postlingually deafened 
children (deafened afier the development of speech and 
language skulls) have been found to attain rapid improve- 
ment in performance over the first six months of use of 
their implant device [76]. In addition, postlingually deaf- 
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A 33. Performance of children with the Clarion implant on monosyllabic word (ESP test [ I  81) 
identification as a function of number of months of implant use. Two levels of test difficulty 
were used. Level 1 tests were administered to all children 3 years of age and younger, and 
level 2 tests were administered to all children 7 years of age and older. 

A 34. Comparison in performance between prelingually deafened 
and postlingually deafened children on open-set word recogni- 
tion (Gantz et al. [76]). The postlingually deafened children ob- 
tained significantly higher performance than the prelingually 
deafened children. 

ened children have been found to perform better on tests 
of open-set speech understanding compared to 
prelingually deafened children (Fig. 34). 

In summary, both prelingually and postlingually deaf- 
ened children obtain significant benefit from cochlear im- 
plants as demonstrated by significant improvements in 
speech perception and speech production skills. 
Prelingually deafened children, including congenitally 
deaf children, acquire these slcills at a slower rate than the 
postlingually deafened children. Speech perception and 
speech production abilities of children with cochlear im- 
plants continue to improve over a four-year period fol- 
lowing implantation. 

Factors Affecting the 
Performance of 
Cochlear implant 
Patients 
There is a great variabhty in the 
speech-recognition performance 
of cochlear implant patients. For 
a given type of implant, aultory 
performance may vary from zero 
to nearly 100% correct. AuQ- 
tory performance is defined here 
as the ability to &criminate, de- 
tect, iden*, or recognize speech. 
A typical measure of audtory per- 
formance is the percent correct 
score on open-set speech- recog- 
nition tests. The factors responsi- 
ble for such variability in auditory 
performance have been the focus 
of research for many years 
[ 77-80]. Some of the factors that 
have been found to affect auditory 
performance are listed below: 

Duration of deafness. The 
duration of deafness prior to implantation has been 
found to have a strong negative effect on auditory per- 
formance. Individuals with shorter duration of auditory 
deprivation tend to achieve better auditory performance 
than individuals with loiiger duration of auditory depri- 
vation. 

Age of onset of deafness. The age of onset of deafness 
has a major impact on the success of cochlear implants de- 
pending on whether the deafness was acquired before 
(prelingual) or after (postlingual) learning speech and 
language. It is now well established that children or adults 
with postlingual deafness perform better than children or 

ults with prelingual or congenital deafiiess. 
Age at implantation. Prelingually deafened per- 

sons who were implanted in adolescence have been 
found to obtain different levels of auditory perfor- 
mance than those implanted in adulthood. People im- 
planted at an early age seem to perform better than 
people implanted in adulthood. It still remains un- 
clear, however, whether children should be implanted 
at a minimum age of 2 years for maximum auditory 
performance. 

Duration of cochlear implant use. Duration of expe- 
rience with the implant has been found to have a strong 
positive effect on auditory performance for both adults 
and children. The speech perception and speech produc- 
tion skills of children continue to improve over a 
four-year period following implantation. 

Other factors. Other factors that may affect auditory 
performance include: (1) number of surviving spiral 
ganglion cells, (2) electrode placement and insertion 
depth, (3) electrical dynamic range, and (4) sig- 
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nal-processing strategy. There are also factors, such as 
patient’s level of intelligence and communicativeness, 
which are unrelated to deafness but may also affect audi- 
tory performance. Aural rehabilitation, commitment 
from the cochlear implant patient in terms of time and 
effort, and support from family, friends, and workplace 
also play an important role. 

Talung the above factors into account, Blamey [SO] 
developed a three-stage model of auditory performance 
for postlingually deafened adults (Fig. 35). Stage 1 be- 
gins after normal language development. During stage l, 
the patient has normal hearing abilities and the level of au- 
ditory performance is close to 100%. Stage 2 begins at the 
onset of deafness. A drop in auditory performance imme- 
diately occurs at the onset of deafness by an amount that 
varies among patients and may depend on the etiology of 
the hearing loss. The auditory performance keeps de- 
creasing, due to auditory deprivation, until implantation. 
Stage 3 begins with implantation, and the implant patient 
immediately attains improvements in auditory perfor- 
mance depending on the duration of deafness. As the pa- 
tient’s experience with the implant device increases, the 
level of auditory performance rises as a result oflearning. 

Acoustic Simulations of Cochlear Implants 
It is not surprising that there is a large variance in speech 
performance among implant patients given the factors 
above that may affect performance. Unfortunately, it is 
not easy to assess the significance of individual factors on 
speech perception due to the interaction among factors. 
For example, in assessing meningitis as a factor that af- 
fects auditory performance, one needs to bear in mind 
that meningitis is commonly associated with bone 
growth in the cochlea, and this bone growth can obstruct 
the insertion of intracochlear electrodes. So, the etiology 
(in this case meningitis) is confounded with electrode in- 
sertion depth and as a consequence we do not h o w  if a 

A 35. A three-stage model of auditory performance for 
postlingually deafened adults (Blamey et al. [80]). The thick 
lines show measurable auditory performance and the thin line 
shows potential auditory performance. 

patient performs poorly on speech-recognition tasks be- 
cause of the etiology of hearing loss or because of shallow 
electrode insertion. How can we isolate the effect of elec- 
trode insertion depth, or any other factor, on speech per- 
formance assuming that a11 other factors are held equal? 

As a step towards assessing the effect of factors, such as 
number of channels, on auditory performance, Dorman 
and Loizou [36, 811 and Shannon et al. [35, 821 used 
acoustic simulations of cochlear implants. In these simu- 
lations, speech was processed in a manner similar to the 
implant processor and output either as a sum of sinusoids 
or as a sum of noise bands (listening demonstrations of 
the acoustic simulations can be accessed from our web 
site at http://giles.ualr.edu/asd/cimplants). The recon- 
structed speech was presented to normal-hearing listeners 
for identification. In the following sections, we describe 
some of our simulations that examined (1) the number of 
channels necessary for achieving high-levels of speech un- 
derstanding and (2) the effect of electrode insertion depth 
on auditory performance. 

Number of Channels 
How many independent channels are needed to achieve 
high levels of speech understanding? It is difficult to an- 
swer this question using implant patients because of the 
confounding factors (e.g., number of surviving ganglion 
cells) that may affect their performance. For example, if a 
patient obtains poor auditory performance using four 
channels of stimulation, we do not know if it is because of 
the small number of channels or because there are not 
enough surviving ganglion cells near the stimulating elec- 
trodes. Acoustic simulations can be used to unconfound 
the effect of surviving ganglion cells and therefore deter- 
mine how many independent channels are needed to 
achieve high auditory performance, assuming that all 
other factors are held equal. 

The acoustic simulations [ 361 mimic the front-end 
processing of the implant processor and represent speech 
as a sum of sinusoids. More specifically, speech is recon- 
structed as a sum of sinusoids with time-varying ampli- 
tudes and fmed frequencies, i.e., 

L 
s‘”(n) =CAy cos(2ntn) 

i=l (3)  
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A 36. Mean scores of normally hearing listeners on recognition of vowels, 
consonants, and sentences as a function of number of channels [36]. Er- 
ror bars indicate standard deviations. 

A 37. Diagram showing the analysis filters used in a five-channel 
cochlear prosthesis and a 5-electrode array (with 4 mm elec- 
trode spacing) inserted 22 mm into the cochlea. Due to shal- 
low electrode insertion, there is a frequency mismatch between 
analysis frequencies and stimulating frequencies. As shown, 
the envelope output of the first analysis filter (centered at 4 18 
Hz) is directed to the most-apical electrode, which is located at 
the 831 Hzplace in the cochlea. Similarly, the outputs of the 
other filters are directed to electrodes located higher in fre- 
quency-place than the corresponding analysis frequencies. As 
a result, the speech signal is up-shifted in frequency. 

where s@)((n) is the synthesized speech signal at 
frame t, At ’) is the i-th amplitude at frame t, L is 
the number of channels, a n d i  is the center fre- 
quency of the i-th analysis filter. The amplitudes, 
A,, of the sinusoids are computed in a manner 
similar to the CIS strategy. The speech signal is 
first processed through a pre-emphasis filter 
(low-passed below 1,200 Hz with -6 &/octave 
rolloff) and then bandpassed into L (2 2 L 2 9) 
logarithmic frequency bands using sixth-order 
Butterworth filters. The envelope of the signal is 
then extracted by full-wave rectification and 
low-pass filtering (second-order Butterworth) 
with a 400 Hz cutoff frequency. The amplitudes 
of the sinusoids are computed by estimating the 
root-mean-square (rms) energy of the envelopes 
every 4 msecs. The sinusoids are finally summed 
up and presented to normal-hearing listeners for 
identification. The results are shown in Fig. 36. 
As it can be seen, the number of channels needed 
to reach asymptotic performance depended on 
the test material. For the most difficult test, i.e., 
vowel recognition, eight channels were needed, 
while for the least difficult test, i.e., sentence rec- 
ognition, five channels were needed. These re- 
sults suggest that  high levels of speech 
understandmg could be obtained with 5-8 inde- 
pendent channels of stimulation. 

Electrode Insertion Depth 
and Frequency Up-Shiffing 
Electrode arrays are inserted only partially into 
the cochlea, typically 22-30 mm, depending on 

the state of the cochlea.-The fact that the electrode array is 
not fully inserted into the cochlea creates a frequency mis- 
match between the analysis frequency and the stimulating 
frequency. Consider for example an electrode array, con- 
sisting offive electrodes, inserted 22 mm into the cochlea. 
The output of the first analysis filter, which is centered at 
418 Hz, is directed to the most apical electrode, which re- 
sides in the 83 1 Hz place in the cochlea (see Fig. 37). Sin-- 
ilarly, the outputs of the other filters are directed to 
electrodes that lie higher in frequency-place in the cochlea 
than the corresponding analysis frequencies. As a result, 
the speech signal is up-shifted in frequency and is there- 
fore less intelhgible. This is consistent with patients’ re- 
ports that speech sounds unnatural and “high-pitched” or 
“Donald-duck lilu? when their device is first activated. 

Although we would expect that speech understandmg 
would be best in the situation in which the envelope out- 
puts from the analysis filters are drected to the “correct” 
place in the cochlea, clinical data do not provide over- 
whelming evidence in support of this position. Some pa- 
tients with shallow insertions (and therefore larger 
frequency mismatch between analysis and output fre- 
quencies) perform as well as patients with deep insertions 
(and therefore smaller frequency mismatch). This situa- 
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A 38. Percent correct recognition of vowels, consonants, and sentences as 
a function of simulated insertion depth 18 I ] .  The normal condition corre- 
sponds to the situation in which the analysis frequencies and output fre- 
quencies match exactly. 

tion exists because of all the coexisting conditions that af- 
fect patient‘s performance, and therefore make it difficult 
to assess the effect of insertion depth alone. Acoustic sim- 
ulations were used by Dorman and Loizou [81] to deter- 
mine the effect of electrode insertion depth on speech 
understanding for a five-channel cochlear prosthesis. Dif- 
ferent insertion depths were simulated ranging from 22 
mm to  25  mm insertion. Greenwood’s fre- 
quency-to-place equation [ 831 was used to determine the 
sinewave output frequencies that simulated different elec- 
trode depths. For example, to simulate the 22 mm inser- 
tion into the cochlea with 4 mm electrode spacing, 
sinewaves were generated with output frequencies of 
831, 1,566, 2,844, 5,056, and 8,924 Hz. The corre- 
sponding sinewave amplitudes were computed as in Eq. 
(3)  using analysis filters with center frequencies of 418, 
748,1,339,2,396, and 4,287 Hz, respectively (Fig. 37). 
The results on consonant, vowel, and sentence recogni- 
tion are shown in Fig. 38 for different insertion depths. 
As can be seen, there was a significant effect of insertion 

depth for all test materials. Performance in the 22 
mm and 23 mm conditions differed significantly 
from the normal condition (i.e., the condition in 
which the analysis and output frequency matched 
exactly) for all test materials. Performance in the 
25 mm condition, however, did not differ signifi- 
cantly from the normal condition. These results 
suggest that relatively shallow insertions should 
result in relatively poor speech understandng as- 
suming all other factors are held equal. 

Conclusions and Future Directions 
Cochlear implants have been very successful in re- 
storing partial hearing to profoundly deaf people. 
Many individuals with implants are now able to 
communicate and understand speech without 
lip-reading, and some are able to talk over the 
phone. Children with implants can develop spo- 
ken-language slulls and attend normal schools 
(i.e., schools with normal-hearing children). The 
greatest benefits with cochlear implantation have 
occurred in postlingually deafened adults. Grad- 
ual, but steady, improvements in speech produc- 
tion and speech perception have also occurred in 
prehgually deafened adults or children. Audtory 
performance has been found to be better in pa- 
tients who (1) acquired speech and language be- 
fore their hearing loss (i.e., postlingually deafened) 
and (2) have shorter duration of deeafness. 

Much of the success of cochlear implants was 
due to the advancement of signal processing tech- 
niques developed over the years (see summary in 
Table 2). While this success is very encouraging, 
there is still a great deal to be learned about electri- 
cal stimulation of the auditory nerve, and many 
questions to be answered. Future research in co- 
chlear prosthesis should: 

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

Develop noise-reduction algorithms that will help im- 
plant patients better communicate in noisy environ- 
ments. It would be desirable to develop signal-processing 
algorithms that are robust in competing noise. 

Identify factors that contribute to the variability in per- 
formance among patients [84]. Knowing these factors 
may help us develop signal-processing techniques that are 
patient specific. Patients will then be optimally fit with spe- 
cific signal processors, much. like people are fit with new 
eye glasses by an optometrist. The success of the new signal 
processors will ultimately narrow the gap in audtory per- 
formance between “poorly performing” and 
“better-performing” patients. 
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Develop preoperative procedures that can predict how 
ell a patient will perform with a cochlear implant. 
Continue investigating the effects of electrical stimula- 

tion on encoding of speech in the auditory nerve. Such in- 
vestigations may help us design better electrodes as well 

develop new signal-processing strategies. 
Design electrode arrays capable of providng a high de- 

gree of specificity. Such electrode arrays will provide 
channel selectivity, which is now considered to be one of 

e limiting factors in performance. 
Investigate the effect of high-rate pulsatile stiinulation 

(> 3000 pulses/sec) on speech perception as well as on 
music appreciation using more than eight channels. 

It is hoped that h ture  research in cochlear prosthesis 
will mature to a level that will enable all implant patients 
to be “better-performing” patients. 
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