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I. Introduction

The main objective of this project is to design, develop, and evaluate speech processors for
implantable auditory prostheses. Ideally, such processors will represent the information content
of speech in a way that can be perceived and utilized by implant patients. An additional objective
is to record responses of the auditory nerve to a variety of electrical stimuli in studies with
patients. Results from such recordings can provide important information on the physiological
function of the nerve, on an electrode-by-electrode basis, and also can be used to evaluate the
ability of speech processing strategies to produce desired spatial or temporal patterns of neural
activity.

Work in this quarter included:
• Ongoing studies with Ineraid subject SR2. Studies in this quarter included (1) completion of

an extensive series of measures to evaluate effects of manipulations in rate of stimulation and
in the cutoff frequency for the lowpass filters in the envelope detectors in CIS processors and
(2) evaluation of the TIMIT speech data base as a source of difficult sentences for sensitive
measures of speech reception by a high-performance subject.

• Studies with Ineraid subject SRlO, for the week beginning August 2 and August 9. The
studies included (1) longitudinal measures with his portable CIS (CIS-Link) processor, (2)
extension of prior studies conducted with this subject to evaluate effects of manipulations in
rate of stimulation and in the cutoff frequency for the lowpass filters in the envelope detectors
in CIS processors, and (3) measures of consonant identification for CIS processors using a
wide range of compression functions.

• Continued development of an Access database of processor designs and study results, to
bring this information together in one place for fast access and in a structure that will allow
retrieval of prior designs and results on the basis of shared attributes and parameter values.

• Participation by Blake Wilson and Stefan Brill in a workshop in Frankfurt, Germany, on
bilateral implants and binaural processing, at the invitation of the Med EI company. (Invited
speakers for the Workshop included J. MUller, F. SchOn, and H. KUhn-Inacker of the Julius-
Maximilians Universitat in WUrzburg, G. Smoorenburg of the University of Utrecht, B.
Wilson of RTI, and J. Tillein of the J.W. Goethe Universitat in Frankfurt. Approximately 30
people attended the workshop.)

• A visit by Wilson to the J .W. Goethe Universitat in Frankfurt, at the invitation of Professor
Dr. von Ilberg. Results from studies at the university to evaluate combined electric and
acoustic stimulation of the same cochlea were discussed in detail, as were possibilities for
future joint studies between the university and RTI to evaluate additional conditions for
combined stimulation.

• A visit by Wilson to the Julius-Maximilians Universitat in WUrzburg, in part for further
development of plans for cooperative studies between the university and RTI with recipients
of bilateral COMBI 40+ implants.

• Presentation of project results in invited lectures at the Bilateral Research Meeting in
Frankfurt and at the 30th Neural Prosthesis Workshop.

• Continued preparation for studies with patients having bilateral COMBI 40+ implants or
bilateral CI24M implants, principally by Stefan Brill, Charles Finley and consultant Marian
Zerbi.

• Continued analysis of psychophysical, speech reception, and evoked potential data from
current and prior studies.

• Continued preparation of manuscripts for publication.
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In this report we present a detailed review of strategies developed to date for representing speech
information with cochlear implants. The review provides a historical perspective for current
efforts to develop better strategies and offers comments about the importance of fitting, strategy
implementations, and the patient variable on performance with implants. A final section in the
review mentions some possibilities for further development.

This review was originally published in the book Cochlear Implants: Principles & Practices,
edited by J.K. Niparko, K.I. Kirk, N.K. Mellon, A. McConkey Robbins, D.L. Tucci, and B.S.
Wilson (Lippincott Williams & Wilkins, Philadelphia, 2000). The reader is referred to other
chapters in that book for additional information about the current status and clinical application of
cochlear prostheses. Preparation of the chapter reproduced here was supported by this project
(NOI-DC-8-2105).

Results from the studies indicated in the bulleted list above will be presented in future reports.
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Strategies for
Representing Speech
Infonnation with Cochlear
Implants
Blake S. vVilson

·it

Remarkable progress has been made in the
design and application or speech-processing
strategies for cochlear implants. In parti.cu-
lar, use of the new continuous interLeaved
sampling (CIS) and spectraL peak (SPEAK)
strategies have produced large improve-
ments in speech reception performance com-
pared with prior stra tegies (Skinner et aI.,
1994' Wilson et aI., 1991a). All major lTlanu-
'acturers of multichannel implant systems
now offer CIS or CIS-like strategies in their
speech processors, with one offering both
SPEAK and CIS. According to the 1995 Na-
tional Institutes of Health Consensus State-
ment on Cochlear Implants in Adults and
Children, "A majority of those individuals
with the latest speech processors for their
implants will score above SO-percent correct
on high-context sentences, even without vi-
sual cu s." Additional information on levels
of performance is presented later in this
chapter and in Chapter 10.

Although great progress has been made,
much remains to be done. Patients with the
best performance still do not hear as well
as people with normal hearing, especially in
adverse acoustic environments, and many

B. S. Wilson: Rese.arch Triangle lnstitute, Re-
search Triangle Park, NOrlh Carolina 27709.
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patients do not enjoy high levels of perfor-
mance even with the new processing strate-
gies. The range of performance across pa-
tients is large with any of the current
multichannel implant systems.

The purpose of the speech processor is to
transform microphone inputs into patterns
of electrical stimulation that convey the
information content of speech and other
sounds (see Chapter 6). This chapter de-
scribes how inform.ation is encoded in the
production of speech and how such informa-
tion can represented or partially represented
with cochlear irnplants.

ELEMENTS OF SPEECH

A simple but useful model of speech produc-
tion is shown in Fig. 7.1. This source-filter
model (Flanagan 1972) recognizes the flrst-
order independence between excitation of
the vocal tract and its resonant response to
the excitation. nvoiced sounds of speech
are produced with a source of broadband
turbulent noise. This noise is generated by
forcing air through. a narrow constriction (for
production of unvoiced fricatives such as
/s/) or by building pressure behind an ob-
struction and suddenly releasing the pressure
with removal of the obstruction, Stop conso-
nants, such as It I , are produced in this way.
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FIG. 7.1. A basic model of speech production. Parameters controlling the model include a binary
indication about whether the sound is voiced or unvoiced, the frequency of glottal openings for voiced
sounds, and the frequency transfer characteristics of the vocaltracl. Parameters typically are updated
at 5- to 30-ms intervals. The cross-marked circles indicate multiplier blocks. Speech amplitudes are
controlled by the gain factors Av and Au for voiced and unvoiced sounds, respectively (Adapted from
O'Shaughnessy, 1987, with permission.)

The spectral characteristics of the broadband
noise are aherecl by transmission though the
vocal tract and to a lessor extent by radiation
of SOun <It the lips.

In contrast, voiced sounds in speech are
produced by exciting the vocal tract with
puffs of air released through the vibrating
folds of the glottis. The shape of the vocaL
tract, as adjusted through positions of the
tongue, lip, jaw, and velum, determines how
the excitation is flltered in the transmission
of sound through the tract. The transfer func-
tion of the yocal tract is the filler in the
source-.Illter model, and the spectral peaks
in this transfeI function are called formants.
The [l-equencies of the first two fonnants
convey adequate information for ident.ifica-
tion of vowels and f'or distinctions among
other voiced sounds.

A third class of speech sounds is produced
by the combination of periodic glottal x-
citation and aperiodic (supraglottal) noise
sources. Voiced fricatives are produced in
this way. For example, t.he addition of glottal
excitation can change an Isl sound into a
Izl sound.

Experiments with models of the type
shown in Fig. 7.1 have demonstrated that a
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relatively small set of parameters can specify
the information content. of speech (Flanagan,
1972; O'Shaughnessy, 1987). In general, the
parameters must specify t.he type of eXcJta-
tion (Le., oiced, unvoiced, or mixed) and
the transfer function of the vocal tract. For
most voiced speech soul1ds, the transfer fUnc-
tion can be adequately specified by the fre-
quencies of the first two formants. For most
unvoiced speech sounds, an indication of
overall spectral shape is adequate (e.g tilt-
ing up or down, principal resonance of t.he
vocal tract). Updating such parameters every
5 to 30 milliseconds allows production of in-
telligible speech with a model such as the
one in Fig. 7.1. The parameters specifying
the transfer function of the yocal tract may
be quantized along rather coarse scales and
sill pleserve intelligibility. The information
rate required to transmit these parametric
data can be as low as 1,000 bits/s, which is
far less than the 30,000 bits/s required for
voice transmission over a typical telephone
channel (Flanagan, 1972).

Taxonomy of Speech Sounds

Speech sounds can be classified according to
the way in which they are produced, their



TABLE 7.1. Classification of vowels
Place of Tongue Shape

Vowel constriction height of lips Example

i Front High Spread beet
I High Neutral bit
e Upper-mid bait
e Lower-mid bet
ce Low bat
3' Central, retroflex High bird
OJ Central Mid about
a Low French "Ia"
IJ Back High Rounded boot
U High Slightly rounded loot
0 Upper-mid rounded coat
J Lower-mid bought
i\. Lower-mid Neutral but
0 Low hot

acoustic characteristics, or the way in ",-hich
they are perceived. These are interrelated;
tor example, the acoustic characteristics are
a direct result of the way in which the sounds
are produced.

Tables 7.1 and 7.2 present classifica tions
of vowels and consonants, respectively, ac-
cording to the way in which they are pro-
duced_ Vowels are produced with an open

vocal tract, with reLatively large distances be-
tween the tongue and the roof of the mouth.
Consonants are produced by narrowing or
obstructing the vocal tract at some point. Air
forced through narrow passages pJOduces
turbulent noise, as does the sudden release
of ail' with the removal of an obstruction.
Such sources of noise are the excitation sig-
l1<lls lor the unvoiced speech sounds.

TABLE 7.2. Classification of consonants

Consonant

P
b
t
d
k
g
1
v
e
6
s
z
J
3
h
If
<t
m
/l

o
I
r
w
j

Manner 01
production

Stop

Fricative

Affricative

Nasal

Liquid

Glide

Place of
Voic~ng constriction Example

Unvoiced Bilabial pat
Voiced bat
Unvoiced Arveolar tar
Voiced oone
Unvoiced Velar kite
Voiced gate
Unvoiced Labiodental far
Voiced view
Unvoiced Linguadental thin
Voiced then
Unvoiced Alveolar see
Voiced zoo
Unvoiced Palatal sllow
Voiced azure
UnvOiced Glottal hat
Unvoiced Palatal chase
Voiced judge
Voiced Bilabial man

Alveolar not
Velar sing
Alveolar loud
Alveolar + velar lOad
Bilabial + velar way
Palatal yes
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Many of the consonants also are charac-
terized by relatively rapid movements of
the articulators and consequently relatively
rapid changes in the acoustic domain. Stop
consonants are produced with a complete
obstruction of the vocal tract followed by a
sudden release of the obstruction. A noise
is produced at the release, and this noise is
filtered according to the shapes (principally
the lengths and cross-sectional areas) of the
vocal tract in front of and behind the ini-
tialobstruction.

The time between the release and onset
of voicing for the following speech sound
(i. e., the voice onset time) is short or even
negative for the voiced stop consonants,
whereas the time between the release and
the onset of voicing i.s tens of milliseconds
for unvoiced stop consonants. Cognate pairs
of stop consonants are identical in all re-
spects except for the voiced or unvoiced dis-
tinction ..These pairs are Ip/-/b/, It/-/d/, and
Ik/-/gl in spoken English; the unvoiced
members of the paiis are listed first.

Fricative consonants are produced with a
narrowing of the vocal tract suftlcient to gen-
erate turbulent noise. This source of noise
may be accompanied by periodic puffs of
air from the glottis. Unvoiced fricatives are
produced with the noise source only,
whereas voiced fricatives are produced with
a combination of the noise source and the
periodic excitation [Tom the glottis. The
voiced and unvoiced consonants also form
cognate pairs: /f/-/v/, le/-/o/, Is/-/z/, and
1J1-/31. An additional unvoiced fricative
Ih/, does not have a voiced counterpart in
spoken English.

Affricative consonants are concatenations
of stop and fricative consonants. They can
be unvoiced (l1f1) or voiced (Ids!).

Nasa] consonan ts ar produced by opening
the velum passage to the nasal ract and dos-
ing the ocal tract. Different nasals are pro-
duced with different points of closure along
the vocal tract. The closed yocal tract acts
as a side branch resonator, which affects the
spectrum of the sOllnd emerging from the
nostrils.
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Liquid consonants include the lateral and
retroflex consonants, The laterals (Ill and re-
lated sounds) are produced with contact of
the tip of the tongue with tbe roof ot th.e
mouth, although with a narrowing of the
tongue to allow the passage of air around the
sides of the tongue, This alters the resonant
properties of tbe vocal tract compared with
those at owel sounds. The retroflex conso-
nants (hi and related ounds) are produced
with the tongue tip and tongue dorsum ele-
vated (but not contacting the roof of the
mouth), resulting in two points of constriction
along the ocal tract. This also alters the reSo-
nant properties of the tract compared with the
laterals and compared with vowel sounds,

The glide consonants (/w/ and Ij/) are pro-
duced with closer appositions of the tongue
to the roof of the rnouth compared with vow-
els and are characterized by relatively rapid
transitions compared with vowels. The appo-
sitions are not close enough to produce a
separat source of turbulent noise, and aU
of the glides are voiced.

As indicated in Table 7.2, consonants can
be classified according to manner of produc-
tion and the place of constriction (i. e., place
of articulation) ..Within the broad classes of
manner of production are the cognate pairs
of voiced and unvoiced consonants for stops,
fricatives, and affricatives. Consonants for all
other manners of production are voiced.

Vowels often are classified according to
the highest point of the tongue along the
length of the vocal tract (i.e., flOnt to back)
and with respect t.o the floor of the moutb
(e.g., low tongue position versus high tongue
position). Vowels also are classified ac-
cording to lip rounding, which aIfects the
resonant properties of the vocal tract and
radiation of sound at the lips.

The degree of constriction in the vocal
tract ranges from open for the low and mid-
dle vowels to closed for the stops. The contin-
uum from Jow to complete constriction in-
cludes low and mid vowels, high vowels
liquids and glides, rricati es, and stops. The
yocal tract is cIo ed for nasals, but the nasal
tract is open,



1n hroad terms, the site of constriction or
closure along the vocal tract affects its trans-
fer function and resonant properties. The
tract filters the excitation, which may be
voiced, unvoiced, or a combination of the
two.

Vocoder Theory and Models

Models of the type shmvn in Fig. 7.1 have
been applied in analysis-synthesis or vocoder
(Jar uoice coder) systems for efJlcient trans-
mission of speech signajs. An example of
such an application is tbe channe.l vocoder
illustrated in Fig. 7.2. The upper panel sho","s
a block diagram of the analysis part of the
system at the transmitting end, and the lower
panel shows a block diagram of the synthesis
part of the system at the receiving end. Only
a limited set of parameters, as extracted from
the speech input in the analysis part of the
system, i' tnl1lsmitted to the receiver. The
advantage provided by analysis-synthesis
systems is that the information rate feq uired
for transmission of the parameters is much
less than that required for transmIssion of
the unproce. sed speech signaL Such savings
allow the transmission of many more conver-
sations tluough a channel of limited capacIty.
Extraction of parameters at the transmitting
end also can allow encryption of messages
for secure communications; cncryption of
a limited set of paranlcters is relatively
straightforward and mOre secure compared
with encr:yption of the unprocessed speech
waveform.

The development of vocoder system. has
a long and illustrious history, beginning with
the initial development of the channel vo-
coder by Dudley in the late 1930s. xcell.ent
revie\vs of vocoder designs and performance
are presented in books by Flanagan (1972),
O'Shaughnessy (1987), Papamichalis (1987),
and Rabiner and Shafer (1978).

In channel vocoders, information about
the excitation of the vocal tract is extracted
with a voicing detector and with a pitch (or
fundamenta~ frequency) detector. The voic-
ing detector determines whether the CLln nt
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speech sound is voiced or unvoiced, and the
pitch detector determines the frequency of
o lottal openings for voiced speech sounds.
Information about the configuration of the
vocal tract is extracted \vith a bank 01" band-
pass filters and envelope detectors. This anal-
ysis provides snapshots of the fillering by the
vocal tract at 5- to 30-millisccond intervals.

The information transmitted between the
analysis and synthesis ends of the system in-
cludes a binary indication of whether the
sound is voiced or unvoiced, the fundamental
frequency of voiced speech sounds, and the
smoothed envelopes of energies wlthin mul-
tiple bandpass ranges of the speech input.
At the receiver, this information is used to
reconstruct the speech waveform for the lis-
te :Jer. The binary indication of voicing con-
trols a switch that conncct. a noise source or
a source of periodic pulses to the inputs of
a set of multiplier blocks. The rate of the
periodic pulses for voiced speech sound. is
controlled hy the panJmeter specifying the
frequency of glottal openings. The other in-
puts to the multiplier blocks are the envelope
signals for each of the bandpass channels.
The outputs of the multiplier blocks are dJ-
rected to a bank of bandpass filters (corre-
sponding to the bank in the analysis portion
of the system). A synthesized speech signal
is formed hy summing the;: outputs of the
bandpass filters

The performance of channel vococlers is
affected by the accuracy of parameter extrac-
tion and by many choices in desigl\ includ-
ing the resolution with vi·'hich the channel
and fundamental frequency parameter· are
quantized and the number and frequency
boundaries or the bandpas filters. In gen-
eral, performance is improved with increases
in Ie;:solution and increases in the number of
bandpass filter up to points corresponding
to limits in the perception of speech and other
sounds. For example, l11uHiple banclpass fil-
ters within critical bands of hearing arc no
better than one bandpass filter for eacb of
the critical bands. Depending on the selected
endpoints, 14 to 19 critical bands span the
range of speech frequencies. This has led to
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FIG. 7.2. Diagrams of the analysis (top) and synthesis (bottom) portions of a channel vocoder. The
blocks labeled AID (top) correspond to analog-to-digital converters, and the blocks labeled 01A
(bottom) correspond to digital-ta-analoQl converters. The cross-marked circles indicate multiplier
blocks, and the circle with a. plus mark indicates a summation block. (Adapted from Papamichalis,
1987, with permission.)

the design of channel vocoder systems with
14 to 19 bandpass channels, with the fre-
quency boundaries for the channels distrib-
uted along a logarithmic scale corresponding
to the distribution of frequency boundalies
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for critical bands in hearing. Departures
from the logarithmic scale or reductions in
the number of channels usually produce dec-
rements in performance.

Synthesized speech produced by a channel



vocoder is 110tperfectly intelligible even with
a high number of bandpass channels and fine
quantization of the transmitted parameters.
One limitation of channel vocoders is in the
binary decision between voiced and unvoiced
sounds. Obviously, the binary decision does
not recognize mixed excitations of the vocal
tract, such as those of the voiced fricatives.
This oversimplification eliminates some ill1.-
portant distinctions among speech sounds.
Also, reliable determination of whether a
sound is predomi_nately voiced or unvoiced
and reliable determination of the fundamen-
tal frequency for voiced speech sounds are
difficult speech analysis problems, especially
for speech in typical acoustic environments
with reverberation and competi ng speakers
or other noise. Unavoidable errors in the ex-
traction of these parameters can produce fur-
ther decrements in performance.

An improvement in the quali y and intelli-
gibility of tJansmitted speech can be realized
with a different approach fOJ representing
the excitation of the vocal tract. In this ap-
proach the speech input is filtered to include
frequencies below a cutoff frequency in the
range of 400 to 1,000 Hz. This filtered or
baseband signal then is transmitted without
IUJther analysis to the receiver. At the re-
ceiver, the baseband signal is used for the
source of excitation. 0 decisions are made
about voicing and no analysis is required
to determine tundamental frequencies for
voiced sounds. Instead, the baseband signal
reflects t e excitation of the vocal tract. It is
periodic for voiced speech sounds, aperiodic
for unvoiced speech sounds, and has periodic
and aperiodic components for mixed excita-
tion of the vocal tract. The periodicity of
the voiced sounds corresponds to the rate of
glottal openings.

The bandpass channels of this baseband
vocoder are the same as those used in the
channel vocoder. Transmission ot the base-
band signal requires a much higher informa-
tion rate than that required for the trans-
mission of the voiced or unvoiced and
fundamental frequency parameters in the
channel vocoder. There is a tradeoff in qual-

ity versus information rate requirements in
choosing between channel and baseband vo-
coders. Baseband vocoders provide higher
quaE y, especially in noisy environments but
at the cost of high r information rate require-
ments compared with channel vocoders.

The representation of how the vocal tract
is excited is far flOm perfect, even in base-
band vocoders. In particular, only a small
part of the broad spectrum of noise excita-
tion is represented in the baseband signal,
and this can lead to errors in levels of excita-
tion for unvoiced sounds.

Another approach to vocoder design is to
extract and transmit parameters to specify
the principal resonances and anti-resonaces
of the vocal tract, as opposed to the transmis-
sion of bandpass envelope signals in the
channel vocoder. This approach is based on
the observation that peaks in the spectra of
voiced speech sounds convey almost as much
information as the full spectrum. For vowels
and. some of the other voiced sounds, a sav-
ings in the information rate required for
transmission can be realized by sending a
reduced set of parameters that specify the
frequencies and widths of the first two to
four peaks (formants) in speech spectra at 5-
to 3D-millisecond intervals. A further savings
can be realized by specifying the frequencies
only, because the widths convey less in '01-

mation than the frequencies and can be fhed
for demanding applications.

A block diagram of the synthesis portion
of such a formant vocoder is presented in
Fig. 7.3. The upper path is used for the syn-
thesis of voiced speech sounds, and the lower
path is used for the synthesi of unvoiced
speech sounds. Th parameters FI through
F3 specify the center frequencies of three res-
onant filters connected in series, and the pa-
rameters B, through B3 specify the widths
(or bandwidths) of the filters.

Synthesis of unvoiced speech sounds re-
quires an anti-resonance (spectral zero) in
addition to a resonance (spectral pole), cOt"-
responding the cavities between the source
of noise and the lips (resonance) and be-
tween the source of noise and the glottis
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FIG.7.3. Diagram of the synthesis portion of a formant vocoder. Blocks labeled HI to H3 are resonance
filters with center frequencies controlled by the parameters Fl to F3 and with bandwidths controlled
by the parameters B. to B~. The filters represent the first three formants of voiced speech sounds.
Block H4 is a resonance tilter whose parameters are fixed and do not vary with time. This filter
represents the relatively invariant fourth formant of voiced speech sounds. Blocks Hp and Hz represent
the principal resonance (i.e., spectral pole) and anti-resonance (i.e., spectral zero) of unvoioed
speech sounds, respectively. Parameters Fp and F, control the center frequencies of those filters,
and the single parameter B controls the bandwidth for both of the filters. Speech amplitudes are
controlled by the gain factors G. and Gu for voiced and unvoiced sounds, respectively. (Adapted
from Papamichalis, 1987, with permission)

(anti-resonance). The frequencies of the res-
onance and anti-Iesonance are specified by
the parameters Fp (pole) and Fz (zero), re-
spectively. The selectivity for both filters is
specified by the single parameter B.

The formant vocoder offers a reduction in
the information rate needed to transmit the
extracted parameters. However, this reduc-
tion comes at the cost of a great increase in
the complexity of the analysis part of the
system. Accmate extraction of formant fre-
quencies (and bandwidths) in conversational
speech is difficult and highly subject to
noise interference.

The formant vocoder also shares some lim-
itations of the channel vocoder previously
discussed. In particular, the weaknesses asso-
ciated with the voiced or unvoiced decision
and with extraction of the fundamental fre-
quency for voiced speech sounds apply to
both types of vocoder. The formant vocod r
also fails to represent nasals well, in that ac-
curate synthesis of nasals requires an anti-
resonance (produced by the closed cavity of

the vocal tract) in addition to the resonances
of other voiced sounds. The anti-resonance
is not included in the path for the synthesis
of voiced sounds.

Formant vocoders work best for transmis-
sion and synthesis of vowels and work less
well for transmission and synthesis of other
speech sounds. Formant vocodeIS also are
more complex and mOre susceptible to noise
interference than channel vococlers. Formant
vocoders have been used in situations requir-
ing extremely low information rates for
transmission of speech parameters. he
quality and intelligibility of speech tran mit-
ted with formant vocodcr is not as high as
those with channel vocoders, bu the formant
vocoder allows lower information rates while
maintaining an acceptable intelligibility for
om.e applications.

Implications for Cochlear Implants

The amoLlnt of information that can be pre-
sented and perceived with a cochlear implant
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is much less than that for someone with nor-
mal hearing listening to an unprocessed
acoustic signal. For example, the number of
electrodes that can be included in a scala
tympani implant is far less than the number
of ganglion cells and neurons in normal and
probably in most deafened cochleas. The rate
at which stimulus ini'ormation can be sent to
the electrodes is further restricted by the
prop rties oftrallscutaneous links (se Chap-
ter 6). Current implant systems have no more
than 22 illtracochlear eLectrodes, which for
such closely spaced electrodes address highly
overlapping populations of neurons because
of the spread of the electric fields across elec-
trode positions. Data from studies manipulat-
ing the number of channels and electrodes
used with the 22-electrode implant indicate
that addition of channels and electrodes be-
yond four to six does not increase speech re-
ception scores (Fishman et ai., 1997; Lawson
e£ at., 1996; Wilson, 1997). This suggests that
only four to six sites along the aHay elicit
dearly discriminable percepts. This number
may be increased with the use of new elec-
trode designs (see Chapter 6). This number
is lower than the number of critical bands in
hearing that span the range of speech fre-
quencies (14 to 19 critical bands), much lower
than the number of rows of sensory hair cells
(approximately 3,000, which pmbably corre-
spond to the smalles t units of frequency reso-
lution according to place of stimulation in the
cochlea), and very much lower than the num-
ber of auditory neurons (approximately
30,000 in the healthy cochlea).

In addition to the limitations otthe implant
system, perception of electrical stimuli is dif-
feren t from perception of acoustic stimuli.
The dynamic range of stimulus amplitudes
from auditory threshold to loud percepts is on
the order of 10 to 20 dB for electrical pulses
and on the order oflOO dB for acoustical stim-
uli. Thenumber of discriminable steps in stim-
ulus amplitudes within these ranges is lower
in electrical hearing than in normal hearing.
Changes in the rate or frequency of stimuli
delivered to single electrodes ot" an implant
are perceived as changes in pitch only up to

a pitch saturation limit, typically around 300'
puIses/s for electrical pulses or 300 Hz for
electrical sinusoids, Higher rates or frequen-
cies do not produce increases in pitch. In nor-
mal hearing, different pitches are heard over
much wider ranges of rates or frequencies,
probably through combinations of rate and
place cues to pitch.

A wide range of outcomes is found for
any of the current multichannel implants (see
Chapter 10). Different patients using identi-
cal implant devices may have quite different
speech reception scores. This indicates the
importance of patient vatiable in the design
and performance of implant systems. Such
variables may include differences among pa-
tients in the survival of neural elements in
the implanted cochlea, proximity of the elec-
trodes to tbe target neurons depth of hlser-
tion for the electrode anay, integrity of the
central auditory pathways, and cognitive and
language skills.

The various limitations described above
suggest a highly impoverished link fOJ the
representation ancl perception of speech in·
formation with cochlear implants, Indeed,
design of implant systems can be viewed as
a problem of squeezing speech through a
narrow bottleneck, imposed by the lack of
spatial specifkity in stimulation and by limi-
tation in perception. Early designs at-
tempted to represent only the most impor-
tant aspects of speech at the electrodes, anel
they attempted to match the representations
with what could be perceived. This involved
transforma bans of extracted parameters
such that the minimum and rna'imum values
of each parameter would span a perceptual
dimension, such as from auditory threshold
to loud p rcepts.

Vocoder theory and models played major
rol s in these early designs, at least for multi-
dectrode imphmt systems. Vocoder re ults
demonstrated that a smalJ set of parameters
could specify the synthesis of intelligible
speech at low rates of information transfer.
The results also indicated how such par'ame-
tel'S could be extracted from continuous
speech.
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PROCESSl 'G STRATEGIES

The development of cochlear prostheses be-
gan with the work of Djourno and yries
in 1957 and with the separate efforts led
by House, Simmons, and Michelson in the
1960s. Many approaches to the design of pro-
cessing strategies and other components such
as electrode arrays have been proposed or
used in the 4 decades of work from these
beginnings to the present.

Only a few among the many approaches
to processor design are described in this
chapter. Emphasis is given to the most recen t
strategies, and to the major steps that led to
the development of those strategies. Empha-
sis also is given to within-subject compari-
sons of processing strategies, in which effects
of processor vari.ables can be separated from
effects of pati.ent variables (Wilson et at.,
1993). These comparisons include CIS verSuS
a compressed analog (CA) strategy and
SPEAK versus a multipeak (MPEAK) strat-
egy. The comparisons illustrat.e issues in pro-
cessor design and show what is possible with
t.he use of the CIS and SPEAK strategies.
Descriptions of many more of the ap-
proaches to processor design that have been

proposed or used throughout t.he history of
cochlear implants are presented in a number
of comprehensive reviews (Donnan, 1993;
Gantz, 1987; Loizou, 1998; Millar et al. 1984
and 1990; Moore, 1985; Parkins, 1986;
Pfingst, 1986; Tyler and Tye-Murray, 1991;
Wilson, 1993).

Interleaved. Pulses Strategies

arly designs of processing strategies based
on vocoder analogies included t.he inter-
leaved pulses (IP) strategies and a series of
feature extraction strategies. An approach
similar to that of channel vocoders was used
in the IP strategies and an approach similar
to that of formant vocoders was used in the
feature extract.ion strategies.

A block diagram of the IP processor (Wil-
son et al., 1985 and 1988a) is presented in
Fig. 7.4. The "front end" of the processor is
nearly identical at the block diagram levd
to the analysis portion of a channel vocoder.
The front end includes a bank of bandpass
filtel'S and associated envelope detectors, a
voicing detector. The Olltpu ts from these
blocks then are used to control patterns of
electrical stimulation at the electrode array.

POST
PROCESSOR

• peak ID

: mappJrlg

• Pulse form
sequenee

FIG. 7.4. Diagram of an interleaved pulses processor. The initial stages of processing are periormed
by a voicing detector and a bank of bandpass filters and associated envelope detectors. A postpro"
cessor uses inputs from these stages to control patterns of stimulation at the electrode array. AGe,
aUltomatic gain control. (Adapted from Wilson et aI., 1988a, with permission.)
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A postprocessor determines the timing and
amplitudes of stimulus pulses delivered to
the electrodes. In variation 1 of the IP pro-
cessor, it presents pulses at the fundamental
frequency when the voicing detector incli-
cates the presence of a voiced speech sound,
or at a relatively high (e.g., 300 pulses/s/elec-
trade) or randomiz d rate when the voicing
detector indicates the presence of an un-
voiced speech sound.

In variation 2 of the IP processor, inputs
from the voicing and fundamental frequency
detectors me ignored and pulses are pre-
sented at fixed interpulse intervals (e.g., 1
millisecond) to a subset of' selected elec-
trodes. The electrodes are selected according
to the n highest envelope signals among the
m bandpass channels for each cycle of stimu-
lation. This variation of the IP processor was
the first implementation of an n-oI-m strat-
egy for cochlear implants (Wilson et a!., 1985
and 1988; McDermott and Val1dali, 1997).
The basic n-of-m approach is used to this
day, as described later in this chapter.

Patterns of stimulation for variation 1 of
the IP processor are illustrated in ig. 7..5.
Speech inputs are shown in the top panel,
and stimulus pulses are shown for each of
four electrodes (and channels) in the bottom
panel. The four electrodes are auanged in
an apex-to-base order, with electrode 4 being
most basal. The amplitudes of the pulses for
each of the electrodes are derived from the
envelope signals in the corresponding band-
pass channels. The envelop signal in the
bandpass channel with the lowest center fre-
quency controls the amplitudes of pulses de-
livered to the apical-most electrode, and the
envelope signal in the bandpass channel with
the highest center frequency controls the am-
plitudes of pulses delivered to the basal-most
electrode. This arrangement mimics the to-
no topic organization of the cochlea in nor-

. mal hearing, with high-frequency sounds
exciting nem-ons at basal locations and low-
frequency sounds exciting neurons at api-

. ca] locations.
Pulse amplitudes are derived from the en-

velope signals in both variations of IP pro-
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cessors. A logarithmic transformation is used
to map the relatively wide dynamic range of
envelope variations onto the narrOw dy-
namic range of electrically evoked hearing.
(The eHect of such mapping is not shown in
Fig. 7.5.)

Variation 1 of the IP processors is a close
analog of a channel vocoder. As illustrated
in Fig. 7.5, the stimuli produced with this
variation indicate voiced versus unvoiced
sounds (compare rates of stimulation be-
tween the lower panels of the figure, corre-
sponding to the voiced hi and the unvoiced
It/) and the fundamental frequency of voiced
sounds (i.e., the pulse rate in the lower left
panel). Variations in pulse amplitudes across
electrodes also indicate the shape and trans-
fer function of the vocal tract; at least some of
the principal reSOnances and anti-resonances
of the tract are reflected in the different pulse
ampLitudes for different electrodes. For ex-
ample, the high~frequency resonance of the
It! sound is reflected in the relatively intellse
stimulation of electrode 4 (lower right pand
of Fig. 7.5),

Variation 2 of the IP processors uses the
bandpass channel outputs only and repre-
sents only a subset OJ those for each. cycle of
stimulation across electrodes. The presenta-
tion of information is sparse compared with
variation 1 of the IP processors. Such a pre-
sentation may provide a mare optimal match
fm patients with highly limited perceptual
abilities (Wilson et al., 1988a). Information
about the excitatio J. of the vocal tract is dis-
carded, but some information about the
transfer function of the tract is retained.

An additional aspect of the design of .lP
processors is the l1onsimultaneous presenta-
tion of pulses across electrodes. This elimi-
nates direct summation of el ctric fields from
different electrodes produced with simulta-
neous stimulation. Such summation can
greatly reduce the independence of stimula-
tion among el ctrodes and thereby reduce
the salience of channel-related cues.

Comparisons between IP and other pro-
cessing strategies are described in several re-
ports (Lawson et al., 1993; Wilson 1993; Wil-
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Interleaved Pulses

FIG. 7.5. Stimuli produced by a simplified imp.lementation of variation 1 oj an interleaved pulses
(IP) processor. The top panels show pre-emphasized (6-dB/octave attenuation below 1.2 kHz)
speech inputs. An input corresponding to a vorced speech sound (I'JI) is shown in the left panel,
and an input corresponding to an unvoiced speech sound (lt/) is shown in the right panel The
remaining panels show stimulus pulses produced by an IP processor for these inputs. The numbers
indicate the electrodes to which the stimuli are delivered. The lowest number corresponds to the
apical-most electrode and the highest number to the basal-most electrode. The pulse amplitudes in
the fiigme reflect the amplitudes of the envelope signals for each channel. In actual implementations,
the range of pulse amplitudes is compressed using a logarithmic or power-law transformation of the
envelope signal for each channel. Notice that the stimuli are presented nonsimultaneously across
electrodes and tihat the rates of stimulation are different for voiced and for unvoiced segments of
speech. The duration of each trace in this figure is 25.4 ms. (From WilsOll, 1993, with permission.)

on et al., 1985 1988a, 1988b, and 1991b).
Performance for one subject was remarkably
improved with sub'tituhon of variation 2 of
the IP processors for the CA processor of his
clinical device. This subject did not recognize
speech as such with the clinical processor. In
contrast, speech sounded like speech with
the IP processor and the subject scored well
above chance on tests of consonant and
vowel identification. The amount of informa-
tion presented with the IP processor was
much less than that presented with the
processor (discussed later in this chapter)
and this may have helped the subject to per-
ceive a limited but important subset of
speech information. The nonsimu.ltaneous
presentation of stimuli with the IP processor,
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as opposed to the simultaneous presentation
of' analog waveforms with the CA processor,
may have enhanced the representation and
perception of channel-related cues.

This second variation of lP processors has
been developed fmther in n-of-m strategies
in current use. These designs are described
later in this chapter.

Additional comparisons involving IP pro-
cessor included comparisons of the first vari-
ation of the processors with CA processors
in groups of six subjects using the SeFt
Storz implant system and two subjects using
the Ineraid implant system. All of these sub-
jects had higher levels of speech reception
performance with their chnical CA pro-
cessors compared with the. ubject described



previously, [n general, Iesults obtained with
IP processors with these groups of subjects
were immediately as good on average as re-
sults obtained with the CA processor, despite
considerable experience with the latter and
essentially no experience with the former.
Some subjects had better performance with
the CA processor, and others had better per-
formance with the IP processor. This finding
suggested that availability of multiple strate-
gies might help individual patients to achieve
the best possible outcome.

Although the results with vaI"iatioll 1 of
the IP processor \vere promising, its further
development was discontinued in favor of a
clearly better approach, the CIS strategy,
that also was evaluated with the second
group of two Ineraid subjects.

Feature Extraction and
Multipeak Straflegies

Several processing strategies have been used
in conjunction the I ueLeus electrode alTay
and implanted receivers since 1982, when the
first system was introduced for clinical appli-
cation (Clark 1987; Gark et aI., 1990; Patrick
and Clark, 1991). The first three of the strate-
gies were based largely or in part On a for-
mant vocoder model. The SPEAK, CIS, and
advanced combination encoder (ACE) strat-
egies have superseded these earlier strategies
and are the processing options now available

for use with the Nucleus implant. These strat-
egies are described later in this chapter.

The first strategy used with the uclells
implant was designed to represent voicing
information and the frequency and ampli-
tude of t11e second formant (Fl and A2,
respectively). The second strategy added a
representation of the first formant (Fl
and A1).

Block diagrams of the second strategy are
presented in· igs. 7,6 and 7.7. Fig. 7.6 shows
a diagram of the entire processor, and ig.
7.7 shows a more detailed diagram of the
front end of the processor. The first pro-
cessor in the 'ucleus series used the compo-
nents associated with extraction and repre~
sentation of voicing and second formant
information, and the second processor used
aU of Lhe components shown in Fig . 7.6 and
7.7, including those associated the extracLion
and representation of first formant infor-
mation.

In the first strategy, a zero crossings detec-
tor was used to cstin1aLe Lhe fundamental
frequency (FO) of voiced speech sounds from
the output of a 270-Hz lowpass filter (Fig.
7.7, upper path). A separate zero crossings
detector was used to estimate the spectral
centroid (or spectral center of graviLy) in the
output of a bandpass filter spanning the fre-
quency range of the second fonnant (1 to 4
kHz in onc implementation of the strategy).
The amplitude of the second formant was

Speech
0-4 Hz

Radio
Frequency
Si,gnal to
Re<:eiver/
Stimulator

FIG. 7.6. Diagram of the FO/F1/F2 processing strategy. The FO/F2 strategy uses all blocks shown
here except for the block labeled First Formant Estimation F1,A1. (Adapted trom Patrick et al., 1990,
with permission.)
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FIG. 7.7. Detailed diagram of the front end of an FO/F1/F2 processor. AGe, automatic gain control
(From Blamey et aI., 1987, with permission.)

estimated with an envelope detector at the
output of the bandpass fIlter. The envelope
detector included a peak detector and lo,,\'·
pass filter, whose cutoff frequency was set at
35 Hz. These components are shown in the
lower path of Fig. 7.7.

This FOIF2 processor represented voicing
information by presenting stimulus pulses at
the estimated FO rate during voiced speech
sounds and at quasi-random intervals, with
an average rate of about 100 pulses/s, during
unvoiced speech sounds. The frequency of
the spectral centroid in the F2 band was rep-
resented by selecting one position along the
electrode array for each successive pulse.
High frequencies were represented with
stimulation of an electrode or a pair of
closely-spaced bipolar electrodes near the
basal end of the array, and low frequencies
were represented with stimulation of an elec-
trode or electrode near the apical end of
the array. The estimated amplitude of the
second formant was represented with tbe
amplitude of each pulse, derived with a loga-
rithmic transformation of the envelope sig-
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nal, as in the IP processors described pre-
viously.

The FO/F2 strategy is a highly reduced ana-
log of a formant vocoder. Only one formant
is represented. However this fmmant proba-
bly confers the great st information about
speech among the formants. Perception of
F2 can allow the classification of vowels into
groups, and transition of F2 from vowels
into consonants can cue place of articulation
for some of the consonan s. The aim of the
FO/F2 strategy is to extract from speech an
irreducible set of parameters and then to rep-
resent those parameters in a way that can
be perceived and used by implant patients.
Performance with this initial strategy was en-
cOUl"aging in thdt its use allowed sOme pa-
tients to recognize portions of speech with
hearing alone (Clark, 1987 and 1995; Clark
et at. 1990; Dowell el at. 1986 and 1987a).
The average of scores among 13 patients for
recognition of monosyllabic Northwestern
University Auditory Test 6 ( U-6) words
was 4.9% correct (Dowell et at., 1987a).

In late 1985 the FO/F2 strategy was modi-



fled to include extraction and representation
of information Glbout theflrst formant. An
additional cha11l1elof processing \vas used to
derive estimates of the spectral centroid and
amplitude in a band of frequencies encom-
passing the range of 1 (Fig. 7.7, middle
path). For each stimulus cycle, a postpro-
cessm- (Fig. 7.6) selected two electrode posi-
tions for stimulation, one corresponding to
the estimated frequency of Fl and the other
corresponding to the estimated frequency of
F2. As in the FO/F2 processor, the electrodes
were stimulated at a rate equal to the esti-
mated - 0 during voiced speech and at a
quasi-random rate during unvoiced speech.
A stimulus cycle included stimulation of the
electrode or electrode pair selected to repre-
sent F2, followed by stimulation of the elec-
trode or electrode pair selected to repre-
sent Fl.

Within-subject comparisons of the FO/F2
and FO/F1/F2 strategies demonstrated
higher levels of speech reception with the
latter (Dowell et a!., 1987b; Tye-Munay et
a!., 1990). All seven subjects in the tudyof
Dowell et at., for instance, obtained higher
scores for recognition or key words in the
Central Institute for the Deaf (CID) senten-
ces of everyday speech using the FOIF1/F2
processor. The average score for these live-
voice presentations of the sentences was
30.4% conect for the FO/F2 processor and
62.9% correct for the FO/Fl/F2 processor.
The average scores for separate groups of
subjects in another study (Dowell el aI.,
1987a) were 15.9% conect for the FO/F1 pro-
cessor group (n = 13) and 35.4% correct for
the FO/F1/F2 processor group (n = 9). Scores
for recognition of monosyllabic words in this
study was 4.9% correct for the FO/F2 group,
and 12.4% correct for the FO/F1/F2 group.
Test items were presented from recm-ded
material in the second study, and this may
have contributed to th lower scores for the
CID sentence tests in that study compared
with the first study. Scores with the FOfFl/
F2 processor were significantly higher than
scores with the FO/F2 processor in both
studies.
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Although performance with the FO/F1 IF2
strategy was better than that with the FO/F2
strategy patients using the FO/F2 strategy
for an extended period in their daily Jives
initially rejected the FOIFI/F2 strategy as ·n-
ferior (Dowell et al. 1987b). ltimately, the
patients preferred and performed better with
the FO/Fl/F2 strategy. This, along with simi-
lar observations by others, suggests that pref-
erence is an unreliable guide at best in select-
ing processing strategies ror irnplants_ In
addition, a substantial period of experience
or learning may be required before asymp-
totic performance is attained with a new
strategy (Dorman and Loizou, 1997; Peliz-
zOne et aI., 1995; Tyler et at., 1986).

From 1985 to 1989, Cochlear Ltd. (then a
subsidiary of ucleus Ltd.), in collaboration
with investigators at the University of Mel-
bourne, developed new external hardware
for use with the Nucleus implant (Patrick
and Clark, 1991; Patrick el a!., ]990; Skinner
el al., 1991). Analog components were re-
placed with digital components, and various
aspects of the ignal processing and mapping
of envelope levels onto stimulus levels were
refilled in the new hardware (Skinner et at.,
1991; Wilson, 1993). Use of a custom inte-
grated circuit for much of the processing al-
lowed substantial reductions in the size and
weight of the new Mini Speech Processor
(MSP) compared with the prior Wearable
Speech Processor (WSP III). These reduc-
tions helped to make the MSP more suitable
for use by young children.

The MSP could be programmed to imple-
ment versions of the FO/F2 and FO/F1/F2
strategies, with the refinements provided
by the MSP hardware. In addition, a new
stmtegy, MPEAK, could be implemented
through software choices. The MPEAK
trategy was designed to augment the FO/F11

F2 strategy by adding a represen tation of
envelope variations in high-frequency bands
of the input speech signaL

As clescribed previously, a formant vo-
coder approach cannot provide a good repre-
sentation of many speech sounds, particu-
larly unvoiced sounds and many of the voicecl



consonants. The high-band challl1els 01 the
MPEAK strategy are similar in design to the
upper channels of the IP processors, which
are based on a channel vocoder approach.
The MPEAK strategy combines aspects and
channel and formant vocoders, with the aim
of unproving the representation and percep-
tion of consonants.

A block diagram of the MPEAK strategy
is presented in Fig. 7.8. This diagram is in the
style of Fig. 7.6 for the FO/F2 and FO/FlIF2
strategies and shows all components of a
MPEAK processor. The principal difference
between the FO/FlIF2 and MPEAK strate-
gies is in the addition of the energy indicators
for three high-frequency bands. The bands
are 2.0 to 2.8 kHz (band 3, as distinguished
from the two bands for Fl and F2), 2.8 to 4.0
kHz (band 4), and 4.0 to 7.0 kHz (band 5).

In the MPEAK strategy, lOur pulses are
delivered in each stimulus cycle. During
voiced speech, these cycles are presented at
a rate equal to the estimated FO and, during
unvoiced speech, at quasi-random intervals
but with an average rate in the range of 200
to 300 pulses/so Fixed electrode positions are

reserved at the basal end of the array for
representations of the envelope signals in
bands 3 through 5, and the remainulg (more
apical) electrode positions are used for rep-
resentations of 1 and F2. During voiced
speech, the electrodes for bands 4 and 3 and
for F2 and Fl are selected for slim ula tion.
During unvoiced speech, the electrodes for
bands 5, 4, and 3 and for F2 are selected.
Stimulation of the four lectrodes (or elec-
twde pairs) selected for each cycle is in a
base-to-apex order. Manipulations of pulse
amplitude and pulse duration are used to
code loudness. (These manipulations pro-
duce changes in the charge pel' phase of stim-
ulus pulses, which is strongly correlated with
the loudness of auditory percepts.) Changes
in either can be used to code loudness, but
the combination allows a reduction in the
time required for the tra mission of stimu-
lus information through the transcut.aneous
link of the Nucleus device. In particular,
transmission of high-amplitude, short-dura-
tion pulses requires less tim.e than transmis-
sion of low-amplitude, long-duration pulses
(Crosby el aI., 1985; Shannon et aI., 1990).

First Formane
E$tima!ion FI.AI

5.e<:ond For"",nt
Estimatiol1 F2,A2

AGe

A3. El1or,.;rf"",,,
2kHz to 2.8"Hz.

A4. En",gy fmOl
~.ekH::l to 4kHz.

AS. Energy [rom
4kHz,to 6kHz
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Param@(@!r

to 81eorrorle

Ma••ping
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(Pa'i.m Data)
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FIG. 7.B. Diagram of the multi peak processing strategy and the hardware components of the Mini
Speech Processor (MSP). AGe, automatic gain control, (Adapted from Patricket al., 1990, with per-
mission.)
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Coding loudness with changes in the ampli-
tude of short-duration pulses up to the
amplitude (current) limit of the device and
then coding further increases in loudness
with increases in duration at that highest
amplitude minimize the amount of time
required to transmit each stimulus pulse.
This allows rates of stimulation up to about
400 cycles/So

Studies have been conducted to compare
the FO/F1/F2 strategy as implemented in the
WSP III, the FO/Fl/Fl strategy as imple-
mented in the MSP or a prototype of the
MSP and the MPEAK strategy as imple-
mented in the MSP (Dowell et al., 1991; Skin-
ner et al., 1991). In within-subject compari-
SOnS with five subjects, Dowell et at. f0llI1d
significant increases in the recognition of key
words in the Bamford-Kowal-Bench (BKB)
sentences when the MSP implementation of
the FO/FI/Fl strategy was substituted for the
WSP III implementation of that strategy, and
when the MPEAK strategy was substituted
for the FO/Fl/Fl strategy in the MSP hard-
ware. The scores increased from ap p:J"OX i-
mately 50% correct with the WSP III imple-
mentation of the 0/ 1IF2 strategy to
approximately 80% correct with MPEAK
strategy (using the MSP hardware). Results
for the MSPimplementation of the FOtFlI
F2 strategy were almo t e actly midway be-
twee,n these,

Skinner el al. also observed large improve-
ments in speech reception scores when the
MPEAK strategy was substituted for either
imple :n.entation of the FO/Fl/F2 stnHegy in
studies with a separate group oHive subjects.
Scores for the two implementations of the
FOtFlIFl strategy were not statistically dif-
ferent, however. The MSP implementation
used a prototype of the MSP with some dif-
ferences in design and those differences may
have affected the comparisons. Average

. scores for recognition of I U-6 monosyUabic
words improved from 13.3% to 29.1 % coneet
when the MPEAK strategy was substituted

. for the WSP III implementation of the FOt
FlIF2 strategy, and .recognition of key words
in the BKE sen ences improved from 51.0%

to 70.0% correct for the same processor con-
ditions.

Continuous Intedeaved Sampling Strategy

The CIS strategy was the direct descendant
of the IP strategies described earlier. The
design of the CIS strategy was motivated in
part by a desire to represent voicing informa-
tion in a more natural way and to increase
the amOllnt of infonnation transmitted and
perceived with the implant. With the first
variation of the lP pTOcessing, in which voic-
ing information was explicitly represented,
subjects remarked that changes in their per-
cepts at boundaries between voiced and un-
voiced sounds eemed abrupt and unnatural,
The chunkiness of the repr sentation did not
reflect the smoother transitions in speech and
did not reflect mixed excitations of the vo-
cal tract.

These anecdotal comnJ nts by subjects
were corroborated by voicing CHars in tests
of consonant identification, The errors may
have been produced by an incomplete and
distorted representation of voicing informa-
tion and by errors in tbe voiced or unvoiced
decision, The former errors are inherent to
channel and formant vocoder approaches,
and the latter errors are difficult or impossi-
ble to eliminate for less than ideal speech
inputs, even using highly sophisticated algo-
rithms and hardware (l ess, 1983).

A block diagram of the CIS strategy is
presented in Fig. 7.9. Inputs from a micro-
phone and optional automatic gain control
(AGe) are directed to a pre-emphasis filter,
which attenuates frequency components be-
low 1.2 kHz at 6 dBtoctave, This pre-empha-
sis helps relatively weak consonants (with
a predominant heq uency content above 1.2
kHz) compete with' owels, which are intense
compared with most consonants and have
strong component' below 1.2 kHz.

The output of the pre-emphasis filter is
directed to a bank of bandpass channels .
Each channel includes stages of bandpass fi1-
tering, envelope detection, and compression.
Envelope detection is accomplished with a
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FIG. 7.9.. Diagram of continuous interleaved sampling (CIS) processing strategy. The strategy uses
a pre-emphasis filter (Preemp) to attenuate strong components in speech below 1.2 kHz. The pre-
emphasis filter lis foll'owed by multiple channels of processing. Each channel includes stages of
bandpass filtering (BPF), envelope detectiion, compression, and modulation. Carrier waveforms for
two of the modulators are shown below the two corresponding multiplier blocks. (Adapted from
Wilson et al., 1991 a, with permission.)

rectifier, followed by a lowpass filteL The
channel outputs are used to modulate trains
of biphasic pulses. The modulated pulses for
each channel are applied through a percuta-
neous or transcutaneous link to a corre-
sponding electrode in the cochlea. Stimuli
derived from channels with low center Ire-
quencies for the bandpass filter are directed
to apical electrodes in the implant, and stim-
uli derived from channels with high center
frequencies are directed to basal electrodes
in the implant.

As with the IP, FO/F2, FO/Fl/F2 and
MPEAK processors stimuli for the CIS
strategy are delivered nonsimultaneously
across electrodes. This eliminates onc com-
ponent of electrode or channel interactions
that otherwise would be produced through
direct summation of the electric fields from

different (simultaneously stimulated) elec-
trodes.

In contrast to the IP, FO/.f2, FO/FI/F2, and
MPEAK processors, the CIS strategy does
not include an explicit representati n of
voiced or unvoiced distinctions or of the fUn-
damental frequency or voiced sounds. In-
stead, voicing information is represented
through relatively rapid variations in the
modulation wavefoHlls for each of the chan-
nels. These variations are induded in the
modulation waveforms with the uSe of high
cutoff frequencies for the lowpass filters in
the envelope detectors. A typical cutoff for
CIS processors is in the range of 200 to 400
Hz, whereas a typical cutoff for the other
processors is in the range of 20 to 35 Hz.
The higher cutoff in CIS processors allows
voicing information to pass through each en-
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vclope detector. The envelope signal in CIS
processors conveys slow variations corre-
sponding to changes in tile shape of the vocal
tract and the rapid variations corresponding
to periodic, aperiodic, or mi' ed excitation
of the tract. For voiced speech, the rapid
periodic variations occur in synchrony with
the periodic openings of the glottis.

-IS processors use higher rates o( stimula-
tion than the processors mentioned pre-
viousLy to represent adequately the rapid
variations in the modulation waveforms.
Rates for CIS processors typically exceed 500
pulses/s/electrode and often are much higher
than that. Stimulus pulses for the other pro-
cessors are delivered at the FO rate during
voiced speech and at a quasi-random OJ a
somewhat higher fixed rate (e.g., 300 pulses/
slcleGtrode in variation 1at the lP processor)
during unvoiced speech.

The pulse rate for CIS processors must be
higher than t\\i·ice the cutoff frequency of the
lowpass filters to avoid digital aliasing effects
in the patterns of stimulation on single elec-
trodes (Rabiner and Shafer, 1978; \Vilson,
1997). Results from recent l"ecordings of au-
ditory nerve responses to sinusoidally ampli-
tude modulated pulse trains indicate that the
pulse rate should be e'ven higher-four to
five times the cutoff frequency-to avoid
other distortions in the neural representa-
tions of modulation waveforms (Wilson
1997 and 1999). A typical CIS processor
might use a pulse rate of 1,000 pulses/s/elec-
trade or higher, in conjunction with a 200-
Hz cutoff for the lowpass filters.

The approach used in the CIS strategy de-
parts from the vocoder-based approaches of
prior strategies. No specific features of
speech are extracted or represented with CIS
processors. Instead, envelope variatio s in
each at multiple bands are presented to the
electrodes through modulated trains of inter-

. leaved pulses. The rate of stimulation for
each channel and electrode does not vary
bet'ween voiced and unvoiced sounds. This

, waveform or tilterbank representation does
not make any assumptions about how speech
is produced or perceived. Instead, it seeks to
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represent the acoustic environment in a way
that uses to the l1la imum extent possible the
perceptual abilities of implant patients. The
amount of information presented ",,,ith CIS
processors is much higher than the amounts
presented with the prior approaches based
on voeoder models. The information is tai-
lored to fit within the perceptual. paces of
electrically evoked hearing. The maximum
frequency of envelope variations doe' not
exceed the pitch saturation limit of typical
patients (200 to 400 Hz), and the stimuli are
interlaced to eliminate a principal compo-
nent of electrode interactions. High pulse
rates are used to represent without distortion
the highest frequencies in the modulation
,:vaveforn.ls, The modulation waveforms re-
flect rapid transitions in speech, including
rapid consonant transitions and voicing in-
formation,

Stimuli tor a simplified implementation of
a four-channel CIS processor are shown in
Fig. 7.10. The organization of this Figure is
the same as that of Fig. 7.5, \vhich shows
stimuli for variation 1 of the IP processors.
The rate of stimulation is much higher for
the CIS processor. The rate does not vary
between voiced and unvoiced sounds, and
the rate is adequate to represent most or
all of the frequency infonnation that can be
perceived within channels,

An expanded display of stimuli during a
3.3-millisecond segment of the vowel input
is presented in Fig. 7.11. This display shows
the pattern of stimulation across electrode ...
In this particular implementation of a CIS
processor, stimulus pulses are delivered in
a nonoverlapping eguence from the basal-
most electrode (electrode 4) to the apical-
most electrode (electrode 1). The rate of
pulses on each electrode may be varied
through manipulations in the duration of the
pulses and time between sequential pulses .
Any ordering of electrodes may be lised in
the stimulation sequence, such as an apex-
to-base order or a staggered order (i. e., an
order designed to produce on average the
maximum spatial separatio between se-
quentially stimulated electrodes).
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FIG. 7.10. Stimuli produced bya simplified implementation of a continuous interleaved sampling
processor. The organization and speech inputs for this figure are the same as those in Fig. 7.5
(Adapted from Wilson et al., 1991a, with permission.)

Tbe first e aluatlons of the CIS strategy
included comparisons among CA IP (varia-
tion 1), and CIS processm" fm two subjects
implanted w.ith the Ineraid device. The per-
cutaneous connector of the lneraid device
allowed high-quality implementations of

each of the strategies. The results from lets
of open-set recognition of words and senten-
ces are presented in Fig. 7.12. SCOlesfm the
CIS processor were higher than the scores
for the CA and IP processors for both sub-
jects. For example, subject SRl scored 8%,

1

2

3

4

r-llrate

FIG. 7.11. Expanded display ot continuous interleaved sampling stimuli. Pulse duration per phase
(d) and the period between pul'ses on each electrode (1/rate) are indicated. The sequence of
stimulated electrodes is 4-3-2-1. The duration of each trace is 3,3 ms, Notice that the pulses are
nonsimultaneous, eliminating a principal component of electrode interactions due to summation of
electric fields from different electrodes. (Adapted from Wilson et a1.. 1991a. with permission.)
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Compressed Analog Strategy

The CA strategy was among the first strate-
gies used with multi-electrode implants (. d-
dington 1980; Merzenich et at., 1984). lLs de-
velopment was roughly contemporaneous
with the development of the FO/F2 trategy
and predated the development of the IP
trategies.

The CA strategy has been applied in con-
junction with the now-discontiJ1ued Ineraid
and UCSF/Storz implants. modification of
the strategy, simultaneous analog stimulation
(SAS), is used as one of several strategi.es
that can be selected for the Clarion (Ad-
vanced Bionics) implant. The differences be-
tween CA and SAS are described in a sepa-
rate section on SAS.

In contrast to the other strategies cle-
scribed in this chapter, the CA and SAS strat-
egies use analog waveforJ1iS for stimuli in-
stead of biphasic pulses. A block diagram of
the CA trategy is presen ted in Fig. 7.1.3.
A microphone or other input is compressed
with a fast-acting AGe. The AGe output is

10%, and 32% correct in recognizing NU-6
words with the CA, IP, and CIS processors,
respectively, and subject SR2 scored 56%,
54%, and 80% correct in recognizing those
words for the same processors (Lawson et
at., 1993; Wilson, 1993). The subjects had
used the CA processor for two or more years
ill their daily lives at the tune of these tests
and had had some limited (laboratory) expe-
rience with the IP processor. Experience
with tbe CIS processor was no more than
several hours for eacb of the subject. De-
spite this relative lack of experience, both
subjects achieved their highest scores with
ClS for all tests that were sufficiently difficult
not to produce scores at or near 100% correct
for all three processors. The score of' 80%
correct tor recognition of the NU-6 words
was unprecedented at the time of this study.
The immediate jumps in scores with these
inifal implementations of the CIS strategy
encouraged its further development and sub-
sequent tests with additional subjects.
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FIG. 7.12. Speech test scores for compressed
analog (CA, striped bars), interl!eaved pulses (IP,
stlppfed bars), and continuous interleaved sam-
pling (CIS, solid bars) processors. Scores for In-
eraid subject SR1 are presented in the top panel,
and scores for Ineraid subject SR2 are in the
bottom panel The two CA scores for each test
for subject SR 1 are from separate evaluations of
that processor. The first evaluation (4/89) was
contemporaneous with the evaluation of the IP
processorfor this subject, and the second evalua-
tion (8190, right-most CA bar for each tes~ was
contemporaneous with the evaluation of the CIS
processor. Separate evaluations of the CA pro-
cessor were not conducted fm subject SR2, be-
cause evaluations of the IP and CIS processors
were contemporaneous with the (single) evalua-
tion of the CA processor. The tests included rec-
ognition of two-syllable words (Spondee), key
words in the Central Institute for the Deaf (CID)
sentences of everyday speech, the final word in
each of 50 high-predictability sentences from the
Speech Perception in Noise (SPIN) test (pre-
sented in these studies without noise), and mono-
syllabic words from Northwestern University Au-
ditory Test 6 (NU-6) ..The CA processors for both
subjects used four channels of processing and
stimu!ation, and the IP and CIS processors for
both subjects used six channels. The CA pro-
cessors were used by the subjects in their daily
lives. (From Wilson, 1993, with permissron.)
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FIG. 7.13. Diagram of the compressed analog processing strategy. The CA strategy uses a broad-
band automatic gain control (AGe), followed by a bank at bandpass filters. The outputs of the filters
can be adjusted with independent gain controls. Compression is achieved through rapid action of
the AGe, and high-frequency emphasis and limited mapping to individual electrodes is accomplished
through adjustments of the channel gains. (Adapted from Wilson et al., 1991a, with permission.)

filtered into contiguous bands (usually four)
that span the range of speech frequencies.
The signal from each bandpass filter is ampli-
fied and then directed to a corresponding
electrode in the implant. The gains of he
amplifiers for the different bandpass filters
can be adjusted to produce stimuli that do
not exceed the upper end of the dynamic
range of percepts for each electrode and that
provide a high-frequency emphasis (e.g, per-
cepts for high-frequency channel 4 can be
made as loud as percepts for low-frequency
channel 1 even though high-frequency
ounds in speech generally are much less in-

tense than low-frequency sounds).
The compression provided by the AGe

reduces the dynamic range of the input to
approximate the dynamic range of electri-
cally evoked hearing. The dynamic range of
stimulation also can be restricted with a clip-
ping circuit before or after the amplifiers for
some or all of the bandpass channels (Mer-
z81:1ich,1985; Merzenich et at., 1984).

Stimuli produced by a simplified imple-
mentation of a CA processor are shown in
Fig. 7.14. The fonnat of this figure is the
same as that in Figs. 7.5 and 7.10, which show
stimuli for IP and CIS processors, respec-
tively. Comparisons 01 the figures show a
highly detailed representation for the CA
processor, a somewhat less detailed repre-
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sentation for the CIS processor, and a rela-
tively sparse representation for the IP pro-
cessor. The CA and CIS processors do not
extract nor explicitly represent features of
speech. The IP processor extracts voiced or
unvoiced boundaries and the fundamental
freq uency of voiced speech sounds. These
features are represented by rates of stimula-
tion, which are different between the panels
for voiced and unvoiced inputs in Fig. 7.5.

CA stimuli represent a large portion of
the information in unprocessed speech input.
Spectral and temporal patterns of speech are
represented in the relative amplitudes of the
stimuli across electrodes ancl in the temporal
variations of the stimuli for each of the elec-
trodes. The approach is to present as much
information as possible to the implant and
to allow the brain to extract what it can from
this O1inirnal1y processed replesentation.

Like the CIS trategy, the CA strategy is
not based on a vocoder model. either strat-
egy extracts features from speech inputs.
Both strategies present a range of temporal
variations in each channel (and at each elec-
trode) that at least includes the range ofvoic-
iog information in speech. The ranges of tem-
poral variations within channels for CA and
CIS processors are much greater than the
range within channels for a typical channel
vocodeI.



It/

Compressed Analog

~~~Al
~~\JV\f\fWV\~\ 2 ~~~~

FIG. 7.14. Stimuli produced by a simplified implementation of a compressed analog processor. The
organization and speech inputs for this figure are the same as those in Figs ..7.5 and 710 (Adapted
from Wilson et al., 1991a, with permission.)

Such departures from a vocoder model
recognize that the principal goal of vocoder
designs is different from the principal goal
of implant designs. The goal for vocoders is
to minimize the information rate of transmis-
sion while still supporting an acceptable in-
telligibility of the reconstruc ed speech signal
at the receiver. The goal for implants is to
maximize the amount of speech information
that can be perceived and used by the recipi-
ent. This fundamental diffelence can lead to
different choices in design.

Until the advent of the CIS strategy,
performance with the CA strategy was at
least as good as the performanc with any
other processing trategy for commercially
available multi-electrode implants (Cohen
et al., 1993; Dorman, 1993; Donnan et al.,
1989; Gantz et al., 1987 and 1988; Tye-
Murray and Tyler, 1989; Tyler et at., 1995;
Tyler and Moore, 1992). It supported some
open-set recognition of speech for a rela-
tively large fraction of patients. In one
group of 50 Inera d patients, for example,

recognition of NU-6 words ranged from 0%
to 60% correct, with a median score of 14%
correct (Donnan et at., 1989). Comparisons
of scores for different groups of subjects
using the ucleus implant (with the FO/F2
or FO/Fl/F2 processing strategies) or the
Ineraid implant (with the CA processing
strategy) showed no difference for a wide
variety of speech reception tests in quiet.
In some studies, scores for tests in noise
were significantly higher for the CA stmtegy
(Gantz et at., 1987; Tyler et aI., 1995). The
relative advantage of the CA strategy in
noise may have been a result of the high
sensitivity of the feature extraction circuits
in the Nucleus processors to noise inter-
ference,

Although performance with the CA strat-
egy was among the best before the introduc-
tion of CIS, substantial open-set recognition
by most patients still had not been achieved.
The average user struggled to understand
even high-context sentences with hearing
alone, and very few patients were able to use
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the telephone except in constrained situa-
tions involving exchanges of previously ar-
ranged codes.

Comparisons of COllrpressed Analog and
Continuous Interleaved

Sampling Strategies

The CIS strategy was designed to eliminate
or at least ameliorate some possible weak-
nesses in the CA strategy. A m.ajor concern
with the CA approach is that simultaneous
stimulation of ITmltiple electrodes can pro-
duce large and uncontrolled interactions
through vector summation of the electric
fields from each of the lectrodes (White et
a!., 1984). The re ulting degradation of inde-
pendence among electrodes and channels
would be expected to reduce the salience of
channel-relatcd cues, In particular, the neu-
ral response to stimuli presented at one elec-
trode may be significantly distorted or even
counteracted by coincident stimuli presented
at other electrodes. The pattern of interac-
tion also may vary according to the instanta-
neous phasc relationships among the stimuli
for each of the elechodes, Phase is not con-
trolled within or across channels in CA pro-
cessors, and this may degrade further the
representation of the speech spectrum ac-
cording to place of stimulation.

The problem of electrode interactions is
addressed in CIS processors with the use of
nonsimultaneous stimuli. This eliminates a
principal component of interactions due to
of direct summation of electric fields from
different electrodes. It does not eliminate
another component, often called temporal
channel interactions. These interactions refer
to effects of preceding stimuli on the re-
sponse to a given stimulus, They may be pro-
duced by the refractory properties of neu-
rons or by temporal summation of sequential
stimuli a t neural mem branes, In the first case,
a stimulus at one electrode can e cite a popu-
la ion of lleurons that overlap' the popula-
tion that would be excited by another elec-
trode, if not preceded by the stimulus at the
first electrode. The neurons excited by the
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first stimulus may still be in a refractory state
at the time of the second stimulus. Neurons
in their absolutely refractory period cannot
be excited by a second stimulus, and neurons
in their relatively refractory period mayor
may not be excited by a second stimulus.
Neurons in their relatively refractory period
are less excitable (i.e., have higher thresh-
olds) than neurons in a resting state. Stimula-
tion of neurons by a prior stimulus or prior
stinlUli can alter the number and distribution
of neurons stimulated by a following stimulus
when the following stimulus faUs within the
refractory periods of the previously stimu-
lated neurons (typical auditory neUrOnS have
absolute refractory periods of about 0.5 milli-
seconds and rdatively refractory periods
with time constants in the range oJ 0.5 to
4.0 milliseconds).

The number and distribution oJ neurons
excited by a stimulus pulse also can be al-
tered by preceding stimuli through temporal
SUn1l11ationeffects. In this mechanism, a sub-
threshold depolarization of a neural m ffi-

brane can be augmented with a ubsequent
depolarization if the second timulus is pre-
sented within the temporal integration win-
dow of the membrane. The integration win-
dow is determined by the time constant of
the membrane, which is on the order of 50 to
200 microsecond for myelinated mammalian
neurons. An accumulation of subthreshold
depolarizations ultimately may excite the
neuron that would not have been excited
with the final timulus alone. Refractory ef-
fects can reduce the number of neurons ex-
cited with a fmal stimulus compared with
thc number excited with that stimulus in the
absence of preceding stimuh, whereas sum-
mation effects can increase the number. Ei-
ther change distorts the intended pattern of
stimulation for a gi.ven electrode.

ortunately, temporal channel interactions
appear to be small compared with the in terac-
tions produced with simultaneous stimula-
tion of electrode (Favre and Pelizzone,
1993). The relatively small effects of temporal
channel interactions may be reduced :further
through a staggered order of stimulation



across electrodes in CIS and other pulsatile
processors. Such orders are designed to pro-
duce the maximulll possible spatial separa-
tiOll (on avemge) bet\.veen sequentiallystimu-
lated electrodes (e.g., an order of 6-3-5-2-4-1
for a six-channel CIS processor). In general,
a greater spatial separation should reduce the
overlaps in the excitation fields between elec-
trodes and thereby reduce the magnitudes of
the interactions.

An additional possible weakness of CA
processors is that only a small part of the
presented information can be perceived. For
example, patients cannot perceive differ-
ences in frequencies of electrical stimulation
on single electrodes above the pitch satura-
tion limit, usually between 200 and 400 Hz.
Thus, many of the temporal details in CA
stinmli are not likely to be accessible to the
typic81 user. Presentation of information out-
side the perceptual space does not help the
patient and may be destructive if it gets in
the \V<lY of something else or if it distorts Or
interferes with the information that can be
perceived. Presentation of highly detailed
temporal information WJth an810g stimuli,
for instance, precludes a reduction in elec-
trode illteractions that might otherwise be
obtained with nonsimultaneous pulses.

The cutoff frequency of the lowpass filters
in the envelope detectors of IS processors
is set to include most or all of tlle [reg uel1cies
that can be perce1ved as different pitches by
implant patiellts (typical cutoffs of 200 to 400
Hz). Rates of stimu18tion at each electrode
are at least high enough to prevent aliasing
(twice the cutoff frequency of the lowpass
iilters) and usually much higher th8n th8t
to eliminate other distortions in the neural
representation of m.odulalion \vaveforms.

A further concern with the CA strategy is
its front-end compre 'sion. The signal pre-
sented to the bank of bandpass filters is a
highly compressed version of the i.gnal.at the
input to the processor. A typical compres'ion
ratio is 6 to 1 (Merzenich el at., 1984). Such
high [evels of compression produce harmon-
ics and other distortions in the spectrum of
the input signal, sometimes called spectral

sp/auer. These distortions arc transmitted
through the bank of bandpass filters and ulti-
mately to the electrodes (White, 1986). They
most likely degrade the representation of
across-channel cues to the speech spectrum.

or example, spuriolls components at high
frequencies are produced for all speech
sounds that have significant energy at low
frequencies.

CIS processors do not use an AGC or use
one with relatively slow attack and release
times and with a 10\\1 compression ratio. This
eliminates or gre8tly reduces the spectral dis-
tortions described above ..

Compression in CIS processors is accom-
plished with the logarithmic or power-law
mapplng functions for each of the electrodes.
This back end compression eliminates the
pectral distortions produced with Iront end

compression and allow. a precise mCJ tching
of the full range of envelope sign8ls in each
channel to the dynamic range (from thresh-
old to a comfortably loud or loud Level) of
the corresponding electrode The logarith-
mic function produces a nonnal or near-nor-
mal growth of loudness w'th increases in
souncllevel (Dorman ef at., 1993: Eddington
et aI., 1978; Zeng and Shannon, 1992). The
channd-by-channe[ mapping of acoustical
dynamic range onto the electncal dynamic
range uses fully the discrimin8ble step,'; in
amplitude availahle for each electrode.

The CA and CIS str8tcgies huve been com-
pared in a number of studies, beginning with
a study condlJcted by Wilson et at in 19S9
and 1990 (Wilson er at., 1991a). In that study,
ala bora tory implementation of the CIS strat-
egy was compared with the clinical CA pro-
cessor of the Iner8id device. Eleven subjects
participated in the study. Seven of the sub-
Jectswere selected for their high levels of
performance with the CA processor and In-
eraid implant, and four additional subjects
were subsequently . elected [or their low
levels of performance with that processor
and implant. The high-performance suhjects
were representative of the best results in
tenns of speech reception scores that h8d
been obtained with the Ineraid or any other
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implant system at the time of the study. All
subjects had had at least 1.year of daily expe-
rience with the clinical CA processor when
the comparisons were conducted, and most
had had multiple years of such experience.
In contrast, experience with CIS was limited
to several days of initial tests to evaluate
fitting alternativ s. Experience with the CIS
processor ultimately compared with the clini-
cal CA processor was no more than sev-
eral hours.

Results from the study are pre ented in
Fig. 7.15. Lines connect CA scores with CIS
scores for each subject. The four panels show
results for different open-set tests. Scores for
the high-performance subjects are indicated

by the endpoints of the light lines in the up-
per part of each paneL, and scores for the
low-performance subjects are indicated by
the end points of the thicker lines clos r to
the bottom of each panel. All tests were COn-

duct d with hearing alone, and all tests used
single plesentations of recorded material
\vithout feedback about conect or incor-
rect responses.

Scores for all 11. subjects were improved
with the CIS processor. The average scores
across subjects increased from 57% to 80%
correct in the spondee tests (i.e_, recognition
of two-syllable words), from 62% to 84% cor-
rect in the CID sentence t sts, from 34% to
65% correct in the Speech Perception in
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FIG. 7.15. Speech recognition scores for compressed analog (CA) and continuous interleaved
sampling (CIS) processors_ A line connects t!he CA and CIS soares for each subject. Light lines
correspond to seven subjects selected for their excellent performance with the clinical CA processor
of the Ineraid device, and the heavier lines correspond to fom subjects selected for relatively poor
performance. The CA strategy provided periormance that was equal to or better than all c1inicalliy
available alternatives at the time of these comparisons, which began in 1989 The tests included
recognition of two-syllable words (Spondee), key words in the Central Institute for the Deaf (CID)
sentences of everyday speech, the final word in each of 50 high-predictability sentences trom the
Speech Perception in Noise (SPIN) test (presented in these studies without noise), and monosyllabic
words from Northwestern University Auditory Test 6 (NU-6). (Adapted trom Wilson et al_, 1995,
with permission.)
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oise (SPIN) sentence tests and from 30%
to 47% conect in the U-6 word tests. All
a . these increases were highly significant.

The scmes of 80% correct on the U-6
test for two of the subjects were unprece-
dented at the time of this study. Perhaps even
more important were the impIOvements pro-
duced with CIS for the low-perfonnance sub-
jects. Subject SRI, for instance, achieved
scores with the CIS processor that moved
him from a low-performance to a high-
performance category. His scores improved
from 40% to 60% correct for the spondee
tests, from 25% to 70% correct for the CID
sentence tests, from 2% to 30% correct for
the SPIN sentence tests, and from 6% to 32%
carr ct for the NU-6 tests. Similarly, resuJts
for subject SR10 demonstrated quite large
improvements with CIS. His scores im-
proved from 0% to 56% correct for the spon-
dee tests from 1% to 55% correct for the
CID sentence tests, from 0% to 26% correct
for the SPIN sentence tests, and from 0% to
14% correct for the NU-6 tests. This subject
went tram no open-set recognition of speech
to useful open-set recognition with substitu-
tion of a CIS processor for the clinical CA
processor.

ResuJts fromsubseq uent studies (e.g., Boex
et aI., 1994 and 1996; Dorman and Loizou,
1997a and 1997b) have replicated and ex-
tended these initial findings. Subsequent
studies have demonstrated a potential for ad-
ditional increases in performance with adjust-
ments in the parameters of CIS processors
(Wilson et al., 1995) and with further e peri-
euce in using CIS processors (Dorman and
Loizou, 1997a; Lawson et at., 1995; Pelizzone
et al., 1995). One of the subjects who scored
80% correct on the NU-6 test using the CJS
processor 01 the initial comparisons scored in
the high 90th percentile with his clinical CIS
processor. Subject SRlO scores in the 60th
percentile with his refined fitting of a CIS pro-
cessor and with the experience he has gained
using the processor in his daily life.

The immediate improvements observed
with substitution of a laboratory CIS pro-
cessor Jar thedinical CA pJOcessor may have

been produced by one or more of the differ-
ences in design described previously.ln addi-
tion, five or six channels (and electrodes)
were used for the CIS processors, whereas
the standard four were used with the clinical
CA processor. This increase also might have
contributed to the better performance of the
CIS processors.

Spectral Maxima Sound Processor Strategy

The progenitor of the SPEAK strategy was
the spectral maxima sound processor (SMSP)
strategy. It and SPEAK mark a departure
iTom the feature extraction approach of prior
strategies used in conjunction with the u-
cleus implant.

The SMSP strategy is an n-of-m strategy,
as described in the section on IP processors.
The patent for the SMSP builds on the varia-
tion 2 of IP processors by specifying particu-
lar choices for nand m and by specifying a
higher cutoff frequency for the lowpass filters
in the envelope detectors (McDermott and
Vandall, 1997).

In the SMSP (McDermott et ai., 1992; Mc-
Dermott and VandaJi, 1997), the microphone
or direct input is directed to an AGC (with
long time constants and a low compression
ratio), and the AGC output is directed to a
bank of 16 bandpass filters spanning the
range from 250 to 5,400 Hz. Envelope signals
are derived for each of the bandpass Olltputs
with a rectifier and [owpass filter, as in the
IP, FO/F2, FO/F1/F2 and M PEAK strategies.
In contrast to those strategies, the cutoff fre-
quency for the lowpass filters is set at 200
Hz instead of a much lower value. As with
the IP strategies, each bandpass channel is
assigned to a position along the electrode
array. Channels with low center frequencies
deliver their outputs to electrodes at apical
positions, and channels with high center fre-
quencies deliver their outputs to electrodes
at basal positions. A postprocessor is used
to scan the outputs of the bandpass channels
(Le. the envelope signals) for each cycle of
stimulation across electrodes. The scan first
selects channel outputs above a preset noise
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threshold, and if more than six channel out-
puts are selected, it selects the six channel
ou tputs that have greatest amplitudes among
the set. The identified channels and associ-
ated electrodes (usually six except for quiet
conditions or weak sounds of speech) are
used for stimulation in that cycle. A logarith-
mic transformation of the envelope signals
is used to determine pulse amplitudes as in
the prior strategies described earlier. The
electrodes are stimulated in a nonsimultane-
ous seq uence for each cycle, starting with the
electrode or electrode pair assigned to the
channd with the highest envelope signal
among the selected channals, and ending
with the electrode or electrode pair assigned
to the channel with the lowest envelope sig-
nal alhong the selected channels. Stimulation
cycles are repeated at the rate oi250/s, which
approximates the maximum rate possible for
stimulation of six electrode Or six electrode
pairs in each cycle with the Nucleus transcu-
taneous link. (A rate of around 400/s can be
attained under certain conditions, see
Crosby et al., 1985, and Shannon et at., 1990).

As with the CIS strategy, voicing infonna-
tionmay be represented with the SMSP strat-
egy through variations in modulation wave-
forms out to 200 Hz. However, the maximum
pulse rate on each electrode with the SMSP
strategy is only 250/5, which is below the
aliasing rate of400pulses/s for a 200-Hzvaria-
tion in the modulation waveform. he repre-
sentation offrequencies above 125 Hz is sub-
ject to aliasing effects with the SMSP, and the
representation offrequencies in the range of
one-fourth toone-half the pulse rate probably
is distorted to a lessor extent (Busby et at.,
1993; McKay et al., 1994; Wilson, 1997). Such
aliasing effects and distm ions are likely to
degrade the representation of voicing infor-
mation and also produce reversals in judg-
ments of fundamental frequencies when the
frequencie exceed one-half the carrier rate
(i. e., ]25 Hz in the middle part of th e FO ra ngc
for male talkers and in lower part of the FO
ranges for female and child talkers).

Results from tests with a small number
of subjects indicated that the SMSP strategy
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might offer substantial improvements in
speech reception compared with the FO/Fl/
F2 and MPEAK strategies (McDermott et
at., 1992; McKay et. at., 1991 and 1992). For
example, in studies witli four subjects,
McKay et al. (1992) recorded significant in-
creases in several measures of speech recep-
tion when the SMSP was substituted for the
MPEAK processor. The measures included
identification 0" vowels and consonants, rec-
ognition of consonant-vowel nucleus-conso-
nant (CNC) monosyllabic words, and recog-
nition of BKB sentences in competition with
multitalker babble at the speech-to-babble
ratio of 10 dB. The average scores across
subjects improved from 76.3% to 91.3% cor-
rect for vowels, from 59A% to 74.9% correct
for consonants, from 39.9% to 57.4% correct
for words, and from 50.0% to 78.7% correct
for sentences in noise.

Spectral Peak Strategy

After the encouragi g results with the SMSP,
Cochlear Ltd. and the University of Mel-
bourne developed the SPEAK strategy,
which is a refinement of the SMSP strategy .
.ew hardware also was developed to imple-

ment the SPEAK strategy in a smaller pack-
age and with mOre processing options than
the MSP (Patrick et a1..,1997).

In the SPEAK strategy (Patrick el at. 1997;
Skinnel" et at., 1994), the input is filtered Into
as many as 20 bands rather than the 16 bands
oJ the SMSP. Envelope signals are derived
with C:l rectifier and lowpa s filter, as in the
SMSP and prior strategies. The cutoff of the
lowpass filters is set at200 I z, as in the SMSP.
The outputs of the envelope detectors are
scanned with a postprocessor in a manner
similar to that of the SMSP. he number of
bandpass channels selected in each scan de-
pends on lhe number of envelope signals ex-
ceeding a preset noise threshold and on de-
tails of the input such as the distribution of
energy across frequencies. In many cases, six
channels are selected, as in the SMSP strat-
egy. However, the number c.an range from
one to a maximum hat can be set as high as



10. Cycles of stimuLation which include the
selected channels and associated electrodes,
are presented at rates between 180 and
300/s. The amount of time required to C0111-

p.lete each cycle depends on the number of
electrodes and channels included in the cycle
and the pulse amplitudes and durations for
each of the electrodes. In general, inclusion
of relatively few electrodes in a cycle allo\vs
relatively high rates, whereas inclusion of
many electrodes reduces the rate.

A diagram illustrating the operation of
the SPAK processor is presented in Fig.
7.16. The speech input is directed to a bank
of bandpass filters and envelope detectors,
whose outputs are scanned for each cycle of
stimulation. In this diagram, six channels are
selected in the Scan and the correponding
electrodes are stimulated nonsimultaneously
in a base-to-apex order. Two such scans are
depicted in the figure.

The new hardware, caBed the Spectra 22
processor, includes a custom integrated cir-
cuit to perform the functions of bandpass
filtering and envelope detection. The inte-
grated circuit can be progranuned to produce
changes in the frequency ranges and gains
for the bandpass filters, In a typical imple-
mentation of the SPEAK strategy, 20 band-
pass filters span the range from 150 to 10,823
Hz, with a linear spacing of bandpass fre-
quencies below 1,850 Hz and a Logarithmic
spacing of bandpass frequencies above] ,850
Hz. (Such linear-logarithmic spacing may
provide an even closer match to the distribu-
tion of nitical bands in normal hearing COm-
pared with a strictly logantllmic spacing.)
The filter gains normally are all set to a single
value. Alternative choices may be specified,
such as when fewer than 20 electrode posi-
tions are available for a given patient.

Comparisons between Spectral Peak and
Multipeak Sh:ategies

Within-subject comparisons of the SPEAK
and MPEAKstrategies havebeen conducted
with 63 English-speaking patients at various
centers in Australia, the United States, Can-

ada, and ngland (Skinner et af., 1994). Some
of the principal results and key processing
steps in the SPEAK strategy are presented
in Fig. 7.17. Subjects were tested using an
ABAB crossover design, in which subjects
used their clinical MPEAK processor during
an initial 3-week period, then used the
S.P AK processor for 6 weeks, then returned
to the MPEAK processor for 3 weeks, ane!
then used the SPEAK processor during a
final 3-week period, The processors were
tested at the end of each period. All subject
had had at least 8 months of daily experience
with tl1e MPEAK processor before the study.

The subjects participating in the study all
h<ld scores of 5% correct or better for recog-
nition of key words in the CrD or BKB sen-
tences. This group of subjects represented
approximately 75% of the population using
the Nucleus device at that time. (The re-
maining 25% of the population had little or
no open-set recogni ion of speech., even for
relativeLy easy te ts such as the sentence tests
described earlier.)

A verages of the scores for each subject
and processor are presented in the middle
and bottom panels of Fig. 7.17. The middle
panel shows scores for the recognition of key
words in the City niversity of New York
(CUNY) sentences or in the Speech 1ntelligi-
bility Test for Deaf Children (SIT) sentences
presented in quiet. The bottom panel shows
scores for the sentences presented in compe-
tition with multitalker speech babble at the
speech-to-babble ratio of 10 dB. Two of the
63 subjects were excluded from the tests of
sentence recognition in quiet, and 5 were
excluded from the t sts of sentence recogni-
tion in noise because of their low score in
prelinunary tests using the ID sentences;
the exclllded subjects scored below 35% cor-
rect on the CrD test.

Among the 61 subjects who were te ted
with sentences in quiet, 24 had signilkantly
higher scores with the SPEAK processor,
and 2 had significantly higher scores with
the MP AK processor. Many of the subjects
obtained high scores on this relativeLy easy
test and therefore possible differences be-
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FIG. 7.16. Key steps in the spectral peak processing strategy. Speech inputs are directed to a bank
of up to 20 bandpass filiters and envelope detectors. A postprocessor scans the envelope signals
for each cycle at stimulation across electrodes. Between 1 and 10 at the highest-amplitude signals
are selected in each scan, depending on characteristics OF the input (i.e., overall level and spectral
composition). Electrodes associated with the selected envelope signals and bandpass channels are
stimulated in a base-la-apex order. (From Patrick et al., 1997, with permission.)
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strategy operated in a fundamentailly different way from SPEAK, extracting and representing specific
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with permission; data from Skinner et a/ .. 1994)
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tween processors may have been lnasked by
ceiling effects. Among the 58 subjects who
were tested with sentences in noise (for the
10 dB speech-to-babble condition), 41 had
significantly higheJ scores with the SPEAK
processor, and none had a significantly
higher score with the MPEAK processor.

The principal advantage of the SPEAK
proceSSOJ, as demonstrated by these and
otl1.er tests (Skinner el aI., 1994), is in better
recognition of speech in noise. This advan-
tage may be a result of the filterbank ap-
pro<lch used in the SPEAK processor. It also
may be a result of the high sensitivity of the
feature extraction portions of the MPEAK
processor to noise. The accuracy of such ex-
traction can be severely degraded by even
small amounts of noise. Zero crossings analy-
sis in particular is susceptible to deleterious
effects of noise interference (Rabiner and
Shafer, 1978).

Comparisons between Spectral Peak
and Continuous Interlea'fcd

Sampling Strategies

Comparisons of SPEAK and CIS strategies
indicate that both support high levels of
speech reception in quiet conditions (Aubert
el at. 1998; Kiefe]' et at., 1996; Lawson et al.,
1996, Loizou el at., 1997). Comparisons with
matched groups of patients in the study of
Kiefer et at. (1996) produced significantly
higher scores with CIS (as implemented in
the Med El COMBI 40 device) for recogni-
tion of key words in the Gottingen sentences
at the two tested speech-to-noise ratios of
15 and 10 dB. Scores for recognition of key
words in the easier lnnsbruck sentences were
not significantly higher with CIS for presen-
tation of the sentences in quiet and at the
tested speech-ta-noise ratios of 15 and 10 dB.
Scores for the Innsbmck sentences were high
for the CIS strategy for the three test condi-
tions, and therefore the comparisons be-
tween the two strategies with those sentences
may have been limited by possible ceiling
effects. The average scores for the CIS stra t-
egy were 88%, 81 %, and 72% correct for the

quiet 15 dB and 10 dB conditions, respec-
tively, and the average scores for the SPEAK
strategy were 79% 66%, and 56% conect for
those same conditions.

Comparisons with separate matched
groups of patients in the study of Loizou et
al. (J 997) also indicated an advantage of CIS
(as implemented in the CIS-Link processor
developed by Med EI fm use with the Ineraid
implant) for speech reception in noise. The
tests included identification of 16 consonants
in an la/-consonant-/al context, identifica-
tion of 8 vowels in an /h/-vowel-/dl context
and recognition of key words in sentences
from the Hearing in oise Test (HINT) data-
base. Each of the tests was administered
without noise and at th speech-to-noise ra-
tios of 15 10 and 5 dB. The ScOres from the
est of consonant identification were sig-

nificantly higher with CIS for all conditions.
The score from the test of vowel identifica-
tion for the most adverse speech-to-noise ra-
tio (5 dB) also was significantly higher with
CIS. Scores from the remaining tests were
110tsignificantly higher with CIS. Loizou el al.
suggested that the results from the sentence
tests were consisten t with those reported by
Kiefer et al., in that the INT sentences are
comparable in difficulty to the lnnsbruck
sentences. Test ,",\lithmore difficult material
may have provided a greater sensitivity for
demonstrating possible differences between
the two trategies,

Lawson et at. (1996) evaluated IS, n-01'-
m, and SPEAK processors in within-subject
compalisons with five subjects. The tests in-
cluded identification of 16 Or 24 consonants
in an la/-consonant-/a/ context presented
withollt noise; the 24 consonan test was used
for the two subject with the highe t levels
of performance among processors to avoid
possible ceiling effects. The results indicated
an equivalence or superiority of six-channel
CIS processors (as implemented with a labo-
ratory system) compared with the clinical
SP AK processor used by th ubjects in
their daily lives. he CIS and SPEAK strate-
gies produced scores that were not statisti-
cally different when the range of frequencies
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spanned by the bandpass filters in the CIS
processors was from 350 to 5,500 Hz. The CIS
strategy produced significantly higher scores
when the upper end of the range was ex-
tended to 9,500 Hz, approximating the upper
end of the range in the SPEAK processors.

In a separate study with 41 subjects, Aub-
eIt et al. compared the clinical SPEAK pro-
cessor llsed by the subjects with a CIS pro-
cessor as implemented in the new Sprint
hardware of the Cochlear Ltd. Cl24M im-
plant system. Some subjects obtained higher
speech reception scares with the SPEAK
strategy and other subjects obtained higher
scores with the CIS strategy. The remaining
subject. had similar scores with the two strat-
egies.

Comparisons of the CIS and SPEAK strat-
egies have indicated an approximate equi (l-

Ienee of the two for some tests, such as the
Innsbruck and HINT sentences, and a supe-
riority of CIS tor other tests, such as identifi-
cation of consonants. CIS appears to provide
an advantage fOf listening to speech in noise,
particularly for consonants and difficult sen-
tences.

N·ot'·Jl1 Strategies

Variation 2 of the IP strategy was the first
n-of-m proces or for cochlear implants.
Since that beginning, the SMSP and SPEAK
strategies have been developed for use with
the Cochlear Ltd. implant, and an n-of-m
strategy using much higher rates of stimula-
tion than the SMSP or SPEAK strategies
has been developed for use with the Med EI
COMBI 40 and COMBI 40+ implants. An
n-of-m strategy using similarly high rates of
stimulation has been developed as a pro-
cessing option for use with the new Cochlear
Ltd. CI24M device. This last implementation
is called the ACE strategy.

The n-of-m approach may help in making
more prominent the highest amplitude enve-
lope signals among many. Results from early
vocoder studie (Flanagan, 1972) indicated
that envelope signals 30 dB below the peak
signal can be discarded without damaging

the intelligibility of speech transmitted and
reconstructed with a channel vocoder and
that a modest fmther reduction in the nUI1)-

bel' of selected envelope signals still can sup-
port high levels of inteIIigibilitywhile
allowing a reduction in the information rate
of transmission. The latter observation led
to t11.edevelopment of peak-picker yocoders
that applied various rules to select the peaks
from amollg the envelope signals that would
maximize intelhgibillty for a given number
of peaks or minimize the transmission rate
for a o'iven target intelligibility. In general,
tbe most effective rules die! not involve sim-
ple selection of the n greatest envelope sig-
nals, but instead selected signals that would
convey the essential spectral in£Ol'mation
without redundancy. (The performance of n-
of-m strategies for cochlear implants may be
improved with the use of such rules, but this
possibility has not yet been evaluated.)

Lawson el al. (1996) compared processors
implementing an n-of-m strategy along with
other strategies in tests with five subjects im-
planted with the Nucleus electrode array and
with percutaneous access to that array. The
percutaneous access allowed implementa-
tions of strategies that combined relatively
high rates of stimulation with a reLatively
large number of addressed electrodes, The
n-of-m processors selected the six highest en-
velope signals from among 18. In one imple-
mentation, the cycles of stimulation across
electrodes were repeated at 250/s (approxi-
mating the rates of the SMSP and SPEAK
strategies), and in another implementation
the cycles were repeated at 833/5. The cutoff
frequency of the lowpass filters in the enve-
lope detectors was 200 Hz for both imple-
mentations. This choice matched the cutoff
frequency used in the SMSP and SPEAK
strategies. The additional processors evalu-
ated with these subjects included the clinical
SPEA K processor used by the subjects in
their daily lives and several implementations
of CIS processors using different rates of
stimulation, different numbers of channels,
different polarities of stimulus pulses, differ-
ent update orders and different ranges of
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frequencies spanned by the bandpass filters.
(The n-of-m variations also included pro-
cessors wi h a 350- to 5,500~Hz OT a 350- to
9,500-Hz range for the bandpass fiHers.) The
tests induded identification of consonants in
an la/-consonant-/af context for recorded
male and female speaker .

In broad terms, the results indicated sig-
nificantly better performance with the
higher-rate n-of-m processor using the ex-
tended frequency range than with the clinical
SPEAK processor. This better performance
was obtained with no more than a few hours
of experience with the n-of-m processor com-
pared with mOle than a year of daily use of
the SPEAK processor by each of the sub-
jects. The n-of-m processor also produced
the best performance among the tested pro-
ces ors for one of the subjects and the female
speak:er. SCOJ s across subjects and speakers
with the high-rate, extended-frequency
range n-of-m processOl were not significantly
different flom the scores tor a six-channel
CIS processOl also using the extended fre-
quency range and a stimulus rate of 833
pulses/s/electrode. Scores for these two pro-
cessOls were significantly higher than the
SPEAK processor or a six-channel CIS pro-
cessor using the narrower frequency range
for the bandpass filters. Scores for these lat-
ter two processors were not significantly dif·
ferent.

These comparisons indicate the value of
relatively high rates of simulation and of an
extended frequency range for the bandpass
filters. They also indicate that n.-ot-In pro-
cessors can be competitive with or better
than CIS Or SPEAK processors, particularly
for certain subjects and speakers_

The n-of-m approach may allow the repre-
sentation of spectral detail through use of m
sites of stimulation without exceeding the
transmission rate limits of transcutaneous
links. For example a 6-of-18 n.-ot-m pro-
cessor may convey more spectral infonna-
tion than a 6-of-6 CIS processor if more than
six electrodes (or six bipolar pairs of elec-
trodes) are perceptually separable. In addi-
tion, for the same m and stimulus rate, an
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n-of-m processor is likely to have lower elec-
trode interactions than an m-of-m (CIS) pro-
cessor, especially for large values of m or
dose spacing of the intracochlear electrodes.
So long as n is not too low, the n-of-m ap-
proach may be the best among the available
options fox some patients, possibly inclUding
patients with limited transcutaneous links
or relatively high temporal interactions
among electrodes.

The ACE implementation of the n-of-m
strategy has been described as combining the
best aspects of the SPEAK strategy with the
best aspects of the IS strategy. Inparhcular,
CIS has been described a a strategy that
emphasizes the representation of temporal
variations in speech through relatively rapid
rates of stimulation, whereas SPEAK has
been described as a strategy that emphasizes
the representation of channel or spectral
cues through use of a relatively large number
of electrodes. The com bination of an n-of-
m. approach, as in SPEAK, with relatively
high rates of stimulation, as typically used in
CIS processors, may support especiaUy high
levels of speech reception.

Although relatively rapid rates of stimula-
tion can produce improv ments in the per-
formance of n-of-m processors, as demon-
strated in the study of Lawson et al. and
elsewhere (studies cited in Patrick, 1997), the
characterization of CIS as using high rates
and relatively few electrodes is at least some-
what simplistic. CIS processors may use all
of the electl'Ocles available for a particular
implant. The first CIS processor were imple-
mented for use with the lneraid implant and
its six electrodes. However, subsequent im-
plementations have addressed 21 of the 22
available electrodes in the ucleus implant
(in the study of Lawson et aL) and all 12
of the available electrodes in the Med EI
COMBl 40+ impLant. CIS also may combine
rapid rates of stimuLation \vith a large num-
ber of electrodes. However, such combina-
tions have been no mOle effective than com-
binations of rapid rates with four to six
electrodes, a.s described earlier. This may
change with new electrode designs, which



may increase the number of perceptually dis-
tinct sites of stimulation compared with the
number available with the current designs.
CIS processors coupled with selective elec-
trodes may well support significant gains in
performance with the addition of channels
<:Iud electrodes beyond six.

The options among SPEAK, high-rate n-
of-m (ACE), and CIS in the new Cochlear
Ltd. C124M device, and the options between
high-rate n-of-m and CIS in the Med EI
COMBI 40 and COMBI 40+ devices, may
help patients to achieve a better outcome
than wOllld be possible with one option only.
Results £Tom various studies have estab-
lished the value of the n-of-m approach and
have demonstrated that it can be superior
to SPEAK and CIS for some patients and
talkers, at least in quiet conditions, Further
improvements in the performance of n-of-m
processors may be produced with different
rules for selecting the envelope signals to be
represented in each cycle of stimulation or
with application of the strategy in conjunc-
tion with electrodes that have a greater spa-
tial selectivity of stimulation than current
electrodes.

Simultaneous Analog Stimulation Strategy

Advanced Bionics has developed two varia-
tions of CA processors for use with its Clar-
ion implant. Both variations use back-end
compression, in contrast to the front-end
compression of the prior CA implementa-
tions in the Ineraid and UCSF/Storzdevices.
The AGC that feeds the bank of bandpass
filters in the Clarion implementations has rel-
atively long at ack and release times and a
relatively low compression ratio. As in CIS
processors that use an AGC, this greatly re-
duces the spectral distortions produc.ed by
the AGC stage in the prior CA implementa-
tions, As in the CIS and other strategies
bandpass channel outputs in the CA imple-
mentations of the Clarion device are individ-
ually mapped onto stimulus amplitudes using
a nonlinear compression functiOD. Such
channeJ-by-channel mapping may help to
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produce normal or nearly normal growths of
loudness within channels and use most or all
of the dynamic range of perception available
at each electrode position.

In the first CA implementation used with
the Clarion, channel outputs were directed
to offset radial pairs of bipolar electrodes,
As many as eight channels and associated
pairs of electrodes could be used. The offset
radial electrode were modeled after the
orig'nal UCSF design (Loeb et al., 1983),
which could support high spatial specificity
of stimulation for coch leas with good survival
of neural processes peripheral to the gan-
glion cells and with positioning of the bipolar
pairs immediately adjacent to the periph-
eral processes,

Such selectivity of stimulation could re-
duce electrode interactions compared with
those produced with monopolar stimulation,
Unfortunately, survival of processes periph-
eral to the ganglion cells is rare in the deaf
human cochlea (Hinojosa and Malion, 1983)
(see Chapter 6). Also, results of recent stud-
ies have demonstrated that a mechanical
memory for the curvature of the first and
second turns in the average cochlea, as im-
plemented in the original UCSF design, is
not sufficient to ensure close apposition of
the electrodes to the osseous spiral lamina
(where surviving periphenll processes would
reside) or to the inner wall of the scala
tympani. New approaches for placement at·
electrodes next to the inner wall of the scala
tympani are described in Chapter 6.

Although the first CA implementation
u ed with the Clarion addressed the likely
problems associated with front-end compres-
sion, it probably did not address the likely
problems associated with the interactions
that can be produced with simultaneous stim-
ulation across electrode positions. Condi-
tions for selective stimulation were not met
with the offset radial electrodes. Quite high
levels of stimulation often were required to
produce auditory percepts with the e elec-
trodes, which pro ably reflected a focused
electrical field coupled with a relatively long
distance to excitable neurons (in the spiral



ganglion or modiolus), along with large
shunting currents between the closely spaced
electrodes of each bipo]ar pair. Many pa-
tients could not be stimulated at all within
the current and charge limits of the device
using the offset radial electrodes.

The fact that many patients could not be
stimulated with the offset radial electrodes
led Advanced Bionics to reassign the outputs
of its implanted receiver/stimulator to ad-
dress monopolar electrodes or' enhanced bi-
polar" electrodes, which had a greater spac-
ing between the electrodes in each bipolar
pair (about 1.7 mm). Seven such enhanced
bipolar electrodes could be addressed.

The Clarion device implements a CIS
stra egy that addresses monopalar elec-
trodes and a variation of a CA strategy
that addresses the enhanced bipolar elec-
trodes. To distinguish this variation of a
CA strategy from the prior variation (which
addressed up to eight pairs of offset radial
electrodes), Advanced Bionics has called it
the SAS strategy. Like the CIS trategy,
the SAS strategy addresses possible weak-
nesses of tIle original CA strategy as imple-
mented in the Ineraid and UCSF/Storz de-
vices. In contrast to the CA strategy of the
Ineraid device, th SAS strategy uses the
enhanced bipolaI elee rodes, which may be
more selective in stimulating neurons along
the longitudinal dimension of the cochlea
compared with monopolar electrodes. (The
enhanced bipolar electrodes also may be
more selective than the offset radial elec-
trodes of the UCSF/Storz device, at least
fOl typical neural survival patterns and
placements of electrodes.) The use ot back-
end compression in the SAS strategy ad-
dresses the likely problems associated with
front-end compression.

The SAS strategy also uses more channels
and electrodes than the prior CA processors
of the Ineraid and UCSF/Storz devices. In
the default condition, SAS outputs are di-
rected to seven pairs of enhanced bipolar
electrodes, whereas the CA outputs \vere di-
rected to four monopolar electrodes in the
Ineraid device or to four offset-radial bipolar

electrodes in the UCSF/Storz device. If the
spatial specificity of enhanced bipolar elec-
trodes is relatively high, the additional chan-
nels in SAS may help.

Evaluation of the SAS strategy is just
beginning. In preliminary studies, attempts
were made to fit SAS in groups of newly
implanted patients. The results showed th<.lt
the dynamic ranges of percepts from thresh-
old to loud sounds could be spanned for most
of the patients u ing analog stimuli and the
enhanced bipolar electrodes. Patients who
could be fit with SAS and CIS strategies were
asked to indicate a preference between the
two. Some indicated a preference for SAS,
whereas others indicated a prefel"ence for
CIS. The proportion of patients indicating a
preference for SAS was about 50% among
a grOllp impLanted in Hannover, Germany
(Battmer et at., 1997b), and about 30%
among a group implanted at various medical
centers in the nited States (Osberger, 1998;
Kessler, 1998).

The patients in these studies were allowed
to use their preferred strategy after the initial
fittings and then tested periodically with both
strategies. The results Sllgge t a relationship
between initial preference and performance,
but this impression needs to be verified in
a crossover study that provides controls for
possible order and experience effects. Such
a study is in progress, and results from fully
controlled comparisons of a SAS strategy us-
ing enhanced bipolar electrodes versus a IS
strategy using monopolar electrodes should
be available in the near future.

Convergence of Findings

The developments outlined in this chapter
are good news for recipient' of cochlear im-
plants. pplications of the CIS and SP AK
proces in.g strategies have produced large
improvements in speech reception perfor-
mance compared with prior strategies. Real-
istic expectations for prospective patients
can be higher than was the case before these
strategies became available for clinical use.

Progressive impro· cments in performance
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were obtained in the series of strategies de-
veloped for theucleus implant as more in-
formation was added to the representation
for the feature-extraction strategies and
when the feature-extraction approach was
abandoned in favor of a filterbank approach.
The strategies in this series included the FOI
Fl, FO/Fl.IF2, MPEAK, and SMSP/SPEAK
strategies, each with be ter performance
than its pJedecessor.

In another line of developments, a Al-
terbank approach also was superior to a
strategy that was modeled after the analysis
portion of a channel vocoder. In particular,
the filterbank approach of the CIS strategy
was superior to variation 1 of the IP strategy
in which the features of voiced or unvoiced
boundaries and the fundamental fTequency
of voiced speech sounds were extracted
and represented.

Assumptions about how speech is pro-
duced and perceived, as used in the design
of voeoder systems, arc not necessary for the
design of effective processing strategies for
cochlear implants. Strategies based on such
assumptions have produced relatively low
levels of performance especially for listening
to speech in competition wit.h noise.

The initial comparisons between the CIS
and CA strategies demonstrated large im-
provements in speech reception scores with
the former. This better performance may
have been produced by one or more of the
following: a reduction in electrode interac-
tions through the use of nonsinrultaneous
stimuli, the use of five or six channels
instead of four, representation of rapid en-
velope variations through relatively high
cutoff frequencie tor the lowpass filters in
the envelope detectors and rates of stimula-
tion at least twice as high as the cutoff
frequencies, or preservation of amplitude
cues with channel-by-channel compression
and logarithmic or power-law mapping
functions.

The new analog strategy of SAS also ad-
dresses possible weaknesses of the prior CA
strategies. It addresses I.ikely problems asso-
ciated with front-end compression by using

back-end compression on an channel-by-
channel basis. To the extent that a high spa-
tial specificity of stimulation is achieved with
the enhanced bipolar electrodes it al 0 may
address the likely problem of electrode inter-
actions with tbe prior strategies. Controlled
comparisons of SAS with CIS are underway
in a cros over study involving multipk medi-
cal centers in the nited States. The results
may show that SAS is competitive with or
better than CIS for some patients.

Various n-of-m strategies available with
the Cochlear Ltd. C124M implant and the
Med 1 COMBI 40 and COMBI 40+ im-
plants may provide higher speech reception
scores for some patients than the SPEAK or
CIS strategies. The higher stimulus rates
used with the n-of-m implementation in the
CI24M device, compared with the rates used
with the SPEAK implementation, may prove
to be beneficial. The selection of the highest
envelope signals (and the rejection of the
lowest envelope signals) may help in lis-
tening to speech in noise or for patients with
relatively large temporal interactions among
electrodes. Studies are in progress to evalu-
ate these possibilities.

The available processing strategies for
cochlear implants all use a filterbank or
waveform approach. Most of the strategies
use nonsimultaneous pulses to reduce dele-
terious effects of electrode interactions. One
of the strategies use simultaneous stimula-
tion across electrodes but does thi in con-
junction with bipolar electrodes that may
pwvide a greater spatial specificity of sti mU-
lation than other configurations of elec-
trodes. All s rategies use back-end, channel-
by-channel compression. one of the strate-
gies extracts nor represents specific features
of speech.

ADDITIONAL CO SIDERATIO S

Importance of Fitting

Large improvements in the speech reception
performance of implant systems can be ob-
tained through informed choices of parame-
t.ers within a particular processing strategy.

41



In studies with CIS processors, for example,
quite large gains in performance have been
produced through choices of pulse rate, pulse
duration electrode update order, the range
of frequencies spanned by the bandpass fil-
ters, and other parameters (Wilson et at.,
1995), Although predetermined values for
some parameters may be appropriate for vir-
tually all patients, the values of other param-
eters should be varied over certain ranges
to optimize performance for individuals. An
objec ive of cm-rent research in severallabo-
ratories is to identify values that can be fi.xed
and values that must be varied to approxi-
mate optimal performance within and across
patients. The results of such research may
inform the development of improved and
highly efficient fitting procedures. In the in-
terim, it is important to understand that opti-
mal fittings of speech processors cannot be
accomplished without parametric manipula-
tions and that control measures are necessary
to gauge the effects of the manipulations.
Such parametric studies take time, usually
much more time than is typically allocated
for the fitting of implant systems in clinical
settings.

Importance of Strategy Implementations

The performance of a given strategy also can
be affected by the quality of its implementa-
tion in speech processor hardware and soft-
ware. As mentioned before, large increases
in speech reception scores were produced in
the study of Dowen et al. (1991) when the
MSP implementation of the FO/FI/F2 strat-
egy was substituted for the WSP III imple-
mentation of that strategy. In another two
studies, Battmer et at. (1997a) and Kessler
(1997) found significant improvements in
speech reception scores when the Clarion
version 1.2 implementation of a CIS strategy
was substituted for the version 1.1 implemen-
tation of that strategy. Seemingly subtle
chang s in hardware and the programming
of that hardware can produce large changes
in perfonnance, This fact complicates com-
parisons of processing strategies, in that one
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or both of the strategies under test may not
be implemented in the best possible way. For
example, an apparent superiority of one of
the strategies may be an artifact of a high-
quality impl mentation of that strategy and
a less than optimal implementation of the
other strategy. This is a particular problem
in comparisons involving CIS or CJS-Like
strategies, because those strategies have
been implemented in different ways in a vari-
ety of commercial devices (including the
Philips LAURA device the Advanced Bion·
ics Clarion device, the Med-El Combi 40 and
Combi 40+ devices, and the chlear td,
CI24M device) and in 3 variety of custom
processors for laboratory studies.

The details of the implementation are
important. Examples of ways in which the
implementation can go awry include use of
microphones with poor frequency response
or high levels of noise, use of amplifier and
AGe circuits with low dynamic ranges or
high levels of noise, use of digital fLlters
with a reduced l1lImber of elements com-
pared with conventional and well-behaved
digital filters (a reduced number 01' elements
have been used in devices with small
memories or slow digital-SIgnal-processing
chips), use OJ current somces that are espe-
cially noisy, use of current sources that
saturate or begin to saturate in the dynamic
range of the elec rodes for some or all
patients (current sources saturate when the
commanded current requires a voltage at
the electrodes that approaches or is greater
than the voltage limit of the device) and
an excessIve amount of digital or switching
noise at the electrode. Anyone of these
can degrade or destroy the performance of
an otherwise good strategy.

ImJlortance of the Patient Variable

Data indicating the importance of the pa-
tient variable are presented in Fig. 7.18.
This figure shows a scatter plot of NU-6
word scores from the witllin-subject com-
parisons of CA and CIS processors de~
scribed previously (scores are from Fig.
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FIG. 7.18. Scatter plot of Northwestern Univer-
sity Auditory Test 6 scores for compressed ana-
log (eA) and continuous interleaved sampling
(CIS) processors. Each point represents scores
for one subject, and the Pearson correlation
coefficient, level of significance, and regression
line are shown. (Adapted from Wilson et a/.,
1993, with permission.)

7.15). These scores were obtained with care-
ful and complete fittings of the two strate-
gies and with high-quality implementations
for both. Notice th(lt relatively low SCOres
for one strategy are associated with rela-
tively low scores for the other strategy and
vice versa. The data points in Fig. 7.18 are
highly correlated (r = 0.92), indicating that
85% of the valiance in the data is explained
by the subject variable (1'2 = 0.85). Correla-
tions for other tests not obviously distorted
by ceiling effects also ar guite high for
these subjects and processors, in a range
between 0.87 and 0.92 (Wilson er ai., 1993).

AlthOllgh outcomes can be improved with
a change in processing strategy, the pa tient
variable can have an even greater effect.
A patient. who enjoys a high ranking among
patients with one processor is likely to
retain that ranking with another well-imple-
mented and well-fit processor, and a patient
who ha a low ranking with one processor
also is likely to retain that low ranking
with another processor. Identilication of the
factor or factors that underlie the effects
of the patient variable may lead to the
development of reliable prognostic tests for
prospective patients. Knowledge of the fac-
tor or factors also may help in the design
of better implant sy terns, that take the
factor or factors into account and minimize
OJ eliminate their deleterious effects for

patients who otherwise would have rela-
tively poor outcomes.

TRE DS A D CHALLENGES

One of the most striking findings from re-
search on cochlear implants is that the range
of performance across patients is large even
with the new processing strategies and cur-
rent implant systems. Some patients Score at
or near 100% correct on standard audiologic
tests of sentence and word recognition,
whereas other patients obtain low scores us-
ing an identical speech processor and elec-
trode array. Perhaps the greatest single chal-
lenge in improving implants is to identify
the mechanisms underlying this variability
in outcomes and to use that knowledge in
developing new ways to help patients at the
low end of the performance spectrum.

Another challenge is to provide mare help
for all implant users in listening to speech in
competition with other speakers or back-
ground noise. Speech reception scores even
for the best patients are markedly reduced
in such situations.

Fortunately, multiple possibilities for im-
provements i11implant system. are under in-
. estigation, including new electrode designs
for placing electrode contacts close t.o the
inner wall of the scala tympani and thereby
reducing thresholds, increasing dynamic
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range and increasing the spatial selectivity
of stimulation; new ways of representing
temporal variations within channels, such as
use of very high carrier rates or high-rate
conditioner pulses; and coordinated stimula-
tion of bilateral implants, designed to restore
sound lateralization abilities and the signal-
to-noise advantages that accompany such
abilities. These and other possibilities are de-
scribed in detail in several recent articles
(Clark, 1995; Klinke and Hartmanll, 1997;
Lenarz, 1997; Wilson 1997 and 1999).

Research is in progress at several centers
to identify the mechanisms undedying the
wide variation in outcomes with current im-
plant systems. A pplicatioll of the results may
lead to better performance through a reduc-
tion in the variation with unproved devices.
Implants of the near future are Hkely to be
much better than those of today.
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III. Plans for the next quarter

Our plans for the next quarter include the following:
• Ongoing studies with subject SR2. We expect that studies for the next quarter will include

completion of work in progress to evaluate (1) use of the TIMIT speech database as a source
of difficult sentences for sensitive measures of speech reception by a high-performance
subject and (2) "conditioner pulses" processors. If use of the TIMIT database proves to be
useful (e.g., if scores show low list-to-list variations), then we also expect to apply the
database in further studies of rate/lowpass filter effects and in further studies of effects of
manipulations in mapping functions.

• Continued development of a new strategy, designed to mimic closely the nonlinear
processing in the peripheral auditory system, including the strong and nearly instantaneous
compression at the basilar membrane for sound pressure levels above 35-40 dB and the
strong and noninstantaneous (with multiple time constants) compression that occurs at the
synapse between inner hair cells and type I fibers of the auditory nerve. Development of the
new strategy includes extensive modeling in MATLAB, and a MATLAB system has been
purchased in part for support of this effort.

• Continued preparation for studies with recipients of CI24M implants on both sides, and with
recipients of COMBI 40+ implants on both sides.

• A visit by Marian Zerbi to assist in the above preparation.
• Resumption of studies with recipients of CI24M implants on both sides, using new software

and hardware that will allow evaluation of strategies that provide coordinated stimuli to the
two sides, to preserve a representation of localization cues, and measures of sensitivities to
interaural timing and amplitude differences using adaptive procedures.

• A visit by Jan Kiefer and Thomas Pfennigdorff, of the J.W. Goethe Universitat in Frankfurt,
on February 1 and 2, for further discussions on combined electric and acoustic stimulation of
the same cochlea and for further development of plans for cooperative studies between the
university and RTI. (This visit follows one by Blake Wilson to Frankfurt; see Introduction.)

• Presentation of project results in an invited lecture at the (}h International Cochlear Implant
Conference, Miami Beach, FL February 3-5, 2000.

• Visits by Joachim MUller of the Julius-Maximilians Universitat in WUrzburg, Peter Nopp of
the Med El company in Innsbruck, and Arturs Lorens of the Institute of Physiology and
Pathology of Hearing in Warsaw, for between two days (MUller) and one week (Nopp and
Lorens) following the Miami conference.

• A Mini Symposium on Cochlear Implants at RTI, held in conjunction with, and in honor of,
the above visitors (February 7).

• Studies with Ineraid subject SR15 during the week beginning on February 7. We expect that
the studies will include (a) longitudinal measures with her portable CIS (CIS-Link) processor,
(b) measures of consonant identification for CIS processors using a wide range of
compression functions, and (c) evaluation of combinations of low stimulus rates and low
cutoff frequencies for the lowpass filters in the envelope detectors in CIS processors, as
suggested by the results from prior psychophysical scaling experiments with this subject.
(The prior scaling results indicated abnormally low asymptotes in pitch judgements with
increases in rate of stimulation or with increases in modulation frequency for SAM pulse
trains, and the prior results also indicated an abnormally low sensitivity to modulation depth
for SAM pulse trains.)

• Completion of the Access database mentioned in the Introduction.
• Continued analysis of psychophysical, speech reception, and evoked potential data from

current and prior studies.
• Continued preparation of manuscripts for publication.
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IV. Announcement

Stefan Brill began in this quarter the postdoctoral appointment first mentioned in Quarterly
Progress Report 3 for this project. The anticipated term of the appointment is two years.

As noted in QPR 3, Stefan's Ph.D. work, at the University of Vienna and conducted under the
guidance of and in cooperation with Erwin Hochmair at the University of Innsbruck, was in the
design and evaluation of speech processing strategies for cochlear prostheses. Stefan's experience
includes work with implant patients, digital signal processing, assembly-language programming
of DSP chips, a wide range of additional programming languages, and teaching. He has
presented papers at many international conferences on cochlear implants and related topics. He
also recently published a paper in the American Journal of Otology, on "Optimization of channel
number and stimulation rate for the fast continuous interleaved sampling strategy in the COMBI
40+." He is a member of the International Functional Electrical Stimulation Society.

Stefan's main work at RTI will involve studies with recipients of bilateral implants. He will play
a major role in upcoming studies with recipients of COMBI 40+ implants on both sides, in
cooperation with the University of Wlirzburg, and with recipients of Cl24M implants on both
sides, in cooperation with the University of Iowa.

We are very pleased to have Stefan as a member of the RTI team.

48



v. Acknowledgments

We thank subjects SR2 and SRlO for their participation in the studies of this quarter.

49



Appendix 1. Summary of reporting activity for this quarter

Reporting activity for this quarter, covering the period of October 1 through December 31, 1999,
included the following:

Presentations

Wilson BS: Speech processors for auditory prostheses. Invited lecture presented at the 30th

Neural Prosthesis Workshop, Bethesda, MD, October 12-14, 1999.
Wilson BS: Psychophysical measures and speech understanding in bilaterally implanted patients.

Invited lecture presented at the Bilateral Research Meeting (sponsored by the Med El
company), Frankfurt, Germany, December 3, 1999.

Publications

Wilson BS: New directions in implant design. In Cochlear Implants, edited by SB Waltzman
and N Cohen, Thieme Medical and Scientific Publishers, New York, NY, 2000, pp. 43-56.

Wilson BS: Cochlear implant technology. In Cochlear Implants: Principles & Practices, edited
by JK Niparko, KI Kirk, NK Mellon, AM Robbins, DL Tucci and BS Wilson, Lippincott
Williams & Wilkins, Philadelphia, PA, 2000, pp. 109-119.

Wilson BS: Strategies for representing speech information with cochlear implants. In Cochlear
Implants: Principles & Practices, edited by JK Niparko, KI Kirk, NK Mellon, AM Robbins,
DL Tucci and BS Wilson, Lippincott Williams & Wilkins, Philadelphia, PA, 2000, pp. 129-
170.

Niparko JK, Wilson BS: History of cochlear implants. In Cochlear Implants: Principles &
Practices, edited by JK Niparko, KI Kirk, NK Mellon, AM Robbins, DL Tucci and BS Wilson,
Lippincott Williams & Wilkins, Philadelphia, PA, 2000, pp. 103-107.

Niparko JK, Kirk KI, Mellon NK, Robbins AM, Tucci DL, Wilson BS (Eds.), Cochlear Implants:
Principles & Practices, Lippincott Williams & Wilkins, Philadelphia, PA, 2000.
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